Advancing Marine Bioacoustics with Deep Generative Models: A Hybrid Augmentation
Strategy for Southern Resident Killer Whale Detection

Bruno Padovese®*, Fabio Frazao®?, Michael Dowd®, Ruth Joy*?

“School of Environmental Science, Simon Fraser University, Burnaby, V5A 186, BC, Canada
b Faculty of Computer Science, Dalhousie University, Halifax, B3H 1W5, NS, Canada
¢Department of Mathematics and Statistics, Dalhousie University, Halifax, B3H 1W5, NS, Canada

Abstract

Automated detection and classification of marine mammals vocalizations is critical for conservation and management efforts
but is hindered by limited annotated datasets and the acoustic complexity of real-world marine environments. Data augmentation
has proven to be an effective strategy to address this limitation by increasing dataset diversity and improving model generalization

> without requiring additional field data. However, most augmentation techniques used to date rely on effective but relatively simple
O transformations, leaving open the question of whether deep generative models can provide additional benefits. In this study, we
~ evaluate the potential of deep generative for data augmentation in marine mammal call detection including: Variational Autoen-
coders, Generative Adversarial Networks, and Denoising Diffusion Probabilistic Models. Using Southern Resident Killer Whale

C\l (Orcinus orca) vocalizations from two long-term hydrophone deployments in the Salish Sea, we compare these approaches against
traditional augmentation methods such as time-shifting and vocalization masking. While all generative approaches improved clas-
T 'sification performance relative to the baseline, diffusion-based augmentation yielded the highest recall (0.87) and overall F1-score
(0.75). A hybrid strategy combining generative-based synthesis with traditional methods achieved the best overall performance with
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an Fl-score of 0.81. We hope this study encourages further exploration of deep generative models as complementary augmentation
strategies to advance acoustic monitoring of threatened marine mammal populations.
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1. Introduction

Killer Whales (Orcinus orca) are a widespread species in-
habiting diverse marine environments across all oceans. The

1 species comprises several distinct ecotypes, some of which can

be further divided into populations with each adapted to spe-
cific ecological niches and characterized by unique behaviors
and intricate social structures. Their extensive vocal repertoire

. spans frequencies from 0.5 to 100 kHz and includes three pri-

mary call types: echolocation clicks, single-toned whistles, and
discrete pulsed calls (Ford et al., 1987; Ford and Fisher, 1978),
each serving distinct behavioral functions. Echolocation clicks,
concentrated between 20 and 100 kHz, are primarily used for
navigation and prey detection (Barrett-Lennard et al., 1996; Au
et al.,, 2004). Whistles (0.5-25 kHz) are primarily used for
social interactions within pods (Miller, 2006; Thomsen et al.,
2001; Riesch et al., 2008). Pulsed calls, which occur in the
same frequency range, are the most common vocalization type,
supporting group cohesion, individual identification, and more
complex social communication (Ford et al., 1987; Ford and
Fisher, 1978; Filatova et al., 2009). Furthermore, population-
specific vocal dialects add a layer of complexity to their acous-
tic repertoire, reflecting the social and cultural divergence that
distinguishes populations within and across ecotypes.
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In the Northeast Pacific, Killer Whales have evolved into
three genetically and culturally distinct ecotypes (Barrett-
Lennard et al., 1996; Morin et al., 2024), which frequently share
overlapping habitats: Resident, Transient, and Offshore Killer
Whales (Ford et al., 1998; Riesch et al., 2012; Baird and Stacey,
1988). The Resident (fish-eating) ecotype contains two popula-
tions, the Northern Resident population that is made up of three
linguistic clans, and the Southern Resident population which
consists of one linguistic clan. The populations remain repro-
ductively isolated (Morin et al., 2024; Riesch et al., 2012), and
there are strong cultural and linguistic barriers between clans.
The Southern Resident Killer Whale population (SRKW) also
known as J-clan, is made up of three stable, matrilineal fam-
ily groups, identified as J, K and L pod. The SRKW range
stretches from California to southeast Alaska, and with heavy
use in the cross-boundary waters of the Salish Sea. The popu-
lation is listed as endangered in Canada and is protected by the
Species at Risk Act (SARA) ! and by the Endangered Species
Act % in the US. By the end of 2024, The Center for Whale
Research, the organization responsible for semiannual SRKW
census numbers, estimated there were only 75 individuals re-
maining °.

Uhttps://species-registry.canada.ca/index-en.html#/species/699-5

Zhttps://www.fisheries.noaa.gov/topic/laws-policies/endangered-species-
act
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In light of this critical population status, there is significant
interest from researchers, citizen scientists, government agen-
cies, and First Nation groups in the protection and conservation
of SRKW and their habitat. In many cases, visual sightings re-
main the primary method of monitoring these individuals (OI-
son et al., 2018; Sato et al., 2021), but this approach is con-
strained by weather conditions and the need for active, daytime
surface observations, which are predominantly conducted by
citizen scientists. More recently, the availability of affordable
acoustic recording devices and expanded data storage capacity
has enabled large-scale passive bioacoustic monitoring, leading
to the creation of extensive audio datasets (Roch et al., 2017,
Dede et al., 2014; Webster and Budney, 2017). However, a lack
of highly specialized person-hours for bioacoustic data anal-
ysis creates a significant bottleneck in the manual detection,
annotation, and validation of whale calls across large acous-
tic datasets. This is a time-consuming process that can span
weeks or months for a single hydrophone deployment. Conse-
quently, there is a need for efficient processing methods that can
automate key steps in the workflow, such as vocalization classi-
fication and detection, within a reasonable timeframe (Stowell,
2022) of a few hours or days instead of weeks. This demand
for automated solutions has driven the development of SRKW
detection and classification algorithms based on signal process-
ing techniques (Gillespie et al., 2013; Shapiro and Wang, 2009)
and machine learning (ML) (Sharpe et al., 2019; Brown et al.,
2010). Within ML, deep learning (DL) approaches, originally
developed for applications in image, speech, and music pro-
cessing (AbeBer, 2020; Manilow et al., 2020) have gained trac-
tion due to their success in complex pattern recognition and fea-
ture extraction (LeCun et al., 2015; Goodfellow et al., 2016).
Deep Neural Networks (DNN) have been shown to outperform
traditional ML techniques (Stowell, 2022; Morfi et al., 2021),
including in the context of Killer Whale acoustic detection and
classification (Bergler et al., 2019; Hauer et al., 2023; Bergler
et al., 2021).

Two-dimensional spectrograms, typically segmented into
fixed-length audio clips (e.g., 1-second or 10-second duration),
are commonly used as inputs to DNNs for cetacean classifica-
tion and detection tasks (Kirsebom et al., 2020; Bergler et al.,
2019; Liet al., 2020). This practice is also commonplace across
other fields such as sound event classification (Ozer et al.,
2018), bird song recognition (Kahl et al., 2021), as well as
speech (Wang and Chen, 2018) and music classification (El-
bir and Aydin, 2020). In marine bioacoustics, spectrograms
are also one of the primary tools for visualizing and analyzing
acoustic data, allowing researchers to quickly identify patterns
that may be missed through manual listening, especially for
sounds outside the human audible range. Furthermore, many
acoustic signals, such as Killer Whale vocalizations, contain
frequency-modulated (FM) components that are discernible in
spectrograms (Rabiner and Juang, 1993), making them suitable
for use in automated classification models.

However, while spectrogram-based DNNs have shown
promise (Kirsebom et al., 2020; Bergler et al., 2019; Shiu et al.,
2020), their effectiveness is constrained by the availability of
sufficient high-quality annotated data (Priestley et al., 2023;

Gudivada et al., 2017), a common issue in marine bioacous-
tics. As mentioned above, obtaining high-quality annotations
is challenging and expensive, particularly for marine environ-
ments where target vocalizations can be sparsely distributed
against a backdrop of overwhelming underwater environmen-
tal noise (Bergler et al., 2019; Stowell, 2022; Padovese et al.,
2023). This scarcity of annotated data represents a critical bot-
tleneck in the development of effective DL models for marine
mammal classification. Therefore, before investing in costly
and time-consuming efforts to manually annotate and assign la-
bels to acoustic data, an effective strategy to mitigate this lim-
itation is to use data augmentation to artificially enhance the
diversity of small bioacoustic training dataset (Stowell, 2022;
Lietal., 2021).

Data augmentation has long been used to address chal-
lenges associated with small or unbalanced datasets by creat-
ing modified versions of existing data (Shorten and Khoshgof-
taar, 2019). These augmented samples are variations of the
original recordings that were not present in the training set
but are theoretically possible within the same context. Gen-
erally, augmentation methods can be divided into two cate-
gories: “naive” augmentations and data-based augmentations.
Naive augmentations are characterized by their simplicity and
do not take the specific problem being addressed into consider-
ation. In bioacoustics, commonly used naive methods include
time-shifting (Shiu et al., 2020), time and frequency masking
(Park et al., 2019), and noise addition (Mishachandar and Vaira-
muthu, 2021). These methods are popular due to their ease
of implementation, effectiveness in improving model perfor-
mance, and “safety”, meaning they are unlikely to compromise
the meaning of the audio, ensuring the augmented signals re-
main consistent with the original class (Stowell, 2022).

In contrast, data-based augmentations leverage domain
knowledge to transform samples based on the characteristics of
the environment and target species. These can include simple
operations like sound mixing (Padovese et al., 2021) or more
complex techniques like sound propagation modeling, which
simulates how sound is distorted as it propagates through water
(Binder, 2018). Some studies have experimented with more
risky transformations, including warping (Park et al., 2019),
pitch shifting (Li et al., 2021), and time stretching (Li et al.,
2021). While these methods can potentially increase the diver-
sity of the training data, they also risk distorting subtle acoustic
features that are unique to specific species or call types (Stow-
ell, 2022). As a result, the appropriate choice of augmentation
techniques is highly context-dependent and should be tailored
to the characteristics of each dataset and species.

While traditional data augmentation helps address the lim-
itations of small or unbalanced datasets, it is inherently con-
strained by the nature of the transformations themselves, which
can only recombine or distort existing information in limited
ways. To further expand the dataset and introduce new vari-
ability, data synthesis that relies on algorithms to generate ar-
tificial data has emerged as a valuable tool (King et al., 2014;
Reichert and Ronacher, 2015). Already widely used in marine
mammal communication research (King et al., 2014; Reichert
and Ronacher, 2015), synthetic data can also serve as artificial



training examples to supplement or even replace real-world data
in machine learning models (Li et al., 2020). Importantly, syn-
thetic data generation and classical data augmentation strategies
are not mutually exclusive; combining both can yield superior
results in deep learning applications by maximizing the diver-
sity of training data.

Within data synthesis, DL-based generative models learn the
distribution of the dataset’s feature space to create new, unseen
samples drawn from this distribution, introducing entirely new
patterns not found in the original dataset. Generative models
have long been used for tasks such as speech and music gen-
eration (Shorten and Khoshgoftaar, 2019). Some studies have
begun applying generative models in the field of bioacoustics;
this field is still emerging, with limited research having made
its way into the peer-review literature. Most research has fo-
cused on the generation aspect, typically using Generative Ad-
versarial Networks (GANs) (Goodfellow et al., 2014) or Vari-
ational Autoencoders (VAEs) (Kingma, 2013) to operate on
time-frequency spectrograms (Zhang et al., 2022; Nieto-Mora
et al., 2024). Although a handful of studies have also applied
generative models specifically for data augmentation (Herbst
et al., 2024; Li et al., 2023), even fewer have systematically
compared these methods to traditional data augmentation ap-
proaches.

Recently, denoising diffusion probabilistic models (DDPMs)
(Ho et al., 2020) have gained attention for their ability to gen-
erate higher-quality samples compared to their GAN or VAE
counterparts (Dhariwal and Nichol, 2021a). Unlike these ear-
lier approaches, DDPMs generate high-quality, diverse samples
by gradually refining noise into informative data, offering better
stability compared to traditional GANs or VAEs. These mod-
els have shown significant potential for producing realistic syn-
thetic data and have been studied for improving neural network
training in tasks such as image classification (Trabucco et al.,
2023). In bioacoustics, diffusion models remain largely unex-
plored, with, to the best of our knowledge, few studies investi-
gating their potential for this purpose (Herbst et al., 2024).

In this work, an aim is to extend the application of DDPMs
for data augmentation tailored to SRKW vocalizations. Our
approach assumes that, similar to traditional augmentation,
additional latent information can be derived from the origi-
nal dataset through the use of deep generative models. By
combining generative models with simpler augmentation tech-
niques, we aim to improve the overall performance of deep
learning classifiers, while overcoming the limitations of each
method when used independently, particularly under conditions
of scarce annotated data.

Our work makes three key contributions: (i) we introduce
the first application of diffusion models for data augmentation
of SRKW vocalizations; (ii) we propose a hybrid approach in-
tegrating diffusion-based synthetic data generation with tradi-
tional augmentation techniques to enhance dataset diversity and
model robustness; and (iii) we conduct a comparative evalua-
tion of generative versus traditional data augmentation meth-
ods, addressing a gap in the literature by systematically assess-
ing their impact on classification performance.

2. Materials and Methods

2.1. Datasets

The underwater acoustic data used in this study were col-
lected from two hydrophone deployments in the Salish Sea, off
the west coast of North America (Figure 1). We focused on dis-
crete pulsed calls from SRKW pods J, K, and L, with all vocal-
izations manually verified as true positives. Non-tonal sounds,
such as whistles and echolocation clicks, were excluded. The
recordings were obtained using different systems and protocols,
each with distinct site characteristics, as detailed below.
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Figure 1: Locations of the two hydrophone deployments in the Salish Sea (Lime
Kiln and Roberts Bank). The commercial shipping lanes are shown as black
lines.

The first dataset was collected near Lime Kiln State Park, off
San Juan Island (48°30°42” N, 123°09'15” W), through de-
ployments conducted by SMRU Consulting Ltd. This dataset
includes 1,633 audio files, each lasting one minute, recorded
between August 29, 2018, and October 16, 2019. The record-
ings were captured using a hydrophone deployed at a depth of
approximately 23 meters and sampled at 250 kHz. To identify
Killer Whale vocalizations, recordings were first processed us-
ing the PAMGuard whistle and moan detector (Gillespie et al.,
2008), which generated initial binary detections indicating the
presence or absence of potential biological sounds. All detected
files were then manually reviewed in full, and vocalizations
from various marine mammal species and ecotypes were an-
notated. From these, only annotations corresponding to con-
firmed KW calls were retained for this study, resulting in a total
of 1,261 annotations from 200 files. This dataset was used ex-
clusively for model training and hyperparameter tuning.

The second dataset was collected at Robert’s Bank, British
Columbia (49°01°07.8” N, 123°11’32.8” W), by JASCO Ap-
plied Sciences. It comprises 1,562 5 minute audio files,
recorded between September 21, 2015, and April 12, 2018.
Recordings were made using a hydrophone deployed at a depth
of approximately 168 meters and sampled at 64 kHz. Killer
Whale encounters were initially identified using a proprietary
detection algorithm developed by JASCO Applied Sciences.
These encounters were then manually reviewed and annotated
by expert analysts for the presence of Killer Whale vocaliza-
tions. For this study, we selected only those annotations con-



firmed to originate from KWs, resulting in 1,263 annotations
across 22 files. These files and annotations were used exclu-
sively for testing.

The annotations were made publicly available through the
HALLO (Humans and Algorithms Listening and Looking for
Orcas) project. The full set of annotations can be accessed via
the project’s GitHub repository.* The underlying audio data
were originally released in Palmer et al. (2025).

2.1.1. Data Preparation

Killer Whale audio segments were extracted from recordings
according to the annotations. Each labeled segment was iso-
lated as a 3-second audio clip, a duration long enough to capture
most SRKW calls (Frazao et al., 2025), while short enough to
avoid overwhelming the neural network with excessive back-
ground noise. For the background class, which contains only
(non-KW) background noise, random segments were drawn
from the recordings while avoiding overlap with annotated re-
gions. All recordings were downsampled to 24 kHz with anti-
aliasing to ensure consistent processing across datasets with
original sampling rates ranging from 64-250 kHz. This cutoff
frequency was chosen as the resulting Nyquist frequency (12
kHz) fully encompasses the fundamental frequencies and har-
monics characteristic of SRKW calls (Ford, 1989) while avoid-
ing unnecessary computational overhead from higher sampling
rates. To create a balanced dataset, the number of background
segments randomly selected was made equal to the number of
SRKW clips, and both were combined to form the complete
baseline training dataset.

2.1.2. Spectrogram Computation

We computed 128-band Mel spectrograms from the 3-second
segments derived from the annotation windows (Section 2.1.1).
Spectrograms were generated using a 50 ms Hann window
(NFFT of 1200 samples) with a 12.5 ms hop length (300 sam-
ples), representing a 75% overlap at the 24 kHz sampling rate.
This configuration produced Mel spectrograms with frequency
coverage up to 12 kHz, adopting a similar parameterization that
has been successfully employed in SRKW classification tasks
(Frazao et al., 2025). Amplitude values were then converted to
a decibel scale for subsequent neural network processing.

2.2. Time-Shifting Augmentation

Time-shifting artificially expands the dataset by temporally
displacing audio clips within their original recordings. For a
given spectrogram x of duration 7, we generate N augmented
samples by shifting the annotation window forward and back-
ward in increments of 0.5 seconds. Each shifted window main-
tains a minimum overlap of 50% with the original annotation,
ensuring that the shifted segments remain contextually relevant
to the labeled content without introducing mismatched exam-
ples. This guarantees that every annotation is represented by at
least N > 1 instances, though the exact value of N depends on
the original annotation duration and the overlap requirement.

“https://github.com/coastal-science/hallo-data/tree/main

Beyond simply increasing sample size, time-shifting improves
model robustness to natural temporal variations in audio events.
Unlike methods such as noise addition (White et al., 2022) or
random masking (Park et al., 2019), it preserves the original
acoustic features while maximizing the value of the limited la-
beled data.

2.3. Vocalization Mask Augmentation

While most augmentation strategies target within-class vari-
ability, such as differences in pitch, duration, or timing, they
often overlook the variability introduced by natural sound-
scapes. This contextual information, such as various sources
of transient sounds and shifting ambient noise conditions, can
influence how a DNN distinguishes vocalizations from back-
ground events. Ignoring this context can limit model gener-
alization, particularly in real-world deployments where acous-
tic conditions vary widely. To address this and create realis-
tic, context-aware synthetic vocalizations, we developed a vo-
calization mask augmentation strategy based on high-quality
SRKW call examples.

To create the masks, we used a curated catalogue of high-
quality SRKW vocalizations as the source for clean signal ref-
erences. The samples in this collection were compiled over sev-
eral decades of research by Dr. John Ford and made publicly
available®. We first computed spectrograms from the record-
ings following the procedure described in Section 2.1.1. We
then projected the spectrograms into a lower-dimensional space
using PCA. In this representation, the first principal compo-
nent tends to capture the broad scale pattern that is consis-
tent across time and frequency, and explain the most variance
in the dataset. These typically correspond to persistent back-
ground noise and non-whale acoustic features present in the en-
vironment. By subtracting this component from each original
spectrogram, we can obtain a mostly denoised representation
that emphasized the vocalization while suppressing background
content.

Next, to further refine these masks, we applied a threshold-
ing step in which all pixel values below the i-th percentile of
the spectrogram’s dynamic range were set to zero. This pro-
cess suppressed residual background noise resulting in sparse,
high-contrast masks that captured most vocal features. The full
process of mask construction and refinement is illustrated in
Figure 2.

The resulting masks were then linearly combined with ran-
domly sampled background spectrograms from the Robert’s
Bank dataset. Specifically, we selected segments from record-
ings that were outside the 22 files reserved for the test set and
manually verified to contain only background noise. By com-
bining the masks with actual environmental noise, we created
new, high-fidelity vocalizations that reflect the acoustic com-
plexity encountered in the field. This augmentation approach
exposes the model to more realistic combinations of signal and
background, ultimately improving its robustness and general-
ization to unseen acoustic environments.

Shttps://orca.research.sfu.ca/call-library/home.html?v=
20240530-1727


https://github.com/coastal-science/hallo-data/tree/main
https://orca.research.sfu.ca/call-library/home.html?v=20240530-1727
https://orca.research.sfu.ca/call-library/home.html?v=20240530-1727

Threshold

Original Spectrogram

PCA-based Denoised Version

Thresholded Mask

Figure 2: Overview of the vocalization mask construction process. Starting from the original spectrogram (left), we first apply PCA-based background subtraction
to emphasize vocalization components (center). A subsequent percentile-based thresholding step produces a sparse, high-contrast mask (right) that preserves the

primary vocal features while suppressing residual background noise.

In practice, however, the manual validation of background
segments described above may not even be necessary. In real-
world applications, randomly sampling unlabeled audio from
long-term passive acoustic recordings is likely to overwhelm-
ingly yield only background noise. This makes the approach
both scalable and easy to implement.

2.4. VAEs

Variational Autoencoders (VAEs) (Kingma, 2013) are a class
of generative models that learn to generate new samples by en-
coding inputs into compact representations and decoding them
back into the original data format. This encoder—decoder struc-
ture allows the model to capture the essential features of the in-
put data. The intermediate representation, commonly referred
to as the latent space, serves as a compressed version of the
data, which VAEs learn to organize in a smooth and continuous
manner suitable for generation.

In a standard autoencoder, the encoder learns to compress
an input x into a lower-dimensional representation z through
successive layers, gradually compressing the information into a
simplified form that captures its most important features. The
decoder does the opposite, attempting to reconstruct the input as
X = po(x | 2), where % is the reconstructed input, and py(x | 2)
represents the decoder network. This network gradually ex-
pands the compact representation back into a full-resolution
output. Crucially, the decoder can only learn to accurately re-
construct inputs if the encoded representation is informative and
semantically meaningful. To achieve this, the model is trained
to minimize the difference between the input and its reconstruc-
tion, encouraging it to preserve essential structure while dis-
carding noise or redundancy. However, because the encoder
only learns to handle inputs it has seen during training, the re-
sulting latent space can be irregular and fragmented, even if it
compresses data well. As a result, there’s no guarantee that
randomly sampling from this space will produce valid or mean-
ingful outputs, making standard autoencoders poorly suited for
generative tasks.

VAEs address this by introducing a probabilistic encoding
scheme. Instead of mapping each input to a single fixed point
in the latent space, the encoder g4(z | x) learns to represent
it as a Gaussian distribution defined by a mean vector y and
a standard deviation vector o. A sample is drawn from this
normal distribution using the so-called reparameterization trick:

e~ N(©,I) )]

where I denotes the identity covariance matrix, following the
standard VAE formulation.

The decoder pg(x | z) then reconstructs the input from this
sampled vector. Unlike in standard autoencoders, where z
might be sampled from uninformative parts of the latent space,
VAEs are explicitly trained to make their latent space well-
organized and continuous. This is done by nudging the learned
distributions g4(z | x) to stay close to a known prior, such as a
standard normal distribution N (0, /). As a result, VAEs learns
to fill the latent space smoothly, such that small changes in
z correspond to gradual changes in the decoded output. This
structured organization makes it possible to sample new, realis-
tic data simply by drawing z ~ N(0, I) and passing it through
the decoder.

The model is trained to minimize the following loss
(Kingma, 2013):

Z=u+0-¢,

Lvag = ~Eovg,ollog pa(x [ )] + B KL(gy(z | Dllp(2)  (2)

where the first term is the reconstruction loss, encouraging the
decoder to accurately reconstruct the input x from the sam-
pled latent representation z, and the second term is a Kull-
back-Leibler (KL) divergence that regularizes the encoder’s
output distribution to remain close to the standard normal prior
p(z) = N(0,1). B is a weight that controls the strength of the
regularization; in this work, it was set to 1.

The stability and ability of VAEs to capture a wide range of
data distributions make them advantageous for data augmenta-
tion tasks (Shorten and Khoshgoftaar, 2019). However, a com-
mon drawback of VAEs is that their outputs tend to be less
sharp or detailed than the original inputs or compared to those
produced by other generative models, such as GANs (Kingma
et al., 2019; Wang et al., 2020). This blurriness arises from the
probabilistic nature of the decoder and the averaging effect of
the reconstruction loss, which can smooth out fine-grained fea-
tures.

In this work, we employed a standard convolutional VAE ar-
chitecture in which both the encoder and decoder are composed
of stacked convolutional layers with batch normalization and
ReLU activations. The model takes as its input 2D spectro-
grams. The generated spectrograms aim to match the overall



distribution of the Lime Kiln training data. Further implemen-
tation details, including architectural specifications and training
configuration, are provided in Section 2.9.

2.5. GANs

Generative Adversarial Networks (GANs) are another cat-
egory of generative models that learn to synthesize data by
jointly training two competing neural networks: a generator G,
which produces synthetic samples intended to resemble those
from the training distribution, and a discriminator D, which
attempts to distinguish between real and generated samples
(Goodfellow et al., 2014). The central idea behind GANSs is
that, as the discriminator improves at identifying fake samples,
the generator must produce increasingly realistic outputs in or-
der to fool it. Conversely, as the generator becomes better at
producing convincing samples, the discriminator must also im-
prove to maintain its ability to detect fakes. This dynamic cou-
pling forms an adversarial feedback loop in which both net-
works iteratively enhance their capabilities. During training,
the generator and discriminator are optimized simultaneously
in a zero-sum game, where each network’s objective directly
opposes the other. Once the adversarial training process sta-
bilizes, the generator can be used independently to synthesize
new samples, whether images, or, in our case, spectrograms of
SRKW vocalizations.

GANs have been widely applied in artificial image gen-
eration (Karras et al., 2019; Choi et al., 2018), particularly
in domains such as facial image synthesis (Karaoglu et al.,
2021), scene reconstruction (Wang et al., 2018), and image-to-
image translation (Isola et al., 2017). While their application
to time—frequency representations such as spectrograms is less
common, some works have demonstrated the potential of GANs
in the bioacoustic domain (Li et al., 2023; Bergler et al., 2022;
Shim et al., 2021). Unlike natural image synthesis, spectrogram
generation of vocalizations involves fine, curvilinear features
such as SRKW harmonic ridges, which are more sensitive to
any distortion.

Formally, the generator network maps a random noise vector
z ~ N(0,I) to the data space, producing a synthetic spectro-
gram X = G(z). The discriminator D(x) receives either a real
spectrogram x € X,.,;, drawn from the data distribution pgy,, or
a synthetic one %, and outputs a scalar representing the probabil-
ity that the input is real. The networks are trained with opposing
objectives defined by the minimax loss function:

rrgn mDax Eypoalog D(x)] + E; . ;) [log(1 — D(£))]. 3)

While GANs have demonstrated impressive capabilities in
synthesizing visually realistic images, they present several lim-
itations. First, GANs are notoriously difficult to train and highly
sensitive to hyperparameter choices, network architecture, and
optimization dynamics (Arjovsky and Bottou, 2017). These
factors often lead to unstable training, non-convergent behav-
ior, or poor-quality outputs (Agarwal and Farid, 2021). Second,
GAN:Ss are prone to mode collapse (Che et al., 2016), a failure in
which the generator produces a limited set of outputs, such as

repeatedly generating highly similar or identical samples (Sri-
vastava et al., 2017; Mariani et al., 2018; Dhariwal and Nichol,
2021b). This leads to a lower diversity of generated data com-
pared to the real distribution, limiting the model’s ability to rep-
resent the full variability of the training data, which is an impor-
tant drawback when using GANs for data augmentation when
training a classifier.

Following Goodfellow et al. (2014), a number of advance-
ments have focused on improving training stability and sam-
ple quality. These include architectural refinements such as the
Deep Convolutional GAN (DCGAN) (Radford et al., 2015), as
well as alternative training objectives like the Wasserstein GAN
(WGAN) (Arjovsky et al., 2017) and its gradient-penalized
variant, WGAN-GP (Gulrajani et al., 2017). Ultimately, how-
ever, despite these improvements, GANSs still suffer from fun-
damental training challenges and instability.

In this work, we adopted the DCGAN architecture, which in-
troduces architectural constraints such as convolutional layers
without fully connected components, batch normalization, and
ReLU/LeakyReLU activations to improve training stability and
sample quality. Our implementation follows the original GAN
formulation described above, with both the generator and dis-
criminator operating on 2D spectrogram tensors. The generator
produces time—frequency representations that aim to match the
distribution found in the Lime Kiln training set. The model was
trained using the standard GAN loss. A detailed description
of the network architecture and training routine is provided in
Section 2.9.

2.6. DDPM

Denoising Diffusion Probabilistic Models (DDPMs) are a
class of generative models that synthesize data through an it-
erative denoising process (Ho et al., 2020). DDPMs operate in
two phases: a forward process, which incrementally corrupts
training samples (e.g., spectrograms) by adding Gaussian noise
over discrete timesteps, and a reverse process, which learns to
iteratively recover the original data by predicting and removing
this noise (Nichol and Dhariwal, 2021). During training, the
model learns the underlying structure of the data distribution
by estimating the noise at each corruption step (Sohl-Dickstein
etal., 2015). During inference, the trained model “hallucinates”
novel samples (spectrograms in our case) by progressively de-
noising pure random noise. This reverse trajectory can generate
realistic outputs that closely approximate the statistical distri-
bution of the training dataset, enabling the creation of entirely
new, yet plausible, synthetic vocalizations (Kong et al., 2020;
Herbst et al., 2024).

The forward process incrementally transforms a clean
SRKW spectrogram xy = x into pure noise xy over 7' timesteps
(i.e., discrete diffusion steps) using a predefined noise schedule
(Figure 3). The noise schedule dictates how the noise is grad-
ually added at each timestep through the noise schedule coefli-
cients ;. These coefficients a; € (0, 1) determine the propor-
tion of the original signal retained at each timestep, with smaller
values of «; introducing more noise. The cumulative product of
these coeflicients, A; = ]_[fY:l a,, determines the amount of the



original clean signal x, that is preserved at timestep ¢. At each
timestep ¢ € (1, T), the noisy sample x, is computed as:

X, = \/szo+ V1—-A4Ae,

where € is a noise sample drawn from a standard Gaussian dis-
tribution (analogous to z in the VAE formulation above).

The reverse process aims to recover the clean spectorgram
xo from the noise sample x7 by progressively denoising over T
timesteps. A neural network, typically a U-Net (Ronneberger
et al., 2015), is trained to predict the added noise at each
timestep. The U-Net architecture is particularly well-suited for
this task due to its ability to capture hierarchical features at dif-
ferent resolutions. During training, the network predicts the
noise € at each timestep, minimizing the simplified (Lgimpie) loss
function:

e~ N(©,I) “)

Laimple = Er g, [lle = & Cxr, 1P 5)

where Lgmple represents the mean-squared error (MSE) be-
tween the actual noise € and the noise predicted by the network
€ (x;, 1).

As the model is trained to minimize the MSE loss function
across many noisy samples, it gradually becomes better at re-
moving the noise step by step, encouraging the network to be-
come better at removing noise from the spectrogram and recon-
structing the clean spectrogram, xy. Once trained, the model
synthesizes novel spectrograms by iteratively denoising random
noise over 7' timesteps.

DDPMs overcome many limitations of GANs and VAEs.
Rather than relying on adversarial training or latent reconstruc-
tion, they minimize a denoising objective at each timestep, lead-
ing to more stable training and higher sample quality and di-
versity (Cao et al., 2024). As a result, DDPMs are capable of
generating highly detailed samples that often surpass those pro-
duced by both GANs and VAEs (Ho et al., 2020; Dhariwal and
Nichol, 2021b).

2.7. Filtering Low-Quality Synthetic Spectrograms

Despite the success of DDPMs, and generative models in
general, in producing visually appealing and realistic images,
several limitations remain, particularly when such models are
used for data augmentation in classification tasks. Generative
models, including GANs and DDPMs, may synthesize samples
containing artifacts or failure regions that can negatively impact
downstream classifier performance. This issue can be espe-
cially pronounced in the context of marine bioacoustics, where
spectrograms often contain low signal-to-noise ratios and com-
plex background interference (e.g., vessel noise or other envi-
ronmental sounds). In such cases, generative models may inad-
vertently learn to replicate the noise rather than the vocalization
signal of interest. Figure 4 showcases examples of common
failures in synthetic spectrograms generated from noisy marine
mammal datasets.

To mitigate the risk of low-quality or out-of-distribution syn-
thetic samples negatively affecting the classifier model train-
ing, we implemented a simple PCA-based filtering strategy de-

signed to align the statistical distribution of generated spectro-
grams with that of real SRKW data.

Let X, and X,,, denote the sets of real and generated spec-
trograms, respectively. To assess the quality of synthetic data,
we applied PCA to X,., to define a low-dimensional projec-
tion space, and projected both X,., and X,., into this space.
We then used the Mahalanobis distance to quantify how closely
the projection of a generated spectrogram z,,, aligned with the
distribution of X,.,; in this space.

A generated spectrogram was retained if its Mahalanobis dis-
tance dj, satisfied:

dM(den) <T (6)

where 7 is a threshold set to the j-th percentile of Mahalanobis
distances computed from X,.,;.

We applied this filtering procedure to the output of all gener-
ative models, to ensure that only synthetic samples statistically
aligned with the distribution of real SRKW vocalizations were
used for data augmentation.

2.8. Deep Learning Classifier

Our aim is to generate synthetic vocalizations using the aug-
mentation methods described in the previous sections, and to
use these data to train a DNN to detect SRKW calls in novel
acoustic environments within a prescribed level of accuracy.
To this end, we trained a convolutional neural network (CNN)
to classify spectrograms as containing SRKW vocalizations, or
not.

We employed a ResNet-18 architecture (He et al., 2016), a
compact variant of the residual network family. Given the lim-
ited size of our training dataset the ResNet-18 strikes a bal-
ance between representational capacity and computational ef-
ficiency. The network is designed to accept 3-second Mel-
spectrogram representations as input, and to output a binary
classification probability indicating the presence or absence of
SRKW vocalizations.

While the ResNet-18 was the architecture of choice in this
study, numerous deep learning classifiers have demonstrated
success in detecting and classifying marine mammal sounds.
Classical CNN architectures, such as LeNet and VGG-16, as
well as GRU RNNs, have shown robust performance in clas-
sifying North Atlantic Right Whale (NARW) vocalizations in
early deep learning applications in marine bioacoustics (Shiu
et al., 2020). More recent architectures, such as DenseNets and
Inception models have further advanced performance in related
tasks (Tiwari et al., 2023). Indeed, the ResNet architecture it-
self has been widely adopted in the field (Padovese et al., 2021;
Murphy et al., 2022), including for Killer Whale classification
off the west coast of Canada (Bergler et al., 2019). While our
focus was not on identifying the optimal classifier, it is reason-
able to expect that alternative architectures could also provide
satisfactory performance based on these prior successes. Ulti-
mately, the central challenge in bioacoustics remains address-
ing the constraints posed by complex noise environments and
small annotated datasets rather than selecting the perfect neural
network architecture.
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Figure 3: Illustration of a Denoising Diffusion Probabilistic Model (DDPM) for synthesizing spectrograms. The forward diffusion process (solid arrow) incremen-
tally corrupts a clean input spectrogram xo into pure noise x7 over T timesteps. The reverse diffusion process (dashed arrow) learns to denoise by training a U-Net

to predict and remove noise at each step.

Figure 4: Examples of synthetic spectrograms generated using DDPMs. The
top row shows samples that were accepted for training, exhibiting clear SRKW-
like vocal structure. The bottom row shows samples that are unsuitable due to
the presence of artifacts or poor signal definition.

2.9. Experimental Setup

To evaluate the effectiveness of the data augmentation strate-
gies, we conducted a series of experiments comparing classi-
fier performance across seven training regimes: (I) baseline (no
augmentation), (I) time-shifting augmentation only, (III) vo-
calization mask augmentation only, (IV) VAE-generated syn-
thetic data only, (V) GAN-generated synthetic data only, (VI)
DDPM-generated synthetic data only, and (VII) hybrid aug-
mentation combining time-shifting, vocalization masks, and the
best-performing generative model, selected empirically based
on evaluation performance (see Section 3). Models were
trained using vocalizations from the Lime Kiln dataset and
evaluated on vocalizations from the independent Robert’s Bank
dataset, allowing us to assess generalization to a site not used
for training.

All experiments were carried out on a dedicated workstation

equipped with an NVIDIA GeForce GTX 1070ti GPU (8 GB
memory). In the following, we will describe the model archi-
tectures and parameters used for training the different models.

Classifier. Each classifier was trained using the same ResNet-
18 architecture described in Section 2.8, trained for 20 epochs
with a batch size of 128 samples. The model was optimized
using an Adam optimizer with a learning rate of 0.001, and a
cosine annealing scheduler with linear warmup. As the genera-
tive models operated on 128 x 128 spectrograms, all input data
were resized to 128 x 128 when necessary, and normalized to
[0, 1].

VAE. The VAE model consisted of a convolutional encoder
with three layers (32, 64, 128 filters, kernel size 4, stride 2),
each followed by ReL.U activation, and two fully connected lay-
ers to compute the mean and log-variance of a 32-dimensional
latent vector. The decoder mirrored this structure with a fully
connected layer followed by three transposed convolutional lay-
ers (128, 64, 32 filters), each with ReLLU activation, and a final
output layer with tanh activation. Models were trained for 150
epochs using a batch size of 64, and a learning rate of 0.001
with an Adam optimizer. The loss combined MSE reconstruc-
tion and KL divergence. Input images were resized to 128 128
pixels and normalized to [-1, 1].

GANs. The GAN model followed a DCGAN-style architec-
ture, with a generator composed of six transposed convolutional
layers (with 1024, 512, 256, 128, 64, and 1 filters, respectively),
each followed by BatchNorm and ReL.U activations, except for
the final layer which used tanh. The discriminator consisted
of five convolutional layers with LeakyReLU activations and
PhaseShuffle layers (Donahue et al., 2018) to promote invari-
ance to local time shifts. Batch normalization was applied after



all but the first convolutional layer. Both networks were trained
using the Adam optimizer with a learning rate of 0.0001 and
(B1,82) = (0.5,0.999), for 300 epochs with a batch size of 64.
Input images were resized to 128 x 128 pixels and normalized
to the [—1, 1] range.

DDPM. For diffusion-based synthesis we adopted a standard
DDPM built around a U-Net backbone. The U-Net processes
128 x 128 single-channel spectrograms and comprises six res-
olution levels, with two residual blocks per level. The en-
coder used six blocks with 128, 128, 256, 256, 512, and
512 filters, respectively. The fifth block, operating at 8 X 8
resolution, incorporated self-attention to better capture long-
range time—frequency structure, while the remaining blocks
used standard downsampling operations. The decoder mirrored
this structure in reverse.

We used the original DDPM formulation with 1,000 diffusion
steps and a cosine f3; schedule, training for 150 epochs with a
batch size of 32. Optimization employed an AdamW optimizer
(learning rate 1 x 1074, 8;=0.9, 3,=0.999) and an exponential
moving average of the network weights (decay 0.9999) for eval-
uation. During training the objective was the MSE between
predicted and true noise. All inputs were resized to 128 x 128
pixels and normalized to the [—1, 1] range, matching the other
generative models for consistent downstream comparison.

Experimental Protocol. The baseline model in experiment
I was trained using only real data, that is, 1,261 3-second
SRKW vocalization clips extracted from annotated regions and
an equal number of background segments sampled from non-
annotated intervals (Section 2.1.1). This model establishes a
performance reference point against which all augmented vari-
ants were compared.

For Experiments II through VII, augmented vocalization
samples were generated independently and added to the base-
line training set to create expanded datasets. In each case,
we augmented the number of vocalizations by two different
amounts, +5,000 and +20,000 samples, to investigate how clas-
sifier performance is affected by the quantity of synthetic data
introduced during training. For Experiment VII, the hybrid
strategy combined time-shifting, vocalization masking, and the
best-performing generative model. To keep the total number of
augmented samples consistent with the other experiments, the
same augmentation budget of +5,000 and +20,000 new sam-
ples was used. This total was divided equally among the three
augmentation methods, resulting in +1,667 new samples per
method for the +5,000 setting and 6,667 per method for the
+20,000 setting. A summary of the experimental combinations
and vocalization sample sizes is presented in Table 1.

To maintain class balance across all training sets, each set of
vocalization samples, whether real or augmented, was paired
with an equal number of background samples. In the baseline
and time-shifting experiments (I and II), background segments
were randomly drawn from non-annotated intervals in the Lime
Kiln recordings. For the remaining experiments (III-VII),
background samples were generated using the same strategy

as their corresponding vocalizations. In the case of vocaliza-
tion masking (Experiment III), since the masks were overlaid
onto background spectrograms from the Robert’s Bank dataset
(see Section 2.3), we randomly sampled additional background
segments from Robert’s Bank recordings that were outside the
recordings reserved for the test set.

For all synthetic augmentation methods (Experiments
IV-VID), a separate generative model of the same type as the
one used for vocalizations was trained exclusively on back-
ground data from Lime Kiln. For example, background sam-
ples in Experiment IV were generated using a VAE trained on
background spectrograms, while Experiment V used a back-
ground GAN, and so forth. This approach ensured that both
positive and negative samples in each experiment were drawn
from comparable distributions and generated under consistent
modeling assumptions. In light of this, throughout the text,
when we refer to experiments being augmented by 5,000 or
20,000 vocalization samples, it should be understood that an
equal number of background samples was also added, follow-
ing the corresponding method for that experiment.

Each experiment was repeated 10 times with different ran-
dom initializations. Performance was quantified using pre-
cision, recall, and Fl-score, with final metrics averaged
across all runs to establish the mean performance. The
code used in this study has been made publicly available
at https://github.com/bpadovese/GAugSRKW, accompanied by
comprehensive documentation and a command-line interface to
facilitate reuse and adaptation for other bioacoustics applica-
tions.

3. Results

We illustrate a visual comparison between 12 real SRKW vo-
calization spectrograms in Figure 5 (a), and the same number of
synthetic samples generated by VAE (b), GAN (c), and DDPM
(d) respectively. This subset is intended as a representative
but small sample illustrating the qualitative differences among
models. Visually, we observed that the VAE-generated samples
suffered from a characteristic over-smoothing effect. Harmonic
ridges appear blurred, and in many cases, signal boundaries are
poorly defined or diffused into the background.

The GAN samples, by contrast, displayed sharper structures
and better-defined signals than the VAE outputs. However, de-
spite avoiding the most severe cases of mode collapse, the GAN
still seemed to produce a limited range of variation. Several
spectrograms appear overly similar in composition, with vocal-
izations often occurring in the same time-frequency locations.

Finally, the DPPM synthetic spectrograms exhibited high vi-
sual fidelity, preserving fine harmonic structure and modulation
contours that are characteristic of discrete pulsed calls, while
avoiding the over-smoothed appearance often observed with
VAE:s and the low sample variety typical of GANSs.

Table 2 summarizes the classification performance in terms
of precision, recall, and F1-score at a decision threshold of 0.5,
a commonly adopted default in classification tasks used in many
studies (Herbst et al., 2024; Duc, 2020; Li et al., 2023). Time-
shifting augmentation (II) led to a substantial increase in recall,
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Table 1: Summary of experiment combinations and number of vocalization samples. A dash indicates that no samples from that augmentation strategy were
included. For Experiment VII, only the best-performing generative model was used. Each set of vocalizations was paired with an equal number of background

samples generated using the same method.

Exp. Real Time-Shift Masks VAE GAN DDPM
1 (Baseline) 1,261 - - - ~ _
. , +5,000
I (Time-Shifty 1,261 20 000 - - -
+5,000
I (Masks) 1,261 420000 - -
+5,000
IV (VAE) 1,261 - T 420,000 -
+5,000
V (GANS) 1,261 - - +20,000
+5,000
VI(DDPM) 1,261 - - - +20,000
, +1,667  +1,667 +1,667
VII (Hybrld) 1,261 +6,667 +6,667 - +6,667

reaching 0.62 and 0.71 for the +5,000 and +20,000 settings,
respectively, compared to just 0.42 for the baseline model. Pre-
cision remained comparable to the baseline at +5,000 samples
(0.70 vs 0.65), but improved notably to 0.76 when the num-
ber of augmented samples increased to 20,000, resulting in
F1-scores of 0.66 and 0.73, respectively. The mask-only strat-
egy (IIT) consistently achieved near-perfect precision (0.98 and
0.99) at both augmentation levels, with overall comparable per-
formance across settings. Recall remained relatively modest,
rising slightly from 0.51 at +5,000 to 0.53 at +20,000.

The VAE-based augmentation (IV) did not provide substan-
tial gains at the +5,000 augmentation level, with performance
remaining comparable to the baseline (Fl-score of 0.51). In
contrast, the +20,000 setting resulted in a modest improve-
ment, increasing the Fl-score to 0.57. Similarly, GAN-based
augmentation (V) produced comparable results, achieving F1-
scores of 0.52 and 0.60. In contrast, the DDPM-based approach
(VD) demonstrated consistently stronger performance, with F1-
scores of (.71 and 0.75, representing an improvement of ap-
proximately 0.15 over the other generative models at both aug-
mentation levels. Notably, it achieved the highest recall overall,
reaching 0.87 in the +20,000 setting. Finally, the combined
augmentation approach (VII) delivered the best overall perfor-
mance in the +20,000 setting, combining high precision at 0.99,
with a recall of 0.69, resulting in the highest F1-score of 0.81.

Next, we analyzed the classification performance of the pro-
posed methodology across all seven experimental regimes un-
der different decision thresholds. Figure 6 displays the mean
precision-recall curves for all seven experiments described in
Table 1, showing classification performance with respect to the
SRKW class for the +20,000 augmentation setting. Each curve
represents the average over ten training runs. The gray line
corresponds to the baseline model (I), trained exclusively on
real vocalizations. The blue and orange lines represent time-
shifting (I) and vocalization mask (III) augmentations, respec-
tively. The green, red, and purple lines correspond to generative
augmentation strategies using VAE (IV), GAN (V), and DDPM
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(VD). Finally, the brown line (VII) shows the performance of the
combined approach using time-shifting, masking, and DDPM-
generated samples.

Unlike Table 2, which reports precision, recall, and F1-score
at a fixed decision threshold of 0.5, the precision—recall curves
in Figure 6 illustrate performance across the entire range of
thresholds, and provide a more complete picture of model be-
havior. The baseline model (I) achieved the lowest performance
across the board, with steep precision decay at low recall lev-
els, reflecting the limited generalization when trained only on a
small set of real samples from Lime Kiln. As expected, apply-
ing any augmentation method improved performance to varying
degrees. Traditional augmentation methods maintained preci-
sion above 0.9 for recall values below 0.5, with the vocaliza-
tion mask model (III) outperforming time-shifting (II) across
most of the curve. Notably, the mask-only model achieved near-
perfect precision at the cost of recall, showing a sharp decline
as recall increased above 0.6.

Among the generative approaches, VAE-based (IV) and
GAN-based (V) augmentation produced similar preci-
sion-recall profiles, both outperforming the baseline but
lagging behind traditional augmentation strategies by more
than ~0.1 in precision across most of the curve. In contrast,
the DDPM model (VI) consistently outperformed not only the
VAE and GAN models but also the time-shifting approach
(IT) across the entire recall range. We note, however, that the
DDPM model only surpassed the vocalization masking model
(III) at the upper end of the recall spectrum (above ~0.8),
where it maintained higher precision.

Finally, the best overall performance was achieved by the
combined strategy (VII), which consistently maintained the
highest precision for any recall. The improvement was espe-
cially pronounced at higher recall values, with near-perfect pre-
cision remaining stable up to recall ~0.7 and only dropping be-
low 0.9 beyond ~0.8. Even at these higher recall levels, the
model preserved a margin of ~0.2 in precision compared to all
other strategies, highlighting the improved generalization to the



R e

Figure 5: Examples of (a) real SRKW vocalizations, (b) VAE-generated samples,
(c) GAN-generated samples, and (d) DDPM-generated samples.

independent test site.

4. Discussion

The performance of deep learning models in bioacoustic
classification tasks is strongly dependent on the availability and
diversity of annotated training data. To address this limitation
without relying on additional expensive and time consuming
manual labeling, data augmentation is often employed to ex-
pand the effective size and variability of training sets. In this
work, traditional data augmentation techniques were first eval-
uated for their ability to enhance model performance. The base-
line model, trained exclusively on real SRKW vocalizations
from the Lime Kiln dataset, performed poorly when tested on
the independent Robert’s Bank site. This outcome was expected
given the acoustic variability between locations and differences
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in hydrophones. Differences in background noise profiles and
sound propagation conditions often limit a model’s ability to
generalize beyond its training domain. In contrast, augmenting
the training data with time-shifted (experiment II) versions of
the original vocalizations led to a substantial performance boost
over the baseline model, highlighting its utility in scenarios
where annotated vocalization samples are scarce. Time-shifting
is computationally inexpensive, easy to implement, and resulted
in consistently higher precision—recall performance compared
to the baseline. Other lightweight augmentation methods such
as pitch shifting (White et al., 2022; Duc, 2020), additive noise
(White et al., 2022), and random masking (Park et al., 2019),
have shown similarly measurable improvements across various
bioacoustic applications.

More sophisticated approaches, such as vocalization mask
augmentation (experiment III), further improved model perfor-



Table 2: Precision, Recall, and F1-Score at Threshold 0.5 for each augmentation strategy. Experiment I serves as the baseline with 1,261 samples. Other experiments
include augmented data with increasing sample sizes. Values are reported as mean + standard deviation across ten runs. Bold values indicate the best performance

within each augmentation level.

Experiment Number of Precision Recall F1-Score
Samples
I (Baseline) 1,261 0.65+0.024 0.42+0.048 0.51+0.034
11 (Time-shift)  + 5,000 0.70 £ 0.021 0.62 +0.030 0.66 +0.017
+ 20,000 0.76 £0.020 0.71 £0.021 0.73 £0.012
III (Masks) + 5,000 0.98 +0.004 0.51+0.250 0.67 +0.021
+ 20,000 0.99 £0.003 0.53 +£0.030 0.69 +0.025
IV (VAE) + 5,000 0.69 £0.033 0.41+0.057 0.51+0.039
+ 20,000 0.78 £0.039 045 +0.024 0.57 +0.019
V (GAN) + 5,000 0.71 £0.025 0.41+0.037 0.52+0.026
+ 20,000 0.76 £0.032  0.50 £0.051 0.60 + 0.034
VI (DDPM) + 5,000 0.70£0.012 0.71 £0.040 0.71 +£0.019
+ 20,000 0.67+£0.029 0.87 £0.024 0.75 +0.010
VII (Hybrid) ~ + 5,000 0.96 £0.011 0.63 +£0.033 0.76 + 0.021
+ 20,000 0.99 £ 0.003 0.69+0.024 0.81 +0.015
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Figure 6: Mean Precision-Recall curves for all seven training regimes under
the 20,000 augmentation setting, evaluated on the Robert’s Bank test set across
the entire range of thresholds. Each curve shows the average performance over
ten independent runs. The gray solid line represents the baseline model (I).
Models II (blue dashed) and III (orange dashed) represent time-shifting and
vocalization masking augmentations. Models IV (green dotted) and V (red
dotted) and VI (purple dotted) use generative approaches based on VAE, GANs
and DDPM, respectively. Finally, Model VII (brown dash-dot) combines the
time-shift, masks and DDPM strategies.
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mance by enabling context-aware signal insertion. By overlay-
ing curated, high-quality vocalization templates onto real back-
ground noise from the target environment this method gener-
ated realistic and acoustically plausible training samples. Con-
ceptually, this approach relates to prior work by Li et al. (2020),
who synthesized dolphin whistle contours for model training by
blending artificial whistle shapes with natural background spec-
trograms. However, our implementation differs by using em-
pirically recorded SRKW vocalizations as masks, rather than
synthetic contours, yielding ecologically grounded composites
that preserve the spectral characteristics of genuine calls. Cru-
cially, it exposed the model to the specific environmental con-
text in which detection is expected to occur, allowing it to learn
discriminative features that are directly relevant for deployment
and can be observed by the drastic increase in precision, demon-
strating the model’s improved ability to avoid false positives.
However, because the curated call catalogue contained a lim-
ited number of vocalization types, and only high quality vo-
calizations, the model was not exposed to the full natural vari-
ability of SRKW vocalizations. In real-world conditions, such
as those present in the Lime Kiln and Robert’s Bank datasets,
vocalizations can often appear faint, overlapped, or embedded
within complex acoustic environments. This is reflected by the
more modest recall performance observed, indicating that the
model failed to detect many calls due to its narrow exposure to
vocalization diversity. Furthermore, increasing the number of
augmented samples from +5,000 to +20,000 provided limited
performance gains, suggesting that adding more homogeneous
high-quality calls did not increase data variability or improve
generalization.

Nonetheless, traditional augmentation techniques are ulti-
mately limited by the scope and structure of the original dataset.
There is only so much variability that can be meaningfully in-
troduced through manual transformations. In this regard, gener-



ative approaches offer an alternative. Generative methods used
in this study hold the potential to unlock new regions of the data
distribution by synthesizing entirely novel yet realistic samples.
All generative methods outperformed the baseline, indicating
their ability to synthesize relevant and in-distribution samples
that enhanced classifier performance. While both the VAE-
based and GAN-based approaches underperformed traditional
augmentation methods, they exhibited a more gradual decline
in precision as recall increased. This pattern suggests that, de-
spite some imperfections, generative models captured a broader
spectrum of the vocalization space, including samples that were
more challenging or ambiguous.

This trend is most evident with the DDPM-based approach,
which outperformed the other generative models and time-
shifting across the entire recall range, and surpassed all aug-
mentation strategies at the upper end of the recall spectrum.
More importantly, combining DDPM-generated samples with
traditional augmentations led to the highest overall classifica-
tion performance, exceeding what any single strategy could
achieve in isolation. This hybrid configuration appears to be a
promising strategy for bioacoustic applications, as it leverages
the complementary strengths of generative and non-generative
augmentations. The improvement is particularly notable when
compared to the mask-only augmentation experiment where
both the hybrid and mask-only models maintained similarly
high precision at low recall levels, but only the hybrid ap-
proach sustained that precision as recall increased. These re-
sults suggest that generative and non-generative augmentations
can complement each other. The former expands the diversity
of vocalization forms beyond the limits of the original dataset,
while the latter ensures contextual realism. Their combination
enables the model to generalize more effectively by learning
from a richer set of training scenarios.

Despite the promising results, several limitations must be ac-
knowledged. Most notably, the use of generative models such
as GANs, VAE, and DDPM in particular, introduces signifi-
cant computational overhead. Training these models requires
substantial GPU resources and time, particularly when com-
pared to traditional augmentation techniques like time-shifting
or template overlay, which are fast, lightweight, and easy to im-
plement. Inference with DDPMs can also be relatively slow,
especially for generating high quality samples, further limit-
ing their practicality in real-time or large-scale training work-
flows. Additionally, contrary to CNN-based classifiers, which
are now well established and supported by numerous off-the-
shelf implementations, generative methods demand a certain
degree of domain knowledge to implement and apply effec-
tively. This higher complexity could limit their adoption, partic-
ularly among practitioners without specialized expertise. More-
over, while DDPM-based augmentation improved overall per-
formance when used in combination with other methods, it
did not consistently outperform conventional techniques when
used in isolation. These findings broadly correspond with
the work of Herbst et al. (2024), who reported that VAE and
DDPM-based augmentation did not substantially improve clas-
sifier performance of Hainan gibbon calls beyond what could be
achieved with a suite of traditional augmentation methods. This
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suggests that the added complexity may not always be justified
in scenarios where computational resources are constrained or
rapid deployment is required. Thus, there is a clear tradeoft be-
tween the potential gains in data diversity offered by generative
models and the practical demands of training and integrating
them into existing pipelines.

Nonetheless, the ability of generative models to produce a
potentially unlimited number of diverse samples, or at least far
beyond what simpler augmentation methods can offer, holds
significant promise for bioacoustic applications. The capacity
to synthesize novel vocalization patterns, drawn from a real dis-
tribution, that still conform to the underlying structure of real
vocalizations can complement training pipelines for models that
need to generalize across ecotypes, acoustic environments, or
rare call types.

5. Conclusion

In this work, we explored several data augmentation strate-
gies to address the limitations of small, site-specific bioacous-
tic datasets and to improve generalization to new recording
environments. Our results demonstrate that while traditional
augmentation techniques such as time-shifting and vocalization
masking offer tangible performance improvements with mini-
mal computational overhead, generative models can further en-
rich training datasets and enhance model robustness. In con-
texts where expert annotation is difficult to obtain, or where
vocalizations are rare due to limited accessibility (e.g., far off-
shore) or the scarcity of the species itself, these computational
methods represent a justifiable investment, maximizing the util-
ity of available data and improving overall model performance.

This study serves as a stepping stone toward the broader in-
tegration of generative models into bioacoustic data augmenta-
tion pipelines. While these models introduce added complex-
ity and computational demands, our findings suggest that their
inclusion in targeted augmentation strategies can be a worth-
while investment in scenarios where generalization and recall
performance are critical. In particular, the combination of gen-
erative and traditional augmentation techniques appears to be a
promising strategy for enhancing model robustness and cross-
site generalization.

Future work could explore diffusion models that operate in a
compressed latent space, where spectrograms are first encoded
into a lower-dimensional representation before the generative
process. This approach can dramatically reduce training and
inference costs while preserving sample quality. Additionally,
further research into quality control strategies, such as inte-
grating filtering approach similarly to the a PCA-based strat-
egy used in this study directly into the DDPM training process,
could improve the reliability of generated samples and enhance
the scalability and effectiveness of generative augmentation ap-
proaches.
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