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Abstract—Animal vocalization denoising is a task similar to
human speech enhancement, a well-studied field of research. In
contrast to the latter, it is applied to a higher diversity of sound
production mechanisms and recording environments, and this
higher diversity is a challenge for existing models. Adding to the
challenge and in contrast to speech, we lack large and diverse
datasets comprising clean vocalizations. As a solution we use as
training data pseudo-clean targets, i.e. pre-denoised vocalizations,
and segments of background noise without a vocalization. We
propose a train set derived from bioacoustics datasets and
repositories representing diverse species, acoustic environments,
geographic regions. Additionally, we introduce a non-overlapping
benchmark set comprising clean vocalizations from different
taxa and noise samples. We show that that denoising models
(demucs, CleanUNet) trained on pseudo-clean targets obtained
with speech enhancement models achieve competitive results on
the benchmarking set. We publish data, code, libraries, and
demos https://mariusmiron.com/research/biodenoising.
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I. INTRODUCTION

Animal vocalization denoising is the task of removing
noise from soundscapes or focal audio recordings of animals
recorded with microphones or hydrophones. Here, the signal is
the focal animal vocalization and the noise are all other sound
sources. The nature of the noise may be anthropogenic (e.g.
engine sounds, boats, explosions, surveys, factories), natural
(e.g. wind, tides, waves, but also other animal vocalizations
not generated by the focal species) or of other mechanical
(e.g. clicks, pops, crackles, mechanical) or electrical (e.g. hum,
buzz, static) origins [[1]. Note that in this work we do not
aim at separating between overlapping animal sounds [2], [3],
i.e. solving the cocktail party problem for mixtures of animal
sounds, a task analogous to human speech separation.

Recordings of animal vocalizations are used to study animal
communication and animal behavior [4], and to monitor biodi-
versity [5]. However, such noise presents a large challenge for
biologists aiming to evaluate acoustic differences among sig-
nals or to automate the measurement of acoustic variables [6].
More, the noise hinders the quality of the generated audio used
in playback experiments requiring good quality recordings [[1].

In this paper and in contrast to the speech domain we aim
at denoising animal vocalizations without having access to
clean data. To achieve that we follow a two-step process. First,
we use speech enhancement models, demucs dns48 [7] or
CleanUNet [8], to denoise noisy animal vocalizations, obtain-

ing pseudo-clean targets. Second, we re-train these models on
synthetic mixtures of noise and pseudo-clean targets.
Contributions. (1) We introduce a diverse handcrafted bench-
mark dataset (Section [TII-B)) containing clean vocalizations and
noise. For training, we propose a noisy disjoint large training
set (Section derived from existing labeled bioacoustics
datasets from which we extract excerpts of noisy vocalizations,
as well as background noise without a vocalization. (2) We
propose a denoising method when solely noisy vocalizations
are available by leveraging existing speech enhancement mod-
els. Surprisingly, we found that the pseudo-targets obtained
with speech enhancement may represent good training data
despite their low quality. Our method shows promising gener-
alization performance for the non-overlapping benchmarking
set when compared to ‘noisereduce’ [9].

II. RELATION WITH PREVIOUS WORK

Speech enhancement has benefited from publicly-available
large clean datasets [[10]—[12] and benchmarks [13]]. This is not
the case for animal domain. In this research we formalize the
denoising task for the animal domain by introducing a large
training dataset and a non-overlapping benchmarking set.

The lack of clean training data makes a difficult scenario,
similar to unsupervised speech enhancement [14]-[18]. One
way to approach this task is training on mixtures of noisy
targets and noise, known as ‘noisy target training’ [17]. Here
we prove that leveraging existing speech enhancement models
to obtain pseudo-clean targets is better than using noisy targets.

To our best knowledge, besides generic denoising methods
such as ‘noisereduce’ [9]], there are no state of the art methods
that we can use across multiple species and environments.
Training a single model for each scenario is costly and
brings up multiple challenges [19]-[21]. Instead, we train a
model that is tested for generalization capabilities on a non-
overlapping benchmark. By doing that, we take inspiration in
recent work showing that self-supervised speech models offer
good priors for various bioacoustics classification tasks [22]-
[24] and that classifier models trained on bird signals perform
well when used for other taxa [25]. These recent findings
suggest that cross-taxa similarities in signal characteristics and
recording environments may allow for better generalization.

Although previous work applying unsupervised speech sep-
aration to bird datasets has shown promise [3]], this was not the
case for our datasets. While we tried to adapt this approach to
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denoising, the heuristics necessary to classify those sources as
either vocalization or noise e.g. using a classifier or a domain-
aware event detector, did not generalize well and we decided
not to pursue this approach.

III. DATASETS

To establish the denoising task in the animal domain
we introduce a train (Section [II-A) and a benchmark-
ing dataset (Section [I[-B). Towards facilitating download-
ing and processing these data, and to allow for open re-
search and reproducibility we develop a Python library
biodenoising-datasets [26]. The datasets are gener-
ated at two target sample rates: 16 and 48 kHz. The original
sample rates vary between 44.1kHz and 96kHz for vocaliza-
tions, and 16 to 96kHz for noise. We resample the vocaliza-
tions and time-scale the noise similarly to the procedures used
in creating the DNS Challenge dataset [13].

A. Train set

Towards devising a large and diverse training set we rely
on openly available noisy bioacoustics datasets containing
isolated calls or soundscapes annotated with vocalizations
start and end times. For the soundscapes, we crop the audio
frames corresponding to these annotations to derive a noisy
vocalization set. The remaining frames are used to create
excerpts for the noise class.

We include two dataset of isolated sound samples: Animal
Sound Archive at the Museum fiir Naturkunde Berlin reference
set [27], and Watkins Marine Mammal Sound Database [28]].
We add to that bioacoustics datasets used in classification:
Anuran Kaggle [29]], Gelada vocalizations [30], Macaques
coo calls [31], and detection: Thyolo, Wydah, and Lemurs
from [32], a labeled subset of Xeno-Canto and the Gibbons
dataset from [33]], the orca detection datasets from Orcalab
(SKRW) [34] and Orchive [35], the humpback whales datasets
from [1], [34], the marine recordings from Sabiod [36]. We
discard the noise samples from Xeno-canto, Lemurs, Thyolo,
Wydah, Gibbons, the SKRW Orcalab sites, Orchive because
they may contain other unannotated species.

We add to the noise set underwater passive acoustic monitor-
ing recordings from NOAA’s Sanctsound project [37] (the sites
‘ci’,‘fk’,‘gr’,*hi’,‘'mb’,‘oc’, ‘pm’,‘sb’) and MBARI’s MARS
site [38]] which were automatically classified as not containing
animal vocalizations by the respective institutions in the ac-
companying metadata. We add to that ships engines noise from
ShipsEar [39], Deepship [40] and Orcalab [34]. For terrestrial
noise, we complement our dataset with FSD50K [12] filtering
out human, animal, and musical sounds.

The train set comprises 1770826 noise excerpts of 4 sec-
onds each. In addition, we have 120688 noisy vocalizations
of the same duration, distributed as follows: Anuran 1604,
ASA Berlin 10280, Gibbons 2331,Lemurs 3179, Macaques
7285, Orcasound 5617, Orchive 138, Sabiod 1782, Humpback
whales 27388, Thyolo 2531, Watkins 16309, Whydah 1169,
Xeno-canto 12665. We publish a table listing the training data
sources at the accompanying web page [41].

B. Benchmark set

Towards formalizing animal vocalization denoising task we
introduce a test set comprising mixtures of clean vocalizations
and noise. We manually selected clean animal vocalizations
from Freesound [42], NOAA [37], and biology reposito-
ries. We include vocalizations from the following animals:
quail, chicken, lion, pig, horse, seagull, nightingale, gorilla,
hedgehog, cat, frog, macaques, peacock, grey seal, elephant,
blackbird, marmoset, lyre bird, dolphin, hornbill, minke whale,
fin whale, humpback whale. For noise, we manually down-
loaded and cropped noise samples from Freesound or passive
acoustic monitoring repositories containing in general 80-95%
noise [37]. Based on the metadata of the files, the underwater
noises are engines, rain, and hydrophone recordings capturing
waves. The terrestrial noises have tropical forest ambience,
rain, and city ambience (cars, trains).

We programatically create mixtures by pairing vocalizations
of noise at random Signal-to-Noise Ratios (SNR) from an
uniform distribution between -5 and 10 dB (2.8 average SNR).
To ensure reproducibility, we start with a fixed seed that
controls the SNR of the mixtures. The samples are between 1
to 60 seconds long (20.14 seconds on average). We split the
vocalizations and noises into two lists: underwater (11 vocal-
izations and 26 noises) and terrestrial (51 vocalizations and 20
noises). For each separate case, we sort the vocalizations and
the noise samples and pair them in the order of their duration
e.g. matching the longest calls with longest noises.

To control for the influence of SNR on the quality of
denoising, we build a fixed-SNR version of the dataset at the
following levels: -5, 0, 5, 10 dB (62 files each). To vary the
matching of the clean and noise samples, we build a large
version of the dataset by creating all possible combinations
for each of the two scenarios: underwater and terrestrial.

To test generalization of the methods and in contrast with
common speech enhancement methods that offer train and test
splits, we built the benchmark so it does not overlap with
the train set in terms of data sources. To that extent, the test
domain is unknown when training the model. In terms of
species overlap, the benchmark contains three recordings of
whales (humpback, minke, fin), species also present in noisy
recordings in two subsets of the train set. In terms of genus
overlap, there exists a single recording of a Barbary macaque
in the test dataset and a small subset of Japanese macaques
coo calls in the train set. Despite that the recordings differ in
terms of vocalization type, geographic location, type and gear
of recording (focal vs soundscape). The benchmark dataset is
made available [43].

IV. METHODS

Given the single-channel signal z € R,z = s + n, that is
a mixture between a clean animal vocalization s and noise
n, our task is to find S, an estimation of s. The goal is to
compute § = f(x,®) by learning ®, the parameters of the
model. When the clean signals s are available, ® are learned by
minimizing the prediction error £ = E[D(f(z, ®), s)], where
D is a distance function, such as the L1 or L2.



In our case, the clean signals s are not available and a
solution is to add extra noise to the noisy input and to estimate
the ‘noisy targets’ [19]. The noisier mixtures * = x + n are
then created by adding extra noise  and estimating x.

In this paper, instead of using = as noisy targets [19],
[20], we propose to use pseudo-clean targets s’ computed
by f'(z,®’), a denoising method such as an already existing
speech enhancement model. Here we test three pre-denoising
methods f/(x, ®'): noisereduce [9]], and the speech enhance-
ment models demucs [7]], and CleanUNet [8]]. We follow the
approaches taken in [7], [8] and we do not estimate the noise.

We explore whether the parameters of the speech denoising
method @’ are good priors when learning ®. This formu-
lation is similar to the teacher-student domain adaptation
approach [16] for a single update. Our research hypoth-
esis is that the estimations s’ obtained from training with
pseudo-targets s’ have better quality than the pseudo-targets
themselves and than the estimations from the ‘noisy target’
baseline [19], for unseen contexts.

Time-scaled pseudo-clean targets. Previous research points
out that there is a correlation between the body size of an
animal and the pitch and tempo of vocalizations [4] i.e. smaller
animals vocalize with higher pitch at faster tempos. Similar
patterns may be reproduced at different time and frequency
scales. Similarly to [24] and towards obtaining better results
from speech enhancement models f'(xz, ®'), we scale the input
z on the time axis, denoted time scaling, a computationally in-
expensive and biologically plausible transformation described
in [44]]. Because the scale factor that produces the best results
varies for each dataset, we programatically play slower the
audio with factors of 2, 3, and 4. Then, each estimation s
is scaled back. To obtain a single signal, we average all the
estimations. We observed that time-scaling the input produces
more non-silent signals from the speech enhancement models.
Note that time scaling is further used as data augmentation
during training, similarly to [44]].

Post-processing of the pseudo-clean targets. The estimations
s’ of the speech enhancement models trained with an L1
loss [7], [8] may be silent for sounds that are not in the
speech frequency range. We filter the silent segments using
a peak-detection algorithm, scipy’s ‘find_peaks’, applied to
the RMS curves of the signals, similarly to [3]]. Towards
creating training excerpts of same duration, we take windows
of length T around each of these peaks and we write them
as separate training instances [3]]. For shorter duration signals,
we either zero-pad them to left and right or we repeat them
until they reach the length 7', with a 50% probability. Because
speech enhancement models usually remove reverberation, we
randomly convolve 50% of the pseudo-clean targets s’ with
the room impulse responses from the DNS Challenge [13]].

V. EXPERIMENTS

We compare two main methods, noisereduce [9] and a
neural network architecture, demucs dns48 [7] previously used
in speech enhancement. The neural network is trained on two
different types of data: noisy targets [19] or pseudo-clean

targets. The pseudo-clean targets are computed either with
noisereduce [9] or demucs [7]. We can optionally time-scale
the inputs for demucs (Section [V)). We release the code [45]
and sound examples [41]] for all the experiments.

A. Experimental setup

We programatically generate mixtures of audio samples of
the length of T' = 4 seconds by randomly pairing noisy [[19] or
pseudo-clean targets with noise. Note that filtering the almost
silent pseudo-clean targets obtained with the speech models
we are left with 15000 training excerpts and with 30000 when
using time-scaling. As data augmentations, we use time scaling
as in [44]] with a random factor between —4 and 4, higher than
it was used in the human domain to account for the variety
of pitches and time scales in the animal domain. We found
that uniformly sampling the noisy set and downsampling large
vocalizations sets are important to generalization as some over-
represented data may dominate training.

We train using the mini-batch gradient descent algorithm
with an Adam with a cyclic learning rate scheduler that was
observed to improve convergence speed and generalization
performance on unseen data. The demucs models are trained
with an L1 loss while the CleanUNet we use the L1 loss and
a multi-resolution STFT loss [18]]. To avoid overfitting and
for numerical stability we clip the gradients within the range
—30 and 30. For demucs we use a batch size of 32, while for
CleanUNet we lower it to 16 due to GPU memory constraints.
For a fair comparison between noisy and the pseudo-clean
targets, we use a similar number of steps. All the experiments
were run on a computing instance with a V100 GPU. For
noisereduce we use the default options: non-stationary noise
estimation, without noise as an input, since our test set does
not consider parallel noise samples.

Similarly to speech enhancement, we evaluate our model
using an SNR metric, the Scale-Invariant Signal-to-Distortion
Ratio (SI-SDR) [46] in dB units on the benchmarking set in
Section [II-Bl In addition, we compute the improvement of
this metric over the noisy mixtures SI-SDRi.

The metrics are averaged for the full excerpts as follows.
For each test excerpt we take the means of the metrics across
the seeds. We report the median and the median absolute
deviation across 62 files in the test set. For the ablation
experiments we compute differences at each excerpt between
the SISDR corresponding to the denoising obtained with the
default configuration model and the model resulted from the
model trained with the ablation condition. For reproducibility
we use a random seed that controls the weight initialization for
random conditions and the mixture generation, specifically, the
SNR, the time-scaling augmentation, and the pairing between
targets and noise. For the overall comparison we train models
for seeds 0-9, while the ablations are computed for seed 0.

B. Results and Discussion

We compare noisereduce with the demucs dns48 archi-
tecture trained with noisy or pseudo-clean targets and we
present the results in Table [[I We did not include the baseline



TABLE I
SISDR AND SISDRIIN dB REPORTED AS MEDIAN WITH 95% CONFIDENCE INTERVALS ACROSS THE EXCERPTS FROM VARIOUS TEST SUBSETS. WE
COMPARE NOISEREDUCE WITH DEMUCS DNS48 TRAINED ON FOUR DIFFERENT TARGETS. HIGHER VALUES FOR MEDIANS INDICATE BETTER RESULTS.

demucs dns48 [7] architecture trained with:

| noisereduce [9]

noisy targets [19]
noisereduce

pseudo-clean targets obtained with:
demucs speech

demucs speech+time-scaled ‘

SISDR SISDRi  SISDR SISDRi ~ SISDR SISDRi  SISDR SISDRi | SISDR SISDRi
6.27 2.3 12.31 9.25 11.48 8.46 11.72 8.93 7.66 4.47
small 6.92 527 2.8 23 1285 1281 966 220 1248 138 8.97 538 1274 LLT2 9928 593|898 105 546 347
5.58 2.58 11.98 9.07 10.9 8.23 12.08 9.15 8.35 5.74
large 577 238 2,67 252 12.15 1198 0.17 30T 11.06 %% 8.39 £23 1227 1298 93 215|859 82 615 23
—4.21 0.78 2.45 7.47 2.96 7.95 3.55 8.53 3.39 8.37
SdB 401 Spi5 0.99 pap 349 a5 85 gup 386 35 886 g5 462 357 961 gy |49 g5 992 jg
0dB 18 35 L77 205 1021 st 102 5555 9.2 55 021 g5 1027 e 10.26 355 | 794 g 795 oo
5dB  8.46 8‘843 345 g 14.57 ﬁ 9.57 1}6182 13.6 1%3% 861 gop 14.53 1o 9.51 1{86-55 9.96 18—66 4.95 ¢74
14.29 . . -8 6.87 6.9 . -3 10. 1
10dB 14.78 1223 478 253 18.28 122 828 L2 17.27 {050 7.26 2o 17.88 {L52 7.88 L35 1172 4k 172 L

performance of the speech models because they were sub-
par (medians of —22dB and —10.4dB for time-scaling on
the ‘small’ set). We observe that noisereduce produces good
quality pseudo-clean targets (8.98dB) and using them as
pseudo-clean targets further improves the denoising (=12 dB
on ‘small’ and ‘large’). Surprisingly, using the low-quality
estimations from demucs produces competitive results to the
noisereduced targets (=12 dB on ‘small’ and ‘large’). The
current approach used in bioacoustics denoising, i.e. using
noisy targets [19], has the lowest results. These tendencies
are further observed on the ‘large’ set, containing all possible
combinations of vocalizations and noises, though lower for all
target types with the exception of denoised time-scaled targets.

The SISDR values are lower under very noisy, low SNR,
conditions, i.e. -5dB’ set. Note that the training set mixtures
are created for mismatched conditions (0-20 dB SNR), to test
the generalization capabilities of the approaches. Given that,
when looking at the improvement over all SNR conditions,
we observe that SISDRi for models trained with pseudo-
clean targets approaches fluctuates less (= 9dB), proving
good generalization and robustness, while the ‘noisy target’
performs poorly on very noisy data. Another surprising result
is that ‘noisereduce’ has the most improvement when the
signals are more noisy. This may be due to the fact that noise is
more salient and easier to estimate with this kind of approach.

TABLE 1T
ABLATIONS: MEDIAN WITH 95% CONFIDENCE INTERVALS OF
SISDR DIFFERENCES IN dB BETWEEN THE DENOISING MODELS TRAINED
WITH THE DEFAULT CONFIGURATION AND WITH THE ABLATION
CONDITION ACROSS THE EXCERPTS IN THE SMALL TEST SUBSET FOR THE
FOUR TRAINING TARGETS TYPES. POSITIVE MEDIANS INDICATE BETTER
RESULTS FOR THE ABLATION MODEL.

noisy pseudo-clean targets
targets noisereduce demucs speech  demucs s. time-scaled
Ablation condition: start with random weights
148 24 -12 =22 —215 =281 175 =209
Ablation condition : CleanUNet instead of demucs dns48
—056 Zyg5  —537T Zygy  —215 Tggg  —243 T

Ablation: no random time scaling augmentation at training

—0.25 —2.34
T —0.07 —1.09 537 0.08

0.88

1.28 0.51
0.28 0.49

We perform ablation studies with respect to three conditions.
First, we start training with random weights rather than
fine-tuning the demucs dns48 model. This improves solely
for the noisy targets conditions (1.48dB) and we conclude
that the demucs speech enhancement offers good priors for
pseudo-target training. Second, we replace the demucs model
with the CleanUNet to obtain the pseudo-clean targets. We
found CleanUNet to give worse results. Time-scaling inputs
for CleanUNet produced blabber-like speech and resulted in
negative SISDR. When we trained CleanUNet on the demucs
time-scaled targets and we observed CleanUNet still under-
performing (—2.43 dB) even when trained with the same data
as demucs. Animal audio signals are more sparse than human
speech and it could be that the complex attention mechanisms
of CleanUNet leads to overfitting. Third, we looked at time
scaling as a training augmentation. We found it to only have an
impact on performance when training with the demucs pseudo-
targets. Here, the augmentation improved generalization when
training with low-quality and smaller data sets.

VI. CONCLUSIONS

This work proposes a novel technique to train deep learning
models for the task of denoising animal vocalizations that does
not require the availability of clean, noise-free recordings.
In addition, we introduce two non-overlapping data sets for
training and benchmarking. We show that using pre-denoised
vocalizations in the form of pseudo-clean targets leads to
superior results to the current state of the art methods i.e. using
noisy targets [19] or ‘noisereduce’ [9]]. Particularly, we found
that ‘demucs dns48’, a model for human speech enhancement,
provides effective priors for this task. A similar finding was ob-
served in the context of bioacoustics domain adaptation [22]—
[25], [47], suggesting that deep learning models may exploit
signal characteristics that are consistent across different taxa
and contexts. In future work, we plan to investigate the
enhancements achievable through subsequent iterations of our
method. Furthermore, we intend to assess the effectiveness
of our denoising technique at higher sample rates of 48kHz
and explore its implications for the generation, detection and
classification of animal vocalizations.
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