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Abstract—We are interested in audio systems capable of performing a
differentiated processing of stationary backgrounds and isolated acoustic
events within an acoustic scene, whether for applying specific processing
methods to each part or for focusing solely on one while ignoring the
other. Such systems have applications in real-world scenarios, including
robust adaptive audio rendering systems (e.g., EQ or compression), plosive
attenuation in voice mixing, noise suppression or reduction, robust acoustic
event classification or even bioacoustics. To this end, we introduce IS³,
a neural network designed for Impulsive–Stationary Sound Separation,
that isolates impulsive acoustic events from the stationary background
using a deep filtering approach, that can act as a pre-processing stage
for the above-mentioned tasks. To ensure optimal training, we propose a
sophisticated data generation pipeline that curates and adapts existing
datasets for this task. We demonstrate that a learning-based approach,
build on a relatively lightweight neural architecture and trained with
well-designed and varied data, is successful in this previously unaddressed
task, outperforming the Harmonic–Percussive Sound Separation masking
method, adapted from music signal processing research, and wavelet
filtering on objective separation metrics.

1. INTRODUCTION
An acoustic scene can be roughly decomposed into a stationary
ambient background, containing a mixture of environmental sounds
(wind, rain, insects etc.) and anthropogenic noises (traffic noise,
speech babble noise or murmur, ventilation noise etc.), overlayed with
isolated and impulsive acoustic events. These impulsive events are
characterized by a sudden increase in sound pressure level over a short
duration and can stand out to varying degrees from the background.
Examples include impacts, explosions, bursts, clapping, short alarms,
or even coughing... In many contexts, these two categories of sounds,
stationary ambient backgrounds and impulsive events, require distinct
and independent processing due to their differing characteristics. This
is particularly relevant in audio mixing (e.g., differentiated equalization
and compression) or audio pre-processing for tasks such as speech
enhancement, and noise reduction/suppression.
Related works. To enable such a differentiated processing, separating
the stationary background from impulsive sounds may be beneficial,
allowing for targeted treatments. However, this specific separation task
remains under-explored in the literature. Existing approaches primarily
focus on impulsive noise attenuation or suppression for specific
applications such as music restoration [1], [2], speech communication
[3]–[7], and specialized domains such as automotive or aeronautical
noise reduction [8], [9] and bioacoustics [10]. These methods often
target context-specific noise (including audio artefacts rather than
distinct sound events), and rely mostly on signal processing techniques
that first detect impulsive events and subsequently remove them using
interpolation and magnitude adjustment techniques [7] or separate
them through reconstruction methods [11], masking [2], or wavelet
filtering [1], [6], [8].

In contrast, we focus on general acoustic scenes from everyday life,
aiming to separate and reconstruct both ambient backgrounds and
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the impulsive sounds as faithfully as possible to support downstream
applications. Blind Source Separation (BSS) methods appear well-
suited for this task. Some studies have explored matrix demixing
using statistical signal analysis [12], while others have focused on
time-frequency (TF) domain masking approaches. Notably, in the
musical domain, the Harmonic-Percussive Source Separation (HPSS)
method [13] has been proposed, leveraging median filtering along
both the time and frequency axes to generate harmonic and percussive
masks for source separation.

More recently, deep learning approaches, particularly deep filtering,
have surpassed traditional ratio-masking for speech enhancement
[14], estimating complex-valued time-frequency filters that captures
correlations with adjacent TF bins and improving the extraction
process. However, this comes at the cost of increased computational
complexity. To address this, DeepFilterNet [15], [16] balances deep
filtering and real-gain predictions on an equivalent rectangular
bandwidth (ERB) spectral representation, achieving state-of-the-art
performance while remaining lightweight for real-time applications.
Contributions. We propose IS³, a deep filtering approach for
Impulsive–Stationary Sound Separation in ambient acoustic scenes,
aimed at reconstructing both impulsive components and the stationary
background. A key challenge in this task is obtaining high-quality
training data for supervised learning, which requires a diverse set of
clean acoustic scenes free from impulsive sounds, combined with an
extensive variety of isolated impulsive sounds. Our contributions are:
i) a methodology for curating and adapting existing datasets to this
task, along with a procedure for generating training, validation, and
test data by combining these datasets; ii) a learning-based approach
for the task of impulsive–stationary sound separation build on the
adaptation of the DeepFilterNet architecture [16]; iii) an extensive
evaluation on realistic data showing the superiority of our system
to previous approaches including the HPSS masking method and an
adaptation of the wavelet-based process from Nongpiur’s article [6].

2. MODEL

We first provide an overview of our system IS³, followed by a
description of the loss functions used for optimization.

2.1. System overview

The architecture chosen for IS³ is strongly inspired by that of
DeepFilterNet [15], [16] for speech enhancement, adapted here for
impulsive–stationary sound separation as presented in Figure 1. The
model follows an encoder-decoder structure that predicts parameters
for a two-stage filtering process, corresponding to varying levels of
filtering precision. The first stage predicts real-valued gains defined on
ERB frequency bands, while the second stage performs deep filtering
(DF) by predicting a complex filter.

The IS³ system takes as input an acoustic signal x(t) sampled at
44100 Hz, which we decompose as follows:

x(t) = yi(t) + ys(t), (1)
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Fig. 1: Overview of the IS³ system: The model extracts real ERB and complex features from the input mixture and processes them through a shared encoder.
Two decoders then operate in parallel: one predicts real-valued ERB gains for impulsive and stationary components, while the other estimates complex
time-frequency filters for each source. These gains and filters are applied to the input spectrogram, and the separated signals are reconstructed via inverse STFT.

where ys represents the stationary part of the acoustic scene and yi
denotes the impulsive components. The separation process operates
in the frequency domain:

X(k, f) = Yi(k, f) + Ys(k, f), (2)

where X is the short-time fourier transform (STFT) of x, computed
with an analysis window of Nfft = 2048 with a 75% overlap, and a
Hanning window. The indices k and f represent time and frequency
bins, respectively.

The encoder processes both magnitude and complex features, as
described in [15]. Magnitude features, denoted by Xerb(k, b), b ∈
[1, Nerb], are extracted using a rectangular ERB filterbank with Nerb

bands applied to the normalized log-power spectrogram. Complex
features, Xdf (k, f

′), are obtained by extracting the first Nfeat

frequency bands up to the frequency fdf from the complex spectrogram
and applying band-wise unit normalization.

An ERB decoder then converts this information into predicted gains
for each ERB band: Gerb,i(k, b) and Gerb,s(k, b), corresponding to
the impulsive and stationary background components, respectively. An
inverse ERB filterbank is applied to these gains, which are then used
to filter the input spectrogram, yielding partially extracted impulsive
YG,i(k, f) and stationary YG,s(k, f) spectrograms. This first filtering
stage provides an initial coarse processing, which is then refined by
the deep filtering step.

A DF decoder predicts two complex filters, CM
i and CM

s , applied
up to the Nfeat-th frequency band of the spectrograms obtained after
the ERB stage. These filters separate the impulsive and stationary
spectrograms Ŷi(k, f) and Ŷs(k, f):

Ŷi(k, f
′) =

M∑
m=0

CM
i (k,m, f ′) · YG,i(k −m, f ′), (3)

Ŷs(k, f
′) =

M∑
m=0

CM
s (k,m, f ′) · YG,s(k −m, f ′), (4)

where M denotes the order of the complex filter. This deep filtering
stage is performed up to fdf ≈ 6 kHz, where most of the background
spectral content resides and where the blending of impulsive and
stationary components occurs. Above fdf , only real-valued filtering
is applied. This two-step approach reduces both memory and compu-
tational costs by minimizing the size of the complex filters required
for source separation.

For further details on the model architecture we refer to the
DeepFilterNet2 article [16], which is reproduced as is, with the only
difference that the decoders’ outputs are doubled for the prediction
of each source as shown in Figure 1.

2.2. Loss functions
We adopt the same loss functions as described in [16] for recon-
structing each source, i.e., the impulsive and stationary background

components, as well as for the mixture Ŷi + Ŷs. For each source Z
to reconstruct, we compute the following spectrogram loss (LSP )
between the predicted source Ẑ and the target Z,

LSP (Ẑ, Z) = ∥|Ẑ|c − |Z|c∥22 + ∥|Ẑ|cejΦẐ − |Z|cejΦZ∥22, (5)

where ∥·∥2 denotes the l2-norm, c = 0.6 is a compression factor used
to approximate perceived loudness [17] and Φ represents the phase.
Additionally, a multi-resolution (MR) spectrogram loss is computed
by converting Z back to the time domain using an inverse short-time
fourier transform (ISTFT), followed by multiple STFTs with different
window sizes of length {6, 12, 23} ms:

LMR(Ẑ, Z) =
∑
m

∥|Ẑm|c − |Zm|c∥22

+
∑
m

∥|Ẑm|cejΦẐ − |Zm|cejΦZ∥22, (6)

where m indexes the window sizes. The overall loss for the element
Z is then given by

L(Ẑ, Z) = λSPLSP (Ẑ, Z) + λMRLMR(Ẑ, Z), (7)

with λSP = 1000 and λMR = 500. Finally, the complete training
loss sums the contributions of each source to be reconstructed and
the mixture:

Ltotal = λiL(Ŷi, Yi) + λsL(Ŷs, Ys) + λmL(Ŷi + Ŷs, X). (8)

where λi = λm = 1 and λs = 10. Since most of the stationary
signal is easy to reconstruct—impulse-free regions require little to no
filtering—the loss L(Ŷs, Ys) tends to be dominated by these areas.
Early experiments showed that applying a weight λs > 1 improves
the reconstruction of short segments around impulses by giving them
more weight. As for the loss on the mixture, this is calculated to
ensure a certain cohesion between the predictions of the background
and impulsive sounds, but it remains globally dominated by the other
two terms.

3. DATA GENERATION PIPELINE
As mentioned earlier, the key step in the proposed system is the
data generation process. We generated training, validation, and test
datasets by combining stationary background acoustic scenes with
clean impulsive sounds to replicate realistic acoustic environments.
The background datasets selected are Dcase2018 Task 1 [18], Cas2023
[19], CochlScene [20], LitisRouen [21], and ARTE [22], which
provide a wide variety of acoustic scenes and are commonly used
in acoustic scene classification tasks. Additionally, we generated
synthetic background scenes by augmenting pink noise with random
equalization, gain transitions, reverberation, and the addition of low-
level Gaussian noise to simulate stationary noises, such as ventilation
noise.



For impulsive sounds, we used datasets containing isolated sound
events: ESC50 [23], Nonspeech7k [24], ReaLISED [25], and Vocal-
Sound [26]. We also included two datasets of one-shot percussive
instruments: FreesoundOneShotPercussive [27] and other drum sam-
ples. To further increase the variety of impulsive sounds, we generated
synthetic events from chirps, harmonic summation, and AR filtering
of white noise modulated by asymmetric Gaussian envelopes. All
the code for generating the synthetic sounds, both backgrounds and
impulses, will be made publicly available.

3.1. Impulsive sounds
In this work, we define an impulsive acoustic event as a brief
and isolated sound that perceptually stands out from the ambient
background. An important aspect of this definition is the fact that the
superposition or repetition of impulsive sounds over time, which form
a distinct sound layer (e.g., applause or rain), are not considered as
impulsive acoustic events. For example, we differentiate between
an isolated hammer blow (impulsive) and a continuous burst of
jackhammer blows over several seconds (texture to remain in the
background component of our model).

3.2. Dataset Pre-processing
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Fig. 2: Data generation pipeline.

To generate suitable training data, it is essential to have clean
background datasets (i.e. free from discernible impulsive sounds) and
clean sounds that are genuinely impulsive. Consequently, all datasets
require pre-processing to remove unwanted elements.

For background datasets, we apply an impulse removal procedure
at a reduced sampling rate of 16 kHz. First, we detect onsets using
librosa with a hop length of 512 samples and a delta threshold of

20% of the signal’s maximum amplitude. Then, a Gabor decomposition
is applied to a 5-second window around each detected onset using
multi-Gabor dictionaries [28] with various temporal supports (Nw =
32, 64, 128, 512 ms). to obtain the atoms coefficients cw(nw, fw),
nw and fw being the time and frequency bins. An impulsive event
is characterized by a localized burst of energy across frequencies.
To identify this pattern in the coefficients obtained, we sum the
frequency contributions at each time step c̃(nw) =

∑
fw

cw(nw, fw).
For each window size, the coefficients are interpolated to the resolution
of the smallest window, and the contributions from the 3 smallest
windows are summed c̃overall = c̃w1 + c̃w2 + c̃w3 . A peak detection
is performed on the obtained coefficients with a distance parameter
of 100 ms, a prominence of 30% the maximum value of c̃overall and
a height parameter equal to the maximum coefficient value cw4 on
the larger temporal support. If a detected peak is within 200 ms of
the onset, the onset is validated as an impulsive sound and removed,
with crossfading applied to reconnect the background segments.

For datasets containing isolated sound events, we filter out non-
impulsive sounds by applying the following procedure: for each audio
sample in the dataset, we first remove the silences at the edges; then,
we retain only the sounds shorter than half a second. For longer
sounds, we calculate the proportion of silence from the root mean
square (RMS) envelope (using a 5% threshold of the 99th percentile
of the envelope) and keep only those with a sufficiently high ratio of
silence (50% for signals less than 1s, and 75% for longer ones).

3.3. Dataset generation
The generated dataset consists of 5-second acoustic scenes, sampled
at fs = 44100 Hz, each comprising a background selected randomly
from the pre-processed background datasets and several impulsive
events chosen from the pre-processed isolated sound datasets. The
generation process is presented Figure 2.

To prevent producing a biased dataset and to avoid over- or under-
representation of different acoustic scene categories and impulsive
sound types, we organize and unify the various dataset labels, impulse
events and backgrounds separately, into a taxonomy using the SALT
framework [29]. When drawing background or impulsive sounds, they
are selected from subsets of the datasets that contain the same number
of samples for each class, with the exception of those with very few
items. The background track, yb(t), is normalized to a dBA level
sampled from a realistic distribution based on the scene label, while
the impulsive sounds are placed randomly without overlapping along
the time axis, normalized to reach randomly selected target signal-
to-noise ration (SNR) levels, and grouped into a single track, yi(t).
Augmentations are applied to the impulsive sounds (e.g., equalization,
reverb, time stretching, and pitch shifting), and a final impulse response
is applied to both the background and impulsive tracks. Each set of
sources is then exported, as well as the mixture. In total, 50 hours of
mixture data were generated for training, 20 hours for validation, and
10 hours for testing.

4. EVALUATION
We present here the evaluation framework used to assess the
performance of our proposed method, detailing the training setup,
baseline methods and the obtained results on the test set.

4.1. Training setup and baselines
IS³ was trained with the 50h dataset described in Section 3 for a
maximum of 150 epochs with early stopping using a batch size of 32
and an Adam optimizer [30] with a learning rate of 10−3. The audio
parameters are the following: we use Nerb = 24 and Nfeat = 256,
just under 6 kHz, and an order M = 8 for the complex filter. The
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Fig. 3: Obtained SI-SDR for the impulses, the stationary backgrounds and the mixture, with the different baseline configurations and the proposed IS³ system.
The red dots are the mean values.

result is a model with around 2.2 million parameters. Additionally we
trained ERB-only (1.2 M parameters) and deep-filtering-only (1.4 M
parameters with the same Nfeat) variants of IS³ as ablation studies
to demonstrate the benefits of the staged design.

We compare our approach with several baselines. First, we
reimplement Nongpiur’s method [6] for impulsive noise removal
in speech signals, which employs Daubechies wavelets to decompose
the noisy signal. The method identifies impulses by applying median
filtering to wavelet coefficients across scales and attenuates them to
neighboring median levels. We adapt this method to our use case and
sampling rate by modifying the wavelet order—choosing 13 instead
of 6—and adjusting the factors that control the dynamic thresholds for
detecting impulse coefficients: ks = 2 for fine scales and kc = 1 for
coarser scales. Additionally, while the original approach only predicts
a clean signal with attenuated impulses, we extend it to include an
impulsive sound reconstruction stage by retaining only the wavelet
coefficients identified as impulses. Secondly, we compare with the
median-filtering HPSS masking method [13], specifically its librosa
implementation [31], [32]. In this baseline, the percussive component
is treated as the impulsive part, while the harmonic and residual
components (if the margin parameter is greater than 1 are considered
as the stationary background. We assess different HPSS configurations
by varying the margin parameter, or separation factor, pm. Finally,
we re-trained a Conv-TasNet model [33], using asteroid [34],
adapted to 44.1 kHz input [35] (6.3M parameters) to compare with a
time-domain neural architecture. All the code for the data generation,
the baselines as well as IS³ are available on github1.

4.2. Results and discussion
The evaluation was conducted using the previously described test set.
We use the scale-invariant signal-distortion-ratio (SI-SDR) metric [36]
on the separated impulsive and stationary background components, as
well as on the reconstructed mixtures for Nongpiur’s method and IS³.
Since HPSS is a masking-based method, its mixture reconstruction is
inherently perfect. Additionally, for impulsive sounds, the SI-SDR is
computed both with and without silent segments to assess not only
reconstruction quality but also the model’s ability to preserve silences
and prevent background leakage. Statistical significance between IS³
and each baseline configuration is evaluated using the Wilcoxon test
over 100 batches of 50 samples, with Bonferroni correction. Results
are shown in Figure 3 and the p-values are presented in Table 1.

IS³ consistently achieves higher SI-SDR scores for both impulses
and backgrounds. The small gap between SI-SDR scores with and
without silence suggests that our method accurately reconstructs both
impulses and interleaving silences. In contrast, HPSS and Nongpiur’s

1https://github.com/ClementineBerger/IS3

Table 1: Statistical significance between the SI-SDR distributions obtained
with the proposed IS³ model and the different baselines and ablations. p-values
are evaluated using the Wilcoxon test over 100 batches of 50 samples, with
Bonferroni correction.

Impulse p-value Background Mixture

Silence No silence

HPSS
pm = 1 3.74 · 10−2 0.17 1.40 · 10−5 –
pm = 2 5.27 · 10−2 6.02 · 10−2 2.66 · 10−3 –
Nongpiur 4.96 · 10−3 1.47 · 10−5 1.19 · 10−7 5.18 · 10−10

Conv-TasNet 1.75 · 10−8 6.72 · 10−8 8.62 · 10−7 1.60 · 10−7

IS³ ERB 2.08 · 10−8 2.26 · 10−9 5.44 · 10−9 5.93 · 10−8

IS³ DF 3.96 · 10−7 8.08 · 10−6 2.06 · 10−5 6.62 · 10−9

method suffer significant SI-SDR degradation when silences are
considered, indicating background leakage into the impulsive sound
track. This leakage also lowers HPSS’s background reconstruction
performance compared to IS³. Finally, while our approach does not
strictly guarantee perfect mixture reconstruction like masking methods,
it achieves a remarkably high SI-SDR on the mixture. Conv-TasNet
and ablations achieve intermediate results demonstrating the value of
the architecture chosen for IS³.

Finally, it is important to note that both signal processing baseline
methods suffer from a reliance on a challenging and highly impulsive
noise type dependant parameter selection. This dependency reduces
their performance in our experiments, which involve a wide variety
of impulsive sound types. In contrast, our approach offers superior
generalization and eliminates the need for noise-specific parameter
tuning. For a qualitative comparison, audio examples are provided in
the supplementary materials2 for both synthetic and real-world data.

5. CONCLUSIONS
In this paper, we have introduced IS³, a solution for Impulsive–
Stationary Sound Separation, designed to isolate generic impulsive
acoustic events from stationary backgrounds within an acoustic scene.
Our approach leverages and adapts the DeepFilterNet2 two-stage
deep filtering process for this task and is trained using a dedicated
dataset generated through a sophisticated data generation pipeline
to ensure diversity and balance across sound categories. Evaluation
results demonstrate that IS³ is successful at separating both impulsive
and stationary components while minimizing background leakage.
These results demonstrate that a learning-based approach trained on
well-designed data is well-suited for the task and can achieve strong
performance even with a relatively lightweight model. In particular,
the proposed approach outperforms the classic HPSS masking method
and wavelet filtering by a large margin in terms of SI-SDR.

2https://clementineberger.github.io/IS3/
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“Impulsive source separation using combination of Nonnegative Matrix
Factorization of bi-frequency map, spatial denoising and Monte Carlo
simulation,” Mechanical Systems and Signal Processing, vol. 127, pp.
89–101, 2019.

[10] J. Young, A. Høst-Madsen, and E.-M. Nosal, “Impulsive source separation
with application to sperm whale clicks,” in 2013 IEEE Digital Signal
Processing and Signal Processing Education Meeting (DSP/SPE), 2013,
pp. 147–152.

[11] X. Wen, Y.-Y. Shi, and B. She, “Separation of impulsive acoustical
events,” in IEEE International Conference on Acoustics, Speech, and
Signal Processing, vol. 2, 2004, pp. ii–733.

[12] M. Sahmoudi, K. Abed-Meraim, and M. Benidir, “Blind separation of
impulsive alpha-stable sources using minimum dispersion criterion,” IEEE
Signal Processing Letters, vol. 12, no. 4, pp. 281–284, 2005.

[13] D. Fitzgerald, “Harmonic/percussive separation using median filtering,”
Proceedings of the 13th International Conference on Digital Audio Effects
(DAFx-10), 2010.

[14] W. Mack and E. A. Habets, “Deep filtering: Signal extraction and
reconstruction using complex time-frequency filters,” IEEE Signal
Processing Letters, vol. 27, pp. 61–65, 2019.

[15] H. Schroter, A. N. Escalante-B, T. Rosenkranz, and A. Maier, “Deepfil-
ternet: A low complexity speech enhancement framework for full-band
audio based on deep filtering,” in IEEE International Conference on
Acoustics, Speech and Signal Processing (ICASSP), 2022, pp. 7407–7411.
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