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Abstract—In this work, we propose a method for domain-incremental
learning for audio classification from a sequence of datasets recorded
in different acoustic conditions. Fine-tuning a model on a sequence of
evolving domains or datasets leads to forgetting of previously learned
knowledge. On the other hand, freezing all the layers of the model leads
to the model not adapting to the new domain. In this work, our novel
dynamic network architecture keeps the shared homogeneous acoustic
characteristics of domains, and learns the domain-specific acoustic
characteristics in incremental steps. Our approach achieves a good
balance between retaining the knowledge of previously learned domains
and acquiring the knowledge of the new domain. We demonstrate the
effectiveness of the proposed method on incremental learning of single-
label classification of acoustic scenes from European cities and Korea,
and multi-label classification of audio recordings from Audioset and
FSD50K datasets. The proposed approach learns to classify acoustic
scenes incrementally with an average accuracy of 71.9% for the order:
European cities → Korea, and 83.4% for Korea → European cities. In
a multi-label audio classification setup, it achieves an average lωlrap of
47.5% for Audioset → FSD50K and 40.7% for FSD50K → Audioset.

Index Terms—Domain-incremental learning, acoustic scene classifica-
tion, multi-label audio classification, forgetting, adaptation

I. INTRODUCTION

Domain-incremental learning (DIL) can be described as the ability
of a model to continuously acquire new knowledge over time in
ever-changing environments without forgetting the previously learned
knowledge. Most of the audio research today focuses on developing
models to solve various machine listening tasks such as acoustic
scene classification (ASC) [1], multi-label audio classification [2],
[3], sound event detection (SED) [4], etc., and these models are
specialized to a specific dataset or environment or domain. The
use of such models to continuously or incrementally learn new
audio domains leads to catastrophic forgetting of previously learned
domains. Specifically, the new knowledge overwrites the previous
knowledge in the absence data of previous domains. Shifting from one
domain to another domain, i.e., domain shift, can cause catastrophic
forgetting due to changes in background locations, recording devices
or any other acoustic conditions.

The naive way to avoid forgetting is to train a separate model
for each domain, or to store the data from all domains and retrain a
single model whenever a new domain arrives. Both these solutions are
computationally expensive and require significant storage to save all
the data and models, which may not be possible in some application
due to privacy and hardware constraints.

In this work, we aim to develop a universal DIL system that
learns to classify audio from different domains sequentially over time
without forgetting the knowledge of any of the previously learned
domains. DIL was successfully applied to detect objects on the
road from different visual geographical locations [5] and weather
conditions [6], and to classify acoustic scenes from audio recorded
in different geographical locations [7].

This work was supported by Jane and Aatos Erkko Foundation under grant
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The authors wish to thank CSC-IT Centre of Science Ltd., Finland, for
providing computational resources.

DIL is different from existing domain adaptation (DA) methods
used for ASC from different devices [8]–[10]. DA setup typically
includes two domains: source and target. It transfers the knowledge
from the source to the target domain and only focuses on the
accuracy in the target domain. DA requires access to the data of
the source domain to match the distribution with the target domain.
In comparison to DA, the DIL setup can have multiple domains to
adapt over time, it focuses on the overall accuracy in all the domains
seen so far, takes additional measures to alleviate the forgetting, and,
typically, does not have access to the previous domain’s data. DIL is
also different from existing class-incremental learning (CIL) methods
[11], [12] where the model learns new classes incrementally over
time, typically from the same domain. In contrast, DIL learns the
same classes from continuously evolving domains.

In our previous work, we proposed a DIL approach for ASC with
data from different locations [7]. Specifically, during training we only
updated and stored the domain-specific statistics, i.e., running mean
and variance, with all other parameters kept frozen. During inference,
the domain-id along with the test sample is provided to the classifier
to choose the corresponding statistics to classify the sample. This
method does not forget any of the previous domains and achieves
maximum stability, i.e., ability of the model to retain the existing
knowledge of already learned domains. However, only statistics did
not achieve better performance on the new domain as compared to
fine-tuning method given in [7], hence it exhibited lower plasticity,
i.e., ability of the model to acquire knowledge of new domains.

In this work, we propose a dynamic framework that reparameter-
izes the network architecture into domain-shared and domain-specific
parameters for DIL of audio tasks. Domain-shared parameters are
universal and shared by all domains. We only update the domain-
specific parameters to learn a new domain at each incremental time
step. This construction allows the model to achieve a good stability-
plasticity trade-off.

The contributions of this work are as follows: (1) we investigate the
performance of the proposed method in both single-label and multi-
label audio classification; (2) we propose a domain-agnostic approach
that classifies the audio by automatically identifying the domain-
specific parameters, and compare its performance with domain-aware
setup above; (3) we investigate the performance of the proposed
approach in all possible orders of the input domains.

The rest of the paper is organized as follows: Section 2 presents
the notations and the proposed DIL method for audio classification.
Section 3 introduces the datasets, baselines, implementation details,
and results. Finally, conclusions are given in Section 4.

II. DOMAIN-INCREMENTAL LEARNING

A. DIL setup and notations

In our DIL setup, we present a sequence of audio classification
tasks to a model; these tasks represent the different datasets of
domains: D1,D2, ...,Dt, ...,DT . The existing model learns current
task, i.e., Dt in our case, at incremental time step t. A domain Dt

is an audio dataset collected in different acoustic conditions than
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Fig. 1. Overview of the proposed Domain-Incremental Learning approach
at an incremental time step. The layers in green are domain-specific. The
classifier in blue is domain-shared. Feature extractor includes the domain-
specific BN layers of previous domain and the domain-shared CNN layers.

the previous domains, composed of audio clips and corresponding
class labels. All domains share the same classes. We aim to train
a single audio classification model that learns to classify the same
data when domain or data distribution changes sequentially. More
importantly, the performance of the model should not degrade on
any of the previous domains Dt−i, 0 < i < t when it learns a new
domain Dt, given that data of any previous domains Dt−i is not
available at any step t. Note that in this work we refer to Dt as task,
dataset and domain interchangeably.

B. DIL method for Audio Classification

An overview of the proposed method is given in Fig. 1. The system
is composed of shared and domain-specific layers. Domain-specific
layers are added to the common base model trained on domain D1.
The idea is to factorize the model latent space so that homogeneous
acoustic characteristics of the domains are captured in the domain-
shared parameters Wb and remains unchanged. On the other hand,
heterogeneous acoustic characteristics of the domains are learned
by the domain-specific parameters Wt, which are exclusive to a
specific domain Dt. For instance, a car horn may have some common
characteristics irrespective of location, captured in Wb, and location-
specific characteristics (e.g. Europe/Korea), captured in Wt.

Our approach is designed for CNN-based models typically used for
audio classification. Traditional 3×3 convolutional layers followed by
a classifier or output layer, of a base model are domain-shared layers
Wb. Domain-specific layers are the BN and output layers Wt of
each incremental domain. For instance, in a traditional convolutional
block, shown in Fig. 2, the convolutional layers are shared among all
domains and BN layers are exclusive to a specific domain.

BN layers normalize the input h into ĥ = (h−µ)/
√
σ2 using its

µ and standard deviation σ. Further, ĥ is transferred into h̄ = γĥ+β
using affine scale γ and shift β parameters. Specifically, the statistics
µ and σ are computed from input data, and γ and β parameters are
optimized by the loss function during training. Statistics computed
over training data fail to perform well on test data if the distribution
of the test data is significantly different. In our previous work [7],
we proposed updating the statistics using data of each incremental
domain. In this work, we both update the statistics and optimize
the transformation parameters for each domain. Each domain has
its own classifier Gt whose output is added to the output of the
base classifier G1 through residual connection. The optimization of
only the transformation parameters of BN layers and parameters of

3× 3 conv
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3× 3 conv
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BN
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Fig. 2. A CNN block at incremental time step. The layers in blue and green
are domain-shared and domain-specific respectively. The layers in red are
domain-specific layers of previous domain.

classifier i.e., Wt = {γ, β,Gt}, for each domain is computationally
inexpensive.

Training phase: In each incremental time step t, to learn a new
domain, we only train the domain-specific parameters Wt on Dt

using specific loss for single and multi-label classification, depending
on the experimental case. All other parameters, the domain shared Wb

and domain-specific parameters of previous domains remain frozen.
Inference phase: Performance of the model is evaluated on the

domains seen so far in two scenarios: domain-aware and domain-
agnostic. In a domain-aware setup, input to the model is a combi-
nation of domain-id and test sample. Domain-id identifies the layers
of the corresponding domain before classifying the test sample. In
a domain-agnostic setup, we predict the domain-specific layers to
be used with domain-shared layers using uncertainty in the model
predictions. Specifically, we forward pass the input through a combi-
nation of shared and domain-specific layers of each domain seen so
far and obtain the probabilities from the layers of each current domain
Dt. Subsequently, we compute the uncertainty U(Dt) on given input
x among the predicted probabilities p(yDt

c |x) using entropy:

U(Dt) = −
C∑

c=1

p(yDt
c |x) log p(yDt

c |x), (1)

where y is the output from Dt layers and C is the number of classes
in Dt. We select the layers of a domain which has minimum entropy,
denoting lower uncertainty. Hereafter, we refer to this approach as
audio domain-incremental learning (ADIL) approach.

III. EVALUATION AND RESULTS

A. Datasets, training setup and baselines

Single-label acoustic scene classification uses 5 independent
datasets recorded in different geographical locations: (1) the TUT
Urban Acoustic Scenes 2018 development dataset [13], containing
samples from 6 different European cities; (2)-(4) audio samples from
Lisbon, Lyon and Prague from TAU Urban Acoustic Scenes 2019
development dataset; (5) samples from Korea [14]. For complete
details about class labels and the number of training/testing samples
in each dataset, we refer the reader to [7]. Experiments are conducted
in 2 orders: (1) 6 European cities → Lisbon → Lyon → Prague →
Korea (Europe → Korea order) (2) Korea → 6 European cities →
Lisbon → Lyon → Prague (Korea → Europe order). For Europe →
Korea, we use the same 10 classes present in all European cities,
then 4 classes from Korea, which overlap with the European set. For
Korea → Europe, we select 4 classes from Korea and use the same
4 classes throughout the entire chain.

Multi-label audio classification: We select the 50 largest classes
from the temporally strong Audioset [15], of which 35 classes are also
available in the FSD50K dataset [16]. We conduct the experiments in
2 orders: (1) Audioset (50 classes) → FSD50K (35 classes in other
domain) and (2) FSD50K (35 classes) → Audioset (35 classes in
other domain). Note that Audioset data is from YouTube and FSD50K
is from Freesound.



We compare the proposed approach to a few different methods that
can be used to solve the same problem: (1) Feature extraction (FE):
the feature extractor component of the model is frozen after learning
D1, and only the classifier (last layer) is updated in each incremental
domain; (2) Fine-tuning (FT): a current model is fine-tuned on the
new domain at each incremental time step, the model being trained
incrementally; (3) Single-task: a separate model is trained on each
domain. (4) Multi-task: a model is trained using all the data of the
domains seen so far; this approach violates the DIL setup, but it is
tested for completeness.

B. Implementation details and evaluation metrics

We use 6 convolutional blocks as a feature extractor, with the layer
specifications the same as PANNs CNN14 [3]. Global pooling is
applied to the last convolutional layer, to get a fixed-length input
feature vector to the classifier. For a fair comparison, the same
network is used in all experiments. The base model is trained
from scratch on the domain D1, then adapted to other domains in
incremental time steps. Input recordings are resampled to 32 kHz and
log mel spectrograms are computed using default values given in [3].

The model is optimised using cross-entropy and binary cross-
entropy losses for single and multi-label audio classification, respec-
tively. The model is trained using Adam optimizer [17] with a mini-
batch size of 32. The learning rates to train the model on domain D1

and on domain Dt at each incremental time step are set to {0.001
and 0.0001} following [12]. The number of training epochs at each
step is set to 120. CosineAnnealingLR [17] scheduler updates the
optimizer in every epoch.

Following the standard practice in incremental learning [6], [7],
we evaluate the performance of the model at each incremental step
on the current domain and all previously seen domains using average
accuracy and average lωlrap [18], for single and multi-label audio
classification respectively. Average accuracy / lωlrap is the average
of accuracy / lωlrap values of the method over the current and
all previously seen domains. In addition, we use forgetting (Fr) to
compute the drop in accuracy on previous domains when the model
learns a new domain, computed as:

Fr =
1

t− 1

t−1∑
i=1

(ACCDt−i,Dt−i −ACCDt,Dt−i), (2)

where ACCDt−i,Dt−i is the accuracy of the model trained on a
previous domain Dt−i and evaluated on the same domain Dt−i,
ACCDt,Dt−i is the accuracy of the model trained on current do-
main Dt and evaluated on previous domain Dt−i. For multi-label
classification, Fr is calculated based on lωlrap instead of accuracy.
A higher average accuracy / lωlrap and lower Fr are better.

C. Results of domain-aware setup

Acoustic scene classification: We show the performance of the
baselines and our proposed approach in Table I. The base model
is trained on domain D1 for an accuracy of 67.3% when D1 is
6 European cities and 86.0% when D1 is Korea. For a detailed
analysis, the accuracy of the baseline systems on a current domain
and forgetting of previously seen domains are compared in Fig. 3.

The accuracy of FT and FE systems on the current domain in
Fig. 3a and 3b shows that allowing the feature extractor component,
i.e., FT, to adapt to a new domain helps the model to achieve
maximum plasticity rather than freezing it, i.e. FE. However, both
FT and FE suffer from forgetting of previous domains due to domain
shift, and exhibit minimum stability. There is high domain shift
when going from Europe to Korea or Korea to Europe, leading

TABLE I
AVERAGE ASC ACCURACY OF THE METHODS OVER CURRENT AND

PREVIOUSLY SEEN DOMAINS IN DOMAIN-AWARE SETUP.

European cities (10 classes) → Korea (4 classes)

Method D1

6 cities
D2

Lisbon
D3

Lyon
D4

Prague
D5

Korea

FE 67.3 52.9 49.6 41.3 22.7
FT 67.3 52.1 51.8 41.4 31.1

Single-task 67.3 53.1 51.6 38.7 34.1
Multi-task 67.3 64.1 66.2 67.0 67.9

OD [19] 67.3 52.3 54.2 38.8 31.5
ODFD [12] 67.3 53.1 54.9 41.4 35.6
BN statistics [7] 67.3 57.7 57.4 55.0 52.2

clf 67.3 58.9 63.1 57.4 59.6
BN 67.3 68.0 68.3 64.3 67.9
BN-clf 67.3 68.4 69.4 65.9 69.4
ADIL 67.3 69.6 71.4 68.7 71.9

Korea (4 classes) → European cities (4 classes)

Method D1

Korea
D2

6 cities
D3

Lisbon
D4

Lyon
D5

Prague

FE 86.0 62.1 59.4 62.6 65.2
FT 86.0 61.8 62.9 68.5 65.3

Single-task 86.0 62.4 61.1 63.4 65.2
Multi-task 86.0 86.2 83.3 88.0 87.4

OD [19] 86.0 61.9 62.1 69.8 68.1
ODFD [12] 86.0 65.4 62.9 72.1 70.1
BN statistics [7] 86.0 65.6 62.8 58.0 58.3

clf 86.0 68.4 60.4 64.8 68.7
BN 86.0 84.1 79.1 80.4 80.0
BN-clf 86.0 84.2 81.5 82.6 82.2
ADIL 86.0 84.4 82.4 83.8 83.4

to overwriting the knowledge of previously seen European/Korean
cities. Hence, FE and FT suffer from higher forgetting. We observe
lower forgetting within the European cities and also changed the order
of European cities but did not observe any notable change.

The ”single-task” baseline, trained from scratch on each location
separately, is better than FT for Lisbon and Lyon, which can also be
seen in Fig. 3c and 3b. On the other hand, previous knowledge of FT
improves the performance on Prague. The proposed ADIL combines
both previous domain-shared and domain-specific characteristics and
achieves comparable plasticity, i.e., accuracy on the current domain,
with FT and single-task baselines, without forgetting any of the
previously seen domains in all domain shift conditions.

We also compare the performance of ADIL with state-of-the-art
knowledge distillation (KD) methods reported in the literature for CIL
setups. OD (output discrepancy) reduces the discrepancy in prediction
space of the current model of Dt using the previous model trained on
Dt−1 [19]. ODFD (FD: feature discrepancy) reduces the discrepancy
in both feature and prediction spaces [12]. These distillation methods
seem to work well to classify the sounds within a domain, but are
less effective with domain shift, resulting in lower average accuracy.

Our previous work on DIL [7], which only corrects the statistics
of the BN layers ( BN statistics in Table I), and avoids the forgetting.
However, this method poorly adapts to the new domains and exhibits
lower plasticity. The accuracy of BN statistics on each current domain
and average performance over all learned domains are given Fig. 4
and Table I respectively.

We also compare the contribution of each component of our
network architecture in Table I and Fig. 4: (1) The clf system uses a
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Fig. 3. Accuracy at the current domain and average forgetting over previous domains of FE (a), FT (b) and single-task (c) methods for Europe → Korea.
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Fig. 4. Accuracy of the BN-based methods: BN statistics, BN, BN-clf and
ADIL at different domains in the order of Europe → Korea

separate classifier for each domain, with all other parameters frozen.
It is a multi-head FE and exhibits poor performance without domain-
specific BN layers. (2) The BN system uses domain-specific BN
layers, with a common base classifier shared by all domains. It
outperforms all the baselines and improves the plasticity significantly
as compared to the BN statistics system. (3) To further improve the
performance of BN, we add a separate classifier for each domain,
resulting in BN-clf system. (4) We found that combining the output
of each domain-specific classifier to a base classifier, resulting in
ADIL, which improves the overall performance. For instance, the
ADIL improves the performance of Prague by 5%p (percentage point)
as compared to BN-clf. This is because ADIL uses both previous
domain-shared and domain-specific knowledge to classify acoustic
scenes, and achieves a higher performance on any new domain as
compared to any of the BN-based systems. We observed similar
behavior in the Korea → Europe setup.

Multi-label audio classification: We compare the performance of
the baseline systems: FE, FT and single-task with our proposed ADIL
system for both Audioset → FSD50K and FSD50K → Audioset in
Table II. The base model is trained on domain D1 and achieved
an lωlrap of 49.7% on Audioset and 34.1% on FSD50K. One
can observe the lower performance of single-task when going from
Audioset → FSD50K. Training the model from scratch on FSD50K
gives lower lωlrap compared to Audioset, significantly forgetting
previous Audioset classes due to domain shift and achieving lower
average lωlrap. FT and FE systems benefit from the previous
knowledge of Audioset and effectively adapt to FSD50K, but also
suffer from forgetting. The proposed ADIL effectively adapts well to
the FSD50K by learning domain-specific parameters, outperforming
all other systems.

Going from FSD50K → Audioset, the lωlrap of a single-task
baseline trained on Audioset with 35 classes is 28.7%; this reduced
performance compared to the earlier 50 classes may be due to lesser
data. Fine-tuning the model trained on FSD50K to Audioset, i.e.,
FT, did not improve the performance of the model on Audioset.
Single-task and FT also show higher forgetting, resulting into reduced
average lωlrap. However, FE only updates the classifier and improves
the lωlrap on Audioset to 34.2% with reduced forgetting. Our

TABLE II
AVERAGE lωlrap OF THE METHODS OVER CURRENT AND ALL

PREVIOUSLY SEEN DOMAINS IN DOMAIN-AWARE SETUP. THE VALUE IN
PARENTHESIS INDICATES FORGETTING

Method D1 (50)
AudioSet

D2 (35)
FSD50K

D1 (35)
FSD50K

D2 (35)
AudioSet

FE 49.7 44.9 (15.6) 34.1 32.4 (3.6)
FT 49.7 45.8 (18.1) 34.1 26.4 (9.2)
Single-task 49.7 22.8 (34.0) 34.1 26.8 (9.3)

ADIL 49.7 47.5 34.1 40.7

TABLE III
AVERAGE ACCURACY AND lωlrap OF THE METHODS OVER CURRENT AND

ALL PREVIOUSLY SEEN DOMAINS IN DOMAIN-AGNOSTIC SETUP.

Order D1 D2 D3 D4 D5

Europe→Korea 67.3 61.9 62.8 59.4 53.0
Korea→Europe 86.0 69.3 71.9 72.6 73.7
Audioset→FSD50K 49.7 32.0
FSD50K→Audioset 34.1 29.4

approach ADIL, updates both domain-specific classifier and BN
layers, and further improves lωlrap on Audioset to 47.2% without
forgetting any of the previous classes from FSD50K. The results
show the benefit of the proposed ADIL approach which works in all
domain-shift conditions where other methods fail.

D. Results of domain-agnostic setup

Results of the proposed ADIL approach in domain-agnostic setup
are given in Table III. The performance of our approach depends
on the accurate prediction of the domain-specific layers using Eq.
(1). Unlike domain-aware setup, here ADIL is affected by forgetting
due to the incorrect selection of domain-specific layers. However,
ADIL balances the stability-plasticity trade-off at considerable level
and still outperforms all compared baselines from Table I on ASC.
In the more challenging, imbalanced, multi-label audio classification,
the performance of ADIL is better than single-task baseline, which
is trained on a single domain.

IV. CONCLUSION

In this paper, we presented the ADIL approach to solve single and
multi-label audio classification problems over time. The proposed
approach shares 84% of the parameters of the base model among
all domains and only needs to train domain-specific parameters
in each incremental time step. Our approach outperforms all the
baselines when domain-shift is present in domain-aware setup, and
also shows promising results in domain-agnostic setup. Improving
the performance of the ADIL in domain-agnostic setup is one of our
future research problems.
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