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Abstract 
It’s assumed that training data is sufficient in base session of 
few-shot class-incremental audio classification. However, it’s 
difficult to collect abundant samples for model training in base 
session in some practical scenarios due to the data scarcity of 
some classes. This paper explores a new problem of fully 
few-shot class-incremental audio classification with few 
training samples in all sessions. Moreover, we propose a 
method using expandable dual-embedding extractor to solve it. 
The proposed model consists of an embedding extractor and 
an expandable classifier. The embedding extractor consists of 
a pretrained Audio Spectrogram Transformer (AST) and a 
finetuned AST. The expandable classifier consists of 
prototypes and each prototype represents a class. Experiments 
are conducted on three datasets (LS-100, NSynth-100 and 
FSC-89). Results show that our method exceeds seven 
baseline ones in average accuracy with statistical significance. 
Code is at: https://github.com/YongjieSi/EDE. 
Index Terms: Few-shot learning, incremental learning, audio 
classification, expandable dual-embedding extractor, audio 
spectrogram transformer  

1. Introduction 
Audio classification (AC) aims to recognize different classes 
of sounds in environment. It can be used for intelligent 
assisted driving [1], medical care [2], wildlife protection [3], 
ecological environment detection [4], and smart home [5].  

Some works were done on audio classification in recent 
years. According to the ability to recognize new classes and 
the number of training samples required, the current works can 
be divided into four categories: many-shot AC [6]-[9], 
few-shot AC [10]-[12], class-incremental AC [13], [14], and 
Few-shot Class-incremental AC (FCAC) [15]-[18]. The 
many-shot AC method can recognize the pre-given classes 
only and requires many-shot training samples. The few-shot 
AC method can recognize new classes with few-shot training 
samples, but cannot remember old ones. The class-incremental 
AC method can recognize new classes with remembering old 
ones, but requires many-shot training samples in all sessions. 
The FCAC method requires abundant training samples in base 
session, but only few training samples in incremental session.  

Although these efforts have contributed to the development 
of AC, they still leave something to be desired. For example, 
adequate training data is required for the FCAC methods in 
base session to learn an embedding extractor, in order to 
ensure better performance during incremental sessions. That is, 

the performance of these methods heavily depends on the 
availability of adequate training data.  

In some practical scenarios (e.g., identification of criminal 
voices, classification of endangered animal calls), it is difficult 
to collect abundant samples for all classes. In this work, we 
aim to incrementally recognize new classes without forgetting 
old ones when training samples are few in all sessions, namely 
to address the problem of Fully FCAC (FFCAC). Main 
challenge in the task of FFCAC is that the model constructed 
in base session cannot be trained well due to the lack of 
training samples. Therefore, both the stability (ability to 
remember old classes) and plasticity (ability to continuously 
identify new classes) of the model are poor. 

To address the above challenge, we design an Expandable 
Dual-embedding Extractor (EDE). The EDE is designed based 
on an Audio Spectrogram Transformer (AST) [19] which is an 
attention-based audio classification model. On the one hand, 
we finetune the AST on datasets of current task due to the 
distribution gap between the datasets used for pretraining and 
the datasets of current task. On the other hand, the finetuned 
AST lacks generalizability since it has been updated by 
training samples of current task. As a result, the model is 
prone to forgetting old classes in incremental sessions. 
Accordingly, we integrate the pretrained AST and the 
finetuned AST into a dual-embedding extractor to achieve 
embedding complementarity and improve the stability of the 
model. To further improve the plasticity of the model, the 
dual-embedding extractor is dynamically expanded to generate 
discriminative prototypes. Deep layers (layers closer to the 
output) of the network can extract task-specific embeddings 
[20]. Therefore, we expand the last layer of the EDE to learn 
diverse task-specific embeddings in each incremental session, 
while the remaining layers of the network are frozen. In each 
session, each prototype is obtained by computing the mean 
vector of embeddings extracted by the EDE. Classifier is 
composed of the prototypes of both new classes and old 
classes in each session. 

Experiments are conducted on three public datasets, 
namely LS-100, NSynth-100, and FSC-89 [16]. Experimental 
results show that the proposed method exceeds previous 
methods in Average Accuracy (AA). The contributions of the 
work in this paper are summarized as follows. 

1) We tackle a new problem of FFCAC, in which only few 
training samples are available for model training in all 
sessions. The setting of the FFCAC problem is in line with 
many practical scenarios. 

2) We propose a FFCAC method using an EDE. The EDE 



can be expandable and extract two kinds of embeddings, 
namely task-specific embedding and task-general embedding.                                                                       

2. Method 
2.1. Problem Definition 

Like the definition of the FCAC [16], the FFCAC also 
includes M sessions, namely one base session (session 0) and 
M-1 incremental sessions (sessions 1 to M-1). The training and 
testing datasets of different sessions are denoted by {𝑫 ,  𝑫 , ..., 𝑫 , ..., 𝑫 } and {𝑫 , 𝑫  , ..., 𝑫 , ...,𝑫 }, 
respectively. 𝑫  and 𝑫  have the same label set which is 
denoted by Lm. The dataset in different sessions do not have 
the same type of classes, namely ∀m, h and m ≠ h, Lm ∩ Lh = ϕ. 
In the mth session, only 𝑫  can be used to train the model, 
and the trained model needs to be evaluated on the testing 
dataset of both current and all prior sessions, namely 𝑫 ∪ 𝑫 ...∪𝑫 . Each one of all training datasets 𝑫  (0≤m≤
(M-1)) has few samples (small-scale dataset) and is 
constructed as a N-way K-shot training dataset. In the FCAC, 
however, 𝑫  has abundant samples (large-scale dataset) but 𝑫  (1≤m≤(M-1)) has few samples (small-scale dataset).  

2.2. Framework of the Method 

Figure 1 shows the framework of our method which includes 
base and incremental sessions. There are three steps in the 
base session, including: finetune pretrained AST, construct 
EDE and generate base classifier. In each incremental session, 
the EDE is expanded in structure and the prototypes of the 
classifier are updated to recognize all seen audio classes. 

In the base session, the AST finetuned in a supervised way 
on 𝑫  by minimizing the loss 𝐿 (𝒙, 𝑦; 𝜓) = −𝑙𝑜𝑔 (𝒙), 𝒘∑ ( ( (𝒙), 𝒘 )) ,    (1) 
where 𝒙 and 𝑦 are input samples and the corresponding label, 𝜂 and 𝒘  represent a scale factor and the classifier weight of 
class n, cos(𝜓(𝒙), 𝒘 ) = (𝒙)⋅𝒘‖ (𝒙)‖ ⋅‖𝒘 ‖  stands for the cosine 
similarity between 𝜓(𝒙)  and 𝒘 , ‖⋅‖  denotes 2-norm, 𝜓(𝒙) represents the embedding of 𝒙. Then, the finetuned AST 𝜓  and the pretrained AST 𝜓  are merged to construct the 

EDE 𝜓 , 𝜓 . Next, the EDE is used to learn the 
embeddings from the Log Mel-spectra of the training samples. 
Finally, prototype for class n is computed by  𝒑 = ∑ 𝜓(𝒙) ,                        (2) 
where 𝒑  and K denote the prototype of class n and the 
number of samples, respectively. The classifier consists of 
prototypes and each prototype represents one class. To further 
reduce the model’s forgetting of old classes, we save the 
covariance matrix 𝝈 of embeddings for each of seen classes 
so far, and reconstruct the embeddings 𝒆  of each old class by 𝒆 = 𝒑 + 𝜺𝝈  ,                  (3) 
where 𝜺 is generated based on the standard normal distribution. 𝝈  denotes the inverse matrix of 𝝈.  

In the mth (1 ≤ m) incremental session, the EDE is 
expanded and trained on 𝑫  and reconstructed embeddings. 
Then the expanded AST 𝜓  and the pretrained AST 𝜓  
are merged as the backbone of the EDE, namely 𝜓 , 𝜓 . 
Next, the embeddings are extracted from the Log Mel-spectra 
of training samples by the updated EDE. New prototypes are 
generated to update the classifier together with old prototypes.  

2.3. Expandable Dual-embedding Extractor 

The motivation for designing EDE is that the embeddings 
extracted by the finetuned AST and the pre-trained AST are 
task-specific and task-general, respectively, and are therefore 
complementary. As shown in Figure 2, the EDE is a 
concatenation of the finetuned AST and the pre-trained AST. 
The log Mel-spectrum of each audio sample is split into 
patches and added with a trainable positional embedding 
before being fed to the transformer encoder. The transformer 
encoder consists of several blocks with multi-head attention. 
There are two differences between the AST used here and the 
original AST. First, we apply mean pooling over all patch 
representation as the embedding of the audio clip instead of 
appending a token at the beginning of the sequence to 
summarize all patch representations. Second, we replace the 
linear classifier with a cosine head, by which the maximum 
logits are bounded in the range of [-1, 1] and are expected to 
be more discriminative. 
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Figure 1: The framework of our method which consists of M sessions. AST: Audio Spectrogram Transformer. EDE: Expandable Dual-embedding 
Extractor. ψ: parameters of the EDE. P: mean vector of embeddings. 𝝈: covariance of embeddings.



The AST which is fine-tuned on a few samples of the 
current task lacks the ability to learn a discriminative 
embedding to effectively represent each class of the current 
task. Therefore, it is desirable to improve the representational 
ability of the embedding extractor. It is shown that the shallow 
layers and the deep layers of a deep neural network are able to 
extract task general embeddings and task specific embeddings, 
respectively, from the input samples [20]. Accordingly, we 
decompose the transformer encoder into generalizable 
(shallow) layers 𝜓  and specialized (deep) layers 𝜓 , i.e., 𝜓(𝒙) = 𝜓 (𝜓 (𝒙)) . Specifically, in the mth (1≤m) 
incremental session, the AST finetuned in the previous session 𝜓 = {𝜓 (𝜓 (𝒙)), ⋯ , 𝜓 (𝜓 (𝒙))}  is frozen to 
retain the knowledge of old classes, the last layer of the 
transformer encoder is extended by a block 𝜓 , which is 
initialized with 𝜓  and trained on 𝑫  and the 
reconstructed embeddings by minimizing the loss 

Linc(x, y; ψ)=Lbase(x, y; ψ)-λlog exp(η cos(ψ(x), wn
aux))∑ exp(η cos(ψ(x), wnaux))N

n=1
      (4) 

where 𝜓(𝒙) = {𝜓 (𝒙),  𝜓 (𝒙)}, 𝒘  is the weight of an 
auxiliary classifier, λ is used to control the effect of the 
auxiliary classifier.  
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Figure 2: The architecture of EDE, ψ: parameters of the EDE. 

3. Experiments 
3.1. Experimental Datasets 

Experiments are carried out on three datasets, including the 
LS-100, NSynth-100 and FSC-89. They are publicly available 
and are widely used in prior work. Their details are given at 
the three websites1. We randomly select audio samples of 25 
classes from each one dataset. The selected samples are split 
into M parts without overlaps of classes, namely Dm (0 ≤ m ≤ 
(M-1)). Dm is composed of training dataset 𝑫  and testing 

 
1https://www.modelscope.cn/datasets/pp199124903/LS-100/summary  
https://www.modelscope.cn/datasets/pp199124903/FSC-89/summary  
https://www.modelscope.cn/datasets/pp199124903/NSynth-100/summary  

dataset 𝑫 . Table 1 presents the detailed information of the 
datasets of LS-100, NSynth-100 and FSC-89. 

Table 1: Detailed information of LS-100/ NSynth -100/FSC-89. 

Parameters Dm 𝑫  𝑫
#Classes 100/100/89 100/100/89

Length (hours) 9.72/6.67/13.11 3.33/1.52/3.28
#Samples/Class 500/200/800 100/100/200

3.2. Experimental Setup 

AA is an assessment of the overall performance of different 
methods and is defined by 𝐴𝐴 = ∑ 𝐴                                      (5) 
where 𝐴  stands for the accuracy in session m.  

The AST is pretrained on both ImageNet and AudioSet. In 
each training step, N·K samples are randomly chosen from 𝑫  to train the model in all sessions. All testing datasets of 
seen classes, namely 𝑫 ⋃ ⋯ ⋃ 𝑫 , are used to evaluate the 
model’s performance. The process is repeated 100 times to 
obtain a result that consists of a mean value and a standard 
deviation of the AA. Dimensions Log of Mel spectrum and 
prototype are set to 128 and 768 respectively. In each session, 
the model is trained for 100 epochs. The learning rate starts at 
0.001 and decays with cosine annealing. The value of (N, K) is 
set to (5, 5) without loss of generality, and λ is set to 1.  

3.3. Ablation Experiments 

In this subsection, to verify the effectiveness of the main 
components of the proposed method, we perform ablation 
analyses on the samples of the selected 25 classes in each of 
the LS-100, NSynth-100 and FSC-89. We discuss the impacts 
of the pretrained AST (P-AST), the finetuned AST (F-AST) 
and the expanded F-AST. Table 2 shows the results obtained 
by our method with different combinations of P-AST, F-AST 
and extended F-AST. Our method achieves the highest AA 
scores on three experimental datasets when using P-AST and 
extended F-AST. Namely, the proposed method achieves the 
highest AA scores of 61.85%, 65.40% and 37.36% for all 
classes. 

Table 2: Results obtained by our method on three datasets with 
different combinations of P-AST, F-AST and expanded F-AST. 

P-AST F-AST expanded
F-AST

AA (%) 
LS-100  NSynth-100 FSC-89

√ × × 60.09 54.58 34.73
× √ × 60.31 64.00 36.94
√ √ × 61.24 64.82 37.20
√ × √ 61.85 65.40 37.36

3.4. Comparison of Different Methods  

In this subsection, our method is compared with seven 
baseline methods. These methods are labelled as Finetune, 
iCaRL [24], DER [25], PODNET [26], CEC [27], FACT [28] 
and PAN [16]. The Finetune method has a tendency to overfit 
the new classes and forget the old ones after fine-tuning with 
training samples of the new classes. The iCaRL method uses 
data retention and knowledge distillation to train the 
embedding extractor and classifier to mitigate the forgetting of 
old classes. The DER method creates a new backbone for each 
updating sessions. The PODNET method proposes a spatially 
based distillation loss and a multiple proxy vector 
representation to balance the adaptivity and generalizability of 
the model. The CEC method designs a graph model to 



propagate the contextual information between classifiers. The 
FACT method builds a prototype-based classifier and reserves 
the embedding space for new classes in incremental sessions. 
The PAN method designs self-attention modified prototypes to 
dynamically expand the classifier. 

All the basic methods are carried out under the same 
conditions, and the values of the AA obtained by the different 
methods on the experimental datasets are presented in Tables 
3 to 5. Our method achieves AA scores of 61.85%, 65.40% 
and 37.36% on the audio samples from LS-100, NSynth-100 
and FSC-89, respectively. These three AA scores are higher 
than the counterparts obtained by all baseline methods. The 
advantage of our method is mainly due to the use of EDE, 
which is extensible and fuses dual embedding.  

In addition, we conduct the significance test for the 
comparison of different methods. Specifically, we analyze 
statistical significance using Friedman test (null-hypothesis 
test) [29] with Nemenyi test (post-hoc test) [30] which has 
been widely adopted for significance test. The significance test 
is performed on the average rank of the 100 test results per 
experimental dataset. Figure 3 (a) shows the number of times 

each method achieves each rank. Figure 3 (b) shows the 
results of the significance test for a confidence level α of 0.05. 
The digits from 1 to 8 represent mean rank for different 
methods. The method corresponding to small numerical values 
is superior to the method corresponding to large numerical 
values. The methods spanned by the thick black-crossbars do 
not have sufficient evidence of statistically significant 
differences. It can be concluded from Figure 3 that our method 
has advantage over baseline methods in accuracy, and this 
accuracy advantage is statistically significant. 

  
(a) Histogram of method ranks  (b) Critical difference (CD) diagram 
Figure 3: Results of significance test. (a) Visualization of the number 
of times each method achieves each rank. (b) Visualization of 
significance differences between various methods. 

Table 3: Results obtained by different methods on LS-100. 

Methods Accuracy in various sessions (%) AA 
(%) 0 1 2 3 4 

Finetune 73.56±8.87 29.71±4.92 13.82±3.52 10.49±3.10 10.07±3.37 27.53±3.07
iCaRL 73.15±8.78 34.40±7.86 21.75±5.07 18.30±3.65 17.77±3.19 33.07±4.32
DER 73.36±8.22 37.36±7.20 22.95±7.83 19.95±7.01 18.44±6.51 34.41±6.55

PODNET 73.09±7.96 38.54±5.42 27.61±4.48 24.03±3.53 24.56±2.85 37.57±3.39
CEC 85.40±6.40 52.17±6.18 39.23±4.82 32.95±3.75 29.78±3.46 47.91±4.10

FACT 88.41±5.41 55.59±4.99 41.34±4.47 33.83±3.95 29.65±3.92 49.76±4.02
PAN 85.70±6.19 52.20±6.16 39.17±4.84 32.95±3.74 29.88±3.45 47.98±4.23
Ours 91.90±3.73 70.23±3.30 54.21±2.09 46.97±2.53 45.94±2.25 61.85±2.75

Table 4: Results obtained by different methods on NSynth-100. 

Methods Accuracy in various sessions (%) AA 
(%) 0 1 2 3 4 

Finetune 71.88±5.07 52.60±5.57 34.74±3.89 27.11±3.52 24.18±3.08 42.10±2.31
iCaRL 71.70±5.12 53.51±4.71 53.66±4.14 49.07±3.46 49.48±3.33 55.48±3.70
DER 74.40±5.53 61.42±6.14 60.06±6.07 53.73±7.47 44.42±6.50 58.81±4.92

PODNET 71.87±6.83 44.89±6.01 43.58±5.26 42.93±5.08 40.97±5.96 48.85±4.50
CEC 76.13±6.03 58.15±5.51 53.80±4.52 48.26±4.69 44.34±5.11 56.14±4.14

FACT 74.97±4.92 51.94±4.91 51.43±4.50 46.54±4.04 43.45±3.65 53.27±4.51
PAN 76.71±5.85 58.38±5.47 53.92±4.43 48.44±4.64 44.48±5.03 56.39±4.20
Ours 76.16±5.49 70.18±4.28 63.46±3.23 59.16±3.61 58.02±3.05 65.40±3.80

Table 5: Results obtained by different methods on FSC-89. 

Methods Accuracy in various sessions (%) AA 
(%) 0 1 2 3 4 

Finetune 30.66±3.18 21.56±2.06 12.55±2.23 11.45±1.49 8.49±1.20 16.94±1.19
iCaRL 31.27±3.15 20.79±2.34 16.86±2.43 15.44±1.78 12.60±1.32 19.39±3.70
DER 31.12±3.02 21.39±2.44 15.63±2.14 12.93±1.52 9.14±1.08 18.04±1.10

PODNET 35.64±4.35 20.46±2.40 14.50±1.90 13.87±1.72 10.89±1.27 19.07±1.72
CEC 41.23±4.57 23.63±2.91 17.99±2.33 15.22±1.97 12.21±1.63 22.06±2.24

FACT 46.35±3.66 26.18±2.39 22.87±2.18 20.13±1.78 16.53±1.35 26.41±1.86
PAN 41.48±4.36 23.72±2.87 18.08±2.24 15.27±1.93 12.25±1.60 22.16±2.10
Ours 53.25±3.84 37.65±2.39 35.59±2.10 32.69±1.87 27.60±1.66 37.36±1.84

4. Conclusions 
In this paper, we discussed a new problem of FFCAC, and 
tried to solve this problem by designing an expandable 
dual-embedding extractor. Based on the description of our 
method and experimental evaluations, we can draw two 
conclusions. First, our method outperforms state-of-the-art 

methods in terms of AA under the same experimental 
conditions. Second, we designed an EDE to improve the 
performance of the model. Although our method possesses 
advantages over all baseline ones in AA, it still needs to be 
improved. For instance, the EDE is based on a pre-trained 
AST which requires a relatively large amount of memory, and 
more memory will be required as it expands. In future work, 
we will consider reducing memory overhead of our method. 
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