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Abstract

Many studies combine text and audio to capture multi-
modal information but they overlook the model’s general-
ization ability on new datasets. Introducing new datasets
may affect the feature space of the original dataset, lead-
ing to catastrophic forgetting. Meanwhile, large model pa-
rameters can significantly impact training performance. To
address these limitations, we introduce a novel task called
Text-Audio Incremental Learning (TAIL) task for text-
audio retrieval, and propose a new method, PTAT, Prompt
Tuning for Audio-Text incremental learning. This method
utilizes prompt tuning to optimize the model parameters
while incorporating an audio-text similarity and feature dis-
tillation module to effectively mitigate catastrophic forget-
ting. We benchmark our method and previous incremental
learning methods on AudioCaps, Clotho, BBC Sound Ef-
fects and Audioset datasets, and our method outperforms
previous methods significantly, particularly demonstrating
stronger resistance to forgetting on older datasets. Com-
pared to the full-parameters Finetune (Sequential) method,
our model only requires 2.42% of its parameters, achieving
4.46% higher performance.

1. Introduction
Multimodal interaction has always been a key mode of com-
munication in the human world, particularly with the rise of
language assistants (e.g. ChatGPT [40]). Understanding the
modalities between text and audio has become a prominent
area of research. Among these, the text-audio retrieval task
is widely applied, aiming to search an audio clip or caption
within a dataset based on a query (text or audio clip) from a
different modality.

Inspired by advancements in Large Language Mod-
els (LLM), pre-trained models on multimodal data have
achieved remarkable capabilities in multimodal understand-
ing. However, with the rapid growth of data scale and
the diversity of datasets, text-audio retrieval tasks still en-
counter two challenges in real-world applications, shown
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Figure 1. Comparison of finetuning (left) and our proposed prompt
tuning method (right) for incremental learning. In incremental
learning, finetuning updates all parameters, while we train only
a subset.

in Fig. 1. (1) Resource-Intensive Training. Training
with large-scale datasets increases the model’s parameter
requirements, thereby consuming substantial computational
resources. (2) Catastrophic Forgetting. The introduction
of new datasets (e.g. Dataset M) often disrupts the model’s
previously learned distributions from previous old datasets
(e.g. Dataset 1,...,M-1), resulting in catastrophic forgetting.

There are many research works focusing on these chal-
lenges. (1) To address the problem of parameter efficiency.
In recent years, prompt tuning methods, initially emerg-
ing in the field of parameter-efficient transfer learning, have
also proven effective in incremental learning. In the image
domain, methods such as those in [11, 12, 27, 34, 45, 48,
53, 57–59, 65] train only a small set of parameters, specif-
ically prompts, to guide a pretrained model in incremental
learning tasks without requiring storage of past examples.
In the video domain, approaches such as [42, 52, 69] uti-
lize local and global prompts to focus on temporal and spa-
tial features. Prompt tuning demonstrates strong potential
for mitigating catastrophic forgetting, as it keeps the back-
bone fixed and learns only prompts, significantly reducing
training costs and improving learning efficiency. Despite
its success in visual domains, this new paradigm remains
largely unexplored in the text-audio learning domain. (2)
To address the problem of catastrophic forgetting, various
incremental learning approaches have been developed, in-
cluding knowledge distillation based [1, 16, 73], exemplar-
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Figure 2. Comparison of our method with previous methods in
terms of forgetting degree (x-axis), performance (y-axis), and pa-
rameter scale (circular shadow). Finetuning suffers from severe
forgetting issues, which our approach successfully addresses in a
parameter-efficient way.

based [24, 44], representation-based [18, 32, 37, 67] and
regularization-based [4, 19, 21, 31, 46] methods. These
approaches primarily target tasks in continual or incre-
mental video classification [41, 43, 73], image classifica-
tion [14, 49], language or joint-vision-language tasks [26,
47], and self-supervised representation learning and pre-
training [4, 13, 32]. However, these methods often en-
counter limitations: some achieve suboptimal performance
due to restricted buffer sizes, while others require retrain-
ing all model parameters, resulting in increased training
costs and substantial resource demands. Furthermore, these
methods rarely conduct research specifically focused on
text-audio learning.

In this paper, we introduce a novel task called Text-
Audio Incremental Learning (TAIL). TAIL is aimed at
training models to perform text-audio retrieval continuously
across new datasets without forgetting knowledge from pre-
vious ones. For this task, we propose a parameter-efficient
method Prompt Tuning for Audio-Text Incremental Learn-
ing (coined as PTAT) as a starting point to benchmark the
TAIL task. In PTAT, we propose two key modules. For
the resource-intensive training challenge, we proposed a
parameter-efficient Audio-Text Prompt Generation (ATPG)
module to efficiently bridge the gap between the audio and
text features and learn new knowledge. Moreover, for the
catastrophic forgetting challenge, to preserve and leverage
the previously learned knowledge, we design an Audio-
Text Similarity and Feature Distillation (ATSFD) module
to distill the learned audio feature, text feature, and their
similarity into new incremental steps, which enables the
model to preserve previously learned cross-modal audio-
text correlations in new datasets. As shown in Fig. 2, we
calculate the forgetting level based on the percentage drop
in average R@10. Compared to other methods, our pro-
posed PTAT model achieves superior retrieval performance

with fewer parameters and retains the lowest model for-
getting level in text-audio incremental learning across all
datasets.

Our contributions are summarized as follows:
• We introduce a novel Text-Audio Incremental Learn-

ing (TAIL) task with the goal of retrieving a
text/audio clip from an audio clip/text database, an
area previously unexplored in incremental learning
research, and build a concise and parameter-efficient
benchmark.

• We developed the Prompt Tuning for Audio-Text in-
cremental learning (PTAT) method that achieves effi-
cient performance with a minimal number of param-
eters, effectively alleviating the issue of catastrophic
forgetting on previous datasets as new datasets are in-
crementally added.

• We experimentally demonstrate that PTAT outper-
forms the state-of-the-art on four audio-text datasets
including AudioCaps, Clotho, BBC Sound Effects,
and Audioset.

2. Related work
2.1. Text-to-Audio Retrieval

The Text-to-Audio retrieval task [39, 62, 63], which aims
to retrieve relevant text from a text database based on a
given audio input, has garnered considerable attention. Dif-
fATR [62] introduces a diffusion-based generative frame-
work for Audio-Text Retrieval, modeling the joint probabil-
ity distribution between text and audio, and demonstrating
effective retrieval performance and adaptability to out-of-
domain samples on the AudioCaps and Clotho datasets. In
contrast, recent work [39] addresses the under-explored is-
sue of temporal order comprehension in audio, evaluating
this capability using the AudioCaps and Clotho datasets, in-
troducing a synthetic dataset named SynCaps, and propos-
ing a text-text contrastive loss to enhance retrieval accu-
racy. Additionally, LGMM [55] presents a local-to-global
multiscale matching method that refines multiscale align-
ment by leveraging intrinsic relative correlations within
each modality, thus effectively addressing challenges asso-
ciated with binary cross-modal matching labels. However,
these works have ignored the generalizability of audio/text
retrieval tasks to new datasets. Our proposed method can
maintain the retrieval ability of the model itself while adapt-
ing to new datasets.

2.2. Audio Incremental Learning

Incremental or continual learning [36, 54, 70, 71] is de-
fined as training a learner for several tasks sequentially,
without forgetting knowledge obtained from the preced-
ing tasks. The data from the old tasks is no longer avail-
able when training new tasks. Various methods have been



proposed to prevent catastrophic forgetting in continual
learning. DFWF [30] uses a knowledge distillation loss
to preserve memory from the original model, and static
memory networks [25] introduce static memory to reduce
memory usage and model complexity. Few-shot CL [56]
enables fast and interactive model updates in a few-shot
learning framework to expand the audio classifier to rec-
ognize novel classes, while AI-CL [38] uses a combina-
tion of the parameter-efficient Convolutional Adapter and
the compute-efficient Frequency-Time factorized Attention
to efficiently learns new tasks and prevents catastrophic
forgetting. IODFD [36] propose a cosine similarity-based
distillation loss and use it along with a Kullback-Leibler
divergence-based distillation loss to preserve knowledge
about the old classes. Currently, there has been no work
focused on Audio-Text incremental learning. In this paper,
we introduce a text-audio incremental learning task to ad-
dress this missing task in practical applications.

2.3. Prompt-based Transfer Learning

Many recent works have focused on efficient transfer learn-
ing and fine-tuning techniques for downstream tasks, espe-
cially using the prompt tuning method, a highly lightweight
and effective method for enabling model transfer across
different tasks or datasets. These methods achieve ef-
ficient fine-tuning by inserting learnable prompt vectors
at different locations inside a transformer encoder while
freezing other parameters during training. [17, 20] pro-
posed an effective and efficient visual prompt tuning ap-
proach for large-scale transformer-based model adaptation.
PETL AST [3] presents a detailed investigation of com-
mon parameter-efficient methods including prompt tuning,
adapters, and LoRA on Audio Spectrogram Transformer.
For cross-modal learning, I-VL [23] uses text prompts to
bridge the gap between static images and videos. [5, 29, 50,
60] added learnable prompts to the input of the text encoder
to enhance the model’s learning capacity on new tasks.
[66, 69] used interactive prompts across different modali-
ties to fine-tune both uni-modal and multi-modal features.
[2, 7, 64, 68] achieved a significant accuracy improvement
when adapting CLIP to unseen domains with only training a
lightweight prompt generator. Our approach PTAT is based
on the state-of-the-art model [66] to perform parameter op-
timization.

3. Method
We proposed PTAT, a parameter-efficient framework for
text-audio retrieval in incremental learning. We first intro-
duce the task definition for parameter-efficient incremen-
tal Text-Audio retrieval in Sec. 3.1, and then we provide a
comprehensive overview of the proposed PTAT framework
in Sec. 3.2. Finally, we present the PATA model’s training
objectives in Sec. 3.3.

3.1. Task Definition

Text-Audio Incremental Learning (TAIL) task for text-
audio retrieval aims to iteratively train a model FΘ on a
sequence of M datasets {D1,D2, . . . ,DM} with specified
parameters Θ, enhancing feature mapping between audio
and text representations. At incremental step m, dataset
Dm corresponding training set can be denoted as Dm =
{(Xa

m,i, X
t
m,i)}Ni=1, where Xa

m,i and Xt
m,i denote the i-

th input sample’s audio and text pair respectively in Dm.
The objective is to input text Xt

m (or audio clip Xa
m) to re-

trieve the most relevant audio clip Xa
m (or text Xt

m) from
the counterpart database.

3.2. Overall Framework

Fig. 3 illustrates our Prompt Tuning Audio Text (PTAT)
model architecture, which is a compact and parameter-
efficient framework to solve the TAIL task. The model con-
sists of an audio encoder to generate audio embeddings and
a text encoder to get text embeddings, as well as two key
modules: an Audio-Text Prompt Generation module and an
Audio-Text Similarity and Feature Distillation module. We
present the details of the two modules below.
Audio-Text Prompt Generation (ATPG). Inspired by the
prompt-based incremental learning paradigm in the vision
domain [66] to propose an effective audio-text joint prompt-
ing approach. Mel spectrogram can retain the original au-
dio sequence characteristics by splitting it into patches and
adding position encoding.

As shown in Fig. 3, for audio, we design a set of global
prefix audio prompts (purple), denoted as A = {Aj ∈ Rd |
j ∈ N, 1 ≤ j ≤ na

pre}, which are prepended to the audio
query prior to audio embedding. d represents the prompt
vector dimension, and na

pre indicates the number of audio
prompts. The generated audio prompts can be input to any
layer of the audio encoder, concatenated with the audio em-
beddings at that specific layer.

For text, inspired by [22], we implement a set of deep
text prompts to enhance text representation, consisting of
prefix text prompts (light blue)) Tpre = {T j

pre ∈ Rd | j ∈
N, 1 ≤ j ≤ nt

pre} and postfix text prompts (dark blue)
Tpost = {T j

post ∈ Rd | j ∈ N, 1 ≤ j ≤ nt
post}. The prefix

text prompts are prepended to the text query before word
embedding, while the postfix text prompts are appended af-
terward. Here, d is the dimensionality of the prompt vec-
tors, and nt

pre and nt
post represent the numbers of prefix and

postfix prompts, respectively. The generated text prompts
are input to the first layer of the text encoder, where they
are append/prepend to the text embeddings.

The audio and text prompts mentioned above are inter-
connected. As shown in Fig. 3 ATPG module, we design a
simple and efficient prompt that can effectively connect two
modalities. Inspired by [66], we consider using two simple
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Figure 3. Overview of our framework: Our model framework comprises two key modules: Audio-Text Prompt Generation (ATPG) and
Audio-Text Similarity and Feature Distillation (ATSFD). (a) Within ATPG, we generate a set of interconnected, trainable global audio
prompts, denoted as A (purple), along with prefix (light blue) and postfix (dark blue) text prompts, Tpre and Tpost. During training, both
the audio and text encoders are kept frozen, with prompts added to facilitate optimization. (b) In ATSFD, we apply feature distillation and
similarity distillation between the current step m and the previous step m − 1 to retain model knowledge. The gray line represents the
similarity distillation loss LSD , while the green and orange lines denote text feature distillation and audio feature distillation in LFD .

linear layers, Spre
linear and Spost

linear, to map the audio prompts
A to the text prefix and text postfix prompts. This process
can be formulated as follows:

Tpre = Spre
linear(A),

Tpost = Spost
linear(A)

(1)

where A is the audio prompts, and Tpre / Tpost is the text
prefix / postfix prompts.

The audio text prompt generation modules enable effi-
cient interaction by mapping different modal prompts from
the shared latent space through the linear layers, which en-
sures the cross-modal alignment between audio and text.
We choose to map audio prompts to text prompts, compared
to text, audio spectrograms contain richer information. We
aim for text prompts to learn from audio prompts.
Audio-Text Similarity and Feature Distillation (ATSFD).
A crucial aspect of incremental learning is preserving cross-
modal semantic similarity to mitigate forgetting when learn-
ing new data [35, 51]. To achieve this, as shown in Fig. 3,
we designed the Audio-Text Similarity and Feature Distil-
lation module.

Specifically, during an incremental step m (Datasetm is

abbreviated as Dm) where m > 1, we employ the audio and
text embeddings generated by the audio and text encoders
from the previous incremental step m−1 (Dm−1) as targets
for the knowledge distillation process. These targets guide
the learning of the current audio and text embeddings. We
use the following formulation to express it:

Distafeature = E(Xa,Xt)∼Dm

[
KL

(
Ea

k ∥ Ea
m−1

)]
,

Dist tfeature = E(Xa,Xt)∼Dm

[
KL

(
Et

k ∥ Et
m−1

)] (2)

where Distafeature is the audio feature distillation and
Dist tfeature is the text feature distillation. The feature distil-
lation LFD loss can be formulated as:

LFD = Dist tfeature +Distafeature (3)

Additionally, because semantic redundancy may exist
between audio or text across different datasets, it is impor-
tant to prevent the model from forgetting similar seman-
tic information from previous datasets when learning new
audio-text pairs from a different dataset. Therefore, during
an incremental step m where m > 1, we use the audio-text
similarity generated by the model from the previous incre-
mental step m− 1 as a target for the knowledge distillation



process of the current audio-text similarity. This process
can be expressed as follows:

Dista2tsim = E(Xa,Xt)∼Dk

[
KL

(
Ca2t

k ∥ Ca2t
m−1

)]
,

Dist t2asim = E(Xa,Xt)∼Dk

[
KL

(
Ct2a

k ∥ Ct2a
m−1

)] (4)

where Dista2tsim is the audio to text similarity distillation and
Dist t2asim is the text to audio similarity distillation. The sim-
ilarity distillation loss LSD can be formulated as:

LSD = Dist t2asim +Dista2tsim (5)

3.3. Training Objectives

We train our model by increasing the similarity and feature
distribution alignment between positive pairs of text and au-
dio features.

Given the audio features and text features output by the
audio encoder and text encoder, a symmetric cross-entropy
loss is used for contrastive learning to maximize the align-
ment between these features and effectively minimize the
distance between similar text-audio pairs while pushing
apart dissimilar pairs. The symmetric cross-entropy loss
along the text and audio axis respectively are as follows:

ℓt2a =
1

N

N∑
i=0

log diag(softmax(Ct2a)),

ℓa2t =
1

N

N∑
i=0

log diag(softmax(Ca2t))

(6)

The contrastive learning loss is as follows:

Lcontrast = ℓt2a + ℓa2t (7)

Furthermore, we apply KL divergence to align the fea-
ture distributions of the output from the audio encoder and
text encoder, enhancing the accuracy of audio-text retrieval.
This is expressed as:

Lkl = E(Xa,Xt)∼Dk
[KL (Ea ∥ Et) + KL (Et ∥ Ea)] (8)

We propose two additional losses to address incremental
learning tasks. To mitigate the forgetting issue in incremen-
tal learning and ensure consistency and alignment of the
model across different feature spaces, we apply the losses
LFD and LSD defined in Equ. 3 and Equ. 5.

The overall training objective is a weighted combination
of losses for the audio-text retrieval task and the incremental
learning tasks:

L = Lkl + λLcontrast + LFD + αLSD (9)

where λ and α are temperature parameters.

4. Experiments
4.1. Experimental Setup

Datasets. We conduct experiments with our PTAT frame-
work, comparing it to baselines on the AudioCaps [28],
Clotho [8], AudioSet SL, and BBC Sound Effects subsets
within the WavCaps [33] dataset. AudioCaps [28] con-
tains approximately 50,000 audio clips sourced from Au-
dioSet [15], the largest audio event dataset, and is annotated
by human listeners. Clotho [8] comprises around 6,000 au-
dio clips from the FreeSound2 platform, each clip accom-
panied by five human-annotated captions. The AudioSet
SL and BBC Sound Effects subsets are part of the Wav-
Caps [33] dataset.

Since neither AudioSet SL nor BBC Sound Effects pro-
vides predefined training and test splits, we manually di-
vided the data for these datasets. The AudioSet SL subset
contains 58,000 audio clips (after excluding portions over-
lapping with AudioCaps from the original AudioSet SL),
which we randomly split into a training set of 55,000 sam-
ples and a test set of 3,000 samples. The BBC Sound Effects
dataset consists of more than 30,000 audio clips recorded
worldwide over the past century, which we randomly di-
vided into a training set of 28,000 samples and a test set of
2,000 samples.

For our incremental learning setup, we define four in-
cremental steps: AudioCaps as the first step, Clotho as the
second, BBC Sound Effects as the third, and AudioSet SL
as the fourth.
Evaluation Metrics. We evaluate the audio-text cross-
modal retrieval performance of all methods in our exper-
iments using Recall@1, Recall@5, and Recall@10. For
a given query, Recall@k is 1 if the positive item ap-
pears within the top k retrieved items, and 0 otherwise.
In the context of incremental learning, we also consider
the average performance across all seen datasets. The
AverageRecall@k of a model is the mean of Recall@k
values across each dataset, and is defined as:

AverageRecall@k =
1

m

M∑
m=1

Recall@km (10)

where Recall@km denotes the Recall@k on the m-th
dataset after completing training on the m-th dataset (in-
cremental step m).
Implementation Details. We select HT-SAT [6] as the au-
dio encoder and ROBERTA [72] as the text encoder, given
their widespread use in previous work [9, 61] and proven
effectiveness in audio-text learning. For the HT-SAT audio
encoder, all audio clips are randomly cropped or padded to
10 seconds to meet HT-SAT’s fixed-size input requirement.

We use the Adam optimizer to train the model with a
learning rate of 5 × 10−5 and a weight decay of 1 × 10−4.



Table 1. Comparison with Baselines: Results on Each Dataset After Sequential Training Across Four Datasets(AudioCaps, Clotho, BBC
Sound Effects, and Audioset). The results present the model’s performance at the Current Step of the experiment.

Method Parameters
AudioCaps (Trained on Step 1) Clotho (Trained on Step 2)

Audio-to-Text Text-to-Audio Audio-to-Text Text-to-Audio

R@1 R@5 R@10 R@1 R@5 R@10 R@1 R@5 R@10 R@1 R@5 R@10

AI-CL [38] 6.96M 14.28 41.13 56.19 17.58 45.50 58.66 5.13 15.31 23.35 4.20 14.35 23.64
VPT (shallow) [20] 3.69M 26.85 63.65 78.23 37.45 70.34 82.68 9.53 26.18 37.07 9.67 25.84 38.18
VPT (deep) [20] 3.69M 20.35 51.38 67.52 25.23 54.63 70.34 7.00 21.21 31.29 6.12 18.28 29.57
I-VL [23] 3.68M 28.64 64.19 78.87 36.24 69.26 84.03 10.51 26.10 36.86 10.62 25.55 36.36
LoRA [10] 4.75 M 28.00 62.77 76.97 35.97 66.85 79.73 9.80 26.26 37.97 8.33 24.69 35.89

Finetune (Sequential) 157.97M 29.40 62.85 76.81 40.00 69.66 82.42 9.82 25.82 35.04 10.72 24.88 35.89
Finetune (Joint) 157.97M 20.67 51.60 66.28 26.17 57.45 71.54 10.35 29.49 41.55 13.01 31.39 43.92

PTAT 3.82M 30.12 65.96 80.03 40.27 72.62 85.37 12.23 31.25 44.02 13.59 32.34 43.83

Upper Bound - 31.95 67.09 79.84 42.01 73.29 86.31 13.88 35.77 49.49 18.37 40.96 54.64

Method Parameters
BBC Sound Effects (Trained on Step 3) Audioset (Current Step)

Audio-to-Text Text-to-Audio Audio-to-Text Text-to-Audio

R@1 R@5 R@10 R@1 R@5 R@10 R@1 R@5 R@10 R@1 R@5 R@10

AI-CL [38] 6.96M 2.50 5.85 8.90 2.25 9.50 15.75 3.90 9.40 12.87 7.00 20.67 29.33
VPT (shallow) [20] 3.69M 2.75 7.55 10.95 3.00 16.00 24.50 6.80 13.27 16.23 15.00 35.67 48.17
VPT (deep) [20] 3.69M 2.65 7.80 10.70 3.25 13.25 23.00 5.57 12.33 15.53 11.50 31.33 43.50
I-VL [23] 3.68M 2.50 8.05 10.95 3.75 17.00 25.00 6.90 13.53 16.43 16.83 39.50 50.33
LoRA [10] 4.75M 3.00 8.05 11.25 4.50 15.75 23.25 6.63 13.73 17.07 17.17 36.67 48.17

Finetune (Sequential) 157.97M 2.65 6.55 10.70 3.25 14.25 21.75 8.70 15.13 17.50 22.67 48.83 60.50
Finetune (Joint) 157.97M 3.60 9.20 12.60 7.25 21.00 31.50 4.57 11.40 14.87 10.33 26.67 40.00

PTAT 3.82M 3.75 8.40 12.10 5.75 22.00 30.00 6.30 13.13 16.30 17.33 37.67 49.50

Upper Bound - 8.65 14.95 17.45 24.25 47.25 58.50 8.90 15.57 18.43 25.00 50.83 63.17

Table 2. Results of Average Retrieval across Four datasets. (Here
Ft means Finetune).

Method
Audio-to-Text Text-to-Audio

R@1 R@5 R@10 R@1 R@5 R@10

AI-CL [38] 6.45 17.92 25.33 7.76 22.50 31.85
VPT (shallow) [20] 11.48 27.66 35.62 16.28 36.96 48.38
VPT (deep) [20] 8.89 23.18 31.26 11.53 29.37 41.60
I-VL [23] 12.14 27.97 35.78 16.86 37.83 48.93
LoRA [10] 11.86 27.70 35.81 16.49 35.99 46.76

Ft (Sequential) 12.64 27.59 35.01 19.16 39.41 50.14
Ft (Joint) 9.80 25.42 33.83 14.19 34.13 46.74

PTAT 13.10 29.69 38.11 19.30 40.35 51.61

Across all four datasets, the maximum number of training
epochs for each incremental step is set to 60, with a batch
size of 128. The temperature hyperparameter τ is set to
0.07, α to 0.1, and λ to 0.5. For prompt generation, the
length of the audio prompt is set to 12, which is also the
length for both prefix text prompts and postfix text prompts.
In each training step, we initialize the model with weights
from the trained model in the last step. We then train the
model with the new dataset for the current step and evaluate
its performance on all previously encountered datasets.

4.2. Baselines

As we are the first to introduce the task of Text-Audio
Incremental Learning and there is no prior related work,
we selected the state-of-the-art method in the field of au-
dio incremental learning AI-CL [38] and several effec-
tive prompt tuning approaches, VPT [20] and I-VL [22],
to build a benchmark. We also selected another popular
parameter-efficient transfer learning approach LoRA [10],
which learns low-rank matrices to approximate parameter
updates and reduce the number of trainable parameters.
These methods have been shown to be effective in fine-
tuning models and enabling efficient transfer across various
tasks. Meanwhile, we also compare our method with the
fine-tuning method.

The following are the baseline details:
• AI-CL [38]. We use the Audio Spectrogram Transformer

with Frequency-Time factorized Attention, as proposed
in their method, as our audio encoder. In step 1, we
fully train both the audio encoder and the text encoder; in
subsequent steps, we follow their approach. Specifically,
we utilize the proposed adapter, training only the adapter
while freezing the rest of the structure. The model’s input
and training setup are the same as in our method.

• VPT [20]. We compared the two types of prompts dis-



(a) Step Results for AudioCaps. (AudioCaps is trained in step 1.)

(b) Step Results for Clotho. (Clotho is trained in step 2.)

Figure 4. Incremental step evaluation on AudioCaps dataset (step 1) and Clotho dataset (step 2).

cussed in the paper: (1) VPT (shallow) prompts and (2)
VPT (deep) prompts. For the shallow prompt approach,
we add an audio prompt before the input to the audio
encoder. In contrast, for the deep prompt approach, we
add a learnable prompt at each layer of the audio encoder.
During training, we only train the prompts and projection
layers while freezing the rest of the model.

• I-VL [22]. We incorporate a text prompt into our text em-
beddings, while the audio embeddings remain the same.
Similar to VPT, we freeze the audio and text encoder, only
training the text prompts and projection layers.

• LoRA [10]. To apply LoRA, we applies trainable low-
rank updates to Wq and Wv in Multi-Head Self Attention,
and we’ve integrated this into the audio encoder, freezing
its other parameters and the text encoder.

• Finetuning approach. We designed two variations: (1)
Finetune (Sequential). Follows a sequential finetuning
process on each dataset, aligning with incremental learn-
ing. (2) Finetune (Joint). Employs a joint training ap-
proach, combining all datasets. In the two finetuning
methods, all parameters are trained without additional
prompts or knowledge distillation, effectively using the
basic contrastive audio-text learning approach from [9].

• Upper Bound. To evaluate the upper bound, we define
the results from fine-tuning on each dataset’s test dataset
independently as the upper bound. This method utilizes
full parameter updates without any forgetting or perfor-
mance gaps between datasets.

4.3. Main Results

We present our main experimental results after sequential
training on four datasets, with the training order being Au-
dioCaps(step 1), Clotho (step 2), BBC Sound Effects (step
3), and Audioset (current step). As shown in Tab. 1, Our
method PTAT significantly outperforms AI-CL, VPT (shal-
low), VPT (deep), and I-VL in the 1-3 steps, specifically
AudioCaps (step 1) and Clotho (step 2). In the current step,
we maintain a comparable level with these four methods in
both the Audio-to-Text and Text-to-Audio subtasks across
R@1, R@5, and R@10 metrics. This demonstrates that
our method more effectively prevents catastrophic forget-
ting and exhibits superior model generalization capabilities.

Finetune (sequential), as the upper bound for the cur-
rent step on Audioset, achieves the highest values in both
audio-to-text and text-to-audio retrieval tasks at the current
step. However, it demonstrates a certain degree of forget-
ting over steps 1-3, performing less effectively than our pro-
posed PTAT method. This indicates that our PTAT method
possesses a stronger resistance to forgetting, even with
fewer parameters. At the same time, the Finetune (Joint)
method, which applies full-parameter fine-tuning with joint
training across datasets, effectively prevents catastrophic
forgetting. However, it still performs worse than the Fine-
tune (sequential) method in audio-to-text and text-to-audio
retrieval tasks on the AudioCaps (step 1) and Audioset (cur-
rent step) datasets. This indicates that, unlike other class-
incremental learning tasks, there exists a domain gap be-



Table 3. Ablation study on the effect of adding audio prompts at different layers of the audio encoder.

Layer index Parameters
AudioCaps Clotho BBC Sound Effects Audioset

R@1 R@5 R@10 R@1 R@5 R@10 R@1 R@5 R@10 R@1 R@5 R@10

Layer 1 3.82M 35.20 69.29 82.70 12.91 31.80 43.93 4.88 13.58 19.93 11.82 25.40 32.90
Layer 2 3.97M 33.96 67.97 80.98 12.44 31.72 43.83 4.45 13.73 20.80 10.98 25.15 31.83
Layer 3 4.27M 34.66 68.29 82.05 12.56 31.49 43.29 5.93 14.18 20.43 11.92 25.58 33.68

Table 4. Ablation study on different feature and similarity distilla-
tion loss items in our method.

Loss term
Audio-to-Text Text-to-Audio

R@1 R@5 R@10 R@1 R@5 R@10

Base 11.52 27.10 35.15 16.33 36.74 47.53
+LFD 12.42+0.90 28.78+1.68 37.02+1.87 18.19+1.86 38.24+1.50 50.50+2.97
+LSD 13.02+1.50 29.33+2.23 38.15+3.00 18.14+1.81 39.24+2.50 51.11+3.58
+LSD ,LFD 13.10+1.58 29.69+2.59 38.11+2.96 19.30+2.97 40.35+3.61 50.61+3.08

Table 5. Ablation study on different dataset training sequence.

Method
Audio-to-Text Text-to-Audio

R@1 R@5 R@10 R@1 R@5 R@10

VPT(shallow) 9.77 24.77 32.89 13.70 32.44 43.07
LoRA 10.75 25.46 33.59 14.66 33.40 44.22
Ft.(Sequential) 11.77 27.07 34.70 15.64 35.71 44.54

PTAT 12.55 28.20 35.95 18.53 37.95 49.29

tween these four datasets, and thus, the joint full-parameter
training approach does not represent the upper bound for
this task.

To provide a more comprehensive comparison of model
performance, we use the average recall across these four
datasets as the final evaluation metric for each method. As
shown in Tab. 2, in the Text-to-Audio and Audio-to-Text
retrieval tasks, our method outperforms other methods on
R@1, R@5, and R@10 metrics. Among methods with sim-
ilar parameter sizes, including VPT (shallow), VPT (deep),
and I-VL, I-VL achieves the best results. Compared to the
I-VL method with a similar parameter scale, our method
achieves an average improvement of 7% on average. Due
to the domain gaps across datasets, the Finetune (Joint)
method, despite using a larger parameter size, performs
significantly worse than the Finetune (Sequential) method.
Compared to the large-scale Finetune (Sequential) method,
our method only requires 2.42% of its parameters, while
still achieving 4.46% higher performance.

To more intuitively demonstrate the model’s resistance
to forgetting, as shown in Fig. 4, we focus on the model’s
memory performance on the first two datasets. Fig. 4a illus-
trates the incremental learning performance on AudioCaps
(starting training at step 1), while Fig. 4b shows the test
accuracy of Clotho (starting training at step 2) at each in-
cremental step. It is evident that our PTAT method experi-
ences the smallest accuracy drop in each incremental step
and consistently maintains the highest accuracy, demon-
strating strong resistance to forgetting and stable accuracy
throughout the training process. Additionally, we observed
that VPT (deep) exhibits more severe forgetting compared

to VPT (shallow), suggesting that due to the relatively sim-
ple structure of the audio encoder, excessive prompts may
lead to more pronounced forgetting.

In summary, our method demonstrates clear superiority
in audio-text incremental learning, outperforming both fine-
tuning and other baseline approaches in terms of effective-
ness and efficiency.

4.4. Ablation Studies

Prompts Adding Layer. To analyze the different effects
of adding prompts at various layers within the encoder, we
conducted experiments on different transformer layers of
the audio encoder, with the results shown in Tab. 3. Since
HTSAT only has 4 layers, we conducted experiments on the
first, second, and third layers. We have found that adding
prompts at Layer 1 significantly enhances the model’s re-
sistance to forgetting, particularly achieving great perfor-
mance on the AudioCaps and Clotho datasets. It also re-
quires fewer parameters than adding prompts at Layer 2 and
Layer 3. In contrast, adding prompts at Layer 3 helps the
model learn new datasets, as evidenced by improved results
on the last two datasets, BBC Sound Effects and Audioset.
However, it reduces the model’s ability to retain information
from previously trained datasets.
Similarity and Feature Distillation. We analyze the ef-
fectiveness of our proposed Audio-Text Similarity and Fea-
ture Distillation module by removing single or both parts
from our PTAT model. As shown in Tab. 4, using Simi-
larity and Feature Distillation (Full (L)) achieves the best
performance compared to no distillation or using only indi-
vidual Similarity/Feature Distillation.This demonstrates the
effectiveness of our proposed Similarity and Feature Distil-
lation module.Among them, the combination of removing
both Similarity Distillation (LSD) and Feature Distillation
(LFD) performs the worst. Compared to adding only Fea-
ture Distillation, adding only Similarity Distillation results
in a more significant improvement.
Different Dataset training sequence. To reflect real-
world data dynamics, we tested our model’s performance
by varying the sequence of dataset additions (AudioCaps
trained in step 1, Clotho trained in step 2, BBC Sound Ef-
fects trained in step 3, AudioSet trained in step 4). As
shown in Fig. 5, the results confirm the effectiveness of our
method, regardless of the order of the data set. This will
provide insights into how the model can adapt to more flex-
ible data updates.



5. Conclusion

This work introduces TAIL, a novel text-audio incremental
learning task. Its challenges focused on achieving continu-
ous text-audio retrieval tasks across sequentially expanding
datasets, which is previously unexplored. To benchmark
the TAIL task, we propose a parameter-efficient method
named PTAT, which tackles the task by learning cross-
modal prompts tuning and incorporating an audio-text sim-
ilarity and feature distillation module. PTAT primarily
comprises two components: Audio-Text Prompt Generation
(ATPG) and Audio-Text Similarity and Feature Distillation
(ATSFD). ATPG generates a series of interconnected au-
dio and text prompts, leveraging prompt tuning to optimize
parameters efficiently. ATSFD mitigates catastrophic for-
getting by constraining the output of the new model based
on the output of the previous model. We benchmark our
method and previous incremental learning or prompt tuning
methods on AudioCaps, Clotho, BBC Sound Effects and
Audioset datasets, and our method outperforms previous
methods significantly, particularly demonstrating stronger
resistance to forgetting on older datasets.
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