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Abstract
Audio-Language Models (ALM) aim to be general-purpose au-
dio models by providing zero-shot capabilities at test time. The
zero-shot performance of ALM improves by using suitable text
prompts for each domain. The text prompts are usually hand-
crafted through an ad-hoc process and lead to a drop in ALM
generalization and out-of-distribution performance. Existing ap-
proaches to improve domain performance, like few-shot learning
or fine-tuning, require access to annotated data and iterations of
training. Therefore, we propose a test-time domain adaptation
method for ALMs that does not require access to annotations.
Our method learns a domain vector by enforcing consistency
across augmented views of the testing audio. We extensively
evaluate our approach on 12 downstream tasks across domains.
With just one example, our domain adaptation method leads
to 3.2% (max 8.4%) average zero-shot performance improve-
ment. After adaptation, the model still retains the generalization
property of ALMs.
Index Terms: test-time adaptation, zero-shot audio classifica-
tion, audio-language models

1. Introduction
Audio-Language Models (ALMs) use language as a mode of
supervision to learn general-purpose audio representations [1,
2, 3, 4]. Once pretrained, the ALMs can be used for multiple
downstream tasks. For instance, the widely used paradigm of
CLAP [2, 5] contrastively trains an audio and text encoder on
millions of audio-text pairs and at test time shows impressive
generic zero-shot performance. Then the model is employed
in a zero-shot setup across various domains from Sound Event
Classification to Speech Emotion Recognition. For each domain,
human input in crafting text prompts helps in improving the
zero-shot performance of ALMs.

The human prompt engineering improves the ALM’s per-
formance on the specific domain. For example, manual prompt
engineering [6] from “{class}" to “this is a sound of {class}"
leads to a relative 2% improvement in performance on audio
event datasets. The text prompts are designed for each domain
using an ad-hoc experimental process. This process generally
requires knowledge of the ALM’s training data which may or
may not be available to the public. Existing approaches improve
domain performance by Few-Shot Learning (FSL). This involves
learning prompts [7] or adapters [8] using supervised training
on annotated target data. The annotation process is expensive
and may not be feasible for deployed models. FSL methods also
lead to a loss in generalization of base ALM and poor out-of-
distribution performance [9, 8].

Parallely, in the vision domain, there have been two model
adaptation frameworks: FSL and Test-Time Training [10]. The

examples for FSL are CoOp [11] and CoCoOp [11], both of
which require access to labels. On the other hand, Test-Time
Training [10] focuses on using test examples and auxiliary tasks
for full or partial model [12, 13] and prompt updates [14]. Test-
time tuning is a promising direction because it does not make
assumptions about target data distribution and does not require
labeled data. However, the existing Test-Time Training methods
require either an additional self-supervision branch, multiple
test-time examples, or suffer from high computation costs due to
parameter updates. Specifically for audio, there has not been an
exploration of test-time adaptation for ALMs, let alone compute
and parameter-efficient test-time updates.

In this work, we propose a domain adaptation method for
Contrastive ALMs that is performed at test-time using unlabeled
audio. Our method involves learning a domain vector, which
helps the model adjust to new audio domains by enforcing con-
sistent prediction across augmented views of audio. This process
is divided into three stages: Augment: The test audio is subject
to various augmentations to simulate different listening condi-
tions. Alongside this, a domain vector is incorporated into the
model’s text processing component; b) Combine: The model
makes predictions based on the augmented audio and the mod-
ified text embeddings. These predictions are then averaged to
produce a more stable and generalized output, and c) Optimize:
Finally, the averaged prediction probabilities are used to compute
self-entropy to fine-tune the domain vector, ensuring that the
model’s predictions are adapted for the domain. With only one
unlabelled audio, we see an average 3.2% (max 8.4%) zero-shot
performance improvement across 12 downstream tasks, while
retaining the generalization property of ALMs.

2. Background
2.1. Contrastive Audio-Language Models

This section provides a generic overview of Contrastive Audio-
Language models in literature. We will commonly refer to them
as “model". The model has a two-tower structure consisting
of audio and text branches. The two branches are pretrained
using contrastive learning [15]. After pretraining, the model
can be used for zero-shot classification. To illustrate, the user
provides an audio file and the N classes to classify the audio into.
The audio file is converted into a mel-spectrogram (x ∈ RT×F )
and passed to an audio encoder to produce audio embeddings
v ∈ R1×d. On the text side, N classes are tokenized and embed-
dings are obtained for each token. Then the token embeddings
are passed through a text encoder to produce text embeddings
u ∈ Rd×N . Both embeddings are projected into a common
embedding space using two independent projection layers. After
projection, the dot product is computed between the two embed-
dings. Generally, an activation function like Softmax or sigmoid
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Figure 1: Our method takes a single input audio at test time and optimizes a domain embedding using an entropy-based loss function.
The method does not require labels and enforces consistent prediction across augmented views.

is applied to obtain a valid probability distribution across N
classes of interest.

2.2. Human-crafted text-prompts

The contrastive models like CLAP [6] append prompts to classes
for better zero-shot performance. The prompts are hand-crafted
for the domain the model is being tested on. For example, a
prompt of "this emotion is " is used for Speech Emotion Recog-
nition while the prompt of "this is the sound of " is used for
Sound Event Classification. The choice of text prompt for each
task affects performance [6, 16]. From the prompt experiment,
we hypothesize that: though audio-language models have an ad-
equate understanding of audio concepts, we don’t have methods
to elicit this information from the models. The manual method
of hand-crafting prompts is cumbersome and requires domain
knowledge. Moreover, the handcrafted prompts don’t take into
account intra-task variance resulting from domain changes. For
example, zero-shot inference for the task of sound event classi-
fication can provide different performances when evaluated in
an urban city, a domestic household versus in a rainforest. This
leads us to believe an automatic unsupervised adaptation method
for zero-shot inference of audio-language can help improve per-
formance.

3. Methodology
Our approach can be summarized as learning a domain vector
a that minimizes the entropy of prediction probability obtained
from multiple audio augmentations for test audio:

min
a

−p log p

where p is the average augmentation probability distribution:
1
M

∑M
i=1 p(yi|zi)), zi is the ith augmentation for test audio x,

yi. The method is depicted in Figure 1 and is divided into three
parts: Augment, Combine, and Optimize.

3.1. Augment

The audio file is converted to a mel spectrogram (x ∈ RT×F ).
Rather than directly passing x to the audio encoder, it is first
augmented using multiple random yet controlled augmentations.
The augmentation is masking-based and inspired by SpecAug
[17]. The four main augmentations performed are:
Time Masking (TM): Random portions of spectrograms are
masked along the time axis. The width of the mask ranges from

2 to 128. The number of masked stripes ranges from 2 to 24.
Frequency Masking (FM): Random portions of spectrograms
are masked along the freq. axis. The width of the mask ranges
from 2 to 32. The number of masked stripes ranges from 2 to 24.
Time & Frequency Masking (TFM): Random portions of spec-
trograms are masked along both the frequency and time axis.
This is the combination of time masking followed by frequency
masking.
Time Reorder (TR): Audio-language models compress all au-
dio information into a single embedding which leads to loss
of temporal information [18]. Therefore, we explicitly add a
time-reorder augmentation (details in appendix).
All the augmentation along with the original input x is concate-
nated to form a batch of inputs:

x̂ = [TM(x), FM(x),TFM(x),TR(x), x]

where x̂ ∈ RM×T×F where M is number of augmentations
plus one original spectrogram. The augmented and batch of
spectrograms x̂ is passed through the audio encoder and linear
projection to obtain audio embedding v ∈ RM×d.

For the text side, the N classes are first tokenized and con-
verted to token-level embeddings. Then a learnable domain
vector is concatenated with the tokenized embeddings. The
learnable domain vector is randomly initialized. If the token-
level text embedding is t ∈ RN×tokens×d and is concatenated
with the learnable vector of k tokens, the output embedding is
t ∈ RN×(tokens+k)×d. Therefore, the method optimizes only one
vector for the domain and the one vector does not vary per class.
The t embedding is passed through a text encoder to produce
text embeddings u ∈ Rd×N . For our discussion, we consider the
independent projection layers as a part of audio and text encoder
respectively.

3.2. Combine

The audio embedding v ∈ RM×d and text embeddings u ∈
Rd×N are used to compute a dot product:

p = v · uT

where p ∈ RM×N . We use softmax to convert p into a valid
probability distribution across classes N . After softmax, p is the
probability of each class for a total of M augmented views of
the audio. The probability distribution p is averaged along the
different augmentations M to get: pavg = 1

M

∑M
i=1 pi where

pavg in RN



Average ↑ Sound Event Classification ↑ Vocal Sound
Classification ↑

Surveillance
Sound Classif.↑

Acoustic Scene
Classification↑

Model Average ESC50 US8K DCASE17
Task 4

Vocal
Sound SESA TUT 2017

Zero-Shot 62.93 93.90 82.30 46.60 79.97 64.95 53.80
One audio 64.94 93.35 85.26 50.96 82.14 73.30 54.19
Five audio 65.92 95.05 85.21 52.30 82.40 74.35 54.38

Music Classification ↑ Instrument Classification ↑ Speech Emotion
Classification↑

Model GTZAN
Music Speech

GTZAN
Genres

Beijing
Opera

NS Instr.
family

CRE
MA-D

RAV
DESS

Zero-Shot 99.20 58.40 46.60 68.00 30.00 31.54
One audio 99.21 61.00 47.45 68.28 29.92 34.25
Five audio 1.00 63.20 50.42 69.23 31.27 33.19

Table 1: Zero-shot and Test-time adaptation performance on 12 downstream tasks. The adaptation method uses one randomly chosen
unlabelled audio example and five randomly chosen unlabelled audio examples at test time. The Table reports the average numbers
across 5 runs. The metric is accuracy and higher is better for all tasks. Average ↑ is the average performance across 12 tasks

3.3. Optimise

The pavg is the average of augmented probability distributions
over N classes. To learn the domain vector, we have to use a
loss function. As the labels are not known, the constructed loss
function has to be a self-supervision or unsupervised loss. There-
fore, we choose self-entropy as the loss function. By minimizing
self-entropy, we enforce consistency across the predictions of
augmented views. Therefore, the loss function is:

L = −pavg log pavg

The loss L is calculated using a single test example and optimizes
a parameter of size: k × d, where k is the number of tokens.

4. Experiments
4.1. Downstream tasks
We benchmark our method on 12 downstream tasks [19] across
the domains of Sound Event Classification, Acoustic Scene Clas-
sification, Vocal Sounds, Music, Surveillance, and Speech Emo-
tion Recognition. The datasets used are: ESC50 [20], Urban-
Sound8K [21], DCASE2017 Task4[22], TUT 2017, GTZAN
Music Speech [23], GTZAN Genres [23], Beijing Opera Per-
cussions [19], CREMA-D [24], RAVDESS [25], Vocal Sound
[26]. The datasets have varied audio duration, classes, files, and
setups. For example, the audio duration ranges from 3 to ≥ 35
seconds, classes range from binary to 50 classes, audio files per
data range from 120 to 305k files.

4.2. Implementation details

Contrastive ALM. We use the SoTA Contrastive Audio-
Language Models [1] for our experiments. The audio encoder
is HTSAT[27] and the text encoder is a modified GPT2 [28, 29].
The audio is sampled at 44.1 kHz and converted to log Mel spec-
trograms with 64 Mel bins, a hop size of 320, and a window size
of 1024 in the range of 50-14000 Hz range. We use the zero-shot
setup of ALM as the baseline.
Test-Time Adaptation. We use a single token of dimension
768 as the learnable domain vector. Relating to Section 3.3, this
implies k is 1 and d is 768. The optimizer used is Weighted
Adam [30] with a learning rate 5e-2.

5. Results
The Results are organized as follows: Section 5.1 covers the
domain adaptation results, Section 5.2 describes the effect of

number of augmentations, Section 5.3 studies cross-domain gen-
eralization, and Section 5.4 discusses limitation of the proposed
method.

5.1. Test-time domain adaptation

The main results are shown in Table 1. As this is the first test-
time adaptation method for audio, the zero-shot performance
of the model to be adapted (CLAP) is considered baseline per-
formance. The adaptation technique using only one example,
provides an average relative improvement of 3.18% in zero-shot
performance. When 5 samples are used for adaptation, the im-
provement increases to 4.7%.

For some downstream tasks like SESA, the improvement
is 8.35% and 9.4% for 1 and 5 example adaptation respectively.
The SESA task consists of 16 kHz audio with up to 33 seconds
with classes Casual, Gunshot, Explosion, and Siren (also con-
tains alarms). However, the audio is hard to distinguish even
for humans, for example, the audio marked Casual could be a
fireworks, factory machine, or thunder which might perceptual
sound like other threat classes. The adaptation method forces
consistency among predictions for different augmented views, i.e.
it learns a vector that makes the model robust to different views
of audio in the wild. We hypothesize that this is helpful for sce-
narios where the sound is perceptually similar and requires more
fine-grained prompts to elicit the right information from audio-
language models for classification. The downstream task of
DCASE2017Task4 has similar perceptually hard-to-distinguish
sounds, where the adaptation method helps to improve zero-shot
performance by 4.36% and 5.7%.

For the downstream task of Speech Emotion Recognition
(SER), specifically dataset CREMAD, the adaptation method
leads to a drop in zero-shot performance (-0.08%) when provided
with one example. CLAP is not trained on speech data and
performs poorly on SER in a zero-shot setup. For example, the
zero-shot performance is 30%, the random performance is 17%
and the supervised performance is 75.2%. The CLAP zero-shot
performs poorly when the audio encoder has not learned relevant
features for the tasks. In such cases, our method leads to minor
or no improvements, such as in Speech Emotion Recognition
and Keyword Word Spotting.

5.2. Effect of Augmentations

For the results in Table 1, the audio files are augmented 50 times
using augmentation strategies described in 3.1. The larger the



Dataset ZS ESC50 US8K D17T4 SESA GT MS Genre Opera CREM RAVD Vocal TU17 NSyn Avg.
ESC50 93.90 93.35 81.84 46.74 72.16 100.0 60.60 40.56 26.19 31.16 81.18 54.26 67.46 62.96
US8K 82.30 90.80 85.26 49.93 67.35 97.66 54.40 44.07 23.57 32.47 76.74 45.05 62.71 60.83
D17T4 46.60 90.60 84.72 50.96 69.40 96.88 54.70 44.92 26.86 26.96 76.02 45.48 62.81 60.86
SESA 64.95 92.40 81.45 45.26 73.30 99.22 56.30 33.47 28.02 32.22 81.87 51.60 65.26 61.70
GT MS 99.20 90.75 85.01 49.70 65.64 99.21 54.70 36.02 24.96 27.59 75.91 45.31 60.42 59.60
Genre 58.40 92.55 82.38 46.15 72.60 98.44 61.00 36.44 29.54 32.14 82.21 49.75 64.05 62.27
Opera 46.60 92.40 82.56 46.74 73.01 99.22 56.59 47.45 27.61 32.30 82.46 53.58 64.50 63.20
CREM 30.00 92.60 81.92 46.07 73.58 99.22 56.69 36.02 29.92 32.38 82.18 52.59 64.99 62.35
RAVD 31.54 92.50 81.37 45.41 74.46 99.22 59.10 37.71 29.39 34.25 82.04 52.16 65.23 62.74
Vocal 79.97 92.75 81.88 46.07 74.09 99.22 58.19 36.44 28.29 32.22 82.23 51.91 64.97 62.36
TU17 53.80 92.40 81.39 45.33 73.92 99.22 56.39 33.47 28.02 32.26 81.87 54.19 65.21 61.97
NSyn 68.00 92.50 81.16 45.56 73.58 99.22 55.75 34.32 27.32 32.22 81.51 51.36 68.28 61.90
Avg. 62.93 92.13 82.58 46.99 71.92 90.64 57.03 38.41 27.47 31.51 80.52 50.61 64.66 61.21

Table 2: Cross-domain generalization. The rows indicate the dataset from which one sample is used to learn the domain vector. The
columns indicate the target dataset used for evaluation. The ZS column is the baseline zero-shot performance of CLAP. The blue diagonal
indicates the performance when the sampled audio used to learn the domain vector, comes from the target domain.

number of augmentation, the more views the adaptation method
can utilize to improve performance. To study the effect of aug-
mentation, we perform an ablation study where only an audio file
undergoes half the augmentation leading to a smaller number of
augmented views. The comparison results are shown in Table 3.
On average, the larger number of augmentation helps when either
one example or five examples are used for adaptation. Therefore,
even with 25 augmented views, the domain adaptation improves
over a zero-shot baseline. The higher number of augmentations
(views) helps in improving performance on harder tasks. There-
fore, with fewer augmentation, we see a drop in performance on
SESA where audio is perceptually hard to classify. The number
of augmentations used is a hyperparameter and can tuned and
determined based on the compute power available at inference.

One test example Five test example
25 Augmentations 63.51 63.77
50 Augmentations 64.94 65.92

Table 3: Effect of number of augmentations on domain adapta-
tion performance for one example and five example setup.

5.3. Cross-domain generalization
The base ALM is a general purpose zero-shot model. The adap-
tation of ALM to a specific domain, should not lead to a drastic
drop in its zero-shot performance. To verify if this holds for
our method, we stup an ablation study. We adapt the base ALM
CLAP on a target domain and check performance on other do-
mains. For example, we adapt CLAP to ESC50 (dataset 1 in
Table 1) and check performance on remaining datasets (dataset
{2 - 12} in Table 1). This process can be repeated T times, where
T is the number of target domains, to provide an estimate of drop
in zero-shot performance. The numerical results of the experi-
ments are shown in Table 2. The diagonal entries (higlighted in
blue), correspond to adaptation performed using one unlabelled
audio sampled from the target domain data.

As we are interested in drop in generalization of ALM com-
pared to the gain in the target domain performance, we sum-
marize the findings from Table 2 in Fig 2. On average, we
observe a 3% increase in domain performance for an average
zero-shot performance drop of 1%. The exception is domain
adpatation performed on ESC50, which slightly improves the
average zero-shot performance.

5.4. Limitations

Our adaptation method improves zero-shot performance by us-
ing one unlabelled audio at test-time. Its practical applications

Figure 2: Cross-domain adaptation performance. The x-axis
indicates the dataset used for domain adaptation. The upper
and lower bar indicate the change in - domain performance and
average zero-shot score respectively.

include on-device updates for audio-language model model to
adapt it to the user’s audio and media. In this setup, access
to labeled annotations is not possible but the model does have
access to test audio used for inference. However, compared to
zero-shot inference, the method incurs a higher computational
cost because of backpropagation used to update the domain vec-
tor and the processing of multiple augmented views. Depending
on the downstream application and the on-device compute, the
parameter update may not be feasible, limiting the applicability
of this method.

6. Conclusion
We propose a domain adaptation method for ALMs. The method
uses unlabelled audio at test-time to enforce consistent prediction
across augmented views of audio by optimizing a domain vector.
It consists of three parts: Augment, Combine, and Optimise.
Augment: The test audio is subject to various augmentations
to simulate different listening conditions. Alongside this, a do-
main vector is incorporated into the model’s text processing
component; b) Combine: The model makes predictions based on
the augmented audio and the modified text embeddings. These
predictions are then averaged to produce a more stable and gener-
alized output, and c) Optimize: Finally, the averaged prediction
probabilities are used to compute self-entropy to fine-tune the
domain vector, ensuring that the model’s predictions are adapted
for the domain. Adaption with one unlabelled audio provides
an average 3.2% (max 8.4%) zero-shot improvement and with
5 audios an average improvement of 4.7% (max 9.4%). After
adaptation, the ALM still retains its zero-shot generalization.
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