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Abstract—One fascinating aspect of pre-trained Audio-
Language Models (ALMs) learning is their impressive zero-shot
generalization capability and test-time adaptation (TTA) methods
aiming to improve domain performance without annotations.
However, previous test time adaptation (TTA) methods for ALMs
in zero-shot classification tend to be stuck in incorrect model pre-
dictions. In order to further boost the performance, we propose
multiple guidance on prompt learning without annotated labels.
First, guidance of consistency on both context tokens and domain
tokens of ALMs is set. Second, guidance of both consistency
across multiple augmented views of each single test sample and
contrastive learning across different test samples is set. Third,
we propose a corresponding end-end learning framework for the
proposed test-time adaptation method without annotated labels.
We extensively evaluate our approach on 12 downstream tasks
across domains, our proposed adaptation method leads to 4.41%
(max 7.50%) average zero-shot performance improvement in
comparison with the state-of-the-art models.

Index Terms—test-time adaptation, contrastive audio-language
models, multiple consistency guidance.

I. INTRODUCTION

In recent years, audio-language models (ALMs) learn-
ing under language supervision exhibit promising zero-shot
transferability [1, 2, 3, 4]. Pretrained on large-scale paired
audio-text datasets, ALMs like CLAP [1, 5] can generalize
well to new audio data without requiring task-specific fine-
tuning. However, its zero-shot performance heavily relies on
the effectiveness of prompts used [5] during inference. The
process of manually designing these prompts is both labor-
intensive and computationally demanding. Furthermore, while
few-shot learning [6, 7] offers an alternative by leveraging
limited labeled data, it is not always feasible, especially when
dealing with out-of-domain (OOD) scenarios, where model
performance tends to degrade significantly.

Adaptation methods have been extensively explored to fine-
tune learnable prompts using a limited number of labeled test
samples, improving model performance in zero-shot scenar-
ios. Context optimization (CoOp) is developed to optimize
context-aware prompts with minimal labeled data [8], it is
then extended by proposing conditional context optimization
(CoCoOp) [9], which dynamically adjusts prompts based on
input instances, improving generalization across both seen and
unseen classes. Then, self-regulating prompts [10] explicitly

steer the prompts to learn a representation space by regu-
larization that maximize performance on downstream tasks
without compromising CLIP [11] generalization. In addition,
generalization of large foundation models is improved through
enforcing consistency [12] on two perturbed inputs and com-
bining two dominant paradigms of tuning, prompting and
adapter. However, these existing methods require access to
annotated target data which is expensive and impractical for
deployment.

Besides, several unsupervised methods have been proposed
to improve model performance under distribution shifts. Test-
Time Training (TTT) [13] introduces self-supervised learning
at test time by updating model parameters based on each
test sample, which has shown improvements in generalization.
Extensions like TTT++ [14] and Tent [15] further optimize
test-time adaptation by minimizing entropy and exploring con-
trastive learning objectives. Moreover, masked autoencoders
have been applied to this domain, as shown in [16], enhanc-
ing generalization by learning from partially visible inputs.
Another approach, MEMO [17], augments and adapts models
at test time to improve robustness against distribution shifts.
Test-Time Prompt Tuning (TPT) [18, 19] tries optimizing the
learnable prefix tokens by minimizing the entropy. However,
these existing unsupervised methods tend to be stuck in
incorrect model predictions in test-time adaptation, and the
performance is beyond satisfaction.

Therefore, in order to boost the performance in the test-time
adaptation without annotated audio samples, we propose an
end-end framework based on multiple type of guidance. First,
guidance of consistency on both context tokens and domain
tokens of audio-language models (ALMs) is set in the test
time adaptation. Second, guidance of both consistency across
multiple augmented views of each single test sample and
contrastive learning across different test samples is set. Third,
a corresponding end-end learning framework for the proposed
test-time adaptation method is built without annotated labels.
In the evaluation, extensive experiments are conducted on 12
downstream tasks across domains. In the comparison with the
state-of-the-art models, the proposed adaptation method leads
to 4.41% (max 7.50%) average zero-shot performance.
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Fig. 1. Our end-end Test-time Tuning framework. (1) Augmentation. Four augmentations are performed on the raw audio, with Time Reorder first cutting
the spectrum in half and then swapping the order before and after. (2) Combination. Multiple conditional consistency networks receive the audio embedding
and generate learnable tokens combined with the original prompt in two ways. (3) Optimization. The minimum self-entropy loss and contrastive learning
loss are calculated using the average distribution.

II. BACKGROUND

We regard test-time prompt tuning as a way to provide
the model with the tuned representation tailored to the test
samples, which helps precisely retrieve the knowledge of
CLAP. At the inference stage, the only information available
is each test sample Xtest without label information. Therefore,
manages to optimize the prompt p at test time based on each
test sample. In general, our objective can be formulated in the
form of

p∗ = argmin
p

L(F , p,Xtest)

where F = {Eaudio, Etext} is a CLAP model with Eaudio

and Etext being the audio and text encoders, L denotes some
carefully constructed loss.

Specifically, the learnable prompt p is perturbed into two
components, p1 and p2, which are the domain-aware prompts
and context-aware prompts. Domain-aware prompts (p1) are
applied by pretending a learnable sequence to the original
text input, introducing a domain-specific perturbation [19] that
adjusts the model’s interpretation based on the characteristics
of the input data without altering the core prompt. On the
other hand, context-aware prompts (p2) involve replicating
and appending learnable tokens to the text input, perturbing
the core prompt and injecting additional context [8, 9]. These
combined perturbations help the model to adapt to different
tasks (domains).

p∗1, p
∗
2 = arg min

p1,p2

L(F , concat(p1, p2 + porigin), Xtest)

III. MULTIPLE CONSISTENCY-GUIDED TEST-TIME
ADAPTATION

Our approach is divided into three main components:
conditional context-aware consistency adaptation, conditional
domain-aware consistency adaptation, and corresponding end-
end test-time tuning adaptation framework. Below, we explain
each in detail.

A. Conditional Context-Aware Consistency Adaptation

In this step, we employ a CLAP model pre-trained with a
speech encoder and a text encoder. Given an audio sample, we
first apply specaugment [19] to generate multiple augmented
views of the audio. These augmented audio samples are then
passed through the CLAP’s speech encoder to extract the audio
features vi. Simultaneously, we introduce a learnable context-
aware prompt pcontext, which is generated conditionally using a
lightweight neural network with learnable parameters θ1. This
prompt is combined with the text embeddings produced by the
CLAP text encoder to form the context text features tcontext:

tcontext = ftext(pcontext(θ1, vi) + porigin)

where ftext is the CLAP text encoder and pcontext is the context-
aware prompt. The generated context text features and audio
features are then used to calculate a joint distribution for the
test-time adaptation.

B. Conditional Domain-Aware Consistency Adaptation

In addition to the context-aware adaptation, we also generate
domain-aware prompts pdomain, which are designed to capture



TABLE I
ZERO-SHOT AND TEST-TIME ADAPTATION PERFORMANCE ON 12 DOWNSTREAM TASKS.

Dataset Avg.↑ ESC50 US8K D17T4 SESA GT MS Genre Opera CREM RAVD Vocal TU17 NSyn
Zero-Shot (CLAP [1]) 62.93 93.90 82.30 46.60 64.95 99.20 58.40 46.60 30.00 31.54 79.97 53.80 68.00
DA CLAP (one [19]) 64.94 93.35 85.26 50.96 73.30 99.21 61.00 47.45 29.92 34.25 82.14 54.19 68.28
DA CLAP (five [19]) 65.92 95.05 85.21 52.30 74.35 100.0 63.20 50.42 31.27 33.19 82.40 54.38 69.23
DA CLAP (whole [19]) 64.57 94.15 85.83 51.33 69.52 100.0 58.06 44.49 37.07 32.26 80.79 57.22 64.09
ours 68.83 94.65 86.60 51.69 76.19 100.0 65.87 68.64 34.29 33.77 82.21 58.46 73.54
– w/o context-aware 67.51 94.55 84.67 50.79 75.24 100.0 61.86 70.34 32.56 30.06 81.37 59.51 69.19
– w/o domain-aware 66.96 94.15 82.99 54.29 73.33 100.0 64.67 57.63 34.13 32.91 82.40 57.59 69.39

domain-specific characteristics of the audio samples. These
domain prompts are prepended to the text sequence, resulting
in domain-conditioned text features tdomain:

tdomain = ftext(pdomain(θ2,vi) ⊕ porigin)

where ftext is the CLAP text encoder and pdomain is the domain-
aware prompt. The generated domain text features and audio
features are then used to calculate a joint distribution for
the test-time adaptation. Similarly, the domain-aware learnable
prompts are generated through a lightweight neural network
with learnable parameters θ2, conditioned on the audio features
extracted from the augmented views.

C. End-end Test-time Tuning
In order to apply the proposed two types of consistency

for the test-time adaptation of audio-language models (ALMs)
without labels, we propose an end-end framework to boost the
performance of ALMs (Figure 1).

In detail, the end-end framework consists of two lightweight
networks (c-net and d-net), an audio-language model with
two parts(audio encoder and text encoder), a text embedder
and an augmenter. In order to train the end-end framework,
three phases including the augmentation, combination and
optimization are represented as the following.

1) Augmentation and Combination: The audio file is con-
verted to a mel spectrogram (x ∈ RT×F ). Rather than directly
passing x to the audio encoder, it is first augmented using mul-
tiple random yet controlled augmentations. The augmentation
is masking-based and inspired by SpecAug [20]:

X̂ = [x,TM(x),FM(x),TFM(x),TR(x)]

where TM, FM, TFM and TR denote Time Masking, Fre-
quency Masking Time & Frequency Masking and Time Re-
order, respectively [19]. The augmented audio embedding
v̂ ∈ RM×d and learnable text embeddings û ∈ RN×d are
used to compute a dot product:

g = v̂ · ûT

v̂ = faudio(x̂), x̂ ∈ X̂
û = ftext(pcontext(θ1, v̂) + porigin ⊕ pdomain(θ2, v̂))

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

M

∑M
i=1 gi.

2) Optimization: In order to train the proposed end-end
framework (Figure 1), two types of losses are applied, the
consistency loss [19] and a contrastive learning loss. First,
the consistency loss Lconsistency calculates self-entropy from the
distributions derived from the audio and text features.

Lconsistency = −gavg log gavg

where gavg is the average probability distribution along the
different M augmentations.

Besides, a contrastive learning loss [21] is applied to encour-
age diversity among the classification distributions of different
audio samples between the distributions of any two different
audio(wav) samples k1 and k2:

Lcontrastive = −
∑

k1̸=k2

MSE(gk1, gk2)

The final loss Lfinal is a weighted sum of the minimal
entropy loss and the contrastive learning loss:

Lfinal = Lconsistency + λcontrastiveLcontrastive

where λcontrastive is a hyperparameter that controls the balance
between the two losses.

IV. RESULTS

A. Experimental Results

1) Training details: The contrastive audio language model
[1] is used for our experiments [19]. Besides, the audio en-
coder is HTSAT [22] and the text encoder is a modified GPT2
[23, 24]. The audio is sampled at 44.1 kHz and converted to
log Mel spectrograms with 64 Mel bins, a hop size of 320,
and a window size of 1024 in the range of 50-8000 Hz range.
Our multiple conditional consistency networks are all MLP
with three layers. We augment each raw audio 50 times to
capture multiple views. The optimizer used is AdamW [25]
with a learning rate of 1e-6.

2) Evaluation: We benchmark our method on 12 down-
stream tasks [26] across the domains of Sound Event Classi-
fication, Acoustic Scene Classification, Vocal Sounds, Music,
Surveillance, and Speech Emotion Recognition. The datasets
used are: ESC50 [27], UrbanSound8K [28], DCASE2017
Task4 [29], TUT 2017, GTZAN Music Speech [30], GTZAN
Genres [30], Beijing Opera Percussions [26], CREMA-D [31],
RAVDESS [32], Vocal Sound [33], SESA [34], NS Instrument
family [35]. The datasets have varied audio duration, classes,



TABLE II
CROSS-DOMAIN GENERALIZATION (OURS/DA CLAP [19]) ON 12 DOWNSTREAM TASKS.

Dataset ZS ESC50 US8K D17T4 SESA GT MS Genre Opera CREM RAVD Vocal TU17 NSyn Avg.
ESC50 93.9 94.7/93.4 82.9/81.8 48.0/46.7 72.4/72.2 99.2/100.0 57.6/60.6 60.2/40.6 34.4/26.2 34.4/31.2 81.3/81.2 57.5/54.3 67.2/67.5 65.8/63.0
US8K 82.3 94.2/90.8 86.6/85.3 45.8/49.9 73.3/67.4 99.2/97.7 56.0/54.4 48.3/44.1 35.3/23.6 33.2/32.5 80.7/76.7 58.5/45.1 64.0/62.7 64.6/60.8
D17T4 46.6 95.1/90.6 86.3/84.7 51.7/51.0 69.5/69.4 99.2/96.9 58.2/54.7 55.9/44.9 31.0/26.9 25.7/27.0 82.4/76.0 56.8/45.5 66.1/62.8 64.8/60.9
SESA 65.0 94.5/92.4 84.3/81.5 47.7/45.3 76.2/73.3 99.2/99.2 57.8/56.3 54.7/33.5 34.5/28.0 33.4/32.2 80.8/81.9 58.4/51.6 66.5/65.3 65.7/61.7
GT MS 99.2 94.5/90.8 84.4/85.0 49.6/49.7 72.4/65.6 100.0/99.2 57.3/54.7 56.8/36.0 27.3/25.0 30.8/27.6 80.8/75.9 57.3/45.3 65.1/60.4 64.7/59.6
Genre 58.4 94.3/92.6 84.3/82.4 48.9/46.2 72.4/72.6 98.4/98.4 65.9/61.0 57.6/36.4 25.1/29.5 30.0/32.1 81.4/82.2 56.8/49.8 65.9/64.1 65.1/62.3
Opera 46.6 94.3/92.4 84.4/82.6 49.0/46.7 69.5/73.0 99.2/99.2 57.5/56.6 68.6/47.5 25.9/27.6 32.7/32.3 81.4/82.5 56.6/53.6 65.3/64.5 65.4/63.2
CREM 30.0 94.4/92.6 84.1/81.9 48.2/46.1 72.4/73.6 99.2/99.2 57.8/56.7 55.5/36.0 34.3/29.9 34.2/32.4 81.6/82.2 57.5/52.6 66.5/65.0 65.5/62.4
RAVD 31.5 94.2/92.5 84.0/81.4 48.1/45.4 72.4/74.5 99.2/99.2 58.2/59.1 58.9/37.7 32.9/29.4 33.8/34.3 82.2/82.0 57.6/52.2 66.0/65.2 65.6/62.7
Vocal 80.0 94.4/92.8 84.2/81.9 49.1/46.1 69.5/74.1 99.2/99.2 57.3/58.2 58.1/36.4 27.1/28.3 31.4/32.2 82.2/82.2 57.1/51.9 66.3/65.0 64.7/62.4
TU17 53.8 94.4/92.4 84.1/81.4 48.0/45.3 72.4/73.9 99.2/99.2 58.0/56.4 55.5/33.5 30.5/28.0 32.1/32.3 81.5/81.9 58.5/54.2 66.0/65.2 65.0/62.0
NSyn 68.0 93.2/92.5 81.8/81.2 48.9/45.6 73.3/73.6 99.2/99.2 57.9/55.8 57.2/34.3 32.1/27.3 31.7/32.2 81.6/81.5 56.5/51.4 73.5/68.3 65.6/61.9
Avg. 62.9 94.3/92.1 84.3/82.6 48.6/47.0 72.1/71.9 99.2/98.9 58.3/57.0 57.3/38.4 30.9/27.5 31.9/31.5 81.5/80.5 57.4/50.6 66.5/64.7 65.2/61.9

files, and setups. For example, the audio duration ranges from
3 to ≥ 35 seconds, classes range from binary to 50 classes.
The metric on all test sets is Accuracy.

B. Detailed Benchmarks Results

In our experiments, we evaluated the proposed method
across 12 datasets with both zero-shot [1] and state-of-the-art
model [19] audio domain adaptation (DA). The DA method
uses one, five randomly chosen and all unlabelled audio
example(s) at test time. As shown in Table I, our method
achieves better (+9.38%) zero-shot classification performance
than directly testing the time domain prompt tuning (+5.99%),
with a batch size of 5 (+4.41%). This illustrates the effective-
ness of prompt learning guided by cross-modal consistency as
well as contrastive learning regularization.

In challenging datasets such as SESA [34] and RAVD [32],
the accuracy improved from 73.40% (DA five) to 76.19%
(ours) and from 34.45% to 43.71%, respectively. Additionally,
in the commonly used sound classification dataset US8K, the
accuracy improved from 85.21% (DA five) to 86.60% (ours).
This consistent improvement across datasets highlights the
effectiveness of our approach. Additionally, the (DA whole)
[19], where the prompt was adapted across the entire test
set without resetting, achieved an accuracy of 64.57%, further
supporting that our method’s superior performance is not due
to over-fitting or seeing all test data but rather a result of
effective and robust adaptation.

C. Ablation Study

To further explore the contributions of the two kinds of
conditional consistency networks in our method, we con-
ducted an ablation study, separating the networks into with-
out context-aware (c-net) and without domain-aware (d-net)
configurations. D-net, when tested individually, achieved an
average accuracy of 67.51%, while c-net achieved 66.96%.
Both networks independently outperform the Zero-Shot [1]
and (DA one) [19] baselines, with notable improvements in
datasets like ESC50, where d-net reached 94.55%, and c-net
achieved 94.15%. However, in some challenging datasets for

speech emotion classification task such as CREMA-D, d-net
slightly underperformed (32.56%), compared to 34.13% for
c-net.

When combined (ours), the performance showed substan-
tial gains, achieving 68.83%, outperforming both individ-
ual networks. For example, in SESA, d-net alone achieved
75.24%, while c-net achieved 73.33%, but their combination
improved to 76.19%. Similarly, in NSyn, the combined result
was 73.54%, significantly higher than 69.19% (d-net) and
69.39% (c-net). This demonstrates that the two networks
capture complementary information, leading to stronger test-
time adaptation when used together.

D. Cross-domain Generalization

To verify the effect of the proposed multiple consistency-
guided test-time adaptation on the general zero-shot capability
of ALMs, we conduct cross-domain ablation experiments. The
setup is the same as DA clap, where we train on one target
domain and then test its performance on other domains. The
results are shown in Table II, where each row represents
the training domain and each column shows the test results
under different datasets. The cross-domain generalization of
our method is better than that of DA clap state-of-the-art
model under most train/test domain combinations. Besides,
our method outperforms zero-shot on average on all training
domains.

E. Conclusion

We propose an end-end method for multiple consistency-
guided test-time adaptation of audio-language models (ALMs),
which boosts the performance of classification in comparison
with the state-of-the-art methods for 12 downstream tasks.
However, the exploration of unsupervised adaptation on video-
audio description and video-audio generation is not well
studied. Therefore, we are studying the unsupervised methods
for the adaptation of large audio models for these tasks. In
order to obtain high-quality audio description and generation,
we plan to develop a large-scale video-audio foundation model
which is trained with a large-scale dataset.
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TABLE III
SUPPLEMENTAL ABLATION EXPERIMENTS. W/O MEANS WITHOUT, AND PARAMS*2 DENOTES DOUBLING THE NUMBER OF PARAMETERS OF THE MLP.

Dataset Avg.↑ ESC50 US8K D17T4 SESA GT MS Genre Opera CREM RAVD Vocal TU17 NSyn
Zero-Shot (CLAP ) 62.93 93.90 82.30 46.60 64.95 99.20 58.40 46.60 30.00 31.54 79.97 53.80 68.00
DA CLAP (one) 64.94 93.35 85.26 50.96 73.30 99.21 61.00 47.45 29.92 34.25 82.14 54.19 68.28
DA CLAP (five) 65.92 95.05 85.21 52.30 74.35 100.0 63.20 50.42 31.27 33.19 82.40 54.38 69.23
DA CLAP (whole) 64.57 94.15 85.83 51.33 69.52 100.0 58.06 44.49 37.07 32.26 80.79 57.22 64.09
ours(3-layers MLP) 68.83 94.65 86.60 51.69 76.19 100.0 65.87 68.64 34.29 33.77 82.21 58.46 73.54
– w/o context-aware 67.51 94.55 84.67 50.79 75.24 100.0 61.86 70.34 32.56 30.06 81.37 59.51 69.19
params *2 67.33 94.70 85.15 49.76 76.19 100.0 59.06 69.07 31.77 31.69 81.09 58.89 70.63
– w/o domain-aware 66.96 94.15 82.99 54.29 73.33 100.0 64.67 57.63 34.13 32.91 82.40 57.59 69.39
params *2 66.84 94.15 83.02 54.11 73.33 100.0 63.96 57.63 34.05 32.91 82.29 57.04 69.60
– w/o contrastive loss 64.42 94.55 84.28 49.82 78.10 100.0 58.66 57.63 18.69 24.47 80.81 57.78 68.19
– w/o self-entropy loss 67.75 94.60 86.61 50.00 78.10 100.0 58.96 68.64 32.79 31.32 80.48 58.03 73.51
1-layer MLP 68.71 96.00 87.36 50.73 77.14 100.0 63.56 69.92 32.94 32.18 82.18 59.44 73.12
2-layers MLP 68.50 95.35 87.04 50.54 77.14 100.0 63.96 68.64 32.81 33.36 82.23 58.09 72.80
4-layers MLP 68.67 94.60 86.60 53.08 80.95 100.0 66.77 61.44 32.69 33.52 82.15 58.58 73.63

APPENDIX

To further investigate the performance and limitations of
our approach, we provide additional ablation experiments as
shown in Table III.

Firstly, to verify that the effectiveness of combining domain-
aware and context-aware prompts is not solely due to the
increase in the number of parameters, we conducted an ex-
periment (params *2) in which the neural network width was
expanded. We also performed an ablation study on two dif-
ferent loss functions to validate their individual contributions.
Finally, we explored the impact of the number of layers in the
MLP network on the performance of TTA.
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