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Abstract—Contrastive Language-Audio Pretraining (CLAP)
models have demonstrated unprecedented performance in var-
ious acoustic signal recognition tasks. Fiber-optic-based acoustic
recognition is one of the most important downstream tasks
and plays a significant role in environmental sensing. Adapting
CLAP for fiber-optic acoustic recognition has become an active
research area. As a non-conventional acoustic sensor, fiber-
optic acoustic recognition presents a challenging, domain-specific,
low-shot deployment environment with significant domain shifts
due to unique frequency response and noise characteristics. To
address these challenges, we propose a support-based adaptation
method, CLAP-S, which linearly interpolates a CLAP Adapter
with the Support Set, leveraging both implicit knowledge through
fine-tuning and explicit knowledge retrieved from memory for
cross-domain generalization. Experimental results show that our
method delivers competitive performance on both laboratory-
recorded fiber-optic ESC-50 datasets and a real-world fiber-
optic gunshot-firework dataset. Our research also provides
valuable insights for other downstream acoustic recognition
tasks. The code and gunshot-firework dataset are available at
https://github.com/Jingchensun/clap-s.

Index Terms—TFiber-optic acoustic recognition, sound classifi-
cation, domain adaptation, transfer learning, few-shot learning

I. INTRODUCTION

Distributed acoustic sensing (DAS) [1] is a powerful tech-
nology that captures acoustic disturbances by measuring phase
changes in the backscattered optical signal caused by vibra-
tions. DAS interrogator connecting to one end of the optical
fiber (spanning kilometers) transforms the cable into equally
spaced sensing elements with meter-scale spatial resolution,
enabling new fiber-based acoustic applications. In particular,
DAS is advantageous for harsh environments such as out-
door or underwater settings, where power supply and data
transmission pose challenges. Conventional sound recording
device such as microphones is considered as point sensor,
each of which only monitors one small area. In contrast, DAS
can utilize long optical fibers as linear sensors for wide-area
monitoring over vast distances without the need for numerous
individual sensors and battery installation. This technology has
been successfully applied to pipeline leak detection [2], rail
crack detection [3], drone detection [4], utility pole localiza-
tion [5], [6], seismic monitoring [7], insect activity monitoring
[8], whale call detection [9], and underwater surveillance [10].

Despite high prospects in a wide range of industrial applica-
tions, developing fiber-optic acoustic recognition systems still
faces some challenges: First, field data collection and annota-
tion are labor-intensive and time-consuming. As a result, ob-
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taining sufficient labeled data from DAS for supervised learn-
ing is often more difficult than from microphones, especially
for rare classes in the long tail. Second, the characteristics
of sensing data are influenced by multiple factors including
sensor configuration, propagation media, signal source, and
optical factors [11], [12], causing severe domain gaps. Third,
users may be interested in recognizing events of new classes
that are unseen during training, which leads to an open-set
recognition problem.

Recently, contrastive language-audio pre-training (CLAP)
models [13], [14] has emerged as a new paradigm for learning
general-purpose audio representations. CLAP have demon-
strated strong zero-shot performance in multiple downstream
domains. Encouraged by this success, we explore the possi-
bility of adapting CLAP to the fiber-optic acoustic domain of
interest. Due to severe domain shifts, directly using CLAP pre-
trained on microphone-recorded audio data to recognize fiber-
optic acoustic events results in very low zero-shot classifica-
tion accuracy, e.g., less than 30% on a 50-class environmental
sound dataset recorded from a fiber coil, as shown in Table II.

Existing approaches, such as Prompt Tuning [15]-[18] and
Adapter methods [19]-[22], enable efficient fine-tuning on
downstream tasks. Prompt Tuning leverages learnable text
prompts to maximize the extraction of implicit knowledge
[23], [24] from pre-trained models but often struggles to in-
corporate new knowledge when faced with significant domain
gaps. In contrast, Adapter methods employ projection layers
to explicitly acquire task-specific knowledge. Methods like
Tip-Adapter [20] and Treff [25] introduce a learnable adapter
to enhance CLAP models in low-shot scenarios, achieving
competitive performance. However, the relative importance of
implicit knowledge embedded in pre-trained models versus ex-
plicit knowledge obtained through fine-tuning remains unclear.

Is the implicit knowledge from the pre-training model
always helpful? In this paper, we address the problem of
adapting CLAP models for fiber-optic acoustic recognition
as a downstream task. We focusing on how the pre-trained
knowledge, domain shift, and limited labels will affect our
adaptation process. To systematically study this problem, we
create a fiber-optic version of the ESC-50 dataset [26] by
replaying and recording it under various data acquisition
settings in the lab. We also consider real-world gunshot vs.
firework classification dataset collected from existing telecom-
munication cables in the field [27]. This task is particularly
challenging due to differences in the recording device, the
complex outdoor environment, and the sound characteristics
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of the unseen and new classes.

We evaluate the effectiveness of several model adapta-
tion approaches, including prompt tuning [15], [16], inserted
adapter [19], Tip-Adapter [20] and Treff [25]. Different from
existing methods, to maximize the use of labeled data, we
propose fine-tuning and augmenting CLAP models with the
same support set, which facilitates cross-domain generaliza-
tion based on both implicit knowledge memorized in model
parameters and explicit knowledge stored in the support set.
The proposed approach consistently improves performance on
both lab-collected dataset and the real-world gunshot-firework
event classfication dataset.

II. METHOD

Given a pre-trained CLAP model and a downstream dataset,
we assume K-shot N-class training samples for fine-tuning.
For all NK training audios Xg, the audio embeddings
are represented as Fi,, = AudioEncoder(Xg), where
Firain € RVEXC where C is the hidden dimension of the
audio encoder. The label vectors are represented as Lyn =
OneHot (L), where Ly, € RNEXN The audio embeddings
and label vectors form the keys and values of the Support
Set, respectively. The Support Set stores all new knowledge
extracted from the training set.

For a given test audio sample x, the normalized audio
embedding u € R'*¢ is obtained by feeding the sample into
the audio encoder. The audio embedding u serves as a query,
while the stored audio embeddings Fi.i, serve as keys. Cross-
attention [28] is applied between the query and keys. The
attention weights are multiplied by the values Lgain to obtain
the similarity-based prediction.
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Fig. 1. The pipeline of our proposed method. A test sample is sent to
the frozen pre-trained audio encoder and fine-tuned adapter to obtain the
embedding, which is then used to perform cross-attention with the keys from
the support audio samples. The attention weights are further multiplied by
the values of the support set to serve as Explicit Knowledge. The final
prediction is obtained by Linear interpolation with the Explicit Knowledge
and the Implicit Knowledge captured by a fine-tuned Adapter .

Complimentary Mechanisms of Generalization. We pro-
pose to utilize supervised information in the support set twice,
for both the fine-tuning adapter and the key-value support set.
Our approach uses a Linear interpolation between both implicit
knowledge from model fine-tuning and explicit knowledge

from the support set and seeks a balance. The final prediction
is derived by

pﬁnal(y|x) = (]- - a)pclap (y|$> U) + QPsupport (y|$> U) (l)

where pciyp is the class distribution from the fine-tuned CLAP
model and pgypport 18 the class distribution from the support-
set-based class distribution. They are defined as follows:

pclap (y‘x7 U) = UWLTa

ﬂ(l_UF[gm) Ltifain'

Psupport (y\m, u) =e
Here, a € [0,1] is a tuned parameter balancing the contri-
bution from the implicit knowledge and explicit knowledge
from the support set, and (3 is the sharpness parameter. Here u
has two different representations, one is the text-aligned audio
representation ug, and the other one is the task-aligned audio

representation ug, they obtained by the following equation:
2)

The Adapter is a two-layer MLP. u is obtained by feeding the
test audio sample x into the audio encoder, which is aligned
with the text embedding during pretraining. And uy is derived
by passing ug through the two-layer MLP Adapter, while uy¢
is aligned with the task during fine-tuning.

By combining u( and u¢, we can derive many variants from
Equation 1: (1) combine ug for peap and us for popport- (2)
combine us for peiap and ug for pgupport. (3) combine s for Peiap
and ug for pgpport. These combinations allow us to explore
whether text-aligned or task-aligned embeddings are more
effective for fiber acoustic recognition. We empirically find
that combination (3) proves to be the most effective for our
task and we summarize our method two variants:

CLAP-S: Here u=ug and a = 1, our final prediction relies
solely on generalization through memorization via psupports
completely removing the influence of zero-shot or fine-tuning
knowledge.

CLAP-S™: Here u=us and 0 < o < 1, peiap-s is obtained
by linearly interpolating between the knowledge in pcj,p and
the explicit knowledge psupporr from the support set. This
method uses task-aligned embeddings for both classification
and retrieval. The pipeline of CLAP-S™ is shown in Figure 1.

ur = Adapter (ug), wuo = AudioEncoder(z)

TABLE I
IMPLICIT & EXPLICIT GENERALIZATION COMBINATION.

Delap Psupport Combination Method 7S
ug ZS (a=0) ZS-CLAP Yes

uog  Support set (a=1) CLAP-S No

ug up ZS + Support set Tip-Adapter  Yes

ug uf ZS + Support set’ Tip-Adapter-F Yes

ur  ug Adapter + Support Sett CLAP-ST  No

Relation with Existing works. The difference between our
method and existing method is shown in Table I. Compared to
Tip-Adapter [20] and Treff [25], which treats the keys in the
whole support as the task-aligned embedding, our CLAP-S™
take a more natural approach using embedding from the fine-
tuned adapter for both query and key. This leads to stronger
generalization in practice (see Table II and V).



TABLE II
ZERO-SHOT & FULL-SHOT ADAPTION ON THE FIBER-OPTIC ACOUSTIC SENSING DATASET.

Method Shot Laboratory Task Real Task Average
ECM FM FC FMO FCO
[class] Zero 71.8 352 22.1 18.0 14.0 322
this is [class] zero 79.9 42.9 27.4 20.0 10.0 36.0
Trainin-Free this is an audio of [class] zero 80.7 443 27.2 17.0 10.0 35.8
i can hear the sound of [class] Zero 77.5 40.6 279 16.0 16.0 35.6
Tip-Adapter [20] full 87.04+0.1 59.0+0.1 39.040.1 78.84+1.5 822+1.0 69.2
CLAP-S (ours) full 92.04+0.1 614108 43.040.0 7940.1 8340.1 71.6
AN +5.0 T +24 1 +4 1 +0.2 1 +0.8 1 +24 1
Prompt Tuning [15] full 873417 463418 302412 40440 5.045.2 34.6
Adapter [19] full 929411 68.841.0 48.841.7 814409 90.240.7 76.4
Treft [ ] full 90.3i()‘8 67.5i0,9 46.8i1A0 84.2i1,3 90.1i1A7 75.8
Training-Required Tip-Adapter-F [20] full 91.040.7 68.641.0 474408 84.6141.2 90.840.7 76.5
CLAP-ST (ours) full 94.041.2 70.04+0.8 51.041.2 87.0+1.9 92.041.7 78.8
AN +2.8 1 +14 1 +3.0 1 +24 1 +1.2 1 +2.3 1
TABLE III B. Zero-shot & Full-shot Adaptation

DATASET COMPARISON.

Classes Train Val Test Total
Electric Microphone (ECM) 50 1400 400 200 2000

Dataset Name

Lab Task Fiber Mandrel (FM) 50 1400 400 200 2000
Fiber Coil (FC) 50 1400 400 200 2000
Real Task Fiber Mandrel Outdoor (FMO) 8 647 167 421 1235
Fiber Coil Outdoor (FCO) 8 406 106 263 775

III. EXPERIMENTAL RESULTS

We use the CLAP model from 2023 as the pre-trained
model. In all subsequent experiments, each dataset is run
five times, and reported the average and standard deviation
in the tables. We use the AdamW optimizer with a learning
rate of le-5, batch size of 64, and trained for 20 epochs. All
experiments were conducted on an RTX A6000.

A. Datasets

Laboratory-Recorded Fiber-Optic ESC-50 Dataset To
study the effects of different device domains (and recording
environment), we record data using two fiber-optic sensors
[29]: (1) a Fiber Mandrel (FM) with a cylinder wrapped in
single-mode bare fiber [30], (2) a Fiber Coil (FC), and (3) an
Electric Condenser Microphone (ECM8000) as a reference.
We utilize a DAS system to record the ESC-50 dataset [26],
a public benchmark dataset that includes 2000 samples from
50 categories of environment sounds.

Gunshot-Firework Event Classification Dataset To further
evaluate the ability to distinguish fine-grained event classes
and generalize to real-world environments, we consider the
outdoor fiber-optic acoustic gunshots-firework event classi-
fication dataset [27]. It contains 8 types of real-life sound
events: gunshots, crackers, cannons, fountain cannons, high-
altitude fireworks, vehicle door slamming, vehicle alarms, and
background noise. This dataset was collected using DFOS
from pre-deployed telecom networks using two types of DAS
sensors in the outdoor environment: Fiber Mandrel Outdoor
(FMO) and Fiber Coil Outdoor (CO), as two domains with
distinct domain shifts. The datasets split and comparison are
shown in Table III.

Zero-shot Adaptation. This scenario tests the performance of
the pre-trained model when we do not have any labeled data
for fine-tuning. The results show that the domain shift on
the real-world task is higher than the laboratory-recorded
task. The laboratory datasets, based on ESC-50, include typ-
ical environmental sounds (e.g., dog, engine, rain) frequently
found in the pretraining data in the CLAP model under test. In
contrast, the real-world dataset features uncommon categories
(e.g., ‘fountain cannon”, a label for the firework event) and
larger background noise (e.g., wind), which is considered
to contribute to poor zero-shot recognition, with accuracy
dropping below 20%. Besides, we also found the domain shift
in the fiber mandrel is also larger than the fiber coil as
FM achieved a higher accuracy (44.3%) than the FC (27.9%),
even though they share the same label space.

Full-shot Adaptation. Once we have enough labeled data, we
can inject the new knowledge from these data into the model.
If the computing resource is not available, then the train-free
framework is a good way. Tip-Adapter is a strong baseline in
the training-free methods, significantly improving the average
by 33.6 percentage points without any parameter update. How-
ever, Tip-Adapter relies on the CLAP pre-trained model, which
may not help our fiber acoustic data, as a significant domain
shift exists. As shown in the table, our proposed CLAP-S,
which relies solely on external knowledge retrieval from
the support set, achieves better results than Tip-Adapter.
When training resources are available, fine-tuning the model
can further improve the adaptation performance. Our method,
CLAP-S-T, achieves the highest accuracy among all the
baseline methods, including Prompt Tuning, Adapter, Treff,
and Tip-Adapter-F. CLAP-S- utilizes task-aligned embed-
ding to repeated use of feature knowledge and thus further
improves accuracy over the Tip-Adapter-F. Prompt Tuning
performed poorly on our real-world dataset, with an accuracy
of only 4-5%. We hypothesize that this is due to Prompt
Tuning being designed to maximize the use of pre-trained
knowledge, which is less effective for tasks completely unseen
by the pre-trained model.



TABLE IV
EFFICIENCY COMPARISON

Method Acc  Training Parameters Time Inference
Prompt Tuning 34.6 Required 6.14k 30min  266ms
Tip-Adapter 69.2 Free 0.0 Smin 55ms
CLAP-S (ours) 71.6 Free 0.0 4min 45ms
Adapter 76.4 Required 0.52M 15min 96ms
Tip-Adapter-F 76.5 Required 1.43M 10mins 70ms
CLAP-ST (ours) 78.8 Required 0.52M Tmins 56ms

C. Few-Shot Adaptation

This scenario applies when we aim to minimize labeling cost
and only limited data are available. We conducted few-shot ex-
periments ranging from 2-shot to 24-shot, as shown in Figure
2. The results demonstrate that both CLAP-S and CLAP-S*
consistently improve accuracy across the four datasets and
perform competitively against baseline methods.
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Fig. 2. The Few-Shot Adaptation Results.
D. Efficiency Comparison

We also compared the efficiency of our method with other
baselines, as shown in Table IV. CLAP-S demonstrated the
best efficiency, requiring no training or additional param-
eter storage, with the lowest training and inference time.
However, this comes at the cost of sub-optimal performance. In
contrast, our training-required version of CLAP-S™ achieves
the highest average accuracy across five datasets.

E. Ablation Study

1: Does Zero-shot knowledge always contribute positively?

The result in Table V shows that by adding the zero-shot
(‘ZS’ in the table) knowledge, the performance of the Support
Set model and the Adapter model both drops. Thus, in our
fiber acoustic domain, the zero-shot knowledge is not
helpful. This could be due to the misalignment of the text-
audio representation caused by domain gaps and the deficiency
of the language encoder in handling new acoustic concepts.
This conclusion applies only to the specific domain considered,

TABLE V
ABLATION STUDY

Methods ECM FM FC FMO FCO Avg
92.040.1 61.440.843.040.0 79.040.1 83.040.1 71.6
87.040.1 59.040.1 39.0+0.1 78.841.5 82.241.0 69.2

91.841.0 58.641.039.241.8 25.040.1 20.040.1 46.9

Support Set

ZS + Support Set

ZS + Support Set™

Adapter 929111 68.811.04884+L1.781.410090.210.7764
Adapter+ZS 94.011_1 68.6:{;0_5 48.0j:1_1 82.2i1_3 85.8:(:2_1 75.7
Adapter + Support Set 934.41.471.641.050.641.084.04+1.588341.377.6

Adapter + Support Set™ 94.04+1.2 70.0+0.8 51.0+1.2 87.041.9 92.04,.7 78.8

yet one can see that when significant domain gaps exist and
acoustic events are difficult to describe with language, the
zero-shot transfer may have unintended negative effects.

2: Which representation is more effective for retrieval in
the support set — text-aligned or task-aligned? The text-
aligned embedding for the Support Set is represented as ‘Sup-
port Set’, while the task-aligned embedding for the Support
Set is represented as ‘Support Set™ in Table V. The results
indicate that, for the same ZS or Adapter, adding ‘Support
Set™’ consistently yields better performance than adding the
‘Support Set’. Thus the task-aligned representation is more
effective for key-value retrieval. This is due to the larger
domain gaps between the fiber-optic acoustic domain and the
conventional microphone domain [25].

3: Fine-tuning jointly or separately? In scenarios with
data collected from multiple devices or neighboring channels,
should we fine-tune one model or individual models sepa-
rately? We conducted experiments and the results show the
model trained jointly on all the datasets outperformed
the models trained independently on each individual dataset
(results shown in Table VI). The reason is that joint training
serves as a form of data augmentation, where increased data
improves performance on individual tasks.

TABLE VI
JOINTLY TRAINING VS INDEPENDENTLY TRAINING

Methods ECM FM FC FMO FCO Avg
Adapter-Independently 92.94.1.1 68.84+1.0 48.8+1.7 81.440.0 90.24¢.7 76.4

93.410.970.8+1.550.2+1.681.94+0.790.940.5 774

Adapter-Jointly

IV. CONCLUSION

In this paper, we explored efficient model adaptation meth-
ods by balancing implicit knowledge and explicit knowledge
for the challenging fiber-optic acoustic recognition task. Our
work provides valuable insights into utilizing pre-trained mod-
els to design domain-shift mitigation strategies, and improve
the robustness of text-aligned and task-aligned representations.
Our method may also be applicable to other domains involving
significant domain shifts from the pre-trained model (e.g.,
respiratory audio [31]). Extending our approach to other
downstream tasks will be an interesting research direction.
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