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Abstract—The goal of text-queried target sound extraction (TSE) is
to extract from a mixture a sound source specified with a natural-
language caption. While it is preferable to have access to large-scale
text-audio pairs to address a variety of text prompts, the limited number
of available high-quality text-audio pairs hinders the data scaling. To
this end, this work explores how to leverage audio-only data without
any captions for the text-queried TSE task to potentially scale up the
data amount. A straightforward way to do so is to use a joint audio-text
embedding model, such as the contrastive language-audio pre-training
(CLAP) model, as a query encoder and train a TSE model using audio
embeddings obtained from the ground-truth audio. The TSE model can
then accept text queries at inference time by switching to the text encoder.
While this approach should work if the audio and text embedding
spaces in CLAP were well aligned, in practice, the embeddings have
domain-specific information that causes the TSE model to overfit to
audio queries. We investigate several methods to avoid overfitting and
show that simple embedding-manipulation methods such as dropout can
effectively alleviate this issue. Extensive experiments demonstrate that
using audio-only data with embedding dropout is as effective as using
text captions during training, and audio-only data can be effectively
leveraged to improve text-queried TSE models.

Index Terms—Text-queried target sound extraction, CLAP, embedding
dropout

I. INTRODUCTION

Audio source separation is a fundamental technique for compu-
tational scene analysis. High-fidelity separation has been achieved
using neural network (NN)-based approaches [1]–[4], pioneered by
deep clustering [5] and permutation invariant training [5], [6]. While
source separation separates all the sources in a mixture, another line
of approaches, target sound extraction (TSE), aims to extract only a
target source specified by a query, such as a speaker ID [7], [8] or
class labels [9]. More recently, text-queried TSE [10], [11] has been
attracting more attention due to its high versatility.

While text-queried TSE has the potential to work on any classes
of audios as it accepts natural language as a prompt, realizing this
in practice remains a challenge because it would require large-
scale high-quality paired text-audio data from many domains. As
demonstrated in [12], a text-queried TSE model trained on a small-
scale dataset [10] does not generalize to out-of-domain data. In
contrast, AudioSep [12] achieved better generalization than [10] by
using larger-scale datasets. Still, results in [13] imply that there is
room for improvement by leveraging more data.

Several works have attempted to increase the amount of available
data for text-queried TSE. In [13], increasing caption variaty using
a large language model (LLM)-based caption augmentation has been
shown to be effective. CLIPSep [14] has been proposed to train
a text-queried TSE model using image-audio pairs extracted from
videos instead of text-audio pairs, by utilizing a contrastive language-
image pre-training (CLIP) model [15] as the query encoder. The
model is trained using images as queries while the text caption
is used during inference, which enables the model to be trained
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Fig. 1. Illustration of text-queried-TSE training with audio-only data. Audio
embeddings extracted from ground-truth audio by a CLAP audio encoder are
used to condition the extraction model during training, while text embeddings
are used during inference. To prevent the extraction model from overfitting
to audio-embedding-specific features, we apply a simple manipulation (e.g.,
dimension dropout, PCA, etc.) to the embeddings.

without any text captions. However, using image queries to scale up
the data amount may be ultimately ill-suited to TSE due to their
intrinsic limitations in capturing out-of-screen and/or background
sounds. Decent performance is achieved at the cost of a complicated
training pipeline to estimate such out-of-screen and/or background
sounds.

To improve the generalizability of text-queried TSE models without
being limited by the scarcity and quality of text-audio pairs, a natural
approach would be to rely on audio-only data without captions.
Inspired by CLIPSep, one can think of using a contrastive language-
audio pre-training (CLAP) [16] model as the query encoder so that
audio embeddings aligned with corresponding text embeddings can
be obtained during training. Although CLAP itself needs a large-
scale text-audio pairs, training data can be further scaled up for text-
queried TSE if we can leverage audio-only data. However, including
audio-only data in such a way on top of paired text-audio data during
training has not been explored so far. In [12], an extreme case, where
only audio data is used for training, has been investigated but the
training failed. This is likely because of the so-called modality gap
phenomenon: the two embedding spaces in the CLAP models may
not be very well aligned [17].

Based on the above observation, this work aims to develop ways
to effectively leverage audio-only data for text-queried TSE with-
out overfitting to CLAP audio embeddings. We investigate several
methods for manipulating the CLAP audio embeddings, for example,
by randomly dropping out dimensions, and show that this can
significantly mitigate overfitting. The experiments demonstrate that
audio-queried training with embedding dropout is as effective as
normal text-queried training, even for the data that is not used for
the CLAP training, which implies that we can potentially scale up
the data amount for text-queried TSE. In addition, we show that such
embedding manipulations are effective even in text-queried training
and make the TSE model more robust to out-of-domain data.
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II. AUDIO-QUERIED TRAINING FOR TEXT-QUERIED TSE

A. Problem setup

Let us denote the mixture, target source, and non-target source
as m, s, and n ∈ RL, respectively, where m = s + n and L is
the number of samples in the time domain. The goal of text-queried
TSE is to extract s using a text caption c that represents the content
of s. Typically, the caption c is encoded into a D-dimensional text
embedding qt ∈ RD with a pre-trained text encoder Et, and qt is
given to a sound extraction model F as a conditioning vector:

ŝ = F(m, qt), qt = Et(c). (1)

To scale up the training data for the text-queried TSE task, we are
interested in methods that allow us to effectively incorporate audio-
only data during training. To achieve that goal, we use CLAP [16]
to get paired text and audio query encoders Et and Ea (respectively),
trained to learn a joint embedding space between text and audio.
As illustrated in Fig. 1, during training, we use audio embeddings
qa ∈ RD obtained by inputting the ground-truth target source s to
the CLAP audio encoder Ea, instead of qt:

ŝ = F(m, qa), qa = Ea(s). (2)

Such an audio-queried training could in principle work well if the text
and audio embedding spaces in the CLAP model were well aligned
(i.e., qt ≈ qa for pairs of a source s and associated caption c).
However, in practice, the TSE model overfits to the CLAP audio
embedding qa because of the modality gap in audio and text sub-
spaces, as detailed below.

B. Modality gap in CLAP

Although CLAP aims to train text and audio encoders to project
their inputs to a shared embedding space, it has been shown that the
training objective, particularly a low temperature in the contrastive
loss, can lead to a modality gap [17] between the two embeddings
subspaces. Prior work on CLAP [16], [18], [19] does use a low
temperature value (e.g., initialized to 0.007), which suggests that
existing CLAP models are likely to suffer from the modality gap. In
addition, intuitively, audio embeddings may have richer information
than text ones as text captions do not describe all the content of
audios in most cases, which may also cause the gap. Investigating
the average cosine similarity between text and audio embeddings
from the LAION-CLAP model [18] and the Microsoft-CLAP model
(MS-CLAP) [19] on the AudioCaps dataset [20], we found that they
were indeed only around 0.4, even though AudioCaps is used for
training.

C. Methods for alleviating modality gap

Based on the above discussion, it may be possible to train a
CLAP model with a lesser modality gap by using a high temper-
ature. However, higher temperature makes the loss more tolerant to
different samples having similar embeddings and thus leads to less
discriminative embeddings [21], which may cause poor extraction
performance in TSE. We thus focus here on investigating methods
to effectively use audio-only data for text-queried TSE without re-
training the existing CLAP models.

Although the modality gap exists, relatively low positive cosine
similarity (e.g., 0.4 on AudioCaps) suggests that the embeddings
contain both some information shared between the two modalities
and some domain-specific information. To prevent the TSE model
from overfitting to such domain-specific features, we explore several
methods that make the audio embeddings noisy, by either performing

some data augmentation on the audio data or manipulating the audio
embeddings.

Mixup: The audio embedding qa is obtained from the mixture
of the ground-truth audio s with another audio s′, instead of from
s. Mixup was shown to be effective in AudioLDM, where a text-
queried audio generation model is trained using only audio data [22].
We uniformly sample a signal-to-noise ratio (SNR) between the two
audio signals from -5 to +5 dB.

SpecAugment: Some time-frequency (TF) bins of the mel spectro-
gram are zeroed out. Frame and frequency masking are done twice,
where the number of frames or frequency bins are chosen from [0,
64] or [0, 2], respectively.

PCA: Audio embeddings are projected into a d-dimensional space
(d < D), where the projection matrix is trained with a small
amount of text embeddings. We use 1000 text embeddings from the
AudioCaps dataset to obtain the projection matrix, and set d = 16.

PCA-inv: Inverse-PCA is applied after PCA. Unlike normal PCA,
the query vector is D-dimensional.

Gaussian noise: Scaled Gaussian noise is added to the audio
embeddings. It has been shown that this method is effective for
alleviating the gap between image and text embeddings in CLIP [23]
or that between text and audio in CLAP [24]. Unlike [23], we
regard the scale α as a hyper-parameter and manipulate embeddings
as qa ←− q + αυ/||υ||, where υ is zero-mean Gaussian noise.
Interestingly, we found that this method improves the robustness of
the TSE model even in the text-queried training. Based on preliminary
experiments, in each forward pass, we randomly choose α from [1.5,
3.5] when using audio embeddings and [1.0, 2.0] when using text
embeddings.

Dropout: p-percent of the dimensions of the CLAP embeddings
are dropped out (zeroed out) by Bernoulli dropout. The goal is
to prevent the extraction model from overfitting to the domain-
specific features by removing some information randomly. Based on
preliminary experiments, we randomly choose p from [0.75, 0.95]
when using audio embeddings and [0.25, 0.75] when using text
embeddings.

III. RELATED WORK

This work is inspired by CLIPSep [14], where image-audio pairs
without captions are leveraged for training text-queried TSE models
by utilizing the CLIP encoder. CLIPSep also suffers from the modal-
ity gap in CLIP and fails to train conditional TSE models. Instead,
CLIPSep trains a TSE system which consists of an unconditional
separation module and a conditional post-mixing module. In contrast,
our approach is easily applicable to conditional TSE models. In
addition, while complicated training pipeline to estimate out-of-
screen sounds is necessary when using an image as a query, we
show that audio-queried training with a very simple modification is
as effective as text-queried training.

Several prior works on text-queried TSE use CLAP as query
encoder. In [11] and [25], both text and audio embeddings are used to
improve performance or accept audio queries during inference. While
these works assume that they have a text-audio pair for each data,
our goal is to leverage audio-only data. Closest to our work, [12]
tried audio-only training using the CLAP encoder but the training
was not successful1. In contrast, we show that audio-only data can
be effectively used with simple embedding manipulation methods.

1Note that some results in [12] contradict those in [11] and ours. The
associated code seems to have an issue when extracting audio embeddings,
which we suspect is the reason for the contradiction.



For the text-queried audio generation task, AudioLDM [22] with a
CLAP encoder was successfully trained using audio-only data. The
modality gap is alleviated by the mixup augmentation. In the image
field, [23] proposed to train an image captioning model using only
text data, where the encoder is a pre-trained CLIP and the decoder
is learnable. The modality gap is successfully avoided by injecting
Gaussian noise into the CLIP text embedding. In a similar way, text-
only training of an audio captioning model using a pre-trained CLAP
has been achieved in [24]. Inspired by these works, we investigate
methods to leverage audio-only data in text-queried TSE, which has
not been achieved so far.

IV. EXPERIMENTS

A. Datasets

We use the following two datasets for training. During training,
input mixtures are created by uniformly sampling two audio signals
and mixing them on the fly, where the signal-to-noise ratio is
randomly chosen from -5 to +5 dB. All the signals are resampled
to 32 kHz, following [12].

AudioCaps [20] includes 10-second audio clips from AudioSet
and their human-annotated natural language captions. AudioCaps
was used for the CLAP training [18], [19]. Following the original
AudioCaps split, we use 49,827 and 495 audio clips for training and
validation, respectively.

VGGSound [26] includes pairs of single-class audio clips and their
class labels. Unlike AudioCaps, VGGSound was not used for CLAP
training. However, it shares audio clips with AudioSet [27], which
was used to train CLAP, so we removed the shared clips. Thereafter,
all mentions of VGGSound refer to the set without the AudioSet clips.
After the filtering, we split the original training data of VGGSound
into 169,221 training and 2,500 validation clips. Since VGGSound
does not have natural language captions, we use “this is the sound
of {class}” when using text queries.

For testing, we use 6 datasets introduced in [28]: AudioCaps [20],
Clotho v2 [29], VGGSound [26], AudioSet [27], ESC50 [30], and
MUSIC [31]. Each mixture contains two sources from each dataset.
AudioCaps and Clotho v2 have natural language captions, while the
other four only have class labels and “this is the sound of {class}”
is used as the query. MUSIC contains instrumental sounds, while the
others are mainly composed of environmental sounds. Please refer
to [12] and [28] for more details.

B. Models

As an extraction model, we test two backbones. Both operate in the
short-time Fourier transform (STFT) domain, where a Hann window
with length an Lw ms and hop size Lh ms is used.

Conformer [32] is the main backbone we use in our investigation
as it is reported to work well on environmental sound separation [33]
and is light-weight compared with the other model we consider. The
model receives a magnitude spectrogram as input and estimates a
real-valued TF mask for the target source. We use the mixture phase
for resynthesis. It has 16 Conformer encoder layers with 4 attention
heads, an attention hidden size of 256, and a feed-forward-network
hidden size of 1024. A conditioning block, composed of a linear
layer, Swish activation, a FiLM layer [34], and another linear layer,
is placed before each Conformer block to incorporate the conditioning
information. For the STFT, we set Lw = 32 and Lh = 16.

ResUnet is a state-of-the-art (SoTA) backbone in text-queried TSE.
We use the same model as in [12], where FiLM is used as the
conditioning layer. Receiving a complex spectrogram as input, the
model estimates a magnitude mask and a phase residual component

for the target source, where Lw = 64 and Lh = 10. Please refer
to [12] for more details.

As query encoders, we use LAION-CLAP [18]2. It was pre-trained
on a large-scale audio-text dataset and its text encoder is often
employed in text-queried TSE [12], [25]. To examine the effectiveness
of audio-queried training on multiple CLAP models, we also test
Microsoft-CLAP (MS-CLAP) [19]3.

C. Training/evaluation details

We train the model for around 400k training steps. We use the
AdamW optimizer [35] with a weight decay factor of 1e-2. The
learning rate is linearly increased from 0 to 2e-4 in the Conformer
and 1e-3 in the ResUnet for the first 4k steps, kept constant for 160k
steps, and then decayed by 0.9 every 10k steps. Gradient clipping is
applied with a maximum gradient L2-norm of 5. The batch size is
32 and the input mixture is 10 s long. As the loss function, we use
the negative scale-invariant signal-to-distortion ratio (SI-SDR) [36].

D. Main results

Table I shows the evaluation results of the Conformer+LAION-
CLAP model trained on AudioCaps (A*), VGGSound (V*), or both
datasets (AV*). Again, note that AudioCaps has natural language
caption and is used for the CLAP training, while VGGSound only
has class labels and is not used for the CLAP training. In A10, A11,
V7, and V8, we randomly choose either text or audio query in each
training step.

First, compared with the text-queried training (A0), the audio-
queried training (A3) gives much worse performance due to the
modality gap in the CLAP encoder (see Section II-B). However, using
some data augmentation or embedding manipulation methods can
alleviate the problem (A4-A9). Simple embedding manipulations,
namely Gaussian noise and dropout, performed the best among
options, and audio-queried training with these manipulations achieves
comparable or better performance than text-queried training (A0
vs. A8,A9). It is also worth noting that these methods improve
the performance of text-queried training on out-of-domain data (A0
vs. A1,A2). We believe this is because they augment the text
embeddings by adding or removing some noise and have a similar
effect to caption augmentation [13], which makes the TSE model
more robust against a variety of captions. Comparing A0 and A10,
we observe that using both text and audio as query during training
improves the performance over text-only training, which is in line
with the results in [11]. We again confirm the performance gain when
using dropout (A10 vs. A11), but using both text and audio queries
does not improve performance over audio-only training (A10 vs. A9).

We observe a similar trend when training on the VGGSound
dataset: Gaussian noise or dropout on CLAP embeddings is effective
in all cases (when using text, when using audio, and when using both).
Comparing A0-A2 and V0-V2, we observe that models work best on
test data whose caption style (natural language or “this is the sound
of class”) matches that used in training. Interestingly, the overfitting
to the caption style can be mitigated by using audio queries during
training, and overall performance gets better. This result suggests that
using audio as query during training can be beneficial for text-queried
TSE even when we have class labels.

Finally, we consider the case where we have a certain amount
of text-audio pairs (e.g., AudioCaps) and different audio-only data
(e.g., VGGSound). Results in A0 and AV4 demonstrate that additional

2https://huggingface.co/lukewys/laion clap/blob/main/music speech
audioset epoch 15 esc 89.98.pt

3https://huggingface.co/microsoft/msclap/blob/main/CLAP weights 2023.pth

https://huggingface.co/lukewys/laion_clap/blob/main/music_speech_audioset_epoch_15_esc_89.98.pt
https://huggingface.co/lukewys/laion_clap/blob/main/music_speech_audioset_epoch_15_esc_89.98.pt
https://huggingface.co/microsoft/msclap/blob/main/CLAP_weights_2023.pth


TABLE I
SI-SDR [DB] OF CONFORMER+LAION-CLAP MODEL ON TEST SETS.

Captions “This is the sound of {class}”

ID Method Training data AudioCaps Clotho VGGSound AudioSet ESC50 MUSIC

A0 - AC-Text 7.6 5.1 6.2 2.3 8.3 0.8
A1 Gaussian noise AC-Text 7.7 5.7 6.8 2.9 9.4 −0.6
A2 Dropout AC-Text 7.9 5.8 6.9 2.9 9.2 0.2

A3 - AC-Audio 5.1 1.7 0.8 −0.5 3.6 −1.2
A4 Mixup AC-Audio 6.3 3.2 4.5 1.6 6.6 3.0
A5 SpecAug AC-Audio 4.8 3.0 −0.3 −0.5 3.0 −0.3
A6 PCA AC-Audio 6.8 2.8 4.7 0.4 5.5 0.1
A7 PCA-inv AC-Audio 6.9 3.8 4.8 0.6 6.7 −0.5
A8 Gaussian noise AC-Audio 8.1 6.3 6.9 3.4 9.3 1.2
A9 Dropout AC-Audio 8.1 6.4 7.0 3.5 9.4 2.0

A10 - AC-Text-Audio 7.9 6.0 6.5 3.2 9.1 1.3
A11 Dropout AC-Text-Audio 8.0 6.4 7.0 3.5 9.6 0.7

V0 - VGG-Text 5.0 4.0 8.6 3.9 9.5 9.4
V1 Gaussian noise VGG-Text 5.8 5.1 8.5 4.5 9.7 8.8
V2 Dropout VGG-Text 6.1 4.7 8.8 4.5 9.9 9.2

V3 - VGG-Audio 4.2 3.0 2.3 1.3 4.0 3.5
V4 Mixup VGG-Audio 6.2 4.3 6.1 2.9 8.0 8.3
V5 Gaussian noise VGG-Audio 7.4 6.4 8.4 4.5 9.8 8.6
V6 Dropout VGG-Audio 7.5 6.5 8.5 4.5 10.0 8.7

V7 - VGG-Text-Audio 7.1 5.6 8.8 4.7 9.8 9.6
V8 Dropout VGG-Text-Audio 7.2 6.3 8.5 5.0 9.9 9.0

AV0 - AC-Text + VGG-Text 7.8 5.9 8.5 4.6 10.4 8.1
AV1 Dropout AC-Text + VGG-Text 7.7 6.0 8.4 4.9 10.2 8.4

AV2 - AC-Audio + VGG-Audio 5.4 2.9 2.3 1.4 4.7 6.3
AV3 Dropout AC-Audio + VGG-Audio 7.8 6.5 8.4 4.7 10.0 7.9

AV4 - AC-Text + VGG-Audio 7.9 5.9 7.3 4.2 9.5 7.8
AV5 Dropout AC-Text + VGG-Audio 7.8 6.6 8.5 4.8 10.1 8.1

TABLE II
SI-SDR [DB] ON TEST SETS WHEN TRAINING A

RESUNET+LAION-CLAP MODEL ON AUDIOCAPS. 4

Captions “This is the sound of {class}”

Query Dropout AudioCaps Clotho VGGSound AudioSet ESC50 MUSIC

Text 6.3 3.1 4.2 1.5 5.5 −0.4
Text ✓ 6.9 4.2 6.5 3.2 8.4 0.3

Audio 2.9 1.1 1.1 0.5 2.5 0.8
Audio ✓ 7.1 4.9 7.2 3.9 9.1 0.6

AudioSep [12] 7.2 5.2 9.0 6.9 8.8 9.4

audio-only data helps even without dropout. Still, dropout contributes
to the performance gain (AV4 vs. AV5) and makes audio-queried
training work as well as text-queried training (AV5 vs. AV0). This
result suggests that we can effectively incorporate audio-only data to
improve text-queried TSE systems.

E. Ablation study

We also trained ResUnet+LAION-CLAP and Conformer+MS-
CLAP models to see if we observe a similar trend in other models.
Based on the results of Table I, we use dropout as embedding
manipulation.

Table II shows the evaluation results of ResUnet+LAION-CLAP
trained on the AudioCaps data. The results demonstrate that dropout
is also effective on the ResUnet extractor, which implies that audio-
queried training with dropout is likely to be effective regardless of the
architecture. We also list the performance of AudioSep [12] since we
use the same model architecture5. Although AudioSep is trained on a

4AudioSep uses the same architecture but trained on a much larger dataset.
5For fair comparison, all test scores are effectively computed on the same test
data as the AudioSep official repository [28]. However, we do note that the
reproduced scores for AudioSep do not match the original paper [12].

TABLE III
SI-SDR [DB] ON TEST SETS WHEN TRAINING A CONFORMER+MS-CLAP

MODEL ON AUDIOCAPS.

Captions “This is the sound of {class}”

Query Dropout AudioCaps Clotho VGGSound AudioSet ESC50 MUSIC

Text 7.5 5.2 6.6 2.2 8.4 −0.2
Text ✓ 7.7 5.7 7.1 2.6 9.0 2.0

Audio 3.1 1.6 3.8 0.5 5.9 2.1
Audio ✓ 7.4 6.4 7.8 3.1 9.9 3.3

much larger dataset, the audio-queried training achieves comparable
performance on several test sets, which suggests that we may observe
further performance gain over AudioSep by using the same dataset
and audio-queried training.

Table III shows the evaluation results of Conformer+MS-CLAP
trained on the AudioCaps data. Again, audio-queried training with
dropout gives the best performance. Although the training data and
encoder architectures of MS-CLAP are different from LAION-CLAP,
the results show that MS-CLAP also has a modality gap problem and
dropout helps to alleviate it.

V. CONCLUSION

We investigated methods allowing us to incorporate audio-only
data for training text-queried TSE models. Although the CLAP
models often have a modality gap and the TSE models easily overfit
to audio queries, simple embedding manipulation methods such as
dropout greatly alleviate the problem. Through experiments using
multiple TSE models, we demonstrated that audio-queried training
with dropout is as effective as text-queried training. In future work,
we plan to scale up the training data by leveraging large-scale in-the-
wild audio-only data.
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