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Large language models reveal deep comprehension and fluent
generation in the field of multi-modality. Although significant
advancements have been achieved in audio multi-modality, ex-
isting methods are rarely leverage language model for sound
event detection (SED). In this work, we propose an end-to-
end framework for understanding audio features while simul-
taneously generating sound event and their temporal location.
Specifically, we employ pretrained acoustic models to capture
discriminative features across different categories and language
models for autoregressive text generation. Conventional meth-
ods generally struggle to obtain features in pure audio domain
for classification. In contrast, our framework utilizes the lan-
guage model to flexibly understand abundant semantic context
aligned with the acoustic representation. The experimental re-
sults showcase the effectiveness of proposed method in enhanc-
ing timestamps precision and event classification.
Index Terms: sound event detection, language model, data aug-
mentation

1. Introduction
Sounds contain considerable information about the environ-
ment. Sound event detection (SED) aims to detect and clas-
sify various sound events within an audio stream. Unlike
other acoustic tasks such as tagging and caption, SED requires
improved discrimination to accurately identify the temporal
boundaries of occurring events. SED has broad applications
in human-machine interaction [1] and automatic sound recog-
nition [2]. It can also provide valuable benefits in the fileds of
smart homes [3] and smart cites [4].

The general paradigm of SED primarily concentrates on
classification of frame-wise features extracted from the au-
dio. Designing an effective feature extractor to identify spe-
cific events at the frame level has revealed its importance in
recent years. The Convolutional Recurrent Neural Network
(CRNN) [5] is commonly utilized as fundamental framework
to learn high level features from the audio spectrogram. Where
data are only labeled with event categories rather than both cat-
egories and boundaries, an aggregator is employed to pool the
frame-level features, generated by the feature extractor, into
a clip-level feature for the joint training of weakly labeled
data [6]. Inspired by the success of the self-supervised learn-
ing (SSL) and pretrained models in the fields of text and im-
age processing, the trend of adopting pretrained acoustic mod-
els is gradually becoming mainstream. Figure 1 (a) presents the
architecture of the baseline system for the DCASE 2023 Task
4 challenge, incorporating a pre-trained audio model (BEATs)
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as an additional feature extractor to yield highly discriminative
embeddings for improved performance.

In recent years, pretrained language models such as
BERT [7], BART [8] and T5 [9] have exhibited remark-
able capabilities in natural language understanding and reason-
ing [10, 11, 9, 12]. Researchers have also deeply explored the
language models in the mutimodal domain [13], recognizing
that semantic knowledge acquired by language models can ben-
efit other modalities. The integration of acoustic and language
modalities aims to build a common learning, where each modal-
ity mutually enhance the capabilities of the other. WavCaps [14]
employs ChatGPT to generate a large-scale and diverse cap-
tioning dataset, releasing potential abilities of audio-language
multimodal learning. Under the guidance of natural language,
Contrastive Language Audio Pre-training (CLAP) [15, 16] in-
tegrates natural language and audio into a unified multimodal
space using dual encoders and contrastive learning, enabling
zero-shot capabilities without the need for specific acoustic
class labels. Integrating conventional audio models with large
language models has proven effective not only for sound per-
ception and reasoning but also for application in audio clas-
sification and retrieval tasks [17, 18]. APT-LLM [19] aims
to train a model to recognise specific sound events and count
their frequency. However, based on audio-language model have
been rarely explored for SED due to challenges in represent-
ing, aligning, and generating frame-wise event boundaries in
the text modality. To solve these problems, we select different
architectures to thoroughly leverage the multimodal capabilities
for end-to-end prediction of SED.

In this paper, we propose a novel method referred to as
SED-LM that leverages the capabilities of language models to
uniquely generate text describing sound event and their tempo-
ral aspects. The audio embeddings and the language embed-
dings are integrated through cross-attention mechanism. Au-
toregressive generation is utilized during the inference stage.
In this way, SED-LM gains the capability to distinguish sound
events more easily from textual representation.

Our contributions can be specified as follows:
• We propose an end-to-end method to generate SED content

in multi-modal, which is flexiblely adapted to different au-
dio feature extractor component and the pretrained language
generator.

• Our method combines the strengths of pretrained language
models with audio models, achieving multi-modal integra-
tion through cross-attention mechanism. Language model
generates text corresponding to relevant audio segments with
precise occurrence of sound event.

• Extensive Experiments are conducted to evaluate the inter-
action between the audio and language models, as well as
the sampling strategy employed. The results of the BEATs
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(b) Proposed SED-LM method
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(a) The architecture of the baseline SED system
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Figure 1: We represent the DCASE2023 baseline SED systems
and language model for automatic SED. (a) shows baseline
SED system. (b) is the architecture of SED-LM. The module
in the dashed block is a transformer layer with cross-attention.

with BERT model achieves 0.607 EB-F1 score with super-
vised learning, which showcase the effectiveness of the syn-
ergy between audio and language models in SED.

2. Methodology
To guarantee that each audio is paired with text, we select an-
notated training datasets. In this section, we briefly introduce
overview of our proposed methodology. Then, we present the
audio extraction and decoder in detail.

2.1. Overview of proposed SED-LM model

Single-modal information is inherently limited, multimodal ap-
proaches yield more comprehensive insights for SED tasks.
Rather than using the homogeneous audio feature, our proposed
method generates sound event and their temporal location with
language model and introduces a cross-modal perspective for
SED feature learning. The method that leverages semantic in-
formation from language model is capable of obtaining fine-
grained audio features. But integrating cross-modal audio and
text for SED presents some difficulties: 1)audio embeddings
need to be aligned with variable-length text embeddings. 2)se-
lecting appropriate text sequences is hard for SED-LM.

Therefore, the architecture of our proposed model is illus-
trated in Figure 1 (b), which consists of a pretrained audio en-
coder EncA and a text decoder DecT . The audio encoder
EncA processes acoustic feature. DecT is composed of 12
transformer layers, each equipped with a self-attention mod-
ule followed by a cross-attention module with a residual con-
nection. The integration of text and audio modalities is facili-
tated through cross-attention, where acoustic embeddings serve
as key/value pairs and text hidden states serve as the query. To
train SED-LM model, we exploit text templates rather than orig-
inal (s, e, C) labels, where s, e separately represents the start
and end timestamps and C denotes the sound event category.

Table 1: templates and enhanced text. ”/” refers to <SEP>.

alarm 1.5 3.5 / speech 7.1 9.2 speech 7.1 9.2 / alarm 1.5 3.5
cat heard 2.2 5.5 seconds /
dog heard 3.3 4.7 seconds

dog heard 3.3 4.7 seconds /
cat heard 2.2 5.5 seconds

alarm heard between 1.5 and 3.5 seconds -

Given different template extremely influence the generative ef-
fect, we select texts of varying types, including (C s e), (C heard
s e seconds) and (C heard between s and e seconds). Then
we transform text to discrete labels and employed a pattern
matching recognition method to extract temporal information
and sound class from the prediction sequences. The templates
are shown in Table 1.

2.2. Generative SED

2.2.1. Audio extraction: from spectrograms to features

The audio encoder takes advantage of the pre-trained large
model for adaptation to the SED. We compare two audio extrac-
tors. The first HTS-AT [20] employs transformer-based archi-
tectures as its backbone. It contains four groups of transformer-
encoder blocks with window attention mechanism and patch-
merge layers. The input spectrograms are divided into patch
tokens, covering 64 frequency bands by 64 frames in each win-
dow, then the shape of the patch tokens is reduced by 8 times
following network groups. The encoder transforms the feature
into an embedding EA ∈ RT ×D . Although HTS-AT has
shown superior feature extraction, we also employ BEATs to
verify the robustness of architecture and compare performance
aligned with language model. The pretrained BEATs, featur-
ing 12-layer transformer encoder, is optimized through itera-
tive pre-training of the acoustic tokenizer and audio SSL model.
After training, the audio feature token contains information re-
lated to corresponding time frames and frequency bands. Both
BEATs and HTS-AT require parameters fine-tuning for effec-
tive integration with the language model.

2.2.2. Language models: from audio tokens to generated text

The decoder module takes into account the differences in ar-
chitecture between masked and generative type. BERT model
is typically pretrained on extensive masked text corpora, it is
naturally designed for masked language tasks. The bidirec-
tional self-attention mechanism is not suitable for generation
tasks. Therefore, we adapt the structure to a unidirectional self-
attention mechanism that only considers past context. Com-
pared to BERT, BART incorporates both encoder and decoder
blocks within a sequence-to-sequence architecture. We specifi-
cally employ only the decoder part of BART. T5 model adopts
a unified text-to-text approach regardless of the task and is uti-
lized in a manner similar to BART.

The decoder is trained with template texts for SED under-
standing and generating based on the previously generated text.
During model training, we apply language modeling loss for
text decoder, which utilizes a forward autoregressive formula-
tion to learn conditional probability of the generated text. Dur-
ing inference, the model produces texts autoregressively using
only the audio input.

EA = EncA(X) (1)

y = DecT (EA) (2)



Lce(θ) = − 1

T

T∑
t=1

logPθ(yt|y1:t−1, E
A) (3)

where X represents the input audio features, yt denotes the t-th
ground truth token in a sentence of length T , and θ represents
the model parameters.

2.2.3. Cross attention: integrate audio and text

Additionally, cross-attention is added to connect the audio en-
coder and the language decoder in each layer, enhancing the
model’s ability to integrate frame and text token. The current
state of the decoder is Eq ∈ RN ×D . The cross-attention mech-
anism is formulated as:

Cross-attention(Eq, EA) =

(
(W qEq)(W kEA)T√

d

)
W vEA

(4)

2.2.4. Text augmentation

Text augmentation is applied for the generative text. The text
describing sound events reflects the temporal sequence of au-
dio. Appropriate augmentation of the dependent texts assists
the model in learning and modeling multiple sound events, ac-
curately capturing temporal relationships. Text augmentation
effectively address the issue of overfitting during training.

3. Experiments Setup
3.1. Datasets

Audioset [21], the largest weakly-annotated sound event
dataset, contains over 2M 10-sec sound segments. AudioSet
provides a small-scale strongly-annotated subset which contains
additional on-sets and off-sets of present events. All experi-
ments are conducted using the dataset of the DCASE 2023 task
4 [22], which contains the supervised data for weakly labeled
data (1578 clips) and synthetic labeled set (10000 clips) created
by soundscape synthesis tool in the domestic environment. Ex-
tra real strong labeled set (3470 clips) from the AudioSet are
used as well. The real validation data (1168 clips) is prepared
for evaluation.

3.2. Experimental Settings

In pre-processing, the sampling rate of all input audio clips
is converted to 16k. The audio clips are random cropped or
padding to 10 seconds. The HT-SAT model use 1024 window
size that shifts every 10 ms and 64 mel-bins to computed spec-
trograms. As for the BEATs, we use 128-dimensional Mel-filter
bank features with 400 window size. For language models, the
BERT base model contains 110M parameters, BART base is
equipped with 140M parameters, and T5 also has substantial
220M parameters. The max length of text sequence is confined
to 256 tokens. The batch size for audio-text paired is 4. The
learning rate is warm-up to 1e−4 in the first 5000 iterations,
and decayed to 1e−5 with cosine schedule. We use the AdamW
optimizer with a weight decay of 0.05. The pretrained model is
further fine-tuned for 15 epochs.

3.3. Evaluation metrics

Collarbased F1 score (EB-F1), intersection-based F1 score (IB-
F1) are used to evaluate the model performance [23]. EB-f1
score is designed to validate the accuracy of sound onsets and

Figure 2: The trained HT-SAT and BEATs feature

offsets. Therefore, former metric focuses more on the outcomes
of continuous SED, while the latter metric emphasizes the pre-
cision of audio tagging. The metric combines EB-F1 and IB-F1
for comprehensive assessment. Moreover, the model is evalu-
ated using the validation of the DCASE2023 Challenge Task4.

4. Experiments Result
We firstly evaluate our SED-LM over temporal accuracy and
tagging classification compared to single modal models. Then,
we conduct experiment to analyse the generative prefermance
with different module. In the end, we explore enhanced strate-
gies in text augmentation and beam size.

4.1. Comparison between proposed and other method for
SED

We compare the performance between the baseline and a few
single modal methods. The conventional methods are trained
on the whole DCASE2023 datasets, while our proposed method
merely depend on labeled and weakly labeled data. The results
are shown in Table 2. For DCASE2023 baseline system, the
BEATs parameters are frozen. The first two single modal meth-
ods are designed to adjust the kernel and convolution. The AST-
SED and ATST-SED obtain superior performance utilizing pre-
trained model. The novel SED-LM can outperform the base-
line and most single modal models, which proves generative
method qualifies in SED. As the training dataset excludes unla-
beled data (14412 clips), it is not as good as the state-of-the-art
method. The semantic information conveyed in the generated
content correlates to SED. This is consistent with the character-
istics of multi-modal.

4.2. Integrated feature analysing

To explore model’s ability to understand acoustic spectral infor-
mation at a fine-grained level. We visualized feature of trained
acoustic layer with the TSNE [24] technique. For both mod-
els, we randomly select one frame-level feature from every real
audio clip in the validation dataset and plot them. The visual-
ization results are shown in Figure 2. Comparing the features of
HT-SAT and BEATs, we can see that most of the acoustic fea-
tures modeled are clearly discriminative. Moreover, the BEATs
features are more densely clustered comparing with the HTSAT
features, illustrating an obvious separable property.

Specifically, Figure 3 gives an example in which text con-
texts express sound detection. The similarity values of the au-
dio features and text feature are higher than those of the noise
clip during speech and electric toothbrush events. This model-
ing way with cross attention mechanism align the resemblance
of fine-grained audio and the text feature. The cross-attention
mechanism integrate representations that relate to both the con-
tinuity of the audio and occurrence of events.



Figure 3: Y0s6Vt4i3iiQ 40.000 50.000.wav’s similarity. The
electric toothbrush event’s similarity between frame and cor-
responding text is represented by red color. The speech is rep-
resented by blue color.

4.3. Ablation study of the proposed SED-LM paradigm

Table 2: Comparison of model performance on DCASE 2023
task4. Our proposed method merely depend on labeled datasets.

Model EB-F1(%) ↑ IB-F1(%) ↑

CRNN-SED 42.35 64.22

FDY-CRNN [25] 51.56 74.50
SK-CRNN [26] 52.77 74.88
AST-SED [27] 59.60 79.64

ATST-SED [28] 65.83 −
SED-LM (proposed) 60.72 80.60

4.3.1. Template texts

Different template texts and their performance are detailed in
Table 3, showcasing that the final one yields better results in the
generative system. Complete and logically coherent texts are
more conducive for language models learning.

Table 3: Ablation study of different text template.

Text EB-F1(%) IB-F1(%)

<C s e> 47.5 67.6
<C heard s e seconds> 55.6 79.0

<C heard between s and e seconds> 60.7 80.6

4.3.2. Model selection

As shown in Table 3, we explore the influence of the encoder
and decoder performance. It can be seen that the effects of
three language model are in increasing order. Firstly, we inves-
tigate the effect of the audio encoder in our method. The BEATs
model outperforms the HTSAT nearly 5 %. This is correspond
to feature visualization. Secondly, The results reveal that EB-
F1 and IB-F1 of the BERT decoder are significantly higher than
those of the BART and T5. The BERT decoder selects candi-
date words with a tendency towards template-based sequences,
which generates more discriminating SED content. In contrast,

Table 4: Performance of the proposed method on validation
metrics within different modules.

Acoustic
encoder

LM
decoder EB-F1(%) ↑ IB-F1(%) ↑

HTS-AT BART 40.2 62.6
HTS-AT T5 50.9 74.8
HTS-AT BERT 54.2 77.4
BEATs BART 44.5 67.1
BEATs T5 55.4 76.0
BEATs BERT 60.7 80.2

the BART and T5 model selects candidate words based on sen-
tence flow, differing from template sequences, which lead to
incorrect sound detection generation. Then they may not accu-
rately predict the subsequent word and generate poor outcomes
in scenarios of multi-events.

4.3.3. Enhanced strategies

Table 5 illustrates the performance of different enhanced strate-
gies, reflecting that the general choice of decoding strategy can
significantly impact the quality and accuracy of the generative
sequences. Both greedy and beam search strategies aim to select
the highest probability candidate word at each time step, thereby
choosing the most likely token to generate accurate results. We
observe that greedy search outperform the beam search with 2
and 3 during the generative process. This can be attributed to
BERT’s masked pattern, which enables it to assign maximum
probability effectively over short ranges. Text augmentation
also enhance SED-LM performance.

Table 5: Ablation study of the BEATs-BERT enhanced strategy.

Augmentation Beam size EB-F1(%) IB-F1(%)

! 1 (greedy search) 60.7 80.6
! 2 58.6 79.5
! 3 57.7 78.0
− 1 (greedy search) 57.9 79.5
− 2 57.5 78.7
− 3 56.7 78.5

5. Conclusions
In this paper, we proposed a novel method to generate SED uti-
lizing language models, which harnesses the capability of lan-
guage models to provide precise SED text. We design an end-
to-end architecture that integrate audio and language space. The
encoder audio model produces features serving as key and val-
ues. Meanwhile, the decoder generate the sound event and tem-
poral location content. The experimental results demonstrate
the feasibility of the generative model, which exhibits remark-
able generality and multi-modal capability. In addition, from
various ablation study, we have investigated the performance of
different modules, which achieve comparable results with the
single modal.
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