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Abstract

Recently, transformer-based models have demonstrated remarkable performance
on audio-visual segmentation (AVS) tasks. However, their expensive computational
cost makes real-time inference impractical. By characterizing attention maps of
the network, we identify two key obstacles in AVS models: 1) attention dissipa-
tion, corresponding to the over-concentrated attention weights by Softmax within
restricted frames, and 2) inefficient, burdensome transformer decoder, caused by
narrow focus patterns in early stages. In this paper, we introduce AVESFormer,
the first real-time Audio-Visual Efficient Segmentation transformer that achieves
fast, efficient and light-weight simultaneously. Our model leverages an efficient
prompt query generator to correct the behaviour of cross-attention. Additionally,
we propose ELF decoder to bring greater efficiency by facilitating convolutions
suitable for local features to reduce computational burdens. Extensive experiments
demonstrate that our AVESFormer significantly enhances model performance,
achieving 79.9% on S4, 57.9% on MS3 and 31.2% on AVSS, outperforming previ-
ous state-of-the-art and achieving an excellent trade-off between performance and
speed. Code can be found here.
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Figure 1: Illustration of attention dissipation. The cross-attention matrix fails to distinguish different
tokens (left). One potential solution is to expand the audio feature into several tokens (right).

1 Introduction

Audio-Visual Segmentation (AVS) [1] have emerged as a novel multi-modality task that plays a
crucial role in robot sensing, video surveillance and other scenarios. It aims to segment fine-grained
pixel-level sounding objects with corresponding audio-visual modalities. However, existing AVS
methods [2, 3, 4, 5, 6, 7, 8, 9, 10, 11] primarily focus on improving performance, often at a high cost
of models size and computational overhead. Such heavy computational cost renders them unsuitable
for applications with real-time requirements.
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Figure 2: mIoU (%) vs. Inference Latency (ms) on S4 (left), MS3 (middle) and AVSS (right)
compared with other popular methods. Latency is measured on a single Nvidia RTX 3090 GPU.
AVESFormer achieves the best trade-off between performance and inference speed.

Recently, transformer-based AVS models have brought significant performance improvements with
cross-attention and its variants serving as audio-visual fusion module [2, 12, 7, 11, 5, 10, 3]. Beginning
with AVSBench [1], temporal pixel-wise audio-visual interaction (TPAVI) [1, 13] is proposed to
inject audio guidance from all video clips. However, such method is unnatural since the sound
source may change during the clip. AVSegFormer [2] employs channel attention mixer (CHA)
to guide visual channels with audio features. Nevertheless, channel attention may be dominated
by visual features and surpass the audio representation [14]. Contrastive Audio-Visual Pairing
(CAVP) [14] approximates Softmax function with Sigmoid, suggesting it could highlight critical
regions. Nonetheless, approximated attention does not hold the same power as attention [15].

Despite their strong performance, the application of AVS model on real-time field is still difficult
because the computational overheads and model efficiency are often neglected. Our observation
identifies two primary issues that prevent the AVS model from the real-time area: (1) Attention
Dissipation, an issue not explored in previous studies, where cross-attention matrix vanishes during
modality fusion process in existing methods [2, 3, 5], hindering them from distinguishing audio-visual
corresponding region, as shown in Figure 1. (2) Inefficient Decoder tends to capture narrow local
features at early stages with cross-attention, resulting in short-range pattern utilization, which is
not a desired behaviour of attention. These inefficient operations not only fail to build long-range
dependencies, but also constitute the bottleneck of inference runtime. As shown in Figure 3, the
runtime proportion of the transformer, including the query generator, can exceed 70% of the total.

To this end, we settle into a better explanation of attention dissipation and seek to reduce transformer
decoder overhead while enhancing its efficiency. We analyze that attention dissipation is derived
from over-concentrated distribution across multiple elements of the attention weights after Softmax
within restricted frames. To address this issue, Pompt Query Generator (PQG) is adopted to process
the audio feature in a prompt manner. This approach rebuilds the distinguishing capability of cross-
attention, effectively eliminating attention dissipation. For improving decoder efficiency, a novel
EarLy Focus (ELF) decoder is introduced. Specifically, convolution blocks are conducted in the
early transformer decoder stages. This modification is more suitable to capture local features in
contrast to attention while reducing the computational cost of the latter. Our method proves to be
faster and more efficient than relying solely on cross-attention throughout the entire decoder.
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Figure 3: Runtime profiling of the AVSeg-
Former [2]. Inference time is dominated by
transformer architecture.

In this work, we introduce AVESFormer, an Audio-
Visual Efficient Segmentation transformer, which
achieves fast, efficient and light-weight simultaneously.
To the best of our knowledge, AVESFormer is the first
real-time transformer model for AVS tasks. AVES-
Former addresses the critical issue of attention dissipa-
tion through prompt query generator and reduces infer-
ence runtime with efficient ELF decoder. As shown in
Figure 2, comprehensive experiments demonstrate that
AVESFormer achieves state-of-the-art performance-
latency trade-off, outperforming AVSegFormer [2]
(+3.4% on S4, +8.4% on MS3, +6.3% on AVSS) while
using 20% less parameters and being 3× faster.
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Our contributions can be summarized as follows:

• We discover the attention dissipation phenomenon in the cross-attention fusion process. To
address this, we propose a novel prompt audio query generator that corrects its behaviour
and establishes a reliable representation capability of audio-visual fusion.

• We identify insufficient audio-visual fusion in the early stages of the transformer decoder.
Thus we adopt ELF decoder, which reduces computational cost and promotes efficient
audio-visual fusion in deeper stages.

• Our method achieves state-of-the-art w.r.t. the trade-off between performance and inference
speed on challenging AVSBench-Object and AVSBench-Semantic datasets.

2 Related Work

2.1 Audio-Visual Segmentation

Audio-Visual Segmentation (AVS) is a more fine-grained and complicated task than sound source lo-
calization (SSL) [16, 17, 18] as it aims to locate the sounding object and show pixel-level predictions.
In recent years, AVS has attracted significant attention from researchers. AVSBench [1] is the first to
propose audio-visual segmentation benchmark, introducing temporal pixel-wise audio-visual interac-
tion (TPAVI) module to facilitate interaction between audio-visual information. AVSegFormer [2]
is the first to develop a novel transformer architecture for AVS. They introduce audio queries into
the transformer decoder to attend to corresponding visual features. CATR [3] performs bidirectional
combinatorial dependence fusion to fully enhance spatial-temporal dependencies. CAVP [14] incor-
porates contrastive loss into audio-visual semantic segmentation with positive and negative pairs and
uses larger resolution with extra data to reach higher performance. Unlike these methods, this paper
focuses on real-time end-to-end inference scenario of AVS model and provides a detailed analysis of
attention dissipation and decoder efficiency.

2.2 Transformer in Semantic Segmentation

In recent years, transformer architecture has significantly influenced semantic segmentation. DPT [19]
designs a transformer-based encoder-decoder architecture for dense prediction tasks. SETR [20]
shows impressive results by modelling segmentation as a sequence-to-sequence task. SegFormer [21]
introduces a hierarchical transformer encoder and an all-MLP decoder to improve the network effi-
ciency. MaskFormer [22] and Mask2Former [23] modify segmentation in a set prediction paradigm,
predicting a set of binary masks and assigning a single category to each one. However, these
models are unsuitable for real-time segmentation tasks due to their heavy computational burden.
RTFormer [24] introduces GPU-Friendly attention and arranges low- and high-resolution branches in
a stepped layout to make full use of global context. SeaFormer [25] employs squeeze axial attention
to reduce the computation burden of self-attention while maintaining the local details. These methods
have significantly advanced semantic segmentation. Considering the tight bond between segmentation
and AVS tasks, these approaches have provided substantial inspiration for our work.

2.3 Efficient Vision Transformer

ViT [26] and its variants [27, 28, 29] have demonstrated significant improvements in computer
vision. However the high computational cost makes them inferior to CNN in real-time inference
scenario. To mitigate this gap, previous works attempt to design more efficient architectures to reduce
computational burden. MobileViT [30] combines CNN and ViT by integrating global feature fusion
of transformer in CNN. MobileFormer [31] bridges MobileNet [32] and ViT in a parallel design to
leverage advantages from both architectures. EfficientFormer [15] finds insufficient operations in
transformer and slims the model size in a latency-driven manner. LVT [33] adopts dilated convolution
in attention mechanisms to enhance model performance and efficiency. LIT [34] gives a more detailed
analysis of self-attention heads and applies MLP to build local dependencies. EfficientViT [35]
proposed to aggregate multi-scale features via small-kernel convolutions. These methods have made
contributions to the development of fast and efficient ViT architectures. We benefit greatly from their
contributions to the analysis of AVS tasks.
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Figure 4: The overview of AVESFormer. Audio and visual backbones extract corresponding features.
The prompt query generator addresses the attention dissipation problem by inserting the audio feature
on top of a set of learnable parameters to generate audio-conditioned queries. The ELF decoder
processes local features using convolution blocks in the early stages. Finally, the transformer blocks
interact with high-level audio-visual features to generate fused features.

3 Method

In this section, we first describe the theoretical analysis of the attention dissipation phenomenon.
Then, we elaborate the detailed architecture and components of the proposed AVESFormer.

3.1 Attention Dissipation

In real-time AVS scenario, visual feature Fvisual ∈ Rc×h×w and audio feature Faudio ∈ R1×c

are given at the same moment. The former is usually split into patches Pvisual ∈ RN×c where
N = h × w in the cross attention mechanism. Prevailing methods [2, 14, 3, 11] usually fuse the
two features to build reliable correspondence between audio-visual modalities, as shown on the
left panel of Figure 1. Let us denote qi, k, v ∈ R1×c as row vectors for i ∈ [1, 2, . . . , N ], with
Pvisual = [qi]N×c and Faudio = k = v. The cross-attention fusion can be represented as follows:

O = Softmax(PvisualFT
audio)Faudio, (1)

oi =
∑
j

ai,jvj =

∑
j e

qik
T
j vj∑

j e
qikT

j

, (2)

where O = [oi] ∈ RN×c and j stands for the row index of Faudio. The scale factor
√
d in Softmax

as well as linear transformation matrices of WQ, WK and WV [36] are omitted for the sake of
simplicity without affecting the conclusion.

However, Faudio is an 1-dimensional vector within a single frame, which makes kj = k and vj = v.
Based on this hypothesis, we substitute j = 1 into Equation (2) to obtain:

oi =
eqik

T

v

eqikT = v. (3)

The final output of cross-attention fusion can be written as:

O = Softmax({qikT }ij)v = 1N×1Faudio = [Faudio]N×c . (4)

From Equation (4), the cross-attention fusion turns into a simple replication of the audio feature,
as illustrated on the right panel of Figure 1. In this process, the attention weights turn out to be
over-concentrated after Softmax over 1-dimensional keys. The phenomenon revealed in Equation (4),
termed Attention Dissipation, significantly harms the capability of distributing attention on multi-
modality representation, thus constraining the effectiveness of the attention mechanism [2, 14].
Modifications to the audio features are necessary to correct the behaviour of cross-attention. One
potential solution is to expand the amount of audio tokens. See Appendix A.1 for more proof details.
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3.2 AVESFormer Architecture

We now introduce the overall architecture of AVESFormer, including audio-visual backbones, prompt
query generator, early focus decoder and loss function, as shown in Figure 4.

Visual Backbone. Initially, audio-visual features are extracted by corresponding backbones. For
a single frame xvisual ∈ R3×H×W , where H and W stand for the height and width of the image,
hierarchical visual features are extracted as follows:

Fvisual = {F1,F2,F3,F4}, (5)

where Fi ∈ Rci× H

2i+1 × H

2i+1 , i ∈ {1, 2, 3, 4} represents features at different scale with channel ci.

Audio Backbone. Meanwhile, the audio signal in the video with time duration T is resampled
to yield a 16kHz mono output Amono ∈ RNsamples×96×64, where Nsamples stands for the amount
of sampling points. Then, Amono is converted into Mel-spectrum Amel ∈ RT×96×64 by short-time
Fourier transform. Finally we put Amel into pre-trained audio backbone Vggish [37] to extract T
audio features, each one is denoted as Faudio ∈ R1×D, where D is the audio feature dimension.

Audio 
Feature

Learnable
Queries

Discard

PQG Blocks

Figure 5: Illustration of prompt query
generator. The audio feature is treated
as prompt and discarded in output.

Prompt Query Generator. To mitigate the attention dis-
sipation discussed in Section 3.1, a novel prompt query
generator (PQG) is proposed to expand audio query rather
than replicating, as depicted in Figure 5. The audio feature
at a single frame is regarded as a prompt [38] and inserted
into a set of learnable queries Qlearn ∈ RNq×D:

Q† = [Faudio|Qlearn] ∈ R(Nq+1)×D, (6)

where [·|·] denotes concatenation and Nq denotes query
amount. Then, self-attention is performed between audio
features and learnable queries. In the self-attention process,
the attention matrix QKT can be written as follows:

QKT = Q†Q†T (7)

= [Faudio|Qlearn][Faudio|Qlearn]
T (8)

=

 FaudioFT
audio FaudioQ

T
learn

QlearnFT
audio QlearnQ

T
learn

 . (9)

Afterwards, Q† generates augmented audio features with
relativity from the original feature. Lastly, the original
audio token at the output end is discarded to obtain Fgen ∈
RNq×D. Note that PQG enhances the diversity of audio
features and corrects the behaviour of cross-attention.

Early Focus Decoder. Despite its powerful representation ability, the transformer decoder remains
the main bottleneck of runtime, as shown in Figure 3. Previous works on ViTs [33, 34] suggest
that early stages of self-attention tend to be inefficient because they predominantly focus on local
patterns, leading to wasted long-range modelling capability. In contrast, deeper stages mainly capture
long-range, high-level semantics. In this work, we visualize the audio-visual cross-attention patterns,
as shown in Figure 6. In the early stages, audio features generate narrow local visual responses on
attention maps. As the stage goes deeper, the attention region enlarges gradually. In the last two
stages, it forms shaped and fine-grained regions suitable for segmentation. Therefore, we propose a
novel early focus (ELF) decoder. Since the early stage primarily captures local patterns, attention to
high computational cost is replaced by convolution to capture local semantics. In early decoder stage
l, visual feature Fvisual is processed by convolution:

F l+1
visual = LN(F l

visual + Conv(F l
visual)), (10)
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Block 1 Block 2 Block 3 Block 4 Block 5 Block 6
Figure 6: Attention probabilities of different blocks in fully transformer decoder. Each map shows
the attention probability of the audio query to all visual patches. Maps are averaged along all heads.
Each row indicates a test sample. Dark red indicates higher attention probability and shallow orange
indicates lower attention probability. See Appendix C.2 for more details.

where LN denotes LayerNorm [39] and Conv is composed of RepBlock [40]. In deeper stages, we
split Fvisual into visual patches Pvisual [26] to perform cross-attention with Fgen from PQG:

P l+1
visual = LN(P l

visual + CA(P l
visual,Fgen,Fgen)), (11)

where CA denotes multi-head cross-attention and CA(Q,K, V ) = Softmax(QKT )V . The ELF
decoder eliminates the computational burden brought by wasted attention operations but still maintains
the original module function to extract local features. By incorporating our ELF decoder, we find
more performance-computation efficiency enhancement in our model.

Loss Function. Following MaskFormer [22], we employ IoU loss and Dice [41] loss to provide
supervision between the predicted mask M̂ and ground truth M. The IoU loss LIoU measures
the intersection over union between prediction and ground truth. Moreover, Dice loss LDice is set
to obtain additional supervision information. Since the foreground proportion in the AVS task is
relatively small within the entire image, Dice loss could force the model to focus on the target region
and suppress the impact of background interference. Besides, we employ auxiliary loss Laux for
more fine-grained segmentation. The intermediate feature from convolution blocks of ELF decoder
FELF ∈ Rc×h×w is introduced to calculate Laux. Suppose Mf represents the foreground mask, Laux
can be written as:

Laux(FELF ,Mf ) =
1

c

c∑
i=1

LDice(F i
ELF ,Mf ). (12)

The total segmentation loss can be written as:

L = λIoULIoU(M̂,M) + λDiceLDice(M̂,M) + λauxLaux(FELF ,Mf ), (13)

where λIoU, λDice and λaux are hyperparameters. See Appendix B.1 for more details.

4 Experiments

Dataset. We evaluate our method on the AVSBench dataset [1, 13], which is composed of
AVSBench-Object and AVSBench-Semantic. AVSBench-Object is designed for audio-visual segmen-
tation tasks with pixel-level annotations. Videos are sourced from YouTube, cropped into 5 seconds,
and sampled at one frame per second to compose the image data. There are two subsets in AVSBench-
Object: single sound source segmentation (S4) subset and multiple sound source segmentation (MS3)
subset. The S4 subset contains 4,932 videos: 3,452 for training, 740 for validation and 740 for testing.
The labels contain 23 categories, including humans, vehicles, animals and kinds of instruments.
Note that annotations in S4 training set is only given in the first frame. Meanwhile, MS3 subset
is composed of multiple sound sources, including 424 videos, 286 for training, 64 for validation
and 64 for testing. MS3 shares the same categories as S4. AVSBench-Semantic is an expanded
version of AVSBench-Object, providing additional semantic masks to facilitate audio-visual semantic
segmentation (AVSS). Videos in AVSBench-Semantic extend up to 10 seconds with 10 frames per
video to compose the image data. Moreover, 70 categories are annotated in 11,356 videos: 8,498 for
training, 1,304 for validation and 1,554 for testing.
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Table 1: Comparison with state-of-the-art methods on the AVS benchmark. All methods are evaluated
on three AVS sub-tasks (S4, MS3 and AVSS). The evaluation metrics are mIoU and F-score. #Params
refers to the number of parameters. FPS is reported on a single NVIDIA RTX 3090 GPU. * means
the parameters of audio backbone Vggish [37] are included.

Method Backbone S4 MS3 AVSS #Params∗ FPS
J F J F J F (M)

LVS [48] ResNet-18 38.0 51.0 29.5 33.0 - - - -
MSSL [49] ResNet-18 44.9 66.3 26.1 36.3 - - - -
3DC [50] ResNet-152 57.1 75.9 36.9 50.3 17.3 21.6 - -
SST [51] ResNet-101 66.3 80.1 42.6 57.2 - - - -
AOT [52] Swin-B - - - - 25.4 31.0 - -
iGAN [53] Swin-T 61.6 77.8 42.9 54.4 - - - -
LGVT [54] Swin-T 74.9 87.3 40.7 59.3 - - - -

AVSBench [1]

ResNet-50

72.8 84.8 47.9 57.8 20.2 25.2 163 63.6
CATR [3] 74.8 86.6 52.8 65.3 - - 177 46.4
DiffusionAVS [6] 75.8 86.9 49.8 62.1 - - - -
ECMVAE [4] 76.3 86.5 48.7 60.7 - - 162 52.8
AuTR [5] 75.0 85.2 49.4 61.2 - - - -
AQFormer [7] 77.0 86.4 55.7 66.9 - - - -
AVSC [8] 77.0 85.2 49.6 61.5 - - - -
AVSegFormer [2] 76.5 85.9 49.5 62.8 24.9 29.3 151 26.4
AVSBG [9] 74.1 85.4 45.0 56.8 - - - -
BAVS [10] 78.0 85.3 50.2 62.4 24.7 29.6 118 -

AVESFormer (ours) ResNet-18 77.3 87.5 55.5 65.1 26.3 31.8 108 113.0
ResNet-50 79.9 89.1 57.9 68.7 31.2 36.8 127 83.5

Implementation Details. We conduct our experiments with PyTorch. Our model is trained on
NVIDIA RTX 3090 GPU. We employ AdamW [42] as optimizer with batch size 16 and learning
rate of 0.0005 for S4 as well as MS3 while batch size 8 and learning rate of 0.0001 for AVSS. All
images are resized into 224× 224. From the aspect of real-time inference, we employ ResNet-50 and
ResNet-18 [43] pre-trained on ImageNet [44] as our visual backbones. Considering Pyramid Vision
Transformer (PVT-v2) [29] is unsuitable for real-time applications, we do not adopt it as the visual
backbone. We employ Vggish [37] pre-trained on AudioSet [45] to encode audio input. The audio
backbone is frozen during the training. The embedding dimensions of both encoders are set to 256.
Transformer decoder comes up with multi-scale deformable attention (MSDeform) [46] followed by
self-attention [36] and FFN. See Appendix B.1 for more experimental details.

Evaluation Metrics. Following [1], we adopt Jaccard index J and F-score F to evaluate. J
indicates the mean intersection over union (mIoU) [47] between segmentation prediction and ground
truth. F measures the precision and recall by F = (1+β2×precision×recall)

β2×precision+recall , where β2 = 0.3.

4.1 Comparison with State-of-the-arts

Comprehensive experiments have been conducted on AVSBench-Object and AVSBench-Semantic
datasets alongside other methods. As shown in Table 1, our AVESFormer exhibits the state-of-the-
art performance-speed trade-off among all models. Specifically, AVESFormer surpasses previous
methods w.r.t. mIoU by 79.9% on the S4 subset, 57.9% on the MS3 subset and 31.2% on the AVSS
subset, respectively. Figure 2 illustrates that the inference speed of AVESFormer exceeds previous
methods with the ResNet-50 backbone by large margins. In summary, these results demonstrate the
advantages of AVESFormer in terms of performance, speed, and model size.

4.2 Ablation Study

Training Setup. We provide ablation results with AVESFormer. To make quick evaluations, we
adopt ResNet-50 as the backbone and perform extensive experiments on the S4 and MS3 sub-tasks.
Other training settings remain consistent with Section 4.
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TPAVIw/o FusionImage CHA Sigmoid Ours GT

Figure 7: Visualization of attention maps, including no fusion, TPAVI [1], channel attention mixer
(CHA) [2], sigmoid attention [14] and our ELF decoder. Each map shows the correlation between
audio queries and visual patches. Red indicates higher attention score while blue indicates lower.

Table 2: Effect of the prompt query generator.
Prompt query generator overcomes attention dis-
sipation to gain more improvements.

Method S4 MS3

J F J F
w/o QG 75.9 87.1 50.0 61.9
QG [2] 78.5 88.7 50.0 61.7
BQG 75.9 87.1 49.6 60.0
PQG 79.9 89.1 57.9 68.7

Table 3: Performance of AVSegFormer [2] with
and without PQG. S4 may show slight improve-
ment while MS3 shows great improvement after
addressing attention dissipation by PQG.

AVSegFormer S4 MS3

J F J F
w/o PQG 76.5 85.9 49.5 62.8
w/ PQG 77.4 86.9 56.0 67.7

Prompt Query Generator To verify the effectiveness of our prompt query generator, we remove it
to fuse modality with only one audio feature. Additionally, the query generator (QG) in [2] and a bias
query generator (BQG) are also included. The ordinary query generator follows default settings with
6 layers and 300 queries. The bias query generator replicates the audio query and adds a learnable
bias term to it. As shown in Table 2, PQG treats the audio feature as a prompt and cleverly addresses
dissipation to avoid attention dissipation, yielding more improvements than the bias query generator.

Influence with Plug and Play PQG. Furthermore, PQG can be integrated into other models
such as AVSegFormer [2], as shown in Table 3. Since S4 (single source) is less strict to the audio
distinguishing capability, PQG merely exhibits a slight improvement. However, on MS3, where the
audio distinguishing capability is crucial due to the presence of multiple sound sources within an
image, PQG demonstrates substantial improvement (+6.5% mIoU) when applied to AVSegFormer.

ELF Decoder. We analyze the influence of convolution positioned at different stages of the ELF
decoder. As shown in Table 4, "C" denotes convolution and "T" denotes transformer. The "Stage"
column indicates the insertion stage of convolution, with three options listed: early (C-T-T), middle (T-
C-T) and deep (T-T-C). Additionally, a pure transformer decoder (T-T-T) is included. As convolution
blocks are moved deeper, the mIoU drops by 2.81% on S4 and 2.73% on MS3. This decline can be
attributed to the fact that early layers primarily generate local responses. In contrast, deeper layers
facilitate high-level interactions between audio-visual modalities, which are essential for AVS tasks.

Fusion Strategy. Furthermore, the impact of cross-attention after addressing attention dissipation
compared to other fusion strategies is investigated. Four representative fusion strategies are adopted:
a) no audio-visual modality fusion, which can be caused by attention dissipation, b) TPAVI proposed
in AVSBench [1], c) channel attention adopted in AVSegFormer [2], d) sigmoid attention evoked in
CAVP [14]. Results are shown in Table 5. After addressing attention dissipation, our ELF decoder
with cross-attention fusion emerges as the optimal choice, demonstrating the most distinguishing
representation capability. Figure 7 shows the attention map visualizations of different fusion strategies.
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Figure 8: Visualization of segmentation predictions on S4 (left), MS3 (middle) and AVSS (right)
Dataset with AVSBench [1] and AVSegFormer [2].

Table 4: Impact of the convolution blocks at
different stages. We show model performance
with different convolution insertion stages.

Stage
S4 MS3

J F J F

T-T-T 77.3 87.6 56.2 66.6
C-T-T 79.9 89.1 57.9 68.7
T-C-T 77.6 88.0 56.5 67.3
T-T-C 77.1 88.3 55.2 67.3

Table 5: Performance of different fusion strate-
gies. It is shown that after fixing attention dissi-
pation, plain cross-attention fusion works better.

Method S4 MS3

J F J F
w/o fusion 79.2 88.1 47.1 60.9
w/ TPAVI [1] 79.6 88.7 55.4 65.4
w/ CHA [2] 79.6 88.6 55.7 65.8
w/ sigmoid [14] 78.4 88.6 55.3 62.0
w/ ELF 79.9 89.1 57.9 68.7

Table 6: Performance of the number of queries.

S4 MS3
# of queries J F J F

8 79.3 88.9 55.8 66.0
16 79.9 89.1 57.9 68.7
32 79.4 88.9 56.2 66.6
64 79.1 88.9 55.8 67.0

128 79.0 88.8 56.0 67.4
256 79.3 89.0 57.3 67.8

Number of Queries. Table 6 presents the re-
sults of AVESFormer trained with varying num-
bers of quires of AVS dataset. Experiments are
conducted with query numbers ranging from 8
to 256 with a scale factor of 2. Notably, using 16
queries performs best across S4 and MS3. This
suggests that even though there are a number of
sounding object categories, a large number of
queries may not be necessary. A few queries in
AVESFormer are adequate for learning distin-
guishing audio features.

Qualitative Analysis. Visualizations of AVESFormer compared with those of AVSBench [1] and
AVSegFormer [2] in ResNet-50 backbone on AVSBench-object and AVSBench-semantic datasets
are depicted in Figure 8. Our AVESFormer overcomes critical attention dissipation and makes more
sophisticated visualization and segmentation performance. See Appendix C.1 for more visualizations.

5 Conclusion and Discussion

Conclusion. In this paper, we analyze the attention dissipation phenomenon and inefficient trans-
former decoder. Based on these findings, we introduce AVESFormer, the first transformer-based
real-time AVS model. Experimental results demonstrate that AVESFormer achieves the new state-of-
the-art performance-speed trade-off. We hope our method provides insights into new architecture
design not only in AVS tasks but also in various multi-modality scenarios.

Limitation and Future Work. There still exist limitations on AVESFormer. On one hand, the
audio backbone Vggish [37] constitutes about 60% of the model parameters, posing challenges for
deployment on mobile devices. On the other hand, temporal information is ignored in real-time AVS
scenario. These will be the focus of our future work.

9



References
[1] Jinxing Zhou, Jianyuan Wang, Jiayi Zhang, Weixuan Sun, Jing Zhang, Stan Birchfield, Dan

Guo, Lingpeng Kong, Meng Wang, and Yiran Zhong. Audio–visual segmentation. In European
Conference on Computer Vision, pages 386–403. Springer, 2022.

[2] Shengyi Gao, Zhe Chen, Guo Chen, Wenhai Wang, and Tong Lu. Avsegformer: Audio-visual
segmentation with transformer. In Proceedings of the AAAI Conference on Artificial Intelligence,
volume 38, pages 12155–12163, 2024.

[3] Kexin Li, Zongxin Yang, Lei Chen, Yi Yang, and Jun Xiao. Catr: Combinatorial-dependence
audio-queried transformer for audio-visual video segmentation. In Proceedings of the 31st ACM
International Conference on Multimedia, pages 1485–1494, 2023.

[4] Yuxin Mao, Jing Zhang, Mochu Xiang, Yiran Zhong, and Yuchao Dai. Multimodal variational
auto-encoder based audio-visual segmentation. In Proceedings of the IEEE/CVF Computer
Vision and Pattern Recognition, pages 954–965, 2023.

[5] Jinxiang Liu, Chen Ju, Chaofan Ma, Yanfeng Wang, Yu Wang, and Ya Zhang. Audio-aware
query-enhanced transformer for audio-visual segmentation. arXiv preprint arXiv:2307.13236,
2023.

[6] Yuxin Mao, Jing Zhang, Mochu Xiang, Yunqiu Lv, Yiran Zhong, and Yuchao Dai. Contrastive
conditional latent diffusion for audio-visual segmentation. arXiv preprint arXiv:2307.16579,
2023.

[7] Shaofei Huang, Han Li, Yuqing Wang, Hongji Zhu, Jiao Dai, Jizhong Han, Wenge Rong, and
Si Liu. Discovering sounding objects by audio queries for audio visual segmentation. arXiv
preprint arXiv:2309.09501, 2023.

[8] Chen Liu, Peike Patrick Li, Xingqun Qi, Hu Zhang, Lincheng Li, Dadong Wang, and Xin Yu.
Audio-visual segmentation by exploring cross-modal mutual semantics. In Proceedings of the
31st ACM International Conference on Multimedia, pages 7590–7598, 2023.

[9] Dawei Hao, Yuxin Mao, Bowen He, Xiaodong Han, Yuchao Dai, and Yiran Zhong. Improving
audio-visual segmentation with bidirectional generation. In Proceedings of the AAAI Conference
on Artificial Intelligence, volume 38, pages 2067–2075, 2024.

[10] Chen Liu, Peike Li, Hu Zhang, Lincheng Li, Zi Huang, Dadong Wang, and Xin Yu. Bavs:
bootstrapping audio-visual segmentation by integrating foundation knowledge. arXiv preprint
arXiv:2308.10175, 2023.

[11] Xiang Li, Jinglu Wang, Xiaohao Xu, Xiulian Peng, Rita Singh, Yan Lu, and Bhiksha Raj.
Towards robust audiovisual segmentation in complex environments with quantization-based
semantic decomposition. arXiv preprint arXiv:2310.00132, 2023.

[12] Qi Yang, Xing Nie, Tong Li, Pengfei Gao, Ying Guo, Cheng Zhen, Pengfei Yan, and Shiming
Xiang. Cooperation does matter: Exploring multi-order bilateral relations for audio-visual
segmentation. arXiv preprint arXiv:2312.06462, 2023.

[13] Jinxing Zhou, Xuyang Shen, Jianyuan Wang, Jiayi Zhang, Weixuan Sun, Jing Zhang, Stan
Birchfield, Dan Guo, Lingpeng Kong, Meng Wang, et al. Audio-visual segmentation with
semantics. arXiv preprint arXiv:2301.13190, 2023.

[14] Yuanhong Chen, Yuyuan Liu, Hu Wang, Fengbei Liu, Chong Wang, Helen Frazer, and Gustavo
Carneiro. Unraveling instance associations: A closer look for audio-visual segmentation, 2024.

[15] Yanyu Li, Geng Yuan, Yang Wen, Ju Hu, Georgios Evangelidis, Sergey Tulyakov, Yanzhi Wang,
and Jian Ren. Efficientformer: Vision transformers at mobilenet speed. Advances in Neural
Information Processing Systems, 35:12934–12949, 2022.

[16] Honglie Chen, Weidi Xie, Triantafyllos Afouras, Arsha Nagrani, Andrea Vedaldi, and Andrew
Zisserman. Localizing visual sounds the hard way. In Proceedings of the IEEE/CVF conference
on Computer Vision and Pattern Recognition, pages 16867–16876, 2021.

10



[17] Di Hu, Rui Qian, Minyue Jiang, Xiao Tan, Shilei Wen, Errui Ding, Weiyao Lin, and Dejing
Dou. Discriminative sounding objects localization via self-supervised audiovisual matching.
Advances in Neural Information Processing Systems, 33:10077–10087, 2020.

[18] Rui Qian, Di Hu, Heinrich Dinkel, Mengyue Wu, Ning Xu, and Weiyao Lin. Multiple sound
sources localization from coarse to fine. In Computer Vision–ECCV 2020: 16th European
Conference, Glasgow, UK, August 23–28, 2020, Proceedings, Part XX 16, pages 292–308.
Springer, 2020.

[19] René Ranftl, Alexey Bochkovskiy, and Vladlen Koltun. Vision transformers for dense prediction.
In Proceedings of the IEEE/CVF Computer Vision and Pattern Recognition, pages 12179–12188,
2021.

[20] Sixiao Zheng, Jiachen Lu, Hengshuang Zhao, Xiatian Zhu, Zekun Luo, Yabiao Wang, Yanwei
Fu, Jianfeng Feng, Tao Xiang, Philip HS Torr, et al. Rethinking semantic segmentation
from a sequence-to-sequence perspective with transformers. In Proceedings of the IEEE/CVF
conference on Computer Vision and Pattern Recognition, pages 6881–6890, 2021.

[21] Enze Xie, Wenhai Wang, Zhiding Yu, Anima Anandkumar, Jose M Alvarez, and Ping Luo.
Segformer: Simple and efficient design for semantic segmentation with transformers. Advances
in Neural Information Processing Systems, 34:12077–12090, 2021.

[22] Bowen Cheng, Alex Schwing, and Alexander Kirillov. Per-pixel classification is not all you
need for semantic segmentation. Advances in Neural Information Processing Systems, 34:
17864–17875, 2021.

[23] Bowen Cheng, Ishan Misra, Alexander G Schwing, Alexander Kirillov, and Rohit Girdhar.
Masked-attention mask transformer for universal image segmentation. In Proceedings of the
IEEE/CVF conference on Computer Vision and Pattern Recognition, pages 1290–1299, 2022.

[24] Jian Wang, Chenhui Gou, Qiman Wu, Haocheng Feng, Junyu Han, Errui Ding, and Jing-
dong Wang. Rtformer: Efficient design for real-time semantic segmentation with transformer.
Advances in Neural Information Processing Systems, 35:7423–7436, 2022.

[25] Qiang Wan, Zilong Huang, Jiachen Lu, Gang Yu, and Li Zhang. Seaformer: Squeeze-enhanced
axial transformer for mobile semantic segmentation. arXiv preprint arXiv:2301.13156, 2023.

[26] Alexey Dosovitskiy, Lucas Beyer, Alexander Kolesnikov, Dirk Weissenborn, Xiaohua Zhai,
Thomas Unterthiner, Mostafa Dehghani, Matthias Minderer, Georg Heigold, Sylvain Gelly, et al.
An image is worth 16x16 words: Transformers for image recognition at scale. arXiv preprint
arXiv:2010.11929, 2020.

[27] Ze Liu, Yutong Lin, Yue Cao, Han Hu, Yixuan Wei, Zheng Zhang, Stephen Lin, and Baining
Guo. Swin transformer: Hierarchical vision transformer using shifted windows. In Proceedings
of the IEEE/CVF Computer Vision and Pattern Recognition, pages 10012–10022, 2021.

[28] Hugo Touvron, Matthieu Cord, Matthijs Douze, Francisco Massa, Alexandre Sablayrolles, and
Hervé Jégou. Training data-efficient image transformers & distillation through attention. In
International Conference on Machine Learning, pages 10347–10357. PMLR, 2021.

[29] Wenhai Wang, Enze Xie, Xiang Li, Deng-Ping Fan, Kaitao Song, Ding Liang, Tong Lu,
Ping Luo, and Ling Shao. Pvt v2: Improved baselines with pyramid vision transformer.
Computational Visual Media, 8(3):415–424, 2022.

[30] Sachin Mehta and Mohammad Rastegari. Mobilevit: light-weight, general-purpose, and mobile-
friendly vision transformer. arXiv preprint arXiv:2110.02178, 2021.

[31] Yinpeng Chen, Xiyang Dai, Dongdong Chen, Mengchen Liu, Xiaoyi Dong, Lu Yuan, and
Zicheng Liu. Mobile-former: Bridging mobilenet and transformer. In Proceedings of the
IEEE/CVF conference on Computer Vision and Pattern Recognition, pages 5270–5279, 2022.

[32] Andrew G Howard, Menglong Zhu, Bo Chen, Dmitry Kalenichenko, Weijun Wang, Tobias
Weyand, Marco Andreetto, and Hartwig Adam. Mobilenets: Efficient convolutional neural
networks for mobile vision applications. arXiv preprint arXiv:1704.04861, 2017.

11



[33] Tete Xiao, Mannat Singh, Eric Mintun, Trevor Darrell, Piotr Dollár, and Ross Girshick. Early
convolutions help transformers see better. Advances in Neural Information Processing Systems,
34:30392–30400, 2021.

[34] Zizheng Pan, Bohan Zhuang, Haoyu He, Jing Liu, and Jianfei Cai. Less is more: Pay less
attention in vision transformers. In Proceedings of the AAAI Conference on Artificial Intelligence,
volume 36, pages 2035–2043, 2022.

[35] Han Cai, Junyan Li, Muyan Hu, Chuang Gan, and Song Han. Efficientvit: Lightweight
multi-scale attention for on-device semantic segmentation. arXiv preprint arXiv:2205.14756,
2022.

[36] Ashish Vaswani, Noam Shazeer, Niki Parmar, Jakob Uszkoreit, Llion Jones, Aidan N Gomez,
Łukasz Kaiser, and Illia Polosukhin. Attention is all you need. Advances in Neural Information
Processing Systems, 30, 2017.

[37] Shawn Hershey, Sourish Chaudhuri, Daniel PW Ellis, Jort F Gemmeke, Aren Jansen, R Chan-
ning Moore, Manoj Plakal, Devin Platt, Rif A Saurous, Bryan Seybold, et al. Cnn architectures
for large-scale audio classification. In 2017 IEEE International Conference on Acoustics, Speech
and Signal Processing (ICASSP), pages 131–135. IEEE, 2017.

[38] Pengfei Liu, Weizhe Yuan, Jinlan Fu, Zhengbao Jiang, Hiroaki Hayashi, and Graham Neubig.
Pre-train, prompt, and predict: A systematic survey of prompting methods in natural language
processing. ACM Computing Surveys, 55(9):1–35, 2023.

[39] Jimmy Lei Ba, Jamie Ryan Kiros, and Geoffrey E Hinton. Layer normalization. arXiv preprint
arXiv:1607.06450, 2016.

[40] Xiaohan Ding, Xiangyu Zhang, Ningning Ma, Jungong Han, Guiguang Ding, and Jian Sun.
Repvgg: Making vgg-style convnets great again. In Proceedings of the IEEE/CVF conference
on Computer Vision and Pattern Recognition, pages 13733–13742, 2021.

[41] Fausto Milletari, Nassir Navab, and Seyed-Ahmad Ahmadi. V-net: Fully convolutional neural
networks for volumetric medical image segmentation. In 2016 fourth international conference
on 3D vision (3DV), pages 565–571. Ieee, 2016.

[42] Ilya Loshchilov and Frank Hutter. Decoupled weight decay regularization. arXiv preprint
arXiv:1711.05101, 2017.

[43] Kaiming He, Xiangyu Zhang, Shaoqing Ren, and Jian Sun. Deep residual learning for image
recognition. In Proceedings of the IEEE conference on Computer Vision and Pattern Recognition,
pages 770–778, 2016.

[44] Olga Russakovsky, Jia Deng, Hao Su, Jonathan Krause, Sanjeev Satheesh, Sean Ma, Zhiheng
Huang, Andrej Karpathy, Aditya Khosla, Michael Bernstein, et al. Imagenet large scale visual
recognition challenge. International Journal of Computer Vision, 115:211–252, 2015.

[45] Jort F Gemmeke, Daniel PW Ellis, Dylan Freedman, Aren Jansen, Wade Lawrence, R Channing
Moore, Manoj Plakal, and Marvin Ritter. Audio set: An ontology and human-labeled dataset
for audio events. In 2017 IEEE International Conference on Acoustics, Speech and Signal
Processing (ICASSP), pages 776–780. IEEE, 2017.

[46] Xizhou Zhu, Weijie Su, Lewei Lu, Bin Li, Xiaogang Wang, and Jifeng Dai. Deformable detr:
Deformable transformers for end-to-end object detection. arXiv preprint arXiv:2010.04159,
2020.

[47] Mark Everingham, SM Ali Eslami, Luc Van Gool, Christopher KI Williams, John Winn, and
Andrew Zisserman. The pascal visual object classes challenge: A retrospective. International
Journal of Computer Vision, 111:98–136, 2015.

[48] Honglie Chen, Weidi Xie, Triantafyllos Afouras, Arsha Nagrani, Andrea Vedaldi, and Andrew
Zisserman. Localizing visual sounds the hard way. In Proceedings of the IEEE/CVF conference
on Computer Vision and Pattern Recognition, pages 16867–16876, 2021.

12



[49] Rui Qian, Di Hu, Heinrich Dinkel, Mengyue Wu, Ning Xu, and Weiyao Lin. Multiple sound
sources localization from coarse to fine. In Computer Vision–ECCV 2020: 16th European
Conference, Glasgow, UK, August 23–28, 2020, Proceedings, Part XX 16, pages 292–308.
Springer, 2020.

[50] Sabarinath Mahadevan, Ali Athar, Aljoša Ošep, Sebastian Hennen, Laura Leal-Taixé, and
Bastian Leibe. Making a case for 3d convolutions for object segmentation in videos. arXiv
preprint arXiv:2008.11516, 2020.

[51] Brendan Duke, Abdalla Ahmed, Christian Wolf, Parham Aarabi, and Graham W Taylor. Sstvos:
Sparse spatiotemporal transformers for video object segmentation. In Proceedings of the
IEEE/CVF conference on Computer Vision and Pattern Recognition, pages 5912–5921, 2021.

[52] Zongxin Yang, Yunchao Wei, and Yi Yang. Associating objects with transformers for video
object segmentation. Advances in Neural Information Processing Systems, 34:2491–2502, 2021.

[53] Yuxin Mao, Jing Zhang, Zhexiong Wan, Yuchao Dai, Aixuan Li, Yunqiu Lv, Xinyu Tian,
Deng-Ping Fan, and Nick Barnes. Generative transformer for accurate and reliable salient object
detection. arXiv preprint arXiv:2104.10127, 2021.

[54] Jing Zhang, Jianwen Xie, Nick Barnes, and Ping Li. Learning generative vision transformer with
energy-based latent space for saliency prediction. Advances in Neural Information Processing
Systems, 34:15448–15463, 2021.

[55] Weihao Yu, Chenyang Si, Pan Zhou, Mi Luo, Yichen Zhou, Jiashi Feng, Shuicheng Yan, and
Xinchao Wang. Metaformer baselines for vision. IEEE Transactions on Pattern Analysis and
Machine Intelligence, 46(2):896–912, 2024. doi: 10.1109/TPAMI.2023.3329173.

13



Appendix

A Attention Dissipation

A.1 Proof on Attention Dissipation

As discussed in Sec. 3.1, a brief explanation of attention dissipation is given. Now, we will provide
more detailed proof of this phenomenon.

As commonly practised in AVS tasks, visual features are extracted from the visual backbone to get
Fvisual ∈ Rc×h×w of one frame. Then we patchify the visual feature into Pvisual ∈ RN×c where
N = h× w. Meanwhile, audio signals within one frame are input into the audio backbone to form
Faudio ∈ R1×c. Note that since we only consider one frame at a time in real-time scenario, the
sequence length of the audio feature is equal to 1. We cannot omit the sequence length dimension
because we should keep this shape to perform matrix multiplication in the attention mechanism.

Consequently, the modality fusion process is performed originally by cross attention, where visual
patches are query while the audio feature is key and value:

O = Softmax(PvisualFT
audio)Faudio ∈ RN×c, (14)

where

Pvisual =


q1
q2
...
qN

 , (15)

qi ∈ R1×c, i ∈ [1, 2, . . . , N ], (16)

Faudio = k = v ∈ R1×c. (17)

The attention logit matrix A can be written as:

A = PvisualFT
audio =


q1
q2
...
qN

 kT =


q1k

T

q2k
T

...
qNkT

 ∈ RN×1, (18)

where

qik
T ∈ R, i ∈ [1, 2, . . . , N ]. (19)

Softmax is calculated along the row vector on attention matrix A to get attention probability matrix
P:

P = Softmax(A)|row =


eq1k

T

/
∑

eq1k
T

eq2k
T

/
∑

eq2k
T

...
eqNkT

/
∑

eqNkT

 =


eq1k

T

/eq1k
T

eq2k
T

/eq2k
T

...
eqNkT

/eqNkT

 =


1
1
...
1

 = 1N×1. (20)

Finally the output O becomes a simply replication of value matrix:

O = Softmax(A)|rowFaudio = PFaudio = 1N×1Faudio =


1
1
...
1

Faudio =


Faudio

Faudio

...
Faudio

 . (21)

The attention dissipation phenomenon shows that cross-attention with visual features such as query
and audio as key and value turns out to be a simple replication of audio signals. It goes against our
original intent of modality fusion.
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A.2 Code implementation

To make a fully comprehensive understanding of attention dissipation, we provide a PyTorch-like
pseudo-code for easy verification and implementation of cross-attention dissipation. Algorithm 1
provides the pseudo-code of attention dissipation in the AVS task. For the current frame, we calculate
the attention matrix with the use of visual features as query and audio as key and value.

Algorithm 1 Pseudo-code of Attention Dissipation in a PyTorch-like style.

# image, audio: visual and audio feature
# attn: attention matrix
# out: output of attention

import torch
import torch.nn as nn
import torch.nn.functional as F

def cross_attention(image:torch.Tensor, audio:torch.Tensor):
"""
:param image: torch.tensor with shape [B, C, H, W]
:param audio: torch.tensor with shape [B, C]
:return: fused feature and attention weight
"""

image = image.flatten(2).transpose(1, 2)
audio = audio.unsqueeze(1)

q = image
k = audio
v = audio

attn = torch.matmul(q, k.transpose(1, 2))
attn = F.softmax(attn, dim=-1)
out = torch.matmul(attn, v)

return out,attn

B Experiments

B.1 Experimental Details

During training, we use the original image size as 224×224. We apply horizontal flipping on S4
and MS3 for data augmentation. Since the S4 sub-set only contains annotations on the first frame in
the training split, we only use the first frame to provide supervision. We use the AdamW optimizer
and a polynomial learning rate decay with power = 0.9. On S4 and MS3, the learning rate is set
to 0.0005, and on AVSS, it is set to 0.0001. Following previous practice [2], we train MS3 for 60
epochs since it is relatively small, while the S4 and AVSS subsets are trained for 30 epochs. Batch
size is set to 16 for S4 and MS3 and 8 for AVSS. We adopt two ResNet [43] backbones (ResNet-50
and ResNet-18) for the segmentation network. For the audio backbones, we use VGGish [37] frozen
during the training. The prompt query generator (PQG) receives the feature from the audio backbone
as prompt. The number of queries is set to 16, and the number of layers is set to 3. At the output
end, the audio feature prompt is discarded. The transformer decoder is adopted from Multi-Scale
Deformable (MSDeform) attention [46]. The first two attention blocks are replaced by convolution
to form ELF decoder. Convolution blocks are attached with residual connection and LayerNorm
[55]. As for the segmentation loss, on S4 and MS3, we set λIoU = 1.8 and on AVSS λIoU = 1.0 with
λDice = 1.0 and λaux = 0.1. For inference, since the end-to-end real-time scenario does not support
inferring on a bunch of frames (because we want to segment one image at a time on the device), the
latency of all models is measured under one single frame, that is, T = 1. Nevertheless, some of the
methods employ temporal information within multiple frames, which would be lost in a single frame
scenario; we still keep their performance the same for comparison.

C Qualitative analysis

C.1 Results Visualization

We present additional visualization results for the paper, alongside AVSBench [1], AVSegFormer [2]
and our model on AVSBench-Object [1] and AVSBench-Semantic [13] with ResNet-50 [43] backbone,
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as depicted in Figure. 9, Figure. 10, and Figure. 11. We demonstrate that AVESFormer efficiently
presents a more fine-grained prediction and a more accurate audio-visual corresponding capability to
the segmentation of objects in the scene compared to previous methods.
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Figure 9: Qualitative audio-visual segmentation results on AVSBench-Object S4 sub-set [13] by
TPAVI [1], AVSegFormer [2], and AVESFormer. Each row represents the raw image, ground truth or
different methods. Each column represents various data samples.
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Figure 10: Qualitative audio-visual segmentation results on AVSBench-Object MS3 sub-set [13] by
TPAVI [1], AVSegFormer [2], and AVESFormer. Each row represents the raw image, ground truth or
different methods. Each column represents various data samples.
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Figure 11: Qualitative audio-visual segmentation results on AVSBench-Semantics [13] by TPAVI [1],
AVSegFormer [2], and AVESFormer. Each row represents the raw image, ground truth or different
methods. Each column represents various data samples.
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C.2 Attention Map in Decoder Blocks

We present the visualization of a full transformer decoder architecture to show the attention pattern
of different stages. As shown in Figure. 12, the illustration represents a narrow local attention map in
the early stages. As the stage goes deeper, the attention region grows larger gradually. In the end, the
attention region becomes large and fine-grained, which is suitable for the segmentation task.

Block 1 Block 2 Block 3 Block 4 Block 5 Block 6

Figure 12: Attention probabilities of a full transformer decoder. Each map shows the attention
probability of a query audio feature to all visual patches. Maps are averaged along all heads. Each
row represents an image sample in the test set. Each column represents a decoder block. Dark red
indicates higher attention probability and shallow orange indicates low attention probability.

D Broader Impacts

Our AVESFormer has taken a step towards real-time performance in AVS tasks. Our model has
seen significant advancements, allowing for applications across various domains. Potentially, our
model may bring positive impact on reducing computational cost, improving quality of life and
enhancing automation and efficiency. Negative impact may lies on surveillance, privacy concerns and
the dependence on data quality. Addressing these challenges is crucial for the responsible and ethical
deployment of these models.
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