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ABSTRACT
Audiovisual instance segmentation (AVIS) requires accu-
rately localizing and tracking sounding objects through-
out video sequences. Existing methods suffer from visual
bias stemming from two fundamental issues: uniform ad-
ditive fusion prevents queries from specializing to different
sound sources, while visual-only training objectives allow
queries to converge to arbitrary salient objects. We pro-
pose Audio-Centric Query Generation using cross-attention,
enabling each query to selectively attend to distinct sound
sources and carry sound-specific priors into visual decoding.
Additionally, we introduce Sound-Aware Ordinal Count-
ing (SAOC) loss that explicitly supervises sounding object
numbers through ordinal regression with monotonic consis-
tency constraints, preventing visual-only convergence during
training. Experiments on AVISeg benchmark demonstrate
consistent improvements: +1.64 mAP, +0.6 HOTA, and
+2.06 FSLA, validating that query specialization and explicit
counting supervision are crucial for accurate audiovisual in-
stance segmentation. Our code and models are available at
https://github.com/jinbae-s/ACVIS

Index Terms— Audio-visual instance segmentation,
Multimodal Learning, Ordinal regression

1. INTRODUCTION

Humans effortlessly perceive complex scenes by integrating
what they see with what they hear. In many real-world sce-
narios, such as identifying a speaking person in a crowded
video, or distinguishing between overlapping instruments in
a performance, sound provides critical cues that vision alone
cannot resolve as shown in Fig. 1. This motivates the task of
audiovisual instance segmentation (AVIS), which aims to seg-
ment object instances in the visual scene with their associated
audio sources. Early audiovisual learning explored multi-
modal correspondence through self-supervision [2], evolving
from coarse localization [3] to attention-based [4] and con-
trastive methods [5]. However, these methods are limited
to producing only heat maps or bounding boxes rather than
semantic-level masks. To address this limitation, audiovisual
segmentation emerged with pixel-level precision, starting
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Fig. 1. Visual bias in audiovisual instance segmentation.
While ground truth (b) indicates only one person speaking,
previous work (AVISM) [1] (c) detects two visible people due
to visual dominance. Our ACVIS (d) correctly identifies the
speaking person by maintaining audio-visual balance through
specialized queries and counting supervision.

with AVS [6, 7] that introduced temporal pixel-wise audio-
visual interaction. Subsequent works—AVSegFormer [8]
with transformers, SAMA-AVS [9] leverages SAM [10], and
VCT [11] with vision-centric queries—improved semantic
segmentation but all remained limited to semantic-level, un-
able to distinguish individual instances. Recently, AVISM [1]
has achieved instance-level segmentation through a com-
pacted two-stage architecture: frame-level object localization
followed by video-level object tracking. In the first stage, the
model predicts frame queries corresponding to instances for
each frame by adding audio features to learnable query to-
kens, which are then refined through visual cross-attention to
produce audiovisual frame queries. In the second stage, these
frame-level detections are associated across time through a
tracker that establishes temporal correspondences between in-
stances. While this approach enables instance-level tracking,

ar
X

iv
:2

50
9.

22
74

0v
1 

 [
ee

ss
.A

S]
  2

6 
Se

p 
20

25

https://arxiv.org/abs/2509.22740v1


the frame-level localizer suffers from a critical limitation: au-
dio features are uniformly integrated into all queries through a
simple addition process, preventing queries from specializing
to different sound sources.

We address the aforementioned limitations through two
complementary innovations. First, we replace additive fusion
with cross-attention to enable each query to selectively attend
to different sound sources in the audio signal. To facilitate
better audiovisual correspondence in subsequent decoder lay-
ers, our method produces specialized audio-centric queries
where each query is pre-assigned to specific audio patterns.
Although this modification promotes capturing sound-related
instance queries, matching sound sources to instances in
complex real-world scenarios, where multiple instances with
the same semantic label are loud simultaneously, is highly
challenging. Therefore, we introduce a sound-aware ordinal
counting (SAOC) loss that provides the missing audio-centric
constraint. Explicitly supervising how many queries should
activate for sounding objects ensures the decoder optimiza-
tion considers both visual appearance and audio presence,
preventing convergence to visual-only solutions. Our contri-
butions are summarized as:

• We introduce a novel Audio-Centric audioVisual
Instance Segmentation (ACVIS) for sound source-
aware audiovisual instance segmentation, introducing
an audio-centric query generator with sound-aware
ordinal counting loss.

• Our ACVIS highlights the robustness of query discrim-
ination according to the sound source by ordinal regres-
sion through guidance of counting audible objects.

• We demonstrate through experiments where improve-
ments of +1.64 mAP, +0.6 HOTA, and +2.06 FSLA,
validating our frame-level innovations as crucial for ac-
curate audio-visual instance segmentation.

2. METHOD

2.1. Problem Formulation and Overview

Audiovisual instance segmentation (AVIS) aims to classify,
segment, and track all sounding objects in a given video.
Given an input video with audio, the model predicts a set of
instance masks with associated class labels.

Our method takes AVISM [1] as a baseline model, which
follows the set-prediction paradigm [12, 13] with a two-stage
architecture: frame-level object localizer and video-level ob-
ject tracker. Formally, audio and video encoders extract au-
dio feature fA

t and visual feature fV
t for a given input, re-

spectively. The pixel decoder within the object localizer gen-
erates enhanced multi-scale features: f̄V

t for final-resolution
map and F̄V

t for multi-scale representations. These features,
combined with audio features fA

t and learnable queries q,
produce audiovisual frame queries qAV

t at frame t. The ob-
ject tracker aggregates these frame queries {qAV

t }Tt=1 into Nv

video queries to generate final predictions Ŷ:

qAV
t = ObjLocalizer(fV

t , fA
t ,q) (1)

Ŷ = ObjTracker({f̄V
t }Tt=1, {fA

t }Tt=1, {qAV
t }Tt=1). (2)

However, as exemplified in Fig. 1 (c), the baseline often
fails to separate sound sources at the instance level. The uni-
form additive fusion,

qA
t = q+1Nf

⊗ fA
t , where q ∈ RNf×D, fA

t ∈ RD (3)

forces all queries to share identical audio representation,
preventing discrimination between instances (e.g., multiple
speakers). Furthermore, we speculate that visually concen-
trated constraints (i.e., mask and classification losses) do not
guarantee query specialization to different sound sources.
We tackle these problems by introducing (i) an audio-centric
query generator (ACQG) that conditions learnable queries
directly on audio representations and (ii) a sound-aware ordi-
nal counting (SAOC) loss that explicitly guides the model to
detect sounding objects rather than arbitrary visual objects.

2.2. Audio-Centric Frame Queries

To obtain fine-grained audiovisual correspondence at the
frame-level, our ACVIS takes each frame and correspond-
ing audio segment as inputs. We also set Nf learnable frame
queries qt ∈ RNf×D, which derive instance-wise mask in the
segmentation decoder. At each time step t, our audio-centric
query generator (ACQG) fuses qt with the audio feature
fA
t ∈ RD to obtain audio-centric frame queries. ACQG

consists of three cross-attention layers:

qA
t = ACQG(qt, f

A
t , fA

t ) ∈ RNf×D, (4)

where qt serves as query and fA
t as both key and value. This

module enables each query to selectively attend to different
patterns in the audio signal. Each query thereby selectively
attends to different sound sources, creating audio-specialized
queries that carry sound-specific priors into the audiovisual
frame query generation process.

The segmentation decoder [1] then processes audio-
centric frame queries with multi-scale visual features:

qAV
t = Decoder(qA

t , FV
t ,FV

t ) ∈ RNf×D . (5)

After processing all frames, the object tracker produces tem-
porally aligned audiovisual frame queries.

2.3. Sound-Aware Ordinal Counting loss

To enhance the sound-source awareness in our framework,
we design a count token qcnt ∈ RD to optimize the weights
with our SAOC loss. The count token is concatenated with
frame queries, and aggregates the information about the num-
ber of sound sources in the object localizer. Following pre-
vious work [14], we model counting sound instances as an
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Fig. 2. (a) Overall architecture with audio-centric object localizer and object tracker. Frame queries and count token are
processed through our query generator and decoder for AVIS. (b) Our SAOC loss prevents visual bias: without our loss (left),
the model over-detects visually salient objects; with our loss (right), only sounding objects are segmented.

ordinal regression problem using conditional probabilities to
ensure rank consistency. The count token qAV

cnt is processed
by ϕcnt : RD → RKmax to predict:

{pk}Kmax−1
k=0 = σ(ϕcnt(q

AV
cnt )), (6)

where p0 = P (N̂obj > 0) is the marginal probability and
pk = P (N̂obj > k|N̂obj > k − 1) for k ∈ {1, ...,Kmax − 1}
are conditional probabilities.

Given ground-truth count Nobj , we define ordinal targets
tk = 1[Nobj > k] and compute our SAOC loss:

LSAOC = − 1

T

T∑
t=1

Kmax−1∑
k=0

[tk log pk + (1− tk) log(1− pk)] .

(7)
This ordinal formulation enforces monotonic consistency
through conditional structure, ensuring P (N̂obj > k) ≥
P (N̂obj > k + 1) while providing stable gradients. By
explicitly supervising sounding object counts, SAOC pre-
vents the decoder from activating queries for arbitrary visual
objects.

2.4. Training and Inference

Training. The object tracker aggregates frame queries
{qAV

t }Tt=1 and uses Nv video queries to generate final mask
predictions Ŷ . During training, these Nv predictions are
matched with ground-truth instance-wise masks via Hungar-
ian algorithm [15]. Frame-level auxiliary heads provide direct
supervision on the object localizer outputs. Our ACVIS is
optimized with four loss terms, including frame-level mask-
ing, video-level masking, frame-video query alignment, and
our proposed SAOC losses. Following AVISM [1], Lframe
and Lvideo supervise frame and video-level predictions via
bipartite matching respectively, while Lsim aligns query em-
beddings between frame and video-level across temporal

scales. These visual-centric losses alone often cause over-
segmentation of salient objects. To solve this problem, our
proposed counting loss LSAOC optimizes the network to learn
audio-aware visual features with audio-centric supervision.
To sum up, the overall training objective is:

L = LAVIS + λSAOCLSAOC, (8)

where λSAOC is the hyperparameter for LSAOC and LAVIS is the
weighted sum of Lframe, Lvideo and Lsim.
Inference. During inference, the Nv video-level predic-
tions are filtered through confidence thresholding to pro-
duce Npred final instance trajectories Ŷ = {(m̂n, ĉn)}

Npred
n=1 ,

where each instance spans multiple frames with mask m̂n ∈
[0, 1]T×H×W and class logits ĉn ∈ RK+1.

3. EXPERIMENTS

3.1. Experimental Settings

Datasets. We evaluate on AVISeg benchmark containing
926 videos (16 hours, 61.4s average), 94,074 instance masks
across 56,871 frames in 26 categories. Each video is divided
into 1 fps clips, and only objects that emit sound are ex-
haustively annotated with persistent identifiers while silent
instances are not masked.
Metrics. Following [1], we report three primary metrics
that jointly assess detection, localization, and identity asso-
ciation over time. While mAP [16] is computed on video
trajectories using spatio–temporal IoU, HOTA [17] jointly
measures detection and association through frame-wise bi-
jective matching and sequence-level scoring. FSLA [1] is the
fraction of correct frames after bipartite matching, requiring
matched counts/categories and per-object IoU ≥ α, averaged
over α ∈ {0.05, 0.10, . . . , 0.95}. We also report FSLA for
silent, single-source, and multi-source frames (FSLAn/s/m).
Implementation details. Following AVISM protocol, we use
ResNet-50 [18] for visual and VGGish [19] for audio. We
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Fig. 3. Qualitative results across diverse audio scenarios with varying sound sources.

Model mAP HOTA FSLA FSLAn FSLAs FSLAm

AVISM 45.04 64.52 44.42 20.62 32.62 54.99
ACVIS 46.68 65.12 46.48 10.74 34.45 58.81

Table 1. Performance comparisons with SoTAs.

Backbone Pre-trained dataset mAP HOTA FSLA

ResNet-50 IN 42.14 62.09 42.87
ResNet-50 IN+COCO 46.68 65.12 46.48
Swin-L IN+COCO 54.16 72.96 54.17

Table 2. Impact of visual backbone and pre-training dataset.

ACQG LSAOC mAP HOTA FSLA

✓ 45.17 63.27 45.45
✓ ✓ 46.68 65.12 46.48

Table 3. Impact of audio-centric query
generator and LSAOC

Loss type mAP HOTA FSLA

LCE 44.45 63.95 44.00
LSAOC 46.68 65.12 46.48

Table 4. Impact of the choice of loss.

Kmax mAP HOTA FSLA

2 46.68 65.12 46.48
3 45.23 64.67 44.90
4 44.94 64.01 44.06

Table 5. Impact of Kmax

resize the shorter image side to 360 pixels during training and
448 pixels at inference, keeping aspect ratio. Our model uses
Nf = 100 frame queries and Nv = 100 video queries with a
window size W = 6 in the video-level tracker. We set all loss
weights to 1.0, except the weight of Lsim, which is 0.5.

3.2. Main Results
As shown in Table 1, our ACVIS improves overall detec-
tion and tracking quality over the baseline, raising mAP from
45.04 to 46.68 (+1.64), HOTA from 64.52 to 65.12 (+0.60),
and FSLA from 44.42 to 46.48 (+2.06). On the decomposed
FSLA scores, our method favors sounding-object localization
in both single-source and multi-source frames, with gains on
FSLAs (+1.83) and FSLAm (+3.82). Figure 3 shows reduced
mask coalescence and identity swaps in crowded scenes.

3.3. Ablation Studies
Audio-centric query generator and LSAOC. Table 3 shows
that adding LSAOC to ACQG improves all metrics: mAP 45.17
to 46.68 (+1.51), HOTA 63.27 to 65.12 (+1.85), and FSLA
45.45 to 46.48 (+1.03). This indicates that audio-conditioned
queries and ordinal counting provide complementary benefits.
Loss design. Replacing standard cross-entropy with LSAOC
consistently improves performance (Table 4): mAP 44.45 to
46.68 (+2.23), HOTA 63.95 to 65.12 (+1.17), and FSLA
44.00 to 46.48 (+2.48). The ordinal formulation better

ranks hypotheses, stabilizing matching and reducing iden-
tity switches.
Backbone and pretraining dataset. Pretraining on Ima-
geNet [20] and COCO [21], rather than ImageNet alone,
yields clear improvements (Table 2): mAP 42.14 to 46.68
(+4.54), HOTA 62.09 to 65.12 (+3.03), and FSLA 42.87 to
46.48 (+3.61). Replacing ResNet-50 with Swin-L [22] is
expected to further improve segmentation quality and long-
range identity maintenance.
Sensitivity to Kmax. Table 5 analyzes different Kmax values
for SAOC loss. Setting Kmax = 2 performs best, aligning
with the dataset’s typical sounding object distribution, while
higher values reduce accuracy.

4. CONCLUSION
We presented audio-centric query generation and sound-
aware ordinal counting loss to address visual dominant
regime in audiovisual instance segmentation. Our method
enables queries to specialize to different sound sources, while
SAOC loss explicitly supervises sounding object counts via
ordinal regression. Comprehensive experiments demonstrate
that both query specialization and counting supervision are
essential, achieving strongest gains in challenging multi-
source scenario. These results validate that balanced frame-
level processing via both architectural and objective design is
crucial for accurate audiovisual instance segmentation.
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