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Abstract—Audio-visual Zero-Shot Learning (ZSL) has at-
tracted significant attention for its ability to identify unseen
classes and perform well in video classification tasks. How-
ever, modal imbalance in (G)ZSL leads to over-reliance on
the optimal modality, reducing discriminative capabilities for
unseen classes. Some studies have attempted to address this
issue by modifying parameter gradients, but two challenges
still remain: (a) Quality discrepancies, where modalities offer
differing quantities and qualities of information for the same
concept. (b) Content discrepancies, where sample contributions
within a modality vary significantly. To address these challenges,
we propose a Discrepancy-Aware Attention Network (DAAN)
for Enhanced Audio-Visual ZSL. Our approach introduces a
Quality-Discrepancy Mitigation Attention (QDMA) unit to min-
imize redundant information in the high-quality modality and a
Contrastive Sample-level Gradient Modulation (CSGM) block to
adjust gradient magnitudes and balance content discrepancies.
We quantify modality contributions by integrating optimization
and convergence rate for more precise gradient modulation in
CSGM. Experiments demonstrates DAAN achieves state-of-the-
art performance on benchmark datasets, with ablation studies
validating the effectiveness of individual modules.

Index Terms—audio-visual joint learning, generalized zero-shot
learning, modality imbalance.

I. INTRODUCTION

Zero-Shot Learning (ZSL) [1] with multi-modal audio-
visual data has garnered widespread attention due to its
robustness and strong generalization capabilities in capturing
rich cross-modal information for complex scenarios. Its ability
to handle unseen classes has seen significant improvements
in the fields of video classification [2], [3]. Recent studies
have proposed various methods to enhance the recognition of
unseen classes in audio-visual zero-shot learning, addressing
a critical challenge in the field. AVCA [4] enhances unseen
class recognition accuracy by employing cross-attention to
fuse audio-visual features, compensating for information de-
ficiencies in each modality. TCaF [5] preprocesses temporal
information, emphasizing its importance in the interaction
between audio-visual modalities. AVMST [6] combines a
spiking neural network for robust temporal feature extraction
with a transformer reasoning module for deep feature fusion,
achieving significant improvements in audio-visual zero-shot
learning performance on unseen classes.

However, these studies ignore the problem of modality
imbalance in multi-modal learning, which refers to the unequal
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Fig. 1: Quality & Content Discrepancies in Audio-Visual Dataset:
(a) Quality discrepancies exist between audio and visual modalities.
The visual one holds more target-related data, causing the model’s
prediction to depend more on it. (b) Content discrepancies occur in
samples. For the same category like playing basketball, distinct audio-
visual samples result in diverse recognition outcomes because of
different information biases (Sample 1 emphasizes the player, while
Sample 2 emphasizes the ball).

contributions of individual modalities to the final decision-
making process [7]–[10]. Due to the greedy nature of deep
neural networks [11], multi-modal models often over-rely on
high-quality modalities that contain sufficient target-related
information, while underfitting the other modalities. These
imbalances reduce the effectiveness of sub-dominant modal-
ities and cause inconsistencies in convergence rates, lead-
ing to missing modality information and suboptimal model
performance [11]. Various methods have been proposed to
address the imbalance in multi-model joint learning. OGM-
GE [12] method is a dynamic gradient modulation strategy
that adjusts the gradient of unimodal through the discrepancy
in the accuracy of their all samples. However, the domi-
nant modality not only restricts the learning rates of other
modalities but also disrupts their update directions. PMR
[13] introduces a prototype-based entropy regularization term
during the early training stage to prevent premature conver-
gence. Furthermore, to evaluate the fine-grained contribution
of each modality, Wei et al. [14] propose a sample-level
modality valuation metric to assess and enhance fine-grained
cooperation among modalities, which is particularly useful for
multi-modal systems involving numerous modalities. Although
previous methods have effectively alleviated the impact of
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modal imbalance, there are still two critical challenges in
(G)ZSL: (a) Quality Discrepancies in audio-visual modalities,
where different modalities contain varying amounts and quali-
ties of information when describing the same concept [15]. (b)
Content Discrepancies in sample-level modalities, where the
contributions of different samples within the same modality
exhibit significant differences [14].

Specifically, quality discrepancies indicate that visual data
may contain more information related to the target event or
object compared to audio data. This difference may cause
deep neural networks to rely on the high-quality modality
that provides sufficient target-related information while ne-
glecting other modalities. As shown in Fig. 1(a), modalities
contributing more critical features have greater opportunities
for optimization, leaving other modalities under-optimized.
Meanwhile, content discrepancies describes the contributions
of different samples of the same modality to the final predic-
tion can fluctuate significantly. In Fig. 1(b), the same category
(basketball) still produces varying outcomes due to significant
information discrepancies. These discrepancies are challenging
for existing models to capture, as they typically focus on
global modality discrepancies and fail to address fine-grained
modality contribution discrepancies within each sample [15].
Content discrepancies are critical for understanding and en-
hancing the performance of multimodal learning models, as
they directly influence how the model utilizes information
from various modalities for predictions.

To address the aforementioned challenges, we propose a
Discrepancy-Aware Attention Network (DAAN) for Enhanced
Audio-Visual Zero-Shot Learning. Specifically, we propose a
Quality Discrepancy Mitigation Attention (QDMA) unit to re-
duces the redundant information contained in the high-quality
modality. In order to form a sparse attention, QDMA calculates
two independent softmax attention scores of the same modality
and subtracts the two scores with weights to obtain the softmax
scores of the sparse attention. Meanwhile, QDMA utilizes the
Temporal Convolutional Network (TCN) [16] to extract the
temporal embeddings of audio-visual features so as to enhance
the temporal information.

To eliminate the impact of existing content discrepan-
cies among samples, we design a Contrastive Sample-Level
Gradient Modulation (CSGM) block. The block adjusts the
magnitude of the model gradient based on the contribution
rate. Specifically, CSGM operates on each pair of positive
and negative samples, rather than applying uniform modula-
tion across multiple epochs based on the mean accuracy of
modality features. This allows for capturing and balancing
the content discrepancy at the sample level. To ensure precise
gradient modulation, we introduce a novel method to quantify
modality contributions, defining the contribution rate as a
combination of the optimization rate and the convergence rate.
Inspired by [11], we utilize the ratio of the squared 2-norm
of the module gradient to that of the parameter to represent
the optimization rate. The convergence rate is calculated by
measuring the degree of aggregation between positive and
negative samples across different modalities and projecting it

within a defined value range.
The main contributions of this paper are as follows:
• We propose a QDMA unit, which mitigates quality

discrepancies by reducing redundancy in high-quality
modalities through a sparse attention mechanism and
enhances temporal information using TCN.

• A CSGM block is proposed to dynamically modulate the
gradients magnitude of parameters and balance content
discrepancy in a sample level.

• We develop an novel approach to quantify modality con-
tributions by integrating their optimization and conver-
gence for more accurate gradient modulation in CSGM.

• The DAAN achieves state-of-the-art performance across
VGGSound, UCF101, and ActivityNet datasets. Addi-
tionally, ablation studies prove the effectiveness of dif-
ferent modules within our architecture.

II. METHOD

The extracted audio and visual features are denoted as ai

and vi respectively, and the text feature of the corresponding
labelled classes is denoted as wi. In (G)ZSL, we define
the seen class as S = {vs

i ,a
s
i , li} and the unseen class as

U = {vu
i ,a

u
i , li}, where li represents the corresponding ith

class label. The DAAN architecture is proposed to learn the
projection function F : (vs

i ,a
s
i ) → ws

i , which can also be
applied to unseen class F : (vu

i ,a
u
i ) → wu

i . The architecture
of DAAN is shown in Fig. (2).

A. Quality-Discrepancy Mitigation Attention (QDMA)
To minimize the impact of quality discrepancies between the

audio and visual modalities, features ai and vi acquired from
pre-trained feature extractor would be simultaneously input
into the QDMA unit. Specifically, ai and vi are respectively
split into two feature tensors, denoted as (a1

i ,a
2
i ) ∈ R

input
2

and (v1
i ,v

2
i ) ∈ R

input
2 . Afterwards, (a1

i ,a
2
i ), (v

1
i ,v

2
i ) and wi

are multiplied by the corresponding matrices WQ
i , WK

i and
W V

i respectively, and the obtained logits (Qi
1,Q

i
2), (K

i
1,K

i
2)

and V i would undergo the softmax S(·). Inspired by the
common-mode noise cancellation in analog circuits [17], we
perform weighted subtraction on the different softmax values
from the same feature to eliminate the redundant information
contained in the high-quality modal features while enhancing
the key information, that is:

o1
i = S(Qi

1K
i
1

T
)− β · S(Qi

2K
i
2

T
)V i, (1)

where β is a hyper-parameter that provides flexibility to the
QDMA block. Subsequently, the audio-visual features pass
through the refinement layer fr : Rinput → Rhidden, which
comprises of GroupNorm [18] and a linear layer followed by
BatchNorm, ReLu and Dropout. It is represented as:

o2
i = GrpNorm(o1

i ),

o3
i = (1− β) · Linear(o2

i ),
(2)

where o2
i and o3

i ∈ Rhidden represent the output features
corresponding to GroupNorm and Linear respectively.
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Fig. 2: The DAAN architecture incorporates audio, visual, and textual features as inputs, simultaneously extracting semantic information. The
QDMA unit removes redundant information from high-quality modalities to address quality discrepancies. Additionally, it extracts temporal
embeddings of audio-visual features to enhance temporal information. The cross-attention layer facilitates information interaction between
audio-visual features. The CSGM block dynamically adjusts the parameter gradients of various modules within the QDMA unit at the sample
level, effectively eliminating content discrepancies among samples. The loss functions are illustrated in the lower-left area.

To further enhance the temporal information of audio and
visual features, we have designed a temporal bypass based on
the TCN. Unlike conventional sequential networks, the TCN
mainly consists of the Causal Convolutional Layer C, n layers
of Dilated Convolution D and Residual Connection R. We
define the corresponding weight parameters as wC , wD and
wR The outputs of TCN can be written as follows:

yt+1
i = R(D(C(o3

i ))), (3)

where o3
i is reshaped as Rhidden → Rxhidden×1×yhidden

.
In the aforementioned process, C uses one-dimensional con-

volution to process the feature sequence, denoted as yt−1
j,i =∑yhid−1

n=0 (xt−1
j−n,i · wC

n), where xt−1
j−n,i ⊆ ot+1

i ,xt−1
j−n,i ∈

R1∗yhid

. It ensures that the network does not utilize the
information of future time steps when predicting the output
at the current time step. Then, D with n layers increases
the receptive field by inserting gaps k (i.e., dilation) among
the elements of the convolution kernel, which is yt

j,i =∑yhid−1
n=0 (xt−1

j−n·k,i ·wD
n ). Lastly, R adds the input directly to

the output of the convolution layer to alleviate the problem of
vanishing gradients and enhance the learning ability and stabil-
ity of the network. It is defined as yt+1

j,i = D(C(xt+1
j,i ))+xt+1

j,i .
We take the temporal feature at the last time step of the yt+1

i

as the temporal embedding and add it to the audio and visual
feature tensors, described as:

ϕi =

xhid∑
l=0

(ot+1
l,i + yt+1

xhid,i
),ϕi ∈ {ϕa,i,ϕv,i}. (4)

To facilitate information sharing between the audio and
visual modalities, we utilize a cross-attention block to pro-
cess the features ϕa,i and ϕv,i after eliminating quality
discrepancies. Cross-attention primarily comprises a multi-
head self-attention layer and a fully-connected feed-forward
block. In the multi-head self-attention layer, query, key, and
value tensors are derived by cross-utilizing audio and visual
features, enabling effective information sharing and fusion
across modalities. The fully-connected feed-forward block fur-
ther processes these integrated features. Finally, the integrated
features are merged with the original features via residual con-
nections and layer normalization. The resulting output features
are represented as ϕcrs

a,i ∈ Rhidden and ϕcrs
v,i ∈ Rhidden.

B. Contrastive Sample-level Gradient Modulation (CSGM)

In order to align the output features ϕcrs
a,i and ϕcrs

v,i with
the text feature wi, we utilize a projection layer to project all
three into the same tensor space, respectively denoted as θi

a,
θi
v and θi

w ∈ Routput. The projection layer consists of a linear
layer followed by BatchNorm, ReLU, and Dropout.

Subsequently, to address content discrepancies in audio-
visual samples, we introduce the CSGM block, which com-
prehensively modulates gradient magnitudes across different
modules. Specifically, gradient modulation is performed across
different modules based on their respective contribution rates,
represented as ηi. ηi is calculated from the optimization rate
of the model and the convergence rate of the corresponding



modality, and is expressed as:

ηi
a,p = max(Vi

a,c × Vi
a,o,p,γ),

ηi
v,p = max(Vi

v,c × Vi
v,o,p,γ),

(5)

where Vi
c and Vi

o,p (p ∈ {1, 2}) respectively represent the
convergence rate and optimization rate that are normalized
under the regulation of weight parameter µ in sample i. . γ is a
hyper-parameter that is used to prevent an excessively minute
modality gradient, which brings flexibility to the model.

Considering the information discrepancies in the features
corresponding to distinct samples, we leverage the features
from each group of positive and negative samples to perform
contrastive learning for calculating Vi

c. We define (θ+
a,i,θ

−
a,i),

(θ+
v,i,θ

−
v,i) and (θ+

w,i,θ
−
w,i) as the sets of positive and neg-

ative embeddings for audio, visual and text in the same
tensor space, respectively, and use the Euclidean distance
d(x, y) = ∥x − y∥2 to calculate the similarity between
embeddings. For each modality, we calculate the convergence
of the corresponding positive and negative embeddings respec-
tively, which is expressed as δim,e,n = max(d(θm,i,θe,i) −
d(θm,i,θn,i), 0),m, e, n ∈ {a+, v+, w+, a−, v−, w−}. There-
fore, the convergence rate for audio-visual modalities can be
calculated as follows:

Vi
a,c = δia+,w+,a− · δiw+,a−,a− · δia+,w−,w− ,

Vi
v,c = δiv+,w+,v− · δiw+,v−,v− · δiv+,w−,w− .

(6)

In the abovementioned formulas, δim,e,n are all normalized
to prevent the explosion of the modulation amplitude. To
alleviate the biases of the QDMA unit caused by the content
discrepancies of samples, we also calculate the corresponding
Vi

o for the parameters of the same module under different
modalities. Inspired by [11], we define Gi

p = ∂L
∂Θi−1

p
, where

Θi−1
p represents the learnable parameters of part p in QDMA.

Hence, Vi
o is calculated as follows:

Vi
a,o,p =

∥Gi
p∥22

∥Θi−1
p ∥22

,

Vi
v,o,p =

∥Gi
p∥22

∥Θi−1
p ∥22

,

(7)

where ∥·∥22 demonstrates the square of the 2-norm. In conclu-
sion, CSGM can be expressed as:

Θi
a,p = Θi−1

a,p − ηi
a,p · G

i
a,p + ϵi,

Θi
v,p = Θi−1

v,p − ηi
v,p · G

i
v,p + ϵi.

(8)

It is worth noting that ϵi ∼ N (0,
∑

SGD Θ) is the Gaussian
noise term added during modulation to enhance the general-
ization ability of our modal.

C. Training Strategy
To ensure decoding text label embeddings from audio-visual

embeddings for feature alignment and encourage alignment of
different modality embeddings while retaining input modality
information, we employ reconstructors for audio-visual fea-
tures and decoders for all three features, respectively denoted

as (ρi
a,ϕ

rec
a,i ), (ρi

v,ϕ
rec
v,i ) and ρi

w. During the training, we
update the modal’s parameters using the loss function L,
which comprises of triplet loss Lt, composite triplet and
reconstruction loss Lc and regularization loss Lr.
Triplet Loss The triplet loss enables the features of different
classes to be separated as much as possible in the feature
space, and improves the model’s ability to distinguish between
different classes, especially the classification accuracy for
unseen classes. It can be written as:

Lt = t(θ+
a,i,θ

+
w,i,θ

−
a,i) + t(θ+

v,i,θ
+
w,i,θ

−
v,i)

+ t(θ+
w,i,θ

+
a,i,θ

−
w,i) + t(θ+

w,i,θ
+
v,i,θ

−
w,i),

(9)

where t(·) represents the triplet loss function.
Composite Loss The composite loss Lc, comprising the
reconstruction loss lrec and triplet loss lct, is employed
in our modal. lrec ensures decodability by minimizing the
mean squared error (MSE) between decoded features and text
embeddings, bridging audio-visual and textual information. lct
and lw align features from different modalities by leveraging
sample distances, thereby enhancing feature representations,
facilitating multimodal fusion, and improving classification for
unseen classes. The specific definition is as below:

lrec = d(ρi
a,wi) + d(ρi

v,wi) + d(ρi
w,wi),

lct = t(ρ+
w,i,ρ

+
a,i,ρ

−
a,i) + t(ρ+

w,i,ρ
+
v,i,ρ

−
v,i),

lw = t(θ+
w,i,θ

+
a,i,θ

−
a,i) + t(θ+

w,i,θ
+
v,i,θ

−
v,i)

+ t(θ+
a,i,θ

+
w,i,θ

−
w,i) + t(θ+

v,i,θ
+
w,i,θ

−
w,i),

(10)

and the composite loss is written as Lc = lrec + lct + lw.
Regularization Loss Lastly, we utilize a regularization loss to
promote the alignment of audio and visual embeddings with
text embeddings, while preserving the distinctive information
of respective input modalities. This enables adaptation to
varying data distributions, particularly for unseen class data.
It is defined as:

lr = d(ϕrec
a,i ,ϕa,i) + d(ϕrec

v,i ,ϕv,i)

+ d(ϕi
a,ϕ

i
w) + d(ϕi

v,ϕ
i
w).

(11)

In all, the total loss is defined as:

L = Lt + Lc +Lr. (12)

III. EXPERIMENTS AND RESULTS

A. Experimental Settings

In this paper, we assess our proposed model in (G)ZSL
scenarios using the VGGSound [23], UCF101 [24], and Ac-
tivityNet [25] datasets. Consistent with the approach in [4]
[26], we employ mean class accuracy to measure the model’s
effectiveness in classification tasks. For the ZSL evaluation,
we concentrate on the model’s performance on test samples
from unseen classes. For the GZSL evaluation, we evaluate the
model on both seen (S) and unseen (U) classes. To balance
the performance between seen and unseen classes and offer an
overall evaluation of modal performance in GZSL, we deploy
harmonic mean (HM ) metrics, denoted as HM = 2·US

U+S .



TABLE I: The performance of our DAAN and state-of-the-art baselines for audio-visual (G)ZSL on three benchmark datasets.

Type Model
VGGSound-GZSL UCF-GZSL ActivityNet-GZSL

S U HM ↑ ZSL ↑ S U HM ↑ ZSL ↑ S U HM ↑ ZSL ↑

Audio-visual

ZSL

CJME [19] 8.69 4.78 6.17 5.16 26.04 8.21 12.48 8.29 5.55 4.75 5.12 5.84

AVGZSLNet [20] 18.05 3.48 5.83 5.28 52.52 10.90 18.05 13.65 8.93 5.04 6.44 5.40

TSART [21] 10.45 3.43 5.16 4.03 20.96 21.27 21.11 22.86 8.99 7.41 8.12 7.65

AVCA [4] 14.90 4.00 6.31 6.00 51.53 18.43 27.15 20.01 24.86 8.02 12.13 9.13

TCaF [5] 9.64 5.91 7.33 6.06 58.60 21.74 31.72 24.81 18.70 7.50 10.71 7.91

AVMST [6] 14.14 5.28 7.68 6.61 44.08 22.63 29.91 28.19 17.75 9.90 12.71 10.37

Hyperalignment [22] 13.22 5.01 7.27 6.14 57.28 17.83 27.19 19.02 23.50 8.47 12.46 9.83

MDFT [2] 16.14 5.97 8.72 7.13 48.79 23.11 31.36 31.53 18.32 10.55 13.39 12.55

DAAN (ours) 10.04 7.10 8.32 7.91 52.38 23.48 32.42 31.09 20.91 10.26 13.87 11.15

For each video sample, we use the self-supervised SeLaVi
[27] framework pretrained on those datasets to extract audio
and visual features for each second in a video. DAAN are then
trained on a single NVIDIA 3090 GPU, and the dimensions
are respectively set to input = 512, hidden = 512, output =
300. µ is set to 1.15/0.5/1.2, γ is set to 0.45/0.5/0.6, k is set
to 3/9/5, n is set to 2/3/5 for UCF/ActivityNet/VGGSound
respectively. All models are trained 50 epochs using Adam
optimize with a pre-defined learning rate of 0.001.

B. Comparison with State-of-the-Art
To demonstrate the advancement of our work, we compare

the DAAN with the following state-of-the-art audio-visual
(G)ZSL frameworks: CJME [19], AVGZSLNet [20], AVCA
[4], TCaF [5], Hyperalignment [22] and MDFT [2].

Table I shows that DAAN achieves the level of state-of-the-
art performance across VGGSound, UCF101, and ActivityNet
datasets on (G)ZSL performance, significantly exceeding al-
most all baselines.It is worth noting that although DAAN does
not surpass the latest state-of-the-art MDFT in some metrics,
the runtime of MDFT is 2.5 times more than DAAN due to
its use of the Spiking Neural Network, which suggests that
DAAN is significantly more efficient than MDFT. Moreover,
our model greatly exceeds the best performance of baseline
modal. For UCF-GZSL, DAAN outperforms the best previous
method AVMST with an HM of 32.42 compared to 29.91
and a ZSL of 31.09 compared to 28.19. This demonstrates
that the DAAN effectively integrates the functions of QDMA
and CSGM, alleviating the impact of modality imbalance and
enhancing the generalization ability of the model.

C. Ablation Study
We conduct ablation experiments on the UCF dataset to

illustrate the effectiveness individual component in our model,
as shown in Table II. Among those components, QDMA brings
a 1.03% increase in HM and a 66.12% increase in ZSL,
and CSGM using convergence rate as the only metric gets a
18.33% increase in HM and a slightly 1.19% drop in ZSL. The
complete CSGM with both convergence rate and optimization
rate reaches a 22.52% increase in HM and a 8.03% increase

TABLE II: Ablation study on UCF-GZSL.

Model
UCF-GZSL

S U HM ZSL

Base∗ 49.14 17.46 25.77 19.03
Base∗ + QDMA 44.32 18.86 26.46 28.78
Base∗ + QDMA + CSGM (Vc

#) 46.34 23.64 31.31 28.44

DAAN 52.38 23.48 32.42 31.09
∗baseline model comprising with MLP and cross-attention.
#convergence rate used only.
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Fig. 3: Component Performance

in ZSL. Lastly, our DAAN holds a 25.81% increase in HM
and a 63.37% increase in ZSL compared to “Base” in total.

To further analyze the performance trends of QDMA and
CSGM under varying parameters, we conducted experiments
by adjusting n and γ which correspond to the QDMA and
CSGM components, respectively. The experimental results
are presented in Fig. (3). As shown in Fig. (3), the ZSL
and GZSL scores of DAAN fluctuate between 25 and 30
under different parameters, demonstrating the robustness of
our model’s performance. Specifically, in Fig. (3a), the (G)ZSL
scores of DAAN reach their maxima of 27.59 and 26.54
respectively when n = 5. This indicates that an overly small
or overly large number of the Dilated convolutional layers in
the QDMA module will lead to the loss and redundancy of
modal temporal information, resulting in poor performance. In
Fig. (3b), the scores of all indicators of DAAN first increase



and then decrease as the lower bound of the contribution rate
γ in CSGM increases, peaking at γ = 0.3. This demonstrates
that an excessively small lower bound may cause excessive
modulation of the modal gradient, thereby overly diminishing
the contribution of the optimal modality. Conversely, an exces-
sively high lower bound may counteract the intended effect of
gradient modulation, ultimately leading to modality imbalance.

D. Limitations & Future work
In this experiment, we only utilized three widely used

datasets for model training and evaluation, and the perfor-
mance of the model on other forms of datasets remains un-
known. Additionally, video samples often suffer from modality
loss, while DAAN is currently applicable only to datasets
with complete audio-visual modalities. For future work, our
architecture could be extended to video classification tasks
with significant modality diversities and relatively few sam-
ples. Moreover, it could be integrated with feature extraction
from pre-trained models to achieve improved performance.

IV. CONCLUSION

In conclusion, we propose a Discrepancy-Aware Atten-
tion Network (DAAN) to enhance Audio-Visual Zero-Shot
Learning (ZSL). In this work, we integrate a QDMA unit to
minimize redundant information in the high-quality modality
and a CSGM block to dynamically adjust gradient magnitudes,
addressing content discrepancies across samples. To further re-
fine the learning process, modality contributions are evaluated
by incorporating both optimization strategies and convergence
rates, ensuring more precise gradient modulation within the
CSGM block. Experimental results show that DAAN achieves
state-of-the-art performance on the VGGSound, UCF101, and
ActivityNet benchmark datasets. Additionally, ablation studies
validate the individual effectiveness of each proposed compo-
nent in the architecture.
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