arXiv:2508.18734v1 [cs.CV] 26 Aug 2025

Improving Noise Robust
Audio-Visual Speech Recognition
via Router-Gated Cross-Modal Feature Fusion

DongHoon Lim", YoungChae Kim", Dong-Hyun Kim, Da-Hee Yang, Joon-Hyuk Chang’
*Dept. Artificial Intelligence, Hanyang University, Seoul, Republic of Korea
Dept. Electronic and Electrical Engineering, Hanyang University, Seoul, Republic of Korea
{hswdh, yc0604, dlstjd1477, douxil5, jchang}@hanyang.ac.kr

Abstract—Robust audio-visual speech recognition (AVSR) in
noisy environments remains challenging, as existing systems
struggle to estimate audio reliability and dynamically adjust
modality reliance. We propose router-gated cross-modal feature
fusion, a novel AVSR framework that adaptively reweights audio
and visual features based on token-level acoustic corruption
scores. Using an audio-visual feature fusion-based router, our
method down-weights unreliable audio tokens and reinforces
visual cues through gated cross-attention in each decoder layer.
This enables the model to pivot toward the visual modality when
audio quality deteriorates. Experiments on LRS3 demonstrate
that our approach achieves an 16.51-42.67% relative reduction
in word error rate compared to AV-HuBERT. Ablation studies
confirm that both the router and gating mechanism contribute
to improved robustness under real-world acoustic noise.

Index Terms—Audio-Visual Speech Recognition, Router-Gated
Cross Attention, Noise-Robust ASR, Cross-Modal Fusion

I. INTRODUCTION

Audio-visual speech recognition (AVSR) aims to improve
speech recognition by integrating acoustic and visual infor-
mation, typically from the speaker’s lips. This multimodal
approach is especially valuable in noisy environments, where
audios are degraded but visual cues remain intact. However,
existing AVSR systems still rely heavily on the audio stream
[1], leading to limited performance gains in noisy conditions.
For example, models such as AV-HuBERT [2] and Whisper-
Flamingo [3] remain audio-centric, showing only marginal
gains over audio-only systems, even under significant noise.

This imbalance stems from how these systems handle cross-
modal fusion. While many architectures combine audio and
visual cues—either through encoder-level fusion or decoder-
level gated cross-attention (GCA)—they often fail to adapt
modality weighting to input reliability. For instance, Whisper-
Flamingo applies a scalar gate per decoder layer to modulate
visual input, but this gating mechanism is independent of audio
quality. Moreover, AVSR systems are typically biased toward
the acoustic modality, as they are often trained on only audio
data. As noted in [4], recognizers trained on clean conditions
tend to rely heavily on audio, since it provides sufficient
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information for accurate speech recognition, ultimately under-
utilizing visual cues when noise corrupts the audio input. Prior
efforts have attempted to address this issue by incorporating
noise awareness into AVSR. These include uncertainty-aware
attention [5], modality dropout [2], and signal-to-noise ratio
(SNR) prediction [6]. However, these methods operate at
a broader temporal granularity (e.g., frame or clip level),
where each decision aggregates information over multiple
embedding tokens, potentially losing fine-grained alignment
across modalities.

In this work, we propose Router-Gated Cross-Modal Fea-
ture Fusion, a noise-adaptive decoding framework that dy-
namically modulates visual reliance based on localized acous-
tic quality. Our approach leverages the audio-visual feature
fusion (AVFF) [7] module as a router that computes token-
level similarity between audio and visual embeddings without
explicit noise labels. A low similarity score indicates corrupted
audio, prompting the decoder to increase reliance on visual
features via residual GCA blocks. This allows the model to
adaptively shift attention to the visual modality when needed,
while maintaining acoustic dominance in clean regions.

Unlike previous works, our method operates at the fine-
grained token level and supports layer-wise adaptation. It
is compatible with existing Transformer-based decoders—
including AV-HuBERT and Whisper-Flamingo—and can be
integrated as a plug-in module without retraining the backbone
on specific noise types. This design enables robust, context-
sensitive fusion across a wide range of acoustic conditions.
Our contributions are threefold:

1) We introduce a router-guided attention mechanism that
dynamically reallocates modality focus at the token
and layer level, inspired by the human ability to shift
attention based on input quality.

2) We present the first AVSR decoder architecture that
integrates token-level audio reliability into every GCA
block, enabling context-sensitive visual enhancement.

3) We demonstrate consistent word error rate reductions of
16.51-42.67% on LRS3 under various noise conditions,
surpassing AV-HuBERT and confirming the benefit of
dynamic and noise-aware fusion.
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(a) AV-HuBERT Encoder (b) AV-HuUBERT Decoder

(c) Gated Cross Attention (GCA) (d) Score gap of noised audio frame
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Fig. 1. The diagram illustrates the overall architecture, extending the AV-HuBERT encoder-decoder structure by integrating a pre-trained AVFF-based router
into each decoder block. As shown in (d), the gap between actual and predicted embeddings (e.g., v vs. ¥ from noisy a) reflects the reliability score, with

larger gaps indicating lower reliability.

II. RELATED WORKS
A. Audio-Visual Fusion in Speech Recognition

Audio-visual speech recognition (AVSR) has gained in-
creasing attention due to its potential to improve robustness
under adverse acoustic conditions by incorporating visual cues
such as lip movements [8], [9]. Recent works, including
AV-HuBERT [2] and AV-data2vec [10], have leveraged self-
supervised learning (SSL) to jointly learn representations from
audio and visual modalities. These approaches have demon-
strated impressive gains in recognition accuracy, particularly
under clean or moderately noisy conditions. However, despite
the use of bimodal inputs, most of these models remain
inherently audio-centric in both architecture and training ob-
jectives [11]. As a result, they often fail to effectively leverage
visual information precisely when most critical—under severe
acoustic degradation [4].

B. Noise Robustness in AVSR

To mitigate performance degradation under acoustic noise,
various strategies have been proposed. Data-centric approaches
such as MUSAN [12] and ESC-50 [13] introduce noise mix-
tures during training [2], while augmentation techniques like
SpecAugment perturb spectrograms to improve generalization
[14], [15]. Complementarily, speech enhancement front-ends
like DCCRN [16] and Demucs [17] have been deployed to
denoise audio before passing it to recognition models. While
these techniques can be effective when the noise characteristics
are well matched between training and testing, they often
exhibit limited generalization to unseen noise types or domain
shifts, and frequently require extensive retraining with labeled
datasets to maintain performance.

C. Architectural Approaches to Visual Integration

Beyond preprocessing, architectural modifications have
been introduced to better incorporate visual information into
AVSR systems. Encoder-level strategies include multi-stream
Conformer [15] architectures and hybrid CNN-Transformer
models that jointly encode visual and auditory features [18].

On the decoder side, models such as Whisper-Flamingo [3] in-
ject visual embeddings into attention mechanisms to influence
token prediction. However, a common limitation across these
approaches is that fusion mechanisms are typically static—
relying on global scalar gates or uniform cross-modal atten-
tion. Such fusion lacks the flexibility to adapt modality weights
based on local acoustic conditions, leading to suboptimal
reliance on visual cues when the auditory is unreliable [19].

D. Dynamic and Reliability-Aware Fusion

Recognizing the limitations of static fusion, recent work
has explored dynamic, reliability-aware mechanisms. These
include uncertainty-aware attention [5], SNR-conditioned
weighting [6], and modality dropout [2] during training to
encourage robustness against missing or degraded inputs.
While these techniques improve adaptability to some extent,
most operate at the frame or clip level and use shallow
reliability predictors, limiting their ability to perform token-
level decisions that align with fine-grained acoustic context.
Moreover, few approaches are designed to modulate modality
weighting across network depth, which can be an important
consideration in hierarchical Transformer models [20].

III. METHOD

We propose a token-level modality fusion mechanism that
dynamically adjusts the contributions of audio and visual
modalities based on reliability scores predicted by a pretrained
AVFF router. This design is inspired by findings in cognitive
science and neuroscience, which show that humans adaptively
shift modality reliance based on sensory reliability [21], [22].
As illustrated in Fig. 1, the AVFF router computes frame-wise
audio reliability from raw inputs, which are then injected as
gating factors into GCA layers embedded in the Transformer
decoder of an AV-HuBERT-based AVSR model. The overall
system consists of (1) an AV-HuBERT encoder—decoder back-
bone, (2) an AVFF router that estimates audio reliability, and
(3) GCA blocks with gated routing based on local and global
control.
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Fig. 2. AVFF pre-training and router inference process, which enables the AVFF-based router to detect modality imbalance. During the inference stage, with
the decoder removed, modality reliability is determined solely by cosine similarity.

A. Overview

Our model is built upon AV-HuBERT, a masked prediction-
based audio-visual speech representation model. Given audio-
visual input pairs (x4,X,), the AV-HuBERT encoder trans-
forms them into fused hidden representations (Fig. 1(a)). These
are then passed to a Transformer decoder trained from scratch
(Fig. 1(b)), with the encoder initialized from pretrained AV-
HuBERT. We enhance this decoder with GCA blocks inserted
at each layer to enable dynamic fusion of audio and visual
information (Fig. 1(c)). Each GCA block integrates visual
context into the audio decoding path, with the degree of
integration governed by token-level reliability scores (Fig.
1(d)) from the separately pretrained AVFF router. This enables
the decoder to increase visual reliance in noisy segments while
reducing reliance on the visual modality when the audio signal
is clean.

B. AV-HuBERT

Following AV-HuBERT’s canonical preprocessing, we ob-
tain a lip-synchronized video tensor x3"*° and a 16 kHz
waveform segment x2ubert These two streams are fed into
the model’s uni-modal front-end ResNet towers for vision
and a 1-D convolutional stack for audio—which generate the
initial visual and acoustic feature sequences. The resulting
features are then passed to the Transformer encoder, which
produces a sequence of fused representations. Depending on
the input modality configuration, the encoder yields either of
the following embeddings:

o Audio-visual embedding e,,: obtained when both

xavhubert apd xavhubert are provided.
« Visual-only embedding e,: obtained when only zvhubert

is input and the audio branch is zero-masked.

The fused audio-visual embedding e, is forwarded to the sub-
sequent Transformer decoder as its encoder memory, whereas
the visual-only embedding e, is cached as the key/value source
for the GCA blocks.

C. AVFF-Based Router

Fig. 2 illustrates the overall architecture of our AVFF-based
token router, which estimates token-wise audio reliability by
leveraging cross-modal reconstruction signals.

Model Overview. The AVFF model comprises two modality-
specific masked autoencoders (MAEs) for audio and video,

along with two cross-modal translators—A2V (audio-to-video)
and V2A (video-to-audio). These translators aim to reconstruct
the latent representation of one modality using information
from the other. Both A2V and V2A are composed of a linear
projection followed by the Transformer layer that maps one
modality’s representation into the space of the other.
Training Phase (Left pane of Fig. 2). Given raw waveform
and video frames, we apply AVFF preprocessing to obtain
synchronized inputs: x2°"*" for audio and x'°"*** for video.
These inputs are patchified and fed into the audio and video
MAE encoders, F, and E,, yielding latent representations:

a—= Ea(Xrouter)’ v = EU(Xrouter). (1)

a v
To facilitate cross-modal learning, each translator produces a
prediction of one modality’s latent from the other:

v =A2V(a), A= V2A(v), )

where v approximates the visual latent features recon-
structed solely from audio, and a approximates the audio latent
features reconstructed solely from video.
Inference Phase (Right pane of Fig. 2). During inference,
only the encoders and translators are retained, and the MAE
decoders are discarded. To assess the reliability of each modal-
ity, we compute the cosine similarity between the original and
cross-modal predicted embeddings:

3)

where cos(+,-) denotes the cosine similarity function. Since
v is derived from audio only, s, serves as a proxy for audio
reliability: lower values indicate acoustic corruption or audio-
visual misalignment. The visual reliability score s, is trans-
formed into a visual attention gain by computing its linearly
shifted value, (1 — s,), thereby increasing visual emphasis
when reliability is low. Subsequently, the shifted value (1—s,)
is linearly interpolated [23] to match the AV-HuBERT token
sequence of length N. As a result, this interpolated gain is
used for token-wise modulation of visual features.

Sy = cos(v, V), S, = cos(a, &),

Alocal = tanh (Interpolate(l — sv)), )

where Agcat € RY is a token-wise gating factor applied
to the visual embedding stream in each GCA block. This
factor enhances the influence of visual cues when the audio is
unreliable, and attenuates them when the audio is trustworthy.



D. Gated Cross-Attention Scoring

We enhance each decoder block in AV-HUBERT by insert-
ing a GCA block, as shown in Fig. 1(b), inspired by the
Flamingo [24]. This module is placed before the self-attention,
encoder cross-attention, and feed-forward (FFN) submodules.
The GCA block selectively injects more visual information
into the decoder hidden state, especially when the audio signal
is deemed unreliable. Let K denote the number of decoder
layers, and let z¥ € RV denote the hidden state at layer k,
where N is the sequence length and F' is the feature dim.
Cross-modal Attention. At each layer k, we first compute the
cross-attention output between the layer normalized previous
decoder hidden state LN(z"~!) and the e, € RNV*F":

A* = Attn(LN(z" 1), e,), (5)

where “LN” denotes layer-normalization [25] and “Attn” de-
notes multi-head cross-attention. This captures visual context
relevant to the current decoder state.

Gating Mechanisms. To modulate the contribution of the
visual signal, we introduce two gating factors:

o Global gate (Agiopa): A learnable scalar o per GCA
block, transformed via tanh, Agope = tanh(a), that
controls the overall strength of the visual injection.

e Local gate (Ajoca1): A token-wise reliability vector com-
puted from the AVFF-based router, indicating the relia-
bility of each audio token.

The visual cross-attention output A* is modulated by both

gates and added to the decoder state:

" = 2"+ Agiobal * Atocat - A, (6)

where r* denotes the intermediate representation in the k-th
GCA block, obtained by adding gated visual cross-attention
output to the previous decoder hidden state z*~!. This inter-
mediate representation is then passed through a feed-forward
network (FFN) to produce the updated GCA block output r'*.
GCA Block Output. The FFN module follows, with an
additional scalar gate Ag,, = tanh (g, ) applied to modulate its
contribution, consistent with the approach in Flamingo. Here,
Qg 18 a learnable scalar that controls the influence of the FFN
output at each GCA block.

% = 1% + Ay - FEN(LN(2F)). (7)

This gated formulation allows each decoder layer to adap-

tively rely on visual cues based on audio reliability at both the

global and local levels, ensuring robustness while preserving

stability at initialization. In this study, we restrict noise cor-

ruption to the audio stream and assume clean, synchronized
video.

E. Training Objectives and Optimization

Pretraining. Following [7], our AVFF router (Fig. 2) is
pretrained using a combination of contrastive, reconstruction,
and adversarial losses to promote cross-modal alignment and
robust distribution modeling. Concretely, a contrastive loss £,
is applied to the video v and audio a embeddings to encourage
modality-invariant representation learning. A reconstruction

loss £, is employed to minimize the mean square error
(MSE) between the MAE decoder outputs (XU XU} and
the original inputs (x["*" x[°U"), preserving autoencoding
capabilities. Additionally, a Wasserstein generative adversarial
networks (WGAN) [26] loss L,4, is used to enhance the
stability of high-dimensional representation learning through
adversarial training. The total pretraining objective is formu-

lated as a weighted sum:
ﬁtotal = )\cﬁc + )\7‘£7‘ + )\advﬁadva (8)

where ., A\, and \,q, are the weighting coefficient.
Fine-tuning. During the fine-tuning phase, the pretrained
AVFF router remains frozen, while the AV-HuBERT model—
including the encoder, Transformer decoder, GCA modules,
and all gating parameters—is fine-tuned end-to-end using a
sequence-to-sequence cross-entropy (CE) loss. The CE loss is
computed between the decoder outputs and the ground-truth
transcriptions, and the model is optimized using the Adam
optimizer [27]. To enhance training stability and mitigate
overfitting, the encoder is kept frozen for the first 7 steps.

IV. EXPERIMENTS
A. Experimental Setup

Datasets. We conducted our experiments using two publicly
available audio-visual speech datasets: LRS3 and LRS2. The
LRS3 dataset comprises a large-scale collection of English
speech clips extracted from TED and TEDx talks [28], while
LRS2 consists of approximately 224 hours of broadcast speech
from BBC programs [29]. To evaluate model robustness under
noisy conditions, we applied audio corruptions using the
MUSAN corpus, incorporating three types of background
noise—babble, music, and natural. Corrupted audio samples
were generated at signal-to-noise ratios (SNRs) of 10 dB, 5
dB, and 0 dB.

Preprocessing. For AV-HuBERT, the audio stream was con-
verted into a 26-dimensional log filterbank energy represen-
tation with a 10 ms stride. The video stream was cropped
to a 96 x 96 region-of-interest (ROI) centered on the mouth.
During training, a random 88 x 88 crop was applied to the ROI,
while inference used a center crop of the same size. For the
AVFF Router, the audio stream was transformed into a Mel-
spectrogram with 128 bins, using a 16 ms Hamming window
and a 4 ms hop size. Video inputs were segmented into fixed-
duration clips of 3.2 seconds by uniformly sampling frames
from the original sequence. Each clip was then processed
to yield 768 audio frames and 16 visual frames, subse-
quently divided into non-overlapping patches: visual frames
into 2 x 16 x 16, and audio spectrograms into 16 x 16.
Implementation Details. For the AV-HuBERT, we employed
a pretrained model publicly available from the fairseq
framework. We initialized the encoder using the checkpoint of
AV-HuBERT-BASE pretrained on VoxCeleb2 [30] and LRS3
datasets. The AV-HuBERT decoder was initialized with six
Transformer decoder layers, each inherently incorporating self-
attention and cross-attention mechanisms designed to attend
to the encoder output, and the GCA block was subsequently



TABLE I
WER (%) AND RERR (%) RESULT ON LRS3 (IN-DOMAIN) AND LRS2 (OUT-OF-DOMAIN) TEST SETS UNDER CLEAN AND NOISY CONDITIONS.
FOLLOWING PRETRAINING ON CLEAN VOXCELEB2+LRS3, MODELS WERE FINE-TUNED ON LRS3 433H (CLEAN CONDITION) AND LRS3 433H
AUGMENTED WITH MUSAN RANDOM NOISE (0 DB SNR) (NOISE CONDITION).

test Babble, SNR (dB) Music, SNR (dB) Natural, SNR (dB) avg
Method FT type domain clean
10 5 0 10 5 0 10 5 0 WER (%) RERR (%)

AV-HuBERT clean LRS3 3.88 15.07 20.12 3592 8.12 10.05 12.84 694 8.48 12.92 13.43 -
AV-HuBERT (Ours) (LRS3) 3.09 6.80 919 2140 3.88 5.31 8.96 4.75 5.47 8.16 7.70 42.67

AV-HuBERT noise LRS3 5.47 7.01 8.56 14.11 791 8.84 1035 6.85 7.61 9.24 8.60 -
AV-HuBERT (Ours)  (LRS3+MUSAN) 5.33 6.42 745 12.68 595 6.66 8.32 5.63 6.18 7.21 7.18 16.51

AV-HuBERT clean LRS2 16.16 2142 30.07 4397 1678 1956 21.73 1822 21.05 2646 23.54 -
AV-HuBERT (Ours) (LRS3) 14.11 1756 22,50 3590 15.05 16.60 20.30 15.75 16.80 20.30 19.49 17.20

AV-HuBERT noise LRS2 1658 19.05 2122 24.09 17.09 1791 1926 17.09 1850 19.25 19.00 -
AV-HuBERT (Ours) (LRS3+MUSAN) 1620 1692 19.60 2500 1645 16.68 1855 17.50 17.96 19.17 18.40 3.15

TABLE II

WER (%) AND RERR (%) COMPARISONS ON THE LRS3 (IN-DOMAIN) AND LRS2 (OUT-OF-DOMAIN) BENCHMARKS USING WHISPER-FLAMINGO, WITH
AND WITHOUT THE PROPOSED AVFF ROUTER. FOLLOWING NOISE PRETRAINING ON LRS3, MODELS WERE FINE-TUNED ON LRS3 433H (CLEAN

CONDITION) AUGMENTED WITH MUSAN NOISE (0 DB SNR) (NOISE CONDITION).

test Babble, SNR (dB) Music, SNR (dB) Natural, SNR (dB) avg
Method FT type domain clean
10 5 0 10 5 0 10 5 0 WER (%) RERR (%)
Whisper-flamingo noise LRS3 2.62 3.37 5.15 13.01 2.84 3.12 391 3.09 3.36 4.44 4.49 -
Whisper-flamingo (Ours)  (LRS3+MUSAN) 2.04 2.70 440 1230 243 2.81 3.74 2.22 2.65 3.19 3.85 14.25
Whisper-flamingo noise LRS2 12.77 1464 17.69 2942 13.63 13.85 1564 1376 14.60 17.02 16.30
Whisper-flamingo (Ours)  (LRS3+MUSAN) 1202 1367 1639 2790 12.67 1325 1470 12.88 13.28 15.60 15.24 6.50

integrated into each of the decoder layers. All experiments
were conducted using 4 NVIDIA RTX 3090 GPUs.
Pretraining. We pretrained the AVFF module on the LRS3
dataset, following the approach proposed in the original
study [7]. The overall architecture and training pipeline were
implemented in accordance with the specifications described
in the AVFF paper. For the video encoder and decoder, we
adopted MARLIN checkpoints [31] pretrained on YouTube-
Face, each configured with an embedding dimension of 768.
For the audio encoder and decoder, we used AudioMAE
checkpoints [32] pretrained on AudioSet-2M, also with an
encoder embedding size of 768, while decoder embedding size
of 512. These pretrained components served as the backbone
for the AVFF router during its self-supervised training phase.
The model was trained for 50 epochs with a batch size of 16
using the AdamW optimizer [33]. The loss weights in Eq. 8
were set to A\, = 0.01, A\, =1, and A\,4, = 0.1.

Fine-tuning Fine-tuning was conducted under two distinct
conditions: clean and noise. For the noise condition, we con-
structed a fixed dataset by augmenting audio with randomly
sampled MUSAN noise (babble, music, natural) at an SNR of
0 dB. The model was fine-tuned for 60K steps on the LRS3
30h subset and 120K steps on the full LRS3 433h dataset.
Optimization was performed using the Adam optimizer with
a learning rate of 0.001 and a warm-up schedule of 10K
steps. The encoder freezing steps 7 were set to the 50%
of the total fine-tuning duration. Additionally, we evaluated
the generality of our approach by integrating the proposed
score-gating module into the Whisper-Flamingo architecture,
inserting it after the tanh gating module of the Whisper-en-x-
small checkpoint. For this evaluation, the modified Whisper-
en-x-small checkpoint was fine-tuned on the LRS3 433h

dataset for 20K steps, following the training setup detailed
in the original Whisper-Flamingo paper.

B. Effectiveness of the Proposed Router Across Diverse Con-
ditions

Table I presents the results on the in-domain LRS3 and out-
of-domain LRS2 benchmarks under clean and noise-corrupted
conditions. All models were fine-tuned on the LRS3 433h
dataset. For the noise fine-tuning setting, we applied randomly
sampled MUSAN noise at a 0 dB SNR to prevent overfitting
to specific noise types and ensure fair evaluation. Performance
was assessed using WER and RERRs across three noise
types—Babble, Music, and Natural—each tested at 10, 5, and
0 dB SNR levels.

The results clearly demonstrated the effectiveness of our
routing mechanism: on the in-domain LRS3 test set, our
method reduced the average WER from 13.43% to 7.70%
under clean fine-tuning, yielding an RERR of 42.67%. Under
noisy conditions, WERs dropped significantly—for example,
from 35.92% to 21.40% under 0 dB Babble noise. With
noise-aware fine-tuning, the average WER decreased from
8.60% to 7.18%, corresponding to an RERR of 16.51%,
demonstrating the robustness of our approach across diverse
acoustic conditions.

Notably, our approach also generalized well to the out-of-
domain LRS2 set, which was unseen during training. Under
clean fine-tuning, the average WER was reduced from 23.54%
to 19.49%, yielding a RERR of 17.20%. With noise fine-
tuning, average WER decreased from 19.00% to 18.40%
(RERR: 3.15%). These consistent improvements across both
in-domain and out-of-domain settings, and across various
noise types and SNR levels, confirmed that the proposed router



TABLE III
ABLATION STUDY RESULTS: WORD ERROR RATE (WER, %) ON THE LRS3 BENCHMARK UNDER AUDIO-CORRUPTED CONDITIONS WITH MUSAN
NOISE. ALL MODELS WERE FINE-TUNED ON THE LRS3 30H DATASET. FOR THE CLEAN SETTING, MODELS WERE FINE-TUNED AND EVALUATED ON
CLEAN DATA. FOR THE NOISY SETTING, MODELS WERE FINE-TUNED WITH MUSAN RANDOM NOISE AT 0 DB SNR AND EVALUATED ON TEST SETS
CORRUPTED WITH EACH CORRESPONDING MUSAN NOISE CATEGORY (BABBLE, MUSIC, NATURAL) AT VARYING SNR LEVELS. THE FIRST ROW
INDICATES THE NOISE TYPE, AND THE SECOND ROW SHOWS EACH CORRESPONDING SNR LEVELS(IN DB).

Modules Babble, SNR (dB) Music, SNR (dB)  Natural, SNR (dB)
Method clean avg
sy  Cos. Sim. GCA 10 5 0 10 5 0 10 5 0
Baseline 6.02 6.80 800 1348 6.10 737 810 594 730 856 7.77
Ours v v v 428 539 670 1140 586 610 760 515 670 7.50 6.67
Sa X v v 499 626 777 1332 547 655 7777 531 620 810 7.17
L2 X X v 491 650 7.77 1330 580 6.60 7.50 6.10 620 770 7.25
self-attn X X X 507 6.0 750 1350 620 6.81 780 555 630 7.70 7.24
Scores under Various Noise Conditions E. Ablation Results
-0.002 S Table III presents the results of our ablation study, inves-
-0.004 o= Babble o Music e Naturel tigating the contribution of key components in our proposed
o ' architecture. We compared several model variants against our
& ~0.008 full model ("Ours’) and a baseline. The evaluated variants are
-0.008 defined as follows:
-0.01 e ‘s,’: Replaces video score s, with audio score s,.
’ ° SNR (dB) " Clean o ‘L2’: Uses the L2 distance instead of the cosine similarity

Fig. 3. Average frame-level s, scores under different noise types (Babble,
Music, Natural) and SNR levels (0, 5, 10 dB, Clean), computed over all test
samples per condition.

enhances AV-HuBERT’s robustness against both additive noise
and domain shift.

C. Compatibility of AVFF Router with External Models

To further demonstrate the modularity and broad applica-
bility of our AVFF-based router, we evaluated its performance
when integrated into Whisper-Flamingo, a representative mul-
timodal AVSR system that differs architecturally from AV-
HuBERT. As shown in Table II, the AVFF router consis-
tently improved performance across both in-domain and out-
of-domain scenarios. On the in-domain LRS3 test set, our
method reduced the average WER from 4.49% to 3.85%,
corresponding to an RERR of 14.25%. Similarly, on the out-of-
domain LRS2 test set, average WER is reduced from 16.30%
to 15.24%, achieving a 6.50% RERR. These results indicate
that the proposed router functions as a general-purpose, plug-
and-play module that can enhance noise robustness even when
applied to external ASR backbones beyond AV-HuBERT.

D. Analysis of Router Scores

Fig. 3 illustrates the average of frame-level scores (s,)
generated by the proposed router on the LRS3 test set across
various noise types (Babble, Music, Natural) and SNR levels
(0, 5, 10, Clean dB). As the SNR decreases from clean to
0 dB, a consistent decline in s, scores is observed across
all noise types. This consistent downward trend indicates that
the proposed router effectively captures the degradation of
the audio modality and estimates token-level audio reliability
under varying acoustic conditions.

(Cos. Sim.) without complementarity.
o ‘self-attn’: Removes the GCA blocks and substitutes them
with self-attention layers

These experiments were conducted on the 30-hour subset
of the LRS3 dataset using MUSAN noise at varying SNR
levels. As presented in Table III, the AV-HuBERT baseline
system added with only self-attention layers achieved an
average WER of 7.24%. Incorporating each component of our
proposed method yielded consistent improvements, ultimately
reducing the average WER to 6.67% and demonstrating the
complementary contribution of each module. Notably, the
performance gains were observed not only on noisy datasets
but also on clean data, highlighting the robustness and domain-
generalization capability of our adaptive modality reweighting
mechanism.
V. CONCLUSION

In this paper, we presented a noise-aware decoding frame-
work for fine-grained modality control, leveraging reliability
scores from a pretrained router to balance audio and visual
cues, outperforming AV-HuBERT on LRS3 and integrating
with Whisper-Flamingo. We will investigate additional relia-
bility signals in future work and evaluate against recent AVSR
models to enhance generalization.
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