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ABSTRACT

Humans are adept at leveraging visual cues from lip
movements for recognizing speech in adverse listening con-
ditions. Audio-Visual Speech Recognition (AVSR) models
follow similar approach to achieve robust speech recognition
in noisy conditions. In this work, we present a multilingual
AVSR model incorporating several enhancements to improve
performance and audio noise robustness. Notably, we adapt
the recently proposed Fast Conformer model to process both
audio and visual modalities using a novel hybrid CTC/RNN-T
architecture. We increase the amount of audio-visual training
data for six distinct languages, generating automatic tran-
scriptions of unlabelled multilingual datasets (VoxCeleb2
and AVSpeech). Our proposed model achieves new state-of-
the-art performance on the LRS3 dataset, reaching WER of
0.8%. On the recently introduced MuAViC benchmark, our
model yields an absolute average-WER reduction of 11.9% in
comparison to the original baseline. Finally, we demonstrate
the ability of the proposed model to perform audio-only,
visual-only, and audio-visual speech recognition at test time.

Index Terms— audio-visual speech recognition, multi-
lingual, noise robustness, generated transcriptions

1. INTRODUCTION

Audio-Visual Speech Recognition (AVSR) has attracted a lot
of research attention in recent years due to its ability to use
image processing techniques to aid speech recognition sys-
tems. Preceding works have shown that including the vi-
sual modality of lip movements could improve the robustness
of ASR systems with respect to audio noise while achieving
better recognition performance [L, [2, 3} 4} |5, 16} [7]. Son et
al. [[1] proposed to use the sequence-to-sequence encoder-
decoder with attention architecture to recognise phrases and
sentences being spoken by talking faces, with or without the
audio. Petridis et al. [4] applied the hybrid CTC/attention ar-
chitecture to AVSR, achieving better performance and robust-
ness using an early fusion strategy. Ma et al. [6] proposed to
encode audio and visual modalities with Conformer [8]] net-
works to model both local and global temporal relationships
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using convolution and attention. More recently, AVEC [7]
added intermediate CTC losses [9] in encoder networks to im-
prove lip reading performance and AVSR robustness.

Supervised AVSR approaches have shown promising re-
sults with stronger audio noise robustness but still rely on a
limited amount of human-annotated speech data compared to
classical ASR systems. This is especially the case for non-
English languages, for which the amount of available data is
not as important. Serdyuk et al. [10] and Chang et al. [11]]
showed that performance could greatly be improved using
large scale datasets of up to 100k hours composed of YouTube
videos. However, these datasets remain private and unus-
able for comparison. LRS3 [12], which is the largest publicly
available AVSR dataset, contains less than 450 training hours
of audio-visual speech while LRW [13]] and LRS2 [3] datasets
are only available to academic institutions. The MuAViC cor-
pus [14], which was recently released as benchmark for mul-
tilingual AVSR, contains only 10 hours of German speech.

To remedy this problem, other works started to focus on
using self-supervised pre-training techniques [[15}[16} |17, (18}
19] to improve performance by learning hidden representa-
tions with large scale unlabeled datasets. AV-HuBERT [[15]]
was the first self-supervised system to jointly learn speech
representations from audio and video. It iteratively learns to
minimize a masked prediction loss by first clustering acous-
tic features (MFCC) and then audio-visual hidden features
using k-means. RAVen [16] proposed to pre-train unimodal
encoders by predicting cross-modal representations of slow-
moving teacher networks. VATLM [19] proposed a visual-
audio-text model optimized to predict the hidden units of dif-
ferent modalities with a unified masked prediction task. AV-
data2vec [18] learns to predict the unmasked audio-visual
output representations of a slow-moving teacher network.
All these methods successfully improve generalization and
performance by pre-training on the VoxCeleb2 [20] dataset
with various pretext tasks. However, they can be complex to
pre-train and still require to be fine-tuned.

More recently, Ma et al. [21] showed that state-of-the-art
performance could simply be achieved by training on gener-
ated transcriptions. They first generate English transcriptions
of VoxCeleb2 and AVSpeech datasets using Whisper [22]
and use them to increase the amount of training data avail-
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Fig. 1. Audio-Visual Fast Conformer architecture. The
model is trained end-to-end using CTC and RNN-T losses and
takes both audio waveforms and lip movements as inputs.

able. Inspired by this work, we study the impact of generated
transcriptions on six languages using large scale multilingual
datasets. This paper brings four main contributions:

* A novel hybrid architecture for AVSR using both Connec-
tionist Temporal Classification (CTC) [23]] and Recurrent
Neural Network Transducer (RNN-T) [24] losses.

» The use of generated transcriptions from large scale mul-
tilingual datasets (VoxCeleb2 and AVSpeech) to improve
non-English AVSR performance and robustness.

¢ New state-of-the-art results on the LRS3 [[12] dataset and
the recently introduced MuAViC [14] benchmark.

* The ability to use a single model for audio-only, visual-
only and audio-visual speech recognition at test time using
modality masking before audio-visual fusion.

2. MODEL ARCHITECTURE

Our model design is based on the recently proposed Fast Con-
former ASR architecture [25]. The Fast Conformer brings
compute-memory savings compared to Conformer by further
downsampling the input audio mel-spectrogram by a factor of
2. Itincreases the sampling period from 10ms to 80ms using 3
depth-wise convolutional sub-sampling layers. We adapt this
architecture to AVSR by processing both audio and visual in-
puts, adding a ResNet-based front-end network for visual pre-
processing and adopting an early fusion strategy [4]. We train
our models using both CTC and RNN-Transducer losses, dis-
posing of the need to train both models separately while im-
proving RNN-T performance. The model has 18 Conformer
encoder blocks with 512 hidden dimensions and a single layer
LSTM [26] decoder with 640 hidden dimensions. For audio-
visual models, each modality is first processed separately by

10 Conformer blocks using unimodal encoders while 8 blocks
are dedicated to the audio-visual encoder. This results in a to-
tal of 119M, 130M and 197M parameters for the audio-only,
visual-only and audio-visual models, respectively. The com-
plete audio-visual model architecture is shown in Figure[T]

2.1. Visual Front-End

Similar to preceding works, we process input videos using a
modified ResNet-18 [27, |6] where the first layer is a spatio-
temporal convolutional layer with kernel size 5 x 7 x 7. The
resulting feature maps are average-pooled along spatial di-
mensions and downsampled using a strided temporal convo-
lution layer. The resulting signal has a 80ms sampling period.

2.2. Modality Fusion

We use an early fusion strategy [4] to learn audio-visual fea-
tures and reduce model complexity. The acoustic and visual
features are concatenated and fed into a joint feed-forward
network. We also apply a modality dropout [[15]] scheme dur-
ing training to counter a common failure case where audio-
visual models tend to ignore the visual modality [3]. Modal-
ity dropout is performed by masking one of the two modalities
30% of the time before fusion. This requires the network to
learn from both modalities while allowing unimodal inference
at test time by masking one of the two modality signals.

2.3. Hybrid CTC/RNN-T loss

The network is trained end-to-end using the RNN-Transducer
objective with an additional CTC loss, as follows:

Loss = (1 — a)LgynT + aLoTe (D

Where « is a loss scaling constant that we fix to 0.3 in every
experiment. Table [5|compares the final performance of CTC,
RNN-Transducer and hybrid networks on the LRS3 test set.

3. EXPERIMENTS

3.1. Datasets

We conduct experiments on two publicly available audio-
visual datasets, both extracted from TED and TEDx talks:
LRS3 [12], which is an English only AVSR dataset, and
MuAViC [14], which is multilingual. LRS3 is the largest pub-
licly available English AVSR dataset, including 438.9 hours
of audio-visual speech. It is composed of a pre-training set
(408 hours), a training-validation set (30 hours) and a test set
(0.9 hours) for evaluation. The MuAViC dataset was recently
introduced as a multilingual audio-visual corpus. The corpus
includes 1200 hours of transcribed audio-visual speech from
over 8k speakers in 9 languages: English (en), Arabic (ar),
German (de), Greek (el), Spanish (es), French (fr), Italian (it),
Portuguese (pt) and Russian (ru). Where the English subset is
the addition of LRS3 pre-training and training-validation sets,
which we refer to as LRS3 throughout the paper. In this work,



we concentrate on Romance and Germanic language subsets
for English, Spanish, French, Portuguese Italian and Ger-
man. We extract additional audio-visual speech data from the
large scale VoxCeleb2 (VC2) [20] and AVSpeech (AVS) [128]]
datasets to increase the amount of training data per language.
VC2 contains approximately 2400 hours of videos extracted
from YouTube with a million utterances by 6000+ celebrities,
while AVSpeech has 4700 hours from 150k speakers. Both
datasets include a wide variety of people, languages, and face
poses. We detect language ids and generate transcriptions for
each audio segment using Whisper Large [22]], a 1.55B pa-
rameters multilingual model trained on 680k hours of speech
data. For English segments, we use a 1.1B parameter Fast
Conformer XXL [25] model pre-trained on LibriLight and
fine-tuned on 24.5k hours of English speech. Table [T] shows
the total amount of training hours per dataset and language.

Table 1. Number of audio-visual speech hours.

Number of training hours per language

Dataset en es fr pt it de all

LRS3 /MuAViC 435 176 173 152 99 10 1046
VoxCeleb2 (generated) 1252 37 109 8 36 153 1595
AVSpeech (generated) 1429 257 115 312 66 136 2316
Total generated 2681 294 224 319 102 289 3910
Total 3116 470 398 472 201 299 4957

3.2. Implementation details

For visual pre-processing, we follow previous works [6, [7] to
prepare all the datasets. The RetinaFace [29] face detector
is used to detect speaker faces. We then remove differences
related to rotation and scale by cropping speaker lip regions
using bounding boxes of 96 x 96 pixels to facilitate recogni-
tion. We localize 68 face landmarks using a Face Alignment
Network [30] to align the speaker face and crop lip regions.
The cropped images are then converted to grayscale.

For data augmentation, we apply Spec-Augment [31]] to
audio mel-spectrograms with mask size parameter F' = 27
and ten time masks with adaptive size pS = 0.05. We also
add babble noise from the NoiseX corpus [32] during training,
as done in previous works [6L[7]. On the visual side, we apply
random cropping with crop size 88 x 88, horizontal flipping
and time masking [33]]. We apply center crop at test time.

We first train audio-visual, audio-only and visual-only
models on the LRS3 dataset augmented with Voxceleb2 and
AVSpeech English transcriptions. Ma et al. [21] pre-train
the visual-only models on the LRW dataset using a word
classification task to facilitate early convergence and improve
final performance. However, since we do not have access to
this dataset, we first train the audio-visual model and use the
ResNet-18 weights as initialization for the visual-only model.
We also add intermediate CTC losses [34] every 3 Conformer
blocks to the visual-only model encoder to speed up conver-
gence. Training is done using the AdamW [35]] optimizer
with 81 = 0.9, B2 = 0.98 and a le-3 weight decay. The
models are trained for 100k gradient steps with a global batch
size of 2048 samples. The learning rate is ramped up linearly

to 0.001 during the first Sk steps, held constant until 15k
steps and decayed following an inverse square root schedule.
An Exponential Moving Average (EMA) model with 0.9999
momentum is updated along training for evaluation.

For MuAViC, we train monolingual and multilingual
models with encoder weights initialized from English pre-
trained networks. We use a SentencePiece [36] byte-pair-
encoding tokenizer with 256 tokens per language. Multilin-
gual tokenization is done using an aggregated tokenizer [37]],
where each language is given a range of tokens and the corre-
sponding range is used during decoding. Multilingual models
are trained for 100k steps while monolingual models are
trained until convergence, for no more than 1000 epochs.

3.3. Results on LRS3

Table [2| compares the Word Error Rates (WER) of our En-
glish models with recently published methods on the LRS3
test set. Our audio-only and audio-visual models achieve new
state-of-the-art results with WER of 0.7% and 0.8%, respec-
tively. Our lip reading network competes with self-supervised
approaches with 25.5% WER. However, it still lags behind
Auto-AVSR [21]] whose visual-only model has 250.4M pa-
rameters, trains on additional LRS2 human-labeled transcrip-
tions and uses an external language model during decoding.

Table 2. Comparison of WER (%) on the LRS3 test set with
recently published methods for Audio-Visual (AV), Audio-
Only (A) and Visual-Only (V) speech recognition models.
* Shows number of encoder params instead of total params.
1 Use of additional audio, audio-text and text data [19} [17].

Method AV model Training Total LRS3 test WER
Params Datasets Hours AV A \4
CM-seq2seq [6] 92M LRW,LRS3 595 23 23 433
AVEC [7] 61M LRW,LRS2&3 818 1.8 2.0 375
AV-HuBERT [15/[18] 103M* LRS3,VC2 1759 1.8 2.0 348
RAVen [16] 41M* LRS3,vC2 1759 - 1.9 331
VATLM [19]* 103M*  LRS3,VC2 1759 17 - 342
AV-data2vec [18] 103M*  LRS3,VC2 1759 14 1.7 329
AV-HuBERT [13138] | 325M*  LRS3,VC2 1759 14 13 286
RAVen [16] 328M*  LRS3,VC2 1759 - 14 282
VATLM [19]* 325M*  LRS3,VC2 1759 12 - 284
u-HuBERT [T7]* 325M*  LRS3,VC2 1759 12 14 272
AV-data2vec [18] 325M*  LRS3,VC2 1759 13 14 285
Auto-AVSR [21] 425M +LRW,LRS2,AVS 3448 09 1.0 19.1
VIT 3D [10] 310M YouTube-90k 90k 1.6 - 17.0
VGG Conformer [39] 180M YouTube-100k 100k 09 1.0 -
LP Conformer [L1] 570M YouTube-100k 100k 09 - 128
LRS3 435 1.7 1.6 438
Fast Conformer 197M LRS3,VC2 1687 09 0.7 31.0
LRS3,VC2,AVS 3116 0.8 0.7 255

We evaluate our English models robustness, adding bab-
ble noise and white noise with multiple Signal to Noise Ratio
(SNR) during test time. Table [3] compares the robustness of
our model with Auto-AVSR on the LRS3 test set. We observe
that our models can recover similar audio robustness by train-
ing on generated transcriptions while using half the number of
training parameters. It also shows that audio-only models can
easily overfit to babble noise, demonstrating the importance
of evaluating on noises not encountered during training.



Table 3. LRS3 test set WER (%) under noisy conditions.
 Noise type used during both training and test time.

Method | Mode pui Newe 15 75 25 a5 8
Au-AVSREIN | Ay s PP o 1o 1S 22 S
FastConformer |y joom b0PT V3 15 00 35 67
Aw-AVSRED | 5y s WM T4 53 43 95 is
FatConformer | 4y oo WM 13 5V 33 57 o1

3.4. Results on MuAViC

Table ] compares our monolingual and multilingual models
WER with MuAViC baseline models fine-tuned from AV-
HuBERT [38]]. We also evaluate Whisper Large [22], which
we use to generate transcriptions. We observe that our models
trained solely on human-labeled transcriptions achieve better
performance than the original work. Including additional gen-
erated transcriptions from VoxCeleb2 and AV Speech datasets
further improves performance for every language considered.
This is especially the case for the German subset, which
contains only 10 hours of human-labeled speech, improving
audio-visual WER by almost 20%. Moreover, we find that
multilingual models can successfully be trained to recover
similar performance by training on all languages, achieving
an absolute average WER reduction of 11.94% in comparison
to the original baseline. Multilingual training also further im-
proves robustness of audio-visual models, allowing the visual
branch to learn from a wide variety of lip movements. Our
model improves noisy WER by 28% compared to Whisper,
which was trained on 680k hours of multilingual speech data.

Table 4. Comparison of WER (%) on the MuAViC dataset.

Total Language test WER
Method Hours Mode es fr pt it de 8
Whisper [22]] (ours) | 680k A 76 94 113 87 204 115
Monolingual 2377 A 165 244 230 193 61.1 289
AV-HuBERT [14] AV 159 237 194 185 524 26.0
Multilingual 2467 A 30,6 27.0 198 193 465 28.6
AV-HuBERT [14] AV 162 190 199 198 472 244
Monolingual 3735 A 8.5 1.1 122 114 413 169
Fast Conformer AV 94 114 127 124 439 18.0
+ generated 4957 A 79 9.6 102 102 21.7 119
transcriptions AV 82 9.8 102 106 224 122
Multilingual 3735 A 8.8 114 115 11.0 434 172
Fast Conformer } AV 9.0 114 11.8 11.6 46.8 18.1
+ generated 4957 A 82 106 99 102 234 125
transcriptions AV 82 103 99 104 236 125

({) Adding White Noise with -5 SNR at test time (].)
Whisper [22] (ours) | 680k A 563 613 724 594 692 63.7

Monolingual 3735 A 587 57.8 630 61.5 914 665
Fast Conformer T AV 352 495 469 458 755 50.6
+ generated 4957 A 405 60.6 544 498 625 53.6
transcriptions AV 29.8 41.7 40.1 37.0 481 393
Multilingual 3735 A 523 630 654 594 945 669
Fast Conformer AV 351 419 424 375 87.0 488
+ generated 4957 A 449 529 559 500 69.0 545
transcriptions AV 282 351 347 303 503 357

3.5. Learning Objective

We study the effect of the optimization architecture on final
performance. Table [5] compares the WER of CTC, RNN-

T and hybrid models on the LRS3 test set. We find that
adding a CTC loss slightly helps to improve RNN-T perfor-
mance. Moreover, the hybrid CTC/RNN-T architecture can
be used for CTC and RNN-T decoding without the need to
train both networks separately. Following [7], we also experi-
ment adding intermediate CTC losses [34]] every 3 Conformer
blocks and find it to further improve lip reading performance.

Table 5. Effect of loss type on Fast Conformer performance.

Loss Type Training CTC/RNN-T LRS3 test WER (%)
Datasets AV A \4
CTC LRS3 2.3 2.1 49.7
RNN-T LRS3 1.9 1.8 47.7
CTC /RNN-T LRS3 23/17 20/1.6 49.8/45.9
InterCTC /RNN-T | LRS3 23/1.7 1.9/1.6 48.7/43.8
CTC /RNN-T LRS3,VC2,AVS 1.470.8 1.1/0.7 31.1/27.0

3.6. Unimodal Inference

We study the effect of using InterCTC [34] and modality
dropout [15]] during training on unimodal inference results.
Table [6] shows the LRS3 test WER when masking one of the
two modalities in the fusion module at test time. We find that
training without InterCTC nor modality dropout leads the
model to ignore the visual modality. ASR being a substan-
tially easier task than lip reading, the model does not need
to learn visual representations to achieve good performance.
Forcing the visual encoder to learn hidden representations us-
ing one of these two methods solves the problem. We find that
solely using modality dropout during training is sufficient to
avoid this issue and allows the model to be used in audio-only
mode at test time with a minimum loss of performance.

Table 6. Effect of using InterCTC and/or modality dropout
during training on unimodal inference performance.

Training AV model LRS3 test WER (%)
Method D nomask  mask video mask audio
Fast Conformer LRS3 1.9 2.0 100.0
+ InterCTC LRS3 1.6 10.2 48.7
+ mod drop LRS3 1.7 1.8 44.0
+ InterCTC LRS3 1.7 1.9 44.0
+ mod drop LRS3,VC2,AVS 0.8 1.0 322

4. CONCLUSION

In this work, we presented a multilingual AVSR model us-
ing several enhancements to improve performance and audio
noise robustness. We adapted the recently proposed Fast
Conformer model to process both audio and visual modal-
ities using a novel hybrid CTC/RNN-T architecture. We
increased the amount of audio-visual training data for six
distinct languages by generating automatic transcriptions of
large scale multilingual datasets. Our hybrid audio-visual
Fast Conformer model achieved new state-of-the-art results
on the LRS3 dataset, reaching WER of 0.8%. On the recently
released MuAViC benchmark, our model yields an absolute
average-WER reduction of 11.9% compared to the original
baseline. Models and training recipes will be open-sourced
through the NVIDIA NeMo toolkit [40].
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