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Bridging The Multi-Modality Gaps of Audio, Visual
and Linguistic for Speech Enhancement
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Abstract—Speech Enhancement (SE) aims to improve the
quality of noisy speech. It has been shown that additional
visual cues can further improve performance. Given that speech
communication involves audio, visual, and linguistic modalities, it
is natural to expect another performance boost by incorporating
linguistic information. However, bridging the modality gaps to
efficiently incorporate linguistic information, along with audio
and visual modalities during knowledge transfer, is a challenging
task. In this paper, we propose a novel multi-modality learning
framework for SE. In the model framework, a state of the
art diffusion Model based backbone is utilized for Audio-Visual
Speech Enhancement (AVSE) modeling where both audio and
visual information are directly captured by microphones and
video cameras. Based on this AVSE, the linguistic modality
employs a PLM to transfer linguistic knowledge to the visual-
acoustic modality through a process termed Cross-Modal Knowl-
edge Transfer (CMKT) during AVSE model training. After the
model is trained, it is supposed that linguistic knowledge is
encoded in the feature processing of the AVSE model by the
CMKT, and the PLM will not be involved during inference
stage. We carry out SE experiments to evaluate the proposed
model framework. Experimental results demonstrate that our
proposed AVSE system significantly enhances speech quality
and reduces generative artifacts, such as phonetic confusion
compared to the state-of-the-art. Moreover, our visualization
results demonstrate that our Cross-Modal Knowledge Transfer
method further improves the generated speech quality of our
AVSE system. These findings not only suggest that Diffusion
Model-based techniques hold promise for advancing the state-of-
the-art in AVSE but also justify the effectiveness of incorporating
linguistic information to improve the performance of Diffusion-
based AVSE systems.

Index Terms—Diffusion Model, Predictive and Generative
model, Audio-Visual Speech Enhancement, Pretrained Language
model (PLM), Cross-Modal Knowledge Transfer.

I. INTRODUCTION

DEEP learning (DL) has rapidly become a powerful tool
in the field of Speech Enhancement (SE), leading to

remarkable progress. By utilizing deep architectures, DL mod-
els can capture complex features from noisy input signals,
allowing for the effective reconstruction of clean speech.
Several DL-based models have been applied to SE, including
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deep denoising autoencoders (DDAEs) [1], fully connected
neural networks (FCNNs) [2], convolutional neural networks
(CNNs) [3], and recurrent neural networks (RNNs) with long
short-term memory (LSTM) units [4]. These approaches have
proven to consistently outperform both traditional SE methods
and earlier machine learning techniques.

A major benefit of deep learning (DL) models is their
ability to combine data from various domains. With many
devices capable of capturing both audio and visual information
simultaneously, recent research has explored incorporating
visual cues to enhance speech enhancement (SE) systems,
a technique known as Audio-Visual Speech Enhancement
(AVSE). Traditional SE methods, which depend solely on
audio input, are prone to difficulties like background noise
and overlapping speech. In contrast, AVSE integrates visual
information, such as lip movements and facial expressions,
to complement the auditory signals, leading to more pre-
cise speech reconstruction. Several AVSE and Audio-Visual
Speech Separation (AVSS) systems have been developed and
proven effective [5] [6] [7] [8] [9] [10] [11] [12] [13] [14]
[15] [16]. Some unified learning frameworks also proposed to
jointly learn Audio-Visual Speech Enhancement with another
task [17].

Recently, Diffusion Models [18] have been introduced and
shown to be competitive in both vision and speech regres-
sion tasks. [19] proposed a Diffusion-based SE model that
incorporates a supervised training loss component alongside a
generative Gaussian noise prediction loss, demonstrating the
effectiveness of a Diffusion-based SE system. Additionally,
[20] presented an Audio-Visual Speech Separation (AVSS)
system that employs a Diffusion model in two stages: a
Predictive stage and a Generative stage, achieving state-of-
the-art results across several benchmarks.

Speech communication relies on multiple modalities, in-
cluding audio, visual, and linguistic elements, so it is logical to
expect that incorporating linguistic information could further
enhance the performance of SE. In noisy environments with
human interference, integrating linguistic knowledge allows
the SE model to identify context-dependent relationships
between textual content and the target speaker’s utterances,
leading to clearer speech and enhanced overall performance.

Incorporating a pretrained language model (PLM) offers a
potential solution for linguistic-guided AVSE. After aligning
features across different modalities, the PLM refines visual-
acoustic feature representations using linguistic-guided loss
functions. However, the feature distributions of visual-acoustic
and linguistic modalities vary significantly. Directly forcing
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high similarity between these features could lead to a loss
of important visual-acoustic information. These domain gaps
make transferring linguistic knowledge in AVSE more chal-
lenging.

In this study, we propose a Diffusion-based AVSE system
integrating visual, acoustic, and linguistic modalities. The
visual-acoustic component employs both a Predictive stage and
a Generative stage to produce clean speech from noisy audio
and lip movements. Additionally, we introduce a linguistic
framework that leverages context-dependent knowledge from
a Pre-Trained BERT Model (PLM) to train the AVSE system,
referred to as ”Linguistic Cross-Modal Knowledge Transfer
(LCMKT).” This framework is implemented in two ways:
”Multi-Head Cross-Attention (MHCA)” [21] and ”Optimal
Transport (OT)” [22]. Both methods facilitate the transfer of
linguistic knowledge between visual-acoustic and linguistic
modalities by bridging the domain gaps between them. More-
over, since this linguistic framework is only applied during
training, the additional inference cost is nearly zero, demon-
strating its efficiency in terms of parameters and computation.
Our experiments, conducted on the Chinese ”Taiwan Mandarin
Speech with Video (TMSV)” dataset and the English ”3rd
AVSE Challenge Dataset,” not only validate the effectiveness
of our proposed AVSE system but also highlight the significant
benefits of incorporating the linguistic modality in the AVSE
task.

II. RELATED WORKS

Recently, through an analysis of the stochastic differential
equation (SDE) tied to the discrete-time Markov chain [23],
diffusion models have been associated with score matching
[24]. This connection allows the forward process to be re-
versed, producing a corresponding reverse SDE that depends
solely on the score function of the perturbed data [25]. [26]
proposed a Speech Enhancement (SE) system utilizing Score-
Based Diffusion Model, which defines forward and reverse
processes by Stochastic Differential Equations (SDE). This
work extends the Score-Based Generative Modeling from [23].
In our study, we refer to the Score-Based Diffusion Model and
feature-preprocessing steps proposed by [26] in our Visual-
Acoustic modality.

Recent studies have increasingly acknowledged the ad-
vantages of using the PLM to transfer context-dependent
linguistic knowledge, which boosts the capability of acoustic
models for speech classification tasks (ex: speech recognition).
This knowledge transfer process is termed “Linguistic Cross-
Modal Knowledge Transfer (LCMKT)”. [27] utilize a pre-
trained language model with Optimal Transport (OT) to boost
an end-to-end Connectionist Temporal Classification(CTC)-
based Audio Speech Recognition (ASR) framework. [28]
utilize hierarchical architecture with Sinkhorn Attention [29]
to further boost the performance of CTC-OT ASR framework.
To investigate whether LCMKT can also transfer linguistic
knowledge by bridging the domain gaps on AVSE tasks, we
include LCMKT in the training stage of our proposed system.

We also review several existing AVSE systems on TMSV
Dataset. AVDCNN [5] incorporates audio and visual streams

Fig. 1. Training the hybrid (Predictive-Generative) Diffusion AVSE system
with Linguistic Cross-Modal Knowledge Transfer. At the inference stage, only
the model enclosed by the dotted line will be used.

into a unified network model and propose a multi-task learning
framework for Audio Visual Speech Enhancement. iLAVSE
[30] uses convolutional recurrent neural network architecture
as the backbone model, which validated the effectiveness
of incorporating visual input to improve Speech Enhance-
ment(SE) performance. Moreover, iLAVSE utilizes the mouth
region of interest (ROI) rather than the entire face for a
more efficient AVSE system. AVCVAE [31] proposes audio-
visual variants of Variational auto-encoders (VAE) for single-
channel and speaker-independent speech enhancement. SSL-
AVSE [32] leverage AV-Hubert [33] to combine visual cues
with audio signals. DCUC-Net [34] design a complex U-Net-
based framework leveraging complex domain features and a
stack of conformer blocks, which is the SOTA on TMSV
Dataset. On the other hand, we also compare our results
with several benchmark models on the 3rd AVSE Challenge.
MMDTN [35] presents a multi-model dual-transformer that
uses the attention mechanism to capture correlations between
features for AVSE. LSTMSE-Net [36] proposed long short-
term memory network processing visual and audio features
through a separator network for optimized AVSE, These works
serve as our baseline model for comparison in the later section.
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Fig. 2. Hybrid (Predictive-Generative) Diffusion AVSE System at the inference stage. After STFT, the input noisy spectrogram will be first sent into the
Predictive model, and the preliminary-denoised spectrogram will be sent into the Generative model for reverse diffusion with T steps. Each step consists of
a UNet [41].

III. PROPOSED METHOD

In this work, we adapt the hybrid Diffusion AVSE System
system “DAVSE” [37]. This work extends the application of
diffusion models [38] to the audio-visual domain by injecting
visual information into the diffusion process. We further ex-
tend this AVSE system to three modalities, including acoustic
modality, visual modality, and linguistic modalities. Our model
can be divided into two branches. The overall AVSE training
architecture can be seen in Fig. 1.

The left branch represents acoustic modality and visual
modality, which consists of a Predictive model and a Gen-
erative model. The Predictive model serves as a preliminary
noise predictor, which pre-processes the input noisy speech
spectrogram and the visual embeddings, and the outputs serve
as a guide for the diffusion process. For the Generative
model, the inputs will be the preliminary-denoised speech
spectrogram, the current process state spectrogram with a
specific timestep, and the visual embeddings. The output will
be the score of the distribution at each intermediate time step.
This Generative model is also called a “score model”. For
both Predictive and Generative models, we use cross-attention
blocks to integrate visual and acoustic modalities.

The right branch represents linguistic modality, which con-
sists of a pre-trained language model “BERT” [39] and a
cross-modal alignment model. To force the acoustic model to
encode context-dependent linguistic information, we use text
embeddings and the intermediate feature in our Generative
model as the inputs of the cross-alignment model. This model
can be either “Cross-Attention” or “Optimal Transport”, which
aims to transfer the linguistic knowledge encoded in BERT to
the visual-acoustic model by adding additional distance loss.
This enables our visual-acoustic feature to behave somehow
like the BERT’s linguistic feature. However, since the feature
distribution and feature dimension are quite different between
the visual-acoustic feature and linguistic feature, we cannot
directly transfer linguistic knowledge by the original visual-
acoustic feature in our Generative model. To solve the problem
of domain gap, we design a cross-modal neural adapter, which
consists of a fully connected layer FC2 and a feedback addi-
tion. This adapter is attached to visual-acoustic modality for
effective linguistic knowledge transfer. The final intermediate
feature representation in our Generative model is an addition
of the original feature and the output of the cross-modal
neural adapter. We supposed that the feature explored by these
two-branch modalities will boost the linguistic information

representation for AVSE. At the inference stage, we adapt
the idea of a hybrid Diffusion System proposed by [20]. The
overall Diffusion process can be seen in Fig. 2.

A. Lip Movement Model

Instead of using the visual information of the entire hu-
man face, we use mouth Region-Of-Interest (ROI). These lip
movements enable our visual model to focus on the most
relevant visual information on the human face and improve the
accuracy of AVSE. To extract the feature of visual modality,
we utilize a modified ResNet-18 [40] visual encoder pre-
trained on the Lip Reading in the Wild dataset (LRW), where
the mouth ROI encoder consists of a 3D convolutional layer
that processes consecutive frames, followed by a 2D ResNet-
18. The output features of the visual encoder will be sent
into the following Predictive and Generative models as visual
embeddings. Note that since we freeze this visual encoder
during our training stage, we can extract the visual embeddings
of all the datasets beforehand. It means that we don’t need
to include the visual model during our entire training stage,
which reduces parameters and memory usage.

v = Encoder (I) (1)

Where Encoder is the lip movement model, v is the visual
embeddings, and I is the image of ROI.

B. Predictive Denoiser Model

Since the initialization of the diffusion process significantly
affects the enhanced speech of the Generative model, we
utilize a Predictive denoiser to provide an initial estimation
of noise. The noisy speech is initially converted into a spec-
trogram using the short-time Fourier transform (STFT) and
serves as an input to this model, and the output of this model
will then be sent into the Generative model. As a guide for
the diffusion process, we assume that this initial estimation
will improve the later diffusion process and provide a higher-
quality enhancement result. In this study, we use the same
model architecture as our Predictive denoiser, which will be
further described later.

ŷ = Denoiser (v,y) (2)

Where Denoiser is the Predictive denoiser, y is the noisy
speech spectrogram and ŷ is the preliminary-denoised speech
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spectrogram.
To train this denoiser, we apply a Mean square error (MSE)
Loss between the denoised speech spectrogram and the clean
speech spectrogram.

Ldenoiser = MSE (x, ŷ) (3)

Where Ldenoiser is the loss of the Predictive denoiser, x is
the clean speech spectrogram.

C. Generative Score-Based Diffusion Model

In the Generative part of the acoustic modality, we adopt a
score-based diffusion model “SGMSE” proposed by Richter
et al. [26]. “SGMSE” defines the diffusion process in the
complex short-time Fourier transform (STFT) domain, which
uses Stochastic Differential Equations (SDE) to operate speech
spectrograms. In the forward process, noise is gradually added
to the clean speech spectrogram, which is described by the
Stochastic Differential Equation (SDE):

dxt = f (dxt, ŷ)dt+ g(t)dw (4)

Where xt is the spectrogram of the current process state,
t ∈ [0, T ] is a continuous time-step variable describing the
progress of the process. Note that since we use the predic-
tive model before the diffusion process, preliminary-denoised
speech spectrogram ŷ is used here, and w denotes a standard
Wiener process.
Functions f (xt, ŷ) and g(t) represent “drift coefficient” and
“diffusion coefficient” respectively. The definitions of them are
given below:

f (xt, ŷ) = γ (ŷ − xt) (5)

g(t) = σmin(
σmax

σmin
)t
√
2log(

σmax

σmin
) (6)

Where γ is a constant called “stiffness”, which controls the
transition from x0 to y. σmin and σmax are parameters
defining the noise schedule of the Wiener process.
While the reverse process learns to generate a clean speech
spectrogram in an iterative way starting from the preliminary-
denoised speech. This process is described by another SDE:

dxt = [−f (xt, ŷ) + g(t)2∇xt
log pt (xt|ŷ)]dt+ g(t)dw

(7)
where ∇xt

log pt (xt|ŷ) is “score” approximated by a DNN.
This DNN is therefore called the score model. We can then
denote the score model as sθ (xt, ŷ, t), which is determined
by model parameters in DNN and receives the current pro-
cess state xt, the preliminary-denoised speech spectrogram
ŷ, and the current time-step t as inputs. After plugging in
sθ (xt, ŷ, t), our SDE of the reverse process can be rewritten
as:

dxt = [−f (xt, ŷ) + g(t)2sθ (xt, ŷ, t)]dt+ g(t)dw (8)

After training the score model, we can use the output of the
score model to plug in reverse SDE, and this equation can be
solved by various discrete solver procedures.
At the inference stage, we can use the well-trained model to

iterate through the reverse process from t = T to t = 0. The
initial condition of the reverse process at t = T is given below:

xT ∼ NC

(
xT; ŷ, σ(T)

2
I
)

(9)

Where initial condition xT is sampled from NC , which
denotes the circularly symmetric complex normal distribution,
and I denotes the identity matrix. Following the denois-
ing process, the enhanced spectrogram is converted back to
a waveform using the inverse short-time Fourier transform
(ISTFT).

At each training step, we sample and pass (xt, ŷ, t) into the
score model sθ. The sampling procedure can be summarized
as: (1) Sample timestep t ∼ u[0, T ] (2) Sample (x0, ŷ) from
the dataset (3) Sample ϕ ∼ NC (ϕ;0, I) (4) Sample xt by the
equation:

xt = µ (x0, ŷ, t) + σ(t)ϕ (10)

Where µ (x0, ŷ, t) and σ(t) denote the mean and variance of
Gaussian process. Since the initial conditions are known, we
can derive the equations for them:

µ (x0, ŷ, t) = e−γtx0 + (1− e−γt)ŷ (11)

σ(t)
2
=

σ2
min

(
(σmax/σmin)

2t − e−2γt
)
log (σmax/σmin)

γ + log (σmax/σmin)
(12)

Where x0 is the clean speech. To explicitly define the objective
function at the training stage, we use denoising score-matching
to rewrite the approximated score ∇xt

log pt (xt|ŷ) as:

∇xt log pt (xt|ŷ) = −xt − µ (x0, ŷ, t)

σ(t)
2 (13)

By substituting Eq. (10) into Eq. (13), our overall training
objective can be defined as an L2 loss:

Lscore = argminEt,(x0,ŷ),ϕ,xt|(x0,ŷ)[|sθ (xt, ŷ, t) +
ϕ

σ(t)
|]

(14)

D. Visual-Acoustic Fusion

Inspired by Stable Diffusion [42], which demonstrates that
cross-attention is effective in injecting the conditions from
various input modalities for conditional image generation,
we’re interested in using cross-attention blocks to integrate
visual-acoustic information. For the self-attention blocks in
our Predictive and Generative acoustic models, we replace the
acoustic key and value with the visual embedding encoded
by our visual encoder. We assume that complementing the
acoustic input with visual lip movement information leads to
more accurate speech reconstruction. The overall performance
of the speech enhancement system can be boosted without
additional cost.

h̃ = CA (v,h) (15)

Where h̃ is the visual-acoustic feature, and h is the original
acoustic feature in the Predictive or Generative model.
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E. Audio Text Generation

To enable the training of linguistic knowledge transfer, we
utilize the speech recognition model Whisper [43] to generate
the text for each clean speech. Note that we use the large
model for higher recognition accuracy.

F. Linguistic Feature Representation

In the right branch of Fig. 1, the context-dependent linguis-
tic representation is explored from a pre-trained BERT model.
The output of this BERT model is termed linguistic guid-
ance, which helps visual-acoustic modality learn the context-
dependent representation. The process of extracting linguistic
guidance can be formulated as:

ttoken = Tokenizer (t)
Z0 = [CLS,ttoken,SEP]

Z = BERT (Z0)
(16)

Where “t” is the text sequence generated by Whisper [43],
“ttoken” is word piece-based tokens “BERT ” is a pre-trained
BERT model, token symbols “CLS” and “SEP” represent the
start and end of an text sequence, Z ∈ RTt×ds is the linguistic
guidance which encodes context-dependent linguistic informa-
tion, Tt denotes the text sequence length, and ds denotes the
token-based vocabulary size.

G. Cross-Modal Knowledge Transfer

By using Cross-modal knowledge transfer (CMKT), we can
force the visual-acoustic model to encode context-dependent
linguistic information. This is achieved by introducing addi-
tional losses from the linguistic modality, which closes the
distance between visual-acoustic features from the left branch
and linguistic guidance from BERT. However, the dimension
and distribution are quite different between visual-acoustic
feature H ∈ RTa×da and linguistic guidance Z ∈ RTt×dt .
To solve the problem of this huge domain gap, we adopt
the concept of “Cross-Modal Alignment” and “Cross-Modal
Neural Adapter” proposed by Lu et al.[27] in our CMKT
system.

Cross-Modal Alignment consists of a fully connected layer
FC1 and one of the feature fusion layers, which aims to trans-
fer linguistic knowledge from BERT to our visual-acoustic
modality. To achieve this, we force the fusion of the encoded-
text embedding and visual-acoustic latent features to behave
like our linguistic guidance from BERT. However, since the
feature dimension is different between visual-acoustic features
and encoded text embedding, a fully connected layer FC1 is
used to project visual-acoustic features into the visual-acoustic
latent features as:

H̃ = FC1 (H) ∈ RTa×dt (17)

Where H is the visual-acoustic feature from the encoder
output of the Generative model, H̃ is the visual-acoustic latent
feature, which has the same dimension as encoded text em-
bedding, Ta denotes the length of the visual-acoustic feature,
and dt represents feature dimension of text representation.
In this study, we implement two types of fusion layers models,

termed “Multi-Head Cross-Attention (MHCA)” and “Optimal
Transport (OT)” respectively. Both of them aim to fuse the in-
formation from visual-acoustic and information from linguistic
modality.

For Multi-Head Cross-Attention (MHCA), we fuse the
feature by multiple cross-attention layers [21]. The extraction
of encoded-text embedding is:

Z̃0
L = EMB (Z0) +PET (18)

Where Z0 is text embedding from the tokenizer, EMB is
a token embedding layer, and PET is position encoding of
text embedding. In each cross-attention layer, the transform is
formulated as:

Z̃i
L = MHCA

(
H̃, Z̃i−1

L

)
∈ RTt×dt (19)

Where “MHCA” denotes the multi-head cross-attention layer,
and “i” is the index of the layer with values from 1 to Mt.
After Mt cross-attention layers, we apply a layer norm and a
linear transform, the context-dependent visual-acoustic feature
(Cross-Modal Embedding)Z̃f can be obtained from:

Z̃f = FCH

(
LN

(
Z̃Mt

L

))
∈ RTt×ds (20)

Where “LN” denotes layer norm, “FCH” is a full-connected
linear transform and “ds” denotes the token-based vocabulary
size.

Optimal Transport (OT) is another fusion process. The
original OT is proposed by Villani et al.[22], which transports
a distribution to another with the minimum amount of cost.
Lu et al.[27] use this concept for CMKT and prove that OT is
successful in Speech Recognition. We adopt a similar concept,
which finds the optimal transport matching between visual-
acoustic modality and linguistic modality. This projection
matrix will then be used for efficient projection between two
feature spaces. In the training process, this projection matrix
is obtained by an OT Loss defined below:

LOPT(Z,H)
∆
= min

γ∈
∏

U(Z,H)

∑
i,j

γ(zi,hj)C(zi,hj) (21)

Where LOPT is the OT Loss for finding an optimal transport
matrix, γ ∈ RTt×Ta is a transport plan matrix,

∏
U(Z,H)

is a set of transport plan between two distributions, C(zi,hj)
is a transport cost between zi and hj , where zi and hj are
column vectors in Z and H respectively. Note that the inputs of
this loss function are text embedding from the tokenizer and
visual-acoustic latent features. For simplification, we denote
Z0 as Z, H̃ as H in this equation.
The transport cost C(zi,hj) is explicitly defined as a cosine
distance function below:

C(zi,hj) = 1− cos (zi,hj) (22)

The optimal transport plan matrix γ∗ can be obtained by
minimizing OT Loss:

γ∗ ∆
= argmin

γ∈
∏

(H,Z)

LOPT(Z,H) (23)

To solve this equation, we adopt the “Sinkhorn Attention” pro-
posed by Tay et al.[29] and C. Villani et al. [22]. Minimizing
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OT Loss by Sinkhorn Attention proves to be successful on
Speech Recognition tasks by Lu et al.[28]. We can obtain the
final optimal transport plan matrix by the transport cost and
projection process, which can be implemented as:

γ0 = exp(
−1

β
C),

γk+1 = Fc(Fr(γ
k))

(24)

Where β and C in Eq. (22) define the initial condition γ0 of
transport coupling. γk is the transport coupling at the current
iteration process, Fc(.) and Fr(.) are column-wise and row-
wise normalization respectively. The normalization processes
are formulated as:

Fr(γ) =
γ∑
j γi,j

Fc(γ) =
γ∑
i γi,j

(25)

After several iteration processes, we obtain the optimal trans-
port plan matrix, and the context-dependent visual-acoustic
feature (Cross-Modal Embedding) Z̃f can be estimated from:

Z̃f
∆
= γ∗ ×H ∈ RTt×dt (26)

To further refine the feature representation in our Generative
model, Cross-Modal Neural Adapter is attached to the Gener-
ative model in the left branch, which is represented by another
fully connected layer. The linear transform can be defined as:

Ĥ = FC2
(
H̃
)
∈ RTa×da (27)

Where Ĥ is the visual-acoustic projected feature, FC2 is a
fully-connected linear transform and da denotes the dimension
of visual-acoustic feature. As the output of FC1, H̃ will be
sent into Cross-Modal Alignment for knowledge transfer, and
we assume that after the training stage, it contains context-
dependent information from the linguistic modality. After
projecting H̃ back to the visual-acoustic feature space, Ĥ
helps visual-acoustic features to encode context-dependent
information. This feature refinement further boosts the feature
representation in the Generative model. The process can be
formulated as:

Ht = H+ β · Ĥ (28)

Where “β” is a weighting coefficient of Cross-Modal Neural
Adapter, which controls how much linguistic knowledge from
the linguistic modality can affect the visual-acoustic repre-
sentation in the Generative model. The new representation of
the visual-acoustic feature Ht will then be sent into the Up-
sampling layers of the Generative UNet for the later diffusion
process. (subscript ‘t’ denotes visual-acoustic features incor-
porating linguistic modality).

In the training stage, we force the visual-acoustic modal-
ity encoding context-dependent information by an additional
Cross-Modal Alignment Loss. This loss can be estimated by
the cosine distance function given below:

Lalign = 1− cos
(
Z, Z̃f

)
(29)

Where “Lalign” denotes the Cross-Modal Alignment loss.
By minimizing the cross-modal transfer loss defined in Eq.
(29), we suppose that feature representation in visual-acoustic
modality encodes rich linguistic information.

For AVSE with MHCA, given speech spectrograms (in-
cluding a noisy one and a clean one), lip movement, and
corresponding text token sequence, we can train an AVSE
system with Linguistic Cross-Modal Knowledge transfer with
the total loss defined as:

LMHCA =ω · Ldenoiser + (1− ω) · Lscore + α · Lalign (30)

Where Ldenoiser is the loss of Predictive model, Lscore is
the loss of Generative score model, Lalign is Cross-Modal
Alignment loss defined in Eq. (29), ω weights Generative
model loss and Predictive model loss, α weights Cross-Modal
Alignment. For AVSE with OT, we aim to find an optimal
transport matrix between two distributions. To achieve this,
we introduce an additional OT Loss in our total loss, which
is defined below:

LOT =ω·Ldenoiser+(1−ω)·Lscore+α·Lalign+α·LOPT (31)

Where LOPT is OT Loss defined in Eq. (21). After the model
is trained, only the left branch of our AVSE system (see
Fig. 1) is kept for inference, which saves the parameters and
computing costs.

IV. EXPERIMENTS

In this section, we introduce our model implementation
and evaluate our proposed AVSE system with Cross-Modal
Knowledge Transfer. We compare the performance of our
model with several benchmark models on two datasets. To
further examine whether our CMKT can improve the Speech
Enhancement(SE) system, we also conduct ablation studies,
which compare the results with the audio model without
CMKT.

A. Dataset

Our experiments are conducted on Taiwan Mandarin speech
with video (TMSV) dataset and 3rd AVSE Challenge [44]
dataset extracted from The Lip Reading Sentences 3 (LRS3).
TMSV dataset includes speech recordings from 18 native
Mandarin speakers (13 males and 5 females). Each speaker
recorded 320 Mandarin sentences with each sentence con-
sisting of 10 Chinese characters. The total duration of each
utterance ranges from approximately 2 to 4 seconds. To ensure
methodological congruence and experiment reproducibility,
we followed the procedures detailed in [30] for the introduc-
tion of noise interference into the dataset and train-test split.
The 3rd AVSE Challenge dataset contains the speech from
37823 speakers, and each speaker with a 2-10 seconds video.
For simplicity, we abbreviate this dataset as “LRS3” in the
later sections.
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B. Model implementation

For visual feature extraction, we utilize the Mediapipe [45]
face tracker to identify facial landmarks. The final visual crop
is a mouth ROI region with size of 96 × 96. Note that each
frame is also normalized by the mean and standard deviation
of the training set.

For acoustic feature-preprocessing, we follow the experi-
ment settings in “SGMSE”[26]. We use a sampling rate of 16
kHz to convert audio recordings into a complex-valued STFT
representation using a window size of 510, resulting in F =
256, and a periodic Hann window, hop length is 128 for TMSV
and 160 for LRS3. Moreover, the length of each spectrogram
is trimmed to T = 256 STFT time frames to enable multiple
examples for batch training with randomly selected start and
end times.

For the Predictive model, we adopt and modify NCSN++
in [23]. Since the network is originally used for generative
purposes, the timestep is set to 1 and the output score of the
model serves as the preliminary-denoised speech spectrogram.
For the model architecture of the UNet, please refer to the
original paper.

For the Generative model, we also adopt and modify
NCSN++ in [26] as our backbone model. For the Stochastic
Process, we set σmin = 0.05, σmax = 0.5, and γ = 1.5. We
track an exponential moving average of the DNN weights with
a decay of 0.999 to be used for sampling. Note that the input
spectrograms (xt, ŷ) are all represented in the complex STFT
domain. Since NCSN++ only works with real value, the real
parts and imaginary parts of the complex inputs are separated
into different channels before being sent into the model. After
that, the real value channels and imaginary value channels will
be concatenated back as complex outputs before calculating
loss.

For the sampler used in the inference stage, we use a
Predictor-Corrector (PC) Sampler with reverse steps 30, which
includes a Reverse Diffusion Predictor (RDP) and an Annealed
Langevin Dynamics (ALD) corrector with corrector steps 1.

In the linguistic modality, we use the pre-trained check-
points “bert-base-chinese” for TMSV, and “bert-base-cased”
for LRS3. Both models from huggingface [46] are fine-tuned
in our task. In our BERT model, there are M = 12 transformer
encoders. Token-based vocabulary size is 21128 for TMSV
and 28996 for LRS3, and the dimension of the linguistic
feature representation is dt = 768. Since the dimension of
visual-acoustic features is (B,C, F, T ) = (B, 256, 4, 4) after
downsampling in our Generative model, the fully-connected
transform FC1 in Fig. 1 is a 768 ∗ 4 weight matrix in
order to match feature dimensions between visual-acoustic
and linguistic modalities. Similarly, FC2 is a 4 ∗ 768 weight
matrix that transforms the visual-acoustic latent features back
to the feature size of visual-acoustic space. For MHCA, we
use attention layers with Mt = 6, and each layer is a 4-head
multi-head cross-attention layer. ω is 0.5, α is 0.2 in Eq. (30)
For OT, ω is 0.5, α is 0.01 in Eq. (31), β is 0.5 in (24).
The weighting coefficient of cross-modal neural adapter β is
0.1 in Eq. (28). For training configuration, we use the Adam
optimizer with a learning rate of 10−4 and batch size of 1.

Method Modality PESQ↑ STOI↑ SI-SDR↑

Noisy - 1.19 0.60 -5.5
Ours A 1.54 0.69 1.4
Ours A+L 1.66 0.70 1.9
Ours A+V+L 1.74 0.72 4.1

TABLE I
TESTING PERFORMANCE WITH DIFFERENT MODALITIES ON TMSV

DATASET

Method Modality PESQ↑ STOI↑ SI-SDR↑

Noisy - 1.19 0.60 -5.5
AVCVAE [31] A+V 1.34 0.63 -
SSL-AVSE [32] A+V 1.4 0.68 -
ILAVSE [30] A+V 1.41 0.64 -
DCUC-Net [34] A+V 1.41 0.66 -

Ours A+V 1.74 0.71 2.5
Ours (+MHCA) A+V+L 1.74 0.72 4.1
Ours (+OT) A+V+L 1.66 0.69 2.5

TABLE II
TESTING PERFORMANCE OF AVSE ON TMSV DATASET

C. Results

After training the entire AVSE system, only the left branch
(visual-acoustic modality) in Fig. 1 will be used for inference.
It means that we don’t need any text inputs to do inference.
Moreover, compared to the system without CMKT, we only
need two additional fully connected layers to enhance speech.

We first examine the effectiveness of using visual modality
and linguistic modality to benefit speech regression tasks. We
expect that the visual and linguistic information serves as the
additional hint for the acoustic model and thus has better per-
formance. We first compare the results of three types of models
on TMSV dataset. All of them are based on our proposed
method. The results of them are shown in Table I. Where
“Noisy” represents the original noisy input, “A” represents
that we don’t integrate visual embeddings and Cross-Modal
Knowledge Transfer into our AVSE system and train the
model with speech ground truth only (pure acoustic model).
“A+L” represents that we don’t integrate visual embeddings
but enable Cross-Modal Knowledge Transfer with acoustic
loss and linguistic Loss. “A+V+L” represents our proposed
full AVSE framework with Cross-Modal Knowledge Transfer.
In this table, we can first observe that incorporating linguistic
modality can significantly benefit the original acoustic model.
That’s why “A+L” surpasses “A” on TMSV. Moreover, we can
include visual modality to further improve the performance of
the model, and therefore “A+V+L” yields the best result.

We then compare the results our AVSE system with other
benchmark models on TMSV and LRS3. The results of them
are shown in Table II and Table III respectively.

In these tables, the model performance was mainly eval-
uated based on the Perceptual Evaluation of Speech Qual-
ity (PESQ), Short-Time Objective Intelligibility (STOI), and
Scale-invariant Signal-to-Distortion Ratio (SI-SDR). More-
over, we also examine the modalities used in each model,
where “A” represents acoustic modality, “V” represents visual
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Method Modality PESQ↑ STOI↑

Noisy - 1.46 0.61
Baseline A+V 1.49 0.62
LSTMSE-Net [36] A+V 1.55 0.65
MMDTN [35] A+V 1.73 0.69

Ours A+V 1.91 0.68
Ours (+MHCA) A+V+L 1.82 0.66
Ours (+OT) A+V+L 1.94 0.69

TABLE III
TESTING PERFORMANCE OF AVSE ON LRS3 DATASET

Fig. 3. Spectrograms of (a) noisy speech, (b) clean speech, (c) enhanced
speech by our model “Acoustic”, (d) enhanced speech by our model “Acoustic
+ Visual”, (e) enhanced speech by our model “Acoustic + Linguistic”, (f)
enhanced speech by our model “Acoustic + Visual + Linguistic” for an
example in the TMSV dataset. The vertical axis represents frequency, and
the horizontal axis represents time.

modality, and “L” represents linguistic modality.
For our method, “Ours” represents our AVSE system with-

out Cross-Modal Knowledge Transfer, “Ours (+MHCA)” rep-
resents our AVSE system with MHCA, and “Ours (+OT)”
represents our AVSE system with OT. “Baseline” represents
the baseline model in the 3rd AVSE Challenge [44]. Table
II shows that the AVSE system with MHCA surpasses all
the other SOTA on TMSV datasets. On the other hand,
Table III shows that AVSE system with OT surpasses the
3rd AVSE Challenge baseline model and several benchmark
models on LRS3 datasets. These tables not only justify the
effectiveness of our AVSE system but also show that Cross-
Modal Knowledge Transfer enables the visual-acoustic model
to learn linguistic knowledge during the training stage and
therefore contributes to the improvement of the AVSE system.

To further investigate the effect of adding linguistic modal-
ity, we also performed spectrogram analysis on noisy speech,
clean speech, and enhanced speech generated by our proposed
model. We visualize an example in the development set on

TMSV. The visualized spectrograms can be seen in Fig.3.
Where “Acoustic”, “Acoustic + Linguistic”, “Acoustic + Vi-
sual”, and “Acoustic + Visual + Linguistic” is the modality
model used by the model. At the end of the clean speech
spectrogram, the power of the low-frequency component is
much smaller. This is because the speaker stops to utter at
this moment. The visualization results show that “Acoustic
+ Linguistic” has better noisy compression capability than
“Acoustic” at the end of the speech. The reason is probably that
word-based tokens help the model build the correspondence
between the frequency frames and the word sequence. This
additional token information serves as a hint for the model
to identify the difference between pure noise and noisy word
utterance. It enables the model to generate enhanced frames
with lower power at the end of the speech, which is closer
to the clean ground truth. Therefore, “Acoustic + Linguistic”
gives better results.

Moreover, we can see that the high-frequency component is
much smaller in the clean speech spectrogram. This is because
the human voice mainly concentrates on the low-frequency
components. The visualization results show that “Acoustic
+ Visual + Linguistic” has better noise compression than
“Acoustic + Visual” on the high-frequency components. The
reason is probably that word-based tokens help the model build
the correspondence between the frequency frames and the
word sequence. This additional token-frame correspondence
serves as a hint for the clean word utterance at each moment.
It enables the model to generate enhanced frames closer
to the clean ground truth. Therefore, “Acoustic + Visual +
Linguistic” gives a better result. The visualization results also
show that “Acoustic + Visual + Linguistic” is the best among
all settings. Our proposed method effectively suppresses the
noise components present in the noisy speech spectrogram,
which justifies the noise reduction capability of our model.

D. Ablation study

In this study, we adopt two models in our Cross-Modal
Knowledge Transfer. One is the Cross-Modal Neural Adapter,
which corresponds to the gray part in the Generative UNet
in Fig. 1 and the other is Cross-Modal Alignment, which
corresponds to the green parts in Fig. 1. To examine the
effectiveness of these two methods, we conduct two additional
experiments. In the first experiment, we attach the Cross-
Modal Neural Adapter to the acoustic model and train this
model with acoustic loss only (without CMKT). In the second
experiment, we use an additional Cross-Modal Alignment
model to train the ASE system with acoustic loss and linguistic
loss but without attaching the Cross-Modal Neural Adapter
to the acoustic model. Note that to further clarify the effec-
tiveness of our CMKT model, we don’t integrate the visual
embedding and use only the generative stage in our proposed
model. It means that the Acoustic Generative model is used
in this section. The results are shown in Table IV.

In this table, the entry labeled “AGen” indicates the Acoustic
Generative model in our system, “AGen + Adpt” indicates
the Acoustic Generative model with Cross-Modal Neural
Adapter (without right branch in Fig. 1), and “AGen + Attn”
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Method Modality PESQ↑ STOI↑ SI-SDR↑

AGen A 1.54 0.69 1.4
AGen + Adpt A 1.58 0.70 0.4
AGen + Attn A+L 1.61 0.70 1.3
AGen + MHCA A+L 1.66 0.70 1.9

TABLE IV
TESTING PERFORMANCE OF ACOUSTIC GENERATIVE MODELS ON TMSV

DATASET

Selected Feature PESQ↑ ESTOI↑

Down-Sample Layer 1.98 0.73
Cross-Attention Layer 2.30 0.78
Up-Sample Layer 1.35 0.60

TABLE V
VALIDATION PERFORMANCE OF ACOUSTIC GENERATIVE MODELS ON

TMSV DATASET

indicates that we apply MHCA Cross-Modal Alignment in
model learning, but the adapter does not connect to the Acous-
tic Generative model (without FC2 and feedback addition).
“AGen + MHCA” doesn’t incorporate visual information into
our proposed Generative model, but enables the entire MHCA
Cross-Modal Knowledge Transfer.

The results show that the “AGen + Attn” is better than the
original model “AGen”. However, since it’s without attaching
Cross-Modal Neural Adapter, the feature refinement in the
visual-acoustic modality is limited, and that’s probably the
reason why it cannot surpass the performance of “AGen +
MHCA”. On the other hand, we can observe that in “AGen
+ Adpt”, without the context-dependent information of Cross-
Modal Alignment, the linear layer FC2 with feedback ad-
dition in the UNet can not only enable knowledge transfer
capability but also lead to overfitting. Therefore, although the
PESQ of “AGen + Adpt” is slightly better than the original
acoustic model “AGen”, the SI-SDR is significantly decreased.
The result of our ablation study explains the effectiveness
of using Cross-Modal Alignment and Cross-Modal Neural
Adapter in our linguistic modality.

We also conduct additional experiments on the effect of
selected features for CMKT. In this study, we use the visual-
acoustic feature after the Cross-Attention block in UNet for
CMKT. To clarify the effect of the selected feature, we
conduct the following experiments in Table V. In this table,
“Down-Sample Layer” represents that we use the feature
after the second 2D Down-Sample layer, “Cross-Attention
Layer” represents that we use the feature after the Cross-
Attention block, and ‘Up-Sample Layer” represents that we
use the feature after the last 2D Up-Sample layer in Acoustic
Generative UNet. Note that we evaluate the performance of
our model on TMSV Validation set. The results can also be
attributed to domain gaps. In the ”Down-Sample Layer,” only
a few layers are encoded with linguistic information, and this
refinement is too weak to effectively bridge the domain gap.
In contrast, in the ”Up-Sample Layer,” nearly all layers are
linguistically encoded, causing significant information loss in

the visual-acoustic domain. As a result, the ”Cross-Attention
Layer” proves to be the optimal setting, explaining why we
utilize the features from the Cross-Attention block for Cross-
Modal Knowledge Transfer (CMKT).

E. Discussion

Throughout our experiments, we observed that the values
of hyperparameters in Cross-Modal Knowledge Transfer have
a great impact on performance improvement, especially the
weight controlling loss function. To examine the importance
of the parameters chosen, we plan to conduct ablation studies
on the weight of Cross-Modal Alignment α and the weight of
Cross-Modal Neural Adapter β. These two hyperparameters
control the extent of domain gap bridging and significantly
impact the effect of linguistic knowledge transfer. Moreover,
we plan to conduct experiments on other benchmarks such as
VoxCeleb2 and Lip Reading in the Wild (LRW), which further
examine the generalizability of our approach. Furthermore,
since it needs more parameters and computations for the
linguistic guided training, we also plan to find a more compact
implementation of our linguistic modality in our future study.

V. CONCLUSION

In this study, we propose a novel Diffusion-based Audio-
Visual Speech Enhancement (AVSE) system, which incorpo-
rates linguistic modality into visual-acoustic modality. Our
visual-acoustic modality is based on Score-Based Diffusion
model with Predictive and Generative stages and demon-
strates a competitive performance on two AVSE benchmarks.
For linguistic modality, we introduce two different imple-
mentations of “Cross-Modal Knowledge Transfer (CMKT)”
termed ”Multi-Head Cross-Attention (MHCA)” and ”Optimal
Transport (OT)”. Both of them bridge the domain gap and
utilize the Pre-trained Language model “BERT” to transfer
linguistic knowledge to the visual-acoustic modality. This
context-dependent transferring process further improves the
performance of the AVSE system without additional inference
costs. Additionally, we demonstrate the effectiveness of our
model on two datasets with different languages. This also
implies that our proposed method is cross-language general-
izable. In our future study, we not only plan to find a more
compact implementation of our AVSE method but also look
forward to exploring other multi-modal Speech Enhancement
systems.
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