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Abstract
The generation of audio-driven talking head videos
is a key challenge in computer vision and graph-
ics, with applications in virtual avatars and digital
media. Traditional approaches often struggle with
capturing the complex interaction between audio
and facial dynamics, leading to lip synchronization
and visual quality issues. In this paper, we pro-
pose a novel NeRF-based framework, Dual Audio-
Centric Modality Coupling (DAMC), which effec-
tively integrates content and dynamic features from
audio inputs. By leveraging a dual encoder struc-
ture, DAMC captures semantic content through
the Content-Aware Encoder and ensures precise
visual synchronization through the Dynamic-Sync
Encoder. These features are fused using a Cross-
Synchronized Fusion Module (CSFM), enhancing
content representation and lip synchronization. Ex-
tensive experiments show that our method outper-
forms existing state-of-the-art approaches in key
metrics such as lip synchronization accuracy and
image quality, demonstrating robust generalization
across various audio inputs, including synthetic
speech from text-to-speech (TTS) systems. Our re-
sults provide a promising solution for high-quality,
audio-driven talking head generation and present
a scalable approach for creating realistic talking
heads.

The synthesis of audio-driven talking head videos is a
growing research area in computer vision and graphics
[Zhang et al., 2024; Wei et al., 2024; Ma et al., 2024;
Ye et al., 2023]. Based on audio signals, this task in-
volves generating realistic 3D facial dynamics, including
head movements, facial expressions, and lip synchronization.
The challenge lies in producing highly accurate facial anima-
tions and ensuring consistency and naturalness across various
audio conditions. This technology is a foundational compo-
nent for talking head generation and holds significant promise
for applications in virtual environments and digital media.
Neural Radiance Fields (NeRF) [Mildenhall et al., 2021],
a powerful framework for 3D scene representation, models
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scenes as volumetric radiance fields, enabling the synthesis
of high-quality images from arbitrary viewpoints. This flexi-
bility makes NeRF a compelling choice for generating talking
head videos.

The application of NeRF to audio-driven talking head syn-
thesis presents unique challenges. Traditional NeRF models
are designed for static scenes, which require significant mod-
ifications to accommodate dynamic facial movements driven
by audio. Recent works have introduced audio signals into
NeRF to enable the synthesis of dynamic talking portraits.
Despite progress, these methods still face significant limita-
tions in the effective extraction and utilization of audio fea-
tures. Existing approaches typically rely on pre-trained mod-
els from audio-related tasks for feature extraction, such as
HuBERT [Hsu et al., 2021], a pre-trained model usually used
for automatic speech recognition (ASR), or lightweight au-
dio encoders such as Wav2Lip [Prajwal et al., 2020]. Hu-
BERT, trained via large-scale self-supervised learning, excels
at capturing multilevel linguistic and phonetic features, en-
abling it to capture semantic content from audio effectively.
However, it lacks sensitivity to the visual modality. In con-
trast, the audio encoders used in models like Wav2Lip, which
focuses on visual-audio alignment, are highly effective in
modeling speech-driven lip movements. However, because
of their lightweight design, they struggle to generalize to di-
verse audio conditions, particularly when faced with varia-
tions in speaker styles, tones, and synthetic inputs such as
text-to-speech (TTS) outputs. These limitations hinder the
realism, generalization, and fidelity of the generated talking
head videos, as methods relying on audio pre-trained mod-
els struggle to capture fine-grained audio-visual correlations,
while end-to-end lip-sync approaches exhibit weaker robust-
ness when handling unseen or synthetic audio signals.

To address the challenges, this paper proposes a novel
framework, Dual Audio-centric Modality Coupling (DAMC).
This framework innovatively combines two distinct audio
feature extractors, each designed to capture different aspects
of audio information: content Feature for representing se-
mantic content and dynamic feature for ensuring visual syn-
chronization. By adaptively combining these complemen-
tary features, DAMC effectively bridges the gap between au-
dio and visual modalities. Specifically, the framework inte-
grates content features, which encode linguistic and phonetic
information from speech, with dynamic features that focus
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on lip synchronization, enabling precise alignment between
facial movements and the corresponding speech dynamics.
This approach allows the model to capture subtle variations
in language and phonetics while maintaining accurate mouth
movements, significantly enhancing the quality and natural-
ness of the generated talking head videos. In terms of 3D
rendering, this work extends the ER-NeRF framework [Li et
al., 2023] by incorporating the tri-plane mapping technique.
This addition improves the detail and texture rendering of
facial geometry, ensuring high-quality visual effects in the
generated videos. This design not only enhances the tem-
poral consistency of the synthesized content but also boosts
the model’s generalization capability across a wide range of
speakers and synthetic audio inputs, including those gener-
ated by text-to-speech (TTS) systems.

Our major contributions are highlighted as follows:

• We introduce an innovative dual audio-centric modality
coupling framework that effectively exploits the seman-
tic information within audio signals while ensuring pre-
cise dynamic alignment between facial movements and
speech in the visual domain.

• By feeding both the Mel-spectrogram and waveform
generated during the TTS process into two distinct fea-
ture extractors in our framework, we significantly im-
prove the model’s ability to synthesize realistic talking
head videos driven by TTS-generated audio, ensuring
accurate synchronization and natural facial expressions
across a variety of synthetic speech conditions.

• Extensive experiments validate the superiority of our
DAMC framework over existing methods. Compared to
NeRF-based models, our approach achieves notable im-
provements in key metrics such as lip synchronization
precision, setting a new state-of-the-art performance.

1 Related Work
1.1 NeRF-Based Talking Head Generation
NeRF is a powerful framework for modeling 3D scenes us-
ing volumetric rendering functions. Recent advances have
extended NeRF to dynamic facial synthesis, particularly for
audio-driven talking head generation, enabling models to
adapt facial geometry to dynamic audio inputs over time.
Early work on 4D facial reconstruction [Gafni et al., 2021] in-
troduced the temporal dimension into NeRF, paving the way
for dynamic facial animation.

Building on this foundation, Ad-NeRF [Guo et al., 2021]
conditioned implicit functions on audio features, allowing re-
alistic lip synchronization and speech-driven facial synthesis.
DFA-NeRF [Yao et al., 2022] further decoupled lip motion
features from input audio and used probabilistic sampling to
generate personalized facial animations.

Recent methods like DFRF [Shen et al., 2022], RAD-
NeRF [Guo et al., ], and ER-NeRF [Li et al., 2023] focus on
improving NeRF’s efficiency and rendering quality. DFRF
utilizes 2D facial priors to accelerate training, RAD-NeRF
decomposes high-dimensional face representations into low-
dimensional feature grids for faster inference, and ER-NeRF
introduces tri-plane mapping to refine facial geometry and

textures. These methods highlight NeRF’s growing potential
in handling dynamic, audio-driven talking head synthesis.

1.2 Audio Feature Encoding
Audio feature encoding is critical in tasks such as ASR, TTS,
and talking head generation, as it directly influences the real-
ism and naturalness of the output. Traditional ASR systems
employed acoustic features like MFCC and LPCC to cap-
ture speech patterns. However, deep learning models such
as Wav2Vec [Schneider et al., 2019], Wav2Vec 2.0 [Baevski
et al., 2020], and HuBERT [Hsu et al., 2021] leverage self-
supervised learning to extract rich audio representations from
large-scale unlabeled datasets. These features excel in speech
recognition but primarily focus on semantic content, lacking
direct correlations with facial dynamics.

In contrast, talking head generation requires audio features
aligned with visual dynamics, particularly lip movements and
facial expressions. Recent methods [Prajwal et al., 2020;
Zhang et al., 2023b; Wang et al., 2023] align audio and vi-
sual modalities using a lip-sync expert, enabling audio fea-
tures to better capture facial dynamics. By jointly optimizing
both modalities, these approaches improve synchronization
and naturalness in generated videos.

In this work, we propose the DAMC framework, which
couples two distinct audio features—Content Feature, fo-
cused on semantic content, and Dynamic Feature, dedicated
to visual synchronization. This coupling approach enhances
the model’s ability to generate highly synchronized, stable,
and natural talking head videos, setting a new standard in
audio-driven talking head generation tasks.

2 Methodology
2.1 Overview
As shown in Figure 1, we provide a detailed description of the
proposed Dual Audio-centric Modality Coupling (DAMC)
framework for generating audio-driven talking head videos.
First, in Section 2.2, we introduce the core components of the
DAMC framework, including the Content-Aware Encoder,
the Dynamic-Sync Encoder, and the Cross-Synchronized Fu-
sion Module (CSFM), explaining how they collaboratively
extract and fuse content and dynamic features from the au-
dio input. In Section 2.3, we present the TTS-driven fea-
ture extraction method, detailing how the integration of the
TTS module enhances the model’s adaptability to synthetic
speech. Finally, in Section 2.4, we discuss the NeRF-based
3D rendering technique, outlining how this method is em-
ployed to generate high-quality, natural-looking talking head
videos.

2.2 Dual Audio-centric Modality Coupling
Content-Aware and Dynamic-Sync Encoding
Formally, we define two modality feature extractors: the
Content-Aware Encoder (Ec) and the Dynamic-Sync En-
coder (Ed). These components are designed to extract com-
plementary information from audio input. Specifically, Ec fo-
cuses on capturing semantic content, leveraging a pre-trained
feature extractor from ASR tasks, while Ed is trained to



Figure 1: Overview of the proposed framework. The framework consists of two modality feature extractors: the Content-Aware Encoder
(Ec) and the Dynamic-Sync Encoder (Ed), which extract content and dynamic features from the audio, respectively. The extracted features,
fc and fd, are fused using the Cross-Synchronized Fusion Module (CSFM).

model synchronization-critical dynamics using the High Def-
inition Talking Face (HDTF) dataset [Zhang et al., 2021].

To train Ed, we adopt an alignment-based approach in-
spired by prior work [Yeung and Werker, 2013], ensuring that
audio features are precisely synchronized with corresponding
lip motion features. This is achieved by optimizing a model
to minimize two key losses: a reconstruction loss, which en-
sures that the generated video faithfully represents the input
audio and visual content, and a lip-sync loss, evaluated by a
lip-sync expert discriminator Dlip, which quantifies synchro-
nization quality. Through this process, Ed learns to extract
dynamic features that are tightly coupled with lip movements.

Next, we use the encoders to extract the content feature
fc = Ec(Xa) and the dynamic feature fd = Ed(Xa) respec-
tively.

Cross-Synchronized Fusion Module
As shown in Fig 2, to effectively integrate the complemen-
tary strengths of the content feature fc and the dynamic fea-
ture fd, we propose a Cross-Synchronized Fusion Module
(CSFM). This module leverages Content-Dynamic Cross At-
tention (CDCA) for inter-modal interaction and Feature Self-
Refinement (FSR) to enhance intra-modal consistency. By
modeling the interplay between content and dynamic fea-
tures, the CSFM outputs an audio-driven representation that
preserves semantic content while maintaining synchroniza-
tion dynamics, ensuring a cohesive and precise feature space
for our task.

Initially, the content-aware feature fc and dynamic-sync
feature fd are projected into identical dimensions using
modality-specific transformations, producing intermediate
representations:

fc1 = Projcontent(fc), fd1 = Projdynamic(fd),

while these projection modules are optimized to construct
shared representations with minimal computational overhead
while retaining the distinct details of each modality.

The cross-modal fusion is achieved via two CDCA mod-
ules which facilitate inter-modality feature integration. In the
first module, the content-aware feature acts as the query and
key, while the dynamic-sync feature serves as the value. This
process produces a content-enriched dynamic representation:

fc2 = CDCA(fc1, fd1).

In the second module, roles are reversed, with the dynamic-
sync feature as the query and key, and the content-aware fea-
ture as the value, resulting in a dynamic-enriched content rep-
resentation:

fd2 = CDCA(fd1, fc1).

These operations leverage synchronization-aware con-
straints to establish meaningful dependencies between the
modalities, blending the dynamic cues from fd into fc and
vice versa, thus enhancing inter-modal coherence.

Following cross-modal alignment, each feature undergoes
the FSR process. This module encapsulates mechanisms
inspired by self-attention, extended to emphasize modality-
specific consistency while dynamically adapting the features
based on the fused information. The refinement process can
be expressed as:

fc3 = FSR(fc1 + fc2), fd3 = FSR(fd1 + fd2).



Figure 2: Structure of the Cross-Synchronized Fusion Module:
The module processes inputs fc and fd through Projection Block,
Content-Dynamic Cross Attention, and Feature Self-Refinement
layers to generate the final output fa.

Here, FSR modules ensure that each modality retains its
core attributes while being enhanced by complementary in-
formation from the other modality.

The resulting fc3 and fd3 are high-level abstractions that
encode audio-centric intra-modal consistency while integrat-
ing complementary information across text and visual modal-
ities. These features are subsequently merged into a unified
representation fa, which serves as the final audio-driven em-
bedding. The fusion in CSFM is implicitly guided by the
synchronization-aware constraints from the content-aware
encoder and dynamic-sync encoder, ensuring robust coupling
of speech content and lip motion dynamics.

This novel fusion mechanism aligns with our framework’s
overarching objective: bridging content-aware semantic pre-
cision and dynamic synchronization fidelity for high-quality
audio-driven facial animation tasks. By integrating cross-
modal interactions and self-refinement, our DAMC frame-
work ensures a synergistic combination of audio content and
motion dynamics.

2.3 Inference-Enhanced TTS Module
TTS models play a crucial role in AI systems due to their
flexibility and precise control over speech content. We inte-
grate TTS into our framework to enable talking head genera-
tion driven by arbitrary text input, allowing for flexible con-
trol over speech content. Early TTS frameworks followed a
three-stage process: first converting text into linguistic fea-
tures, then into acoustic features, and finally generating the
waveform. Later, TTS systems evolved into a two-stage ar-
chitecture, where text is transformed into acoustic features
through an acoustic model, and then a waveform is gener-
ated [Zhang et al., 2023a]. With the rise of diffusion models
[Ho et al., 2020; Song et al., 2020], this two-stage framework
not only significantly improved generation quality but also
offered greater flexibility.

In our DAMC framework, the input requirements are
closely aligned with the evolution of TTS systems. We
adopt an “Acoustic Model-Vocoder” two-stage processing
pipeline. During inference, the text is first input into the TTS
module, which uses an acoustic model [Popov et al., 2021;
Jeong et al., 2021; Huang et al., 2022] to generate mel-
spectrogram representations, denoted as xm. These Mel-
spectrograms capture the frequency characteristics of the
speech and provide a reliable foundation for subsequent dy-

namic feature extraction. The Mel-spectrograms are then
passed to the dynamic synchronization encoder to extract au-
dio features corresponding to the visual dynamics. Next, the
vocoder [Chen et al., 2020; Kong et al., 2020; Lam et al.,
2022] decodes the mel-spectrogram into an audio waveform,
denoted as xw, which is resampled and provided as input
to the content-aware encoder for extracting content features.
This hierarchical processing structure ensures accurate repre-
sentation of speech content while optimizing the synchroniza-
tion between audio and facial movements, thereby enabling
high-quality speech-driven control for talking head genera-
tion.

By integrating TTS-driven inference with the DAMC
framework, we not only ensure accurate speech content rep-
resentation but also optimize the synchronization between
audio and facial movements. This combination allows for
the generation of talking head driven by arbitrary text inputs
while maintaining high-quality outputs. Previous works di-
rectly using TTS-generated speech often suffered from un-
natural audio and misalignment with the data distribution of
the generation model, resulting in poor output quality. In con-
trast, our approach effectively combines TTS-generated audio
features with the DAMC framework, resolving these issues
and significantly enhancing the quality of synthesized talking
head while maintaining accurate speech expression.

2.4 NeRF-Based 3D Rendering
High-quality 3D rendering is critical for achieving audio-
driven talking head generation. We draw inspiration from
tri-plane representation techniques [Li et al., 2023] and in-
corporate a region-aware hash encoding scheme to design an
efficient spatial modeling approach, enabling more accurate
and efficient dynamic facial rendering.

The tri-plane representation decomposes the 3D space into
three orthogonal 2D planes and encodes their features using
hash tables, significantly reducing storage and computation
overhead. For a given spatial coordinate x = (x, y, z), the
tri-plane representation is defined as:

fg = HXY (x, y)⊕HY Z(y, z)⊕HXZ(x, z),

where HAB represents the hash encoder for the plane AB,
and ⊕ denotes feature concatenation. This decomposition
allows the model to construct high-resolution geometric and
texture representations at a reduced computational cost while
avoiding hash collisions commonly found in traditional meth-
ods. Furthermore, the radiance field function used to predict
the color c and density σ is defined as:

FH(x, d, a;H3) → (c, σ),

where d is the viewing direction, a represents the audio-
driven conditional features, and H3 denotes the tri-plane hash
encoders.

During rendering, the pixel color Ĉ(r) along a ray r(t) =
o+ td is computed using the volumetric rendering equation:

Ĉ(r) =

∫ tf

tn

T (t) · σ(r(t)) · c(r(t), d) dt,



Methods PSNR ↑ LPIPS ↓ FID ↓ LMD ↓ Sync ↑
Wav2Lip [Prajwal et al., 2020] 27.123 0.068 20.911 5.956 8.932
DINet [Zhang et al., 2023c] 27.912 0.051 13.802 4.810 6.724
IP-LAP [Zhong et al., 2023] 30.143 0.049 8.401 3.933 4.915
MuseTalk [Zhang et al., 2024] 29.530 0.053 9.417 5.014 4.291
AD-NeRF [Guo et al., 2021] 27.132 0.152 25.347 3.019 4.687
RAD-NeRF [Tang et al., 2022] 31.852 0.069 9.486 2.981 4.927
ER-NeRF [Li et al., 2023] 33.010 0.031 4.975 3.011 5.112

Ours 33.503 0.027 5.147 2.437 8.171

Table 1: Comparison with State-of-the-Art Methods. We highlight the best results, with most metrics achieving superior performance.

Methods Sync ↑
Wav2Lip [Prajwal et al., 2020] 6.384
DINet [Zhang et al., 2023c] 4.913
IP-LAP [Zhong et al., 2023] 4.037
MuseTalk [Zhang et al., 2024] 3.442
AD-NeRF [Guo et al., 2021] 3.924
RAD-NeRF [Tang et al., 2022] 4.058
ER-NeRF [Li et al., 2023] 4.315

Ours 7.171

Table 2: SyncNet Confidence Score of TTS-Driven. We used ran-
domly generated text as input, driving the model with audio gener-
ated by the TTS module. The best results are highlighted.

where the transmittance T (t), representing the optical ab-
sorption along the ray at depth t, is defined as:

T (t) = exp

(
−
∫ t

tn

σ(r(s)) ds

)
.

Here, tn and tf represent the near and far bounds of the
ray’s intersection with the 3D scene. By combining volumet-
ric density and color distributions, the rendering process sim-
ulates the physical behavior of light propagation to generate
the final pixel value.

To optimize this rendering process, we employ a two-stage
training strategy [Tang et al., 2022; Li et al., 2023]. In the first
stage, coarse-level optimization minimizes the mean squared
error (MSE) between the generated and ground truth pixel
values for accurate pixel-wise reconstruction. The loss func-
tion is given by:

Lcoarse =
∑
i∈I

∥C(i)− Ĉ(i)∥2,

where C(i) is the ground truth pixel value, Ĉ(i) is the gen-
erated pixel value, and I denotes the set of all pixels. In
the second stage, fine-level optimization incorporates a per-
ceptual loss (LPIPS) to enhance texture detail and perceptual
consistency. The loss function is defined as:

Lfine =
∑
i∈P

∥C(i)− Ĉ(i)∥2 + λLPIPS(P, P̂ ),

where P represents sampled image patches, and λ is a weight
for the perceptual loss term.

3 Experiments
3.1 Experimental Setup
Datasets. We utilize the same video data as previous work
[Li et al., 2023], supplemented with high-quality video clips
extracted from the HDTF [Zhang et al., 2021] dataset. All
videos are 25 frames per second, with most resized to a res-
olution of 512 × 512, except for one video from AD-NeRF
[Guo et al., 2021], which has a resolution of 450 × 450. To
train the dynamic-sync encoder, we selected approximately
10 hours of 1080p video from the high-resolution HDTF
dataset. These videos were manually filtered to exclude seg-
ments with rapid head movements, scenes without human
subjects, and other conditions that might degrade data qual-
ity. Following the method proposed in [Prajwal et al., 2020],
the curated high-quality video set was used to train the dy-
namic sync encoder, ensuring the precise capture of the lip
dynamics and details of audio-visual synchronization.
Implementation Details: During the coarse training stage,
the model underwent 120,000 iterations, followed by 30,000
iterations in the fine-tuning stage. In each iteration, we sam-
pled 2562 rays using a 2D hash encoder (L = 14, F = 1).
For the DAMC framework, we experimented with output au-
dio feature dimensions fa set to 32, 64, 128, and 256. The
best results were achieved when the dimension was set to 64.
We use the pre-trained English HuBERT [Hsu et al., 2021]
model as our content-aware encoder. For TTS-driven audio
data generation, we adopt ProDiff [Huang et al., 2022] as the
acoustic model to produce Mel-spectrograms, and WaveGrad
[Chen et al., 2020] as the vocoder for waveform synthesis.
This ensures high-quality and diverse audio inputs for model
evaluation. All experiments were conducted on an NVIDIA
RTX 4090 GPU, with the total training process taking ap-
proximately 3 hours.

3.2 Comparison with State-of-the-Art Methods
Evaluation Metrics. We use Peak Signal-to-Noise Ratio
(PSNR) [Hore and Ziou, 2010], Learned Perceptual Image
Patch Similarity (Peak Signal-to-Noise Ratio), and Frechet
Inception Distance (FID) [Heusel et al., 2017] as image-level
metrics to measure the statistical similarity between the gen-
erated video frames and the ground truth at each correspond-
ing timestamp. These metrics provide a comprehensive eval-
uation of the visual fidelity and perceptual quality of the gen-
erated frames. Since the primary goal of our talking head



Figure 3: Qualitative comparison of our proposed method with various state-of-the-art approaches. The results demonstrate the supe-
riority of our method in terms of visual quality, lip synchronization accuracy, and facial identity preservation.

generation task is to ensure facial alignment, smoothness, and
naturalness, we include Landmark Distance (LMD) [Chen et
al., 2018] as a key metric, which evaluates the geometric ac-
curacy of facial features by computing the deviation of pre-
dicted facial landmarks from the ground truth, making it a
more meaningful metric for assessing the quality of facial dy-
namics. We also adopt the SyncNet Confidence Score (Sync)
[Yeung and Werker, 2013] to evaluate lip synchronization ac-
curacy. This metric quantifies the alignment between audio
input and lip movements, serving as a critical measure of tem-
poral and audio-visual consistency.

Evaluation Results. We compare our proposed DAMC
framework with various state-of-the-art (SOTA) models.
Common 2D-based models, known for their strong general-
ization ability, struggle to match the performance of NeRF-
based specialized models on specific datasets. As shown in
Table 1, our method achieves the highest image quality, with
a PSNR of 33.503, surpassing all other methods. In terms of
LMD, our method achieves 2.437, which is 18% lower than
the next best result (RAD-NeRF with 2.981), demonstrating
precise facial landmark alignment while maintaining high vi-
sual quality.

Although Wav2Lip achieves the best Sync score of 8.932,
thanks to its use of a pre-trained lip-sync expert, our ap-

proach achieves a competitive Sync score of 8.171. Com-
pared to other methods, this represents a 73% improvement
over RAD-NeRF (4.927) and 66% over ER-NeRF (5.112),
while ensuring excellent image quality. These results high-
light our method’s ability to balance lip synchronization ac-
curacy with superior image quality.

Furthermore, as shown in Table 2, our model demonstrates
better generalization with TTS-generated speech, achieving
superior lip synchronization across diverse audio inputs, in-
cluding out-of-distribution cases. This underscores our ap-
proach’s robustness in handling varied audio sources effec-
tively.

3.3 Qualitative Evaluation
To comprehensively evaluate the quality of video generation,
we conducted a visual comparison of results from various
methods, as shown in Fig 3. Overall, our approach demon-
strates superior performance in terms of image quality, partic-
ularly in the fine-grained details of facial features. Compared
to methods such as Wav2Lip [Prajwal et al., 2020] and DINet
[Zhang et al., 2023c], our approach excels in the clarity and
precision of lip details. In contrast to MuseTalk [Zhang et al.,
2024], our model effectively preserves identity consistency,
avoiding the identity loss issues observed in their results. Fur-



Method LMD ↓ Sync ↑
Content Features Only 3.331 4.417
Dynamic Features Only 2.976 6.624
Concatenation 6.129 3.571
Cross-Attention 2.911 6.697

Ours 2.718 7.589

Table 3: Ablation Studies about Feature Configurations and Fu-
sion. Ablation studies highlight the impact of feature design on lip
synchronization accuracy (LMD ↓) and audio-visual synchroniza-
tion performance (Sync ↑).

Figure 4: TTS Driven Video Generation. Our method maintains
relatively excellent lip shapes and image quality even when driven
by TTS-generated speech, such as the mouth shapes when producing
various phonemes or remaining silent.

thermore, compared to NeRF-based [Guo et al., 2021; Tang
et al., 2022; Li et al., 2023] methods, our approach achieves
significant improvements in lip synchronization while main-
taining high video generation quality.

Notably, in experiments driven by TTS-generated audio,
our approach delivers superior lip synchronization, As shown
in Fig 4. Unlike other NeRF-based methods, our model ef-
fectively avoids noticeable mismatches between audio and vi-
sual outputs, showcasing greater generalization and stability.
These findings highlight the advancements of our approach
in both visual quality and lip synchronization, establishing
a robust foundation for high-quality talking head generation
tasks.

3.4 Ablation Studies
We conducted comprehensive ablation studies to evaluate the
DAMC framework’s effectiveness in generating high-quality
videos while improving lip synchronization accuracy and
generalization to out-of-distribution audio inputs.

The experiments analyzed various feature configurations:
using content features alone, dynamic features alone, their
direct concatenation, and integration through cross-attention.
These were evaluated using two key metrics: LMD for geo-
metric accuracy and Sync for audio-visual synchronization.

As shown in Table 3, content features alone result in
poor synchronization (Sync = 4.417), while dynamic fea-

Method Sync ↑
with Pinyin-based method 6.107
w/o Pinyin-based method 5.413

Table 4: Impact of Pinyin-based method on lip sync in Mandarin
audio. Experiments showing the effect of using Pinyin-based encod-
ing on lip synchronization accuracy (Sync ↑).

tures alone improve it to 6.624 but lack precise geometric
alignment (LMD = 2.976). Direct concatenation performs
worst (LMD = 6.129, Sync = 3.571), highlighting its ineffec-
tiveness. Cross-attention significantly enhances performance,
achieving LMD = 2.911 and Sync = 6.697.

Our method surpasses all configurations, achieving Sync =
7.589 and LMD = 2.718, improving synchronization by 13%
and geometric accuracy by 7% over cross-attention. These re-
sults highlight the importance of our feature design and fusion
strategy in balancing semantic representation and synchro-
nization dynamics, achieving state-of-the-art performance.

3.5 Case of Mandarin Vocabulary Simplification

We utilize the audio encoder in the ASR model to build the
content-aware encoder, which predicts phoneme probabili-
ties based on a language’s vocabulary, meaning feature vec-
tor dimensions directly correspond to vocabulary size. Us-
ing an English-pretrained encoder for Mandarin audio of-
ten results in inaccurate representations, resembling “non-
native speaker’s clumsy Mandarin.” Fine-tuning for Mandarin
is also challenging due to its large vocabulary size, leading to
high computational costs and complexity.

To address this, we decompose Mandarin characters into
pinyin, reducing the vocabulary size from approximately
3,000 to about 100 phonetic elements (initials and finals).
This transformation lowers computational costs and enhances
feature expressiveness by encoding audio as phonetic compo-
nents. Our approach uses an audio encoder from a pre-trained
ASR model and maps logits to pinyin with the pypinyin li-
brary. As shown in Table 4, this method improves the fluency
and naturalness of Mandarin audio-driven talking head syn-
thesis, delivering smoother and more coherent results.

4 Conclusion

In this paper, we proposed the Dual Audio-Centric Modal-
ity Coupling (DAMC) framework for audio-driven talking
head generation. By effectively combining content and dy-
namic features through our Cross-Synchronized Fusion Mod-
ule (CSFM), DAMC significantly improves lip synchroniza-
tion and visual quality. Experimental results demonstrate that
DAMC outperforms existing methods in key performance
metrics and shows strong generalization to diverse audio in-
puts, including synthetic speech. Our framework provides a
robust solution for high-quality, audio-driven facial animation
and sets the stage for further advancements in virtual avatars
and interactive media.
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