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Abstract

Text-to-video (T2V) diffusion models have recently achieved
impressive visual quality, yet most systems still generate
silent clips and treat audio as a secondary concern. Ex-
isting audio-video generation pipelines typically decom-
pose the task into cascaded stages, which accumulate er-
rors across modalities and are trained under separate ob-
jectives. Recent joint audio-video generators alleviate this
issue but often rely on dual-tower architectures with ad-hoc
cross-modal bridges and static, single-shot text condition-
ing, making it difficult to both reuse T2V backbones and to
reason about how audio, video and language interact over
time. To address these challenges, we propose 3MDiT, a
unified tri-modal diffusion transformer for text-driven syn-
chronized audio-video generation. Our framework mod-
els video, audio and text as jointly evolving streams: an
isomorphic audio branch mirrors a T2V backbone, tri-
modal omni-blocks perform feature-level fusion across the
three modalities, and an optional dynamic text condition-
ing mechanism updates the text representation as audio and
video evidence co-evolve. The design supports two regimes:
training from scratch on audio-video data, and orthogo-
nally adapting a pretrained T2V model without modifying
its backbone. Experiments show that our approach gener-
ates high-quality videos and realistic audio while consis-
tently improving audio-video synchronization and tri-modal
alignment across a range of quantitative metrics.

1. Introduction

Pretrained text-to-video (T2V) diffusion models have re-
cently become powerful enough to serve as foundation
models for video generation [15, 28, 30, 41, 51]. Large-
scale systems such as Sora [28] demonstrate that, with suffi-
cient data and compute, a single model can render complex
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scenes with moving cameras, multi-actor interactions, and
physically plausible dynamics over tens or even hundreds
of frames. In parallel, open efforts including Wan [41] and
Hunyuan [15] show that a diffusion transformer (DiT) [29]-
style spatiotemporal backbone trained on video latents is
not only practical but also reusable: the same backbone can
be prompted, tiled, and controlled across many text and lay-
out conditions. Yet a key limitation remains widespread:
T2V models only produce silent videos.

Silence is not just an aesthetic shortcoming. In human
perception, audio and video form a coupled signal: wind
should rise with moving treetops, and rainfall patter should
coincide with visible raindrops and spreading ripples. With-
out synchronized audio, even visually strong videos appear
synthetic or detached. This is why recent research has be-
gun to shift towards text-to-audio-video (T2AV) generation.
On the one hand, video-to-audio (V2A) or foley-style mod-
els [5, 24, 32, 35, 37, 43] synthesize sound based on videos,
which can be generated by T2V methods; on the other hand,
audio-to-video (A2V) methods [8, 45, 46, 48, 49] take au-
dio as the driving signal and infer motion, camera, or scene
dynamics that are consistent with it, which can be gener-
ated by text-to-audio (T2A) methods. These pipelines are
effective in narrow domains, but they are sequential, so
noise and semantic mistakes propagate, and they are typ-
ically decoupled in training, so the two modalities do not
co-evolve under a single alignment objective. The result is
often small temporal misalignment or semantically correct
but off-beat audio, especially in non-periodic or cinematic
scenes. This has motivated joint audio-video diffusion mod-
els [10, 13, 25, 26, 36, 38, 42, 44, 47, 50], which model
both modalities in one transformer. The general recipe is
appealing: represent video as spatiotemporal tokens, rep-
resent audio as temporally dense tokens, encode text as a
conditioning sequence, and let a stack of multimodal DiT
blocks discover synchronization.

However, two challenges remain central to the design
of joint audio-video generators: how to realize effective
cross-modal interaction, and how to structure text con-
ditioning. On the interaction side, most recent systems
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adopt a dual-tower architecture, where video and audio
are modeled by separate DiT-style backbones and com-
munication is introduced through additional architectural
components. UniVerse-1 [42] performs block-wise stitch-
ing of pretrained experts to connect modality-specific tow-
ers. BridgeDiT [10] introduces bidirectional cross-attention
bridges between T2V and T2A branches and partially un-
freezes late layers to enable information flow. JavisDiT [25]
incorporates prior-guided cross-modal attention and hierar-
chical priors tailored to its specific training pipeline. These
designs demonstrate that explicit cross-modal coupling is
beneficial, but they typically entangle fusion with the in-
ternals of the video backbone, making it harder to control
fusion strength, to reuse different pretrained T2V models
without architectural modifications, or to reason about how
much of the visual prior is preserved.

On the conditioning side, most joint models still rely on
static single-shot text conditioning: a fixed prompt embed-
ding is broadcast to both audio and video branches and re-
mains unchanged throughout depth. This limits the model’s
ability to refine or re-weight textual cues as multimodal
evidence emerges. BridgeDiT [10] takes an important
step by decoupling captions into text–video and text–audio
branches, which helps disentangle modality-specific super-
vision, but these captions are still injected as fixed signals
that do not evolve along layers. As a result, fine-grained
temporal cues and cross-modal dependencies must be in-
ferred indirectly within each tower. We also note Omni-
Flow [20], a recent multi-modal rectified-flow model whose
joint-attention design inspires part of our fusion strategy.
However, OmniFlow is developed for static modalities such
as images and audio, and therefore does not address the tem-
poral alignment, motion dynamics, or cross-frame consis-
tency required for audio-video generation. These observa-
tions motivate our design: a unified tri-modal framework in
which video, audio, and text interact through omni-blocks,
explicit fusion layers that can be cleanly added to exist-
ing T2V backbones, and an optional dynamic conditioning
mechanism that allows the text representation itself to adapt
as the audio and video streams co-evolve.

To this end, we propose 3MDiT, a novel framework cen-
tered on a unified tri-modal architecture as shown in Fig. 1.
First, we introduce omni-blocks inspired by OmniFlow [20]
that jointly aggregate video, text, and audio features and re-
turn modality-specific updates, which support both end-to-
end training on audio-video data and minimally intrusive
adaptation of strong T2V backbones. Second, we explore
dynamic text conditioning: when the backbone exposes a
text pathway, the text representation is treated as a state that
can be updated as audio and video layers alternate, allowing
evidence discovered in one modality to influence how the
other interprets the prompt. In our framing, omni-blocks
supply the general, backbone-agnostic mechanism for tri-

modal fusion, while dynamic conditioning is a complemen-
tary option that further improves synchrony by supporting a
mutable text stream.

Our contributions can be summarized as follows:
• We introduce 3MDiT, a novel unified tri-modal diffusion

transformer that can be trained from scratch on audio-
video data or adapted on top of existing T2V backbones.

• We design omni-blocks that merge video, text and audio
at the feature level and can be attached orthogonally to a
pretrained T2V backbone.

• We explore a dynamic text conditioning mechanism that
updates the text as the audio and video branches interact.

• Our experiments and ablation studies demonstrate the ef-
fectiveness of our design and the promising synchroniza-
tion and fidelity achieved by the proposed framework.

2. Related Works

Cascaded Audio-Video Generation. To simplify the
challenging task of text-to-audio-video (T2AV) generation,
recent works explore cascaded pipelines that decompose
the process into two stages. Two primary paradigms have
emerged: (1) generating video from text first (T2V), then
synthesizing synchronized audio conditioned on the gen-
erated video (V2A); and (2) generating audio from text
first (T2A), followed by video generation conditioned on
the synthesized audio (A2V). In particular, open-source
foundation models for T2V [15, 30, 41, 51] and T2A [22,
23] have achieved strong performance in generating high-
quality videos and audios from text. Concurrently, methods
for dubbing video content with sound (V2A) have made no-
table progress [5, 24, 32, 35, 37, 43], producing temporally
aligned and realistic audio tracks. Similarly, approaches
that generate video from speech or audio signals (A2V)
have shown increasing capability in creating coherent visual
content synchronized with input audio [8, 45, 46, 48, 49].
Although V2A and A2V models are typically developed in-
dependently, their architectures are theoretically applicable
to such cascaded audio-visual generation paradigms.

Joint Audio-Video Generation. While cascaded audio-
video generation techniques have advanced significantly,
synchronous T2AV generation remains challenging. Re-
cent efforts focus on DiT-based architectures [1, 7, 17, 51]
training on audio-video datasets [2–4, 18, 19, 27, 39, 49]
for joint audio-video generation aiming to mitigate the
noise accumulation. Seeing-Hearing [47] presents the
task of T2AV, MM-Diffusion [36] introduces a diffusion
block to facilitate cross-modal interaction, AV-DiT [44]
leverages a frozen image-pretrained DiT backbone with
lightweight adapters, MM-LDM [38] designs a hierarchi-
cal multimodal autoencoder with modality-specific percep-
tual latent spaces, UniForm [50] unifies the generation
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Figure 1. (a) Overall architecture: isomorphic Video/AudioDiT branches with pluggable omni-blocks; (b) Omni-blocks: concatenate
(x, y, a), apply 3D/1D RoPE to video/audio (text unrotated), perform joint attention, then split by modality and update with gated MLPs;
(c) Dynamic text conditioning: between Video-DiT and Audio-DiT, a lightweight cross-attention dynamically refines the shared text
representation to improve cross-modal synchrony.

paradigm through task tokens and a shared latent space, Jav-
isDiT [25] introduces a hierarchical spatio-temporal prior
estimator and an open-source benchmark, Universe-1 [42]
and BridgeDiT [10] both fuse pre-trained T2V and T2A
models, with the former adopting expert stitching and the
latter introducing a dual-tower DiT and a visual-grounded
captioning framework for disentangled text conditioning,
Ovi [26] adopts symmetric twin DiTs for joint generation.
In contrast to previous works, our approach is built around
a unified tri-modal diffusion transformer that treats video,
audio, and text as jointly modeled streams, rather than cou-
pling two modality-specific towers via auxiliary bridges.

3. Method
Our framework can be trained end-to-end from scratch.
When a pretrained T2V model is available, we instead treat
the video tower as a frozen backbone and attach audio and
fusion modules so that its visual prior is preserved during
audio-video learning. Let v ∈ RB×Cv×F×H×W denote
video latents, where B is the batch size, Cv the latent chan-
nels, F the number of frames, and H × W the spatial res-
olution. a ∈ RB×La×D denotes audio latents, where La is
the sequence length. Text tokens are y ∈ RB×Ly×D, where
Ly denotes the token length. Let D be the shared dimension
and Nh the number of attention heads. We use σ ∈ [0, 1] as
flow time and t as the AdaLN [31] time embedding input.
We use (v, a, y) to denote model latents inside the DiT, and
(ṽ, ã, ỹ) to denote the generated outputs at inference time.

3.1. Preliminaries
We adopt Flow Matching (FM) [21], a generative frame-
work equivalent in law to DDPM [12] that learns a contin-
uous probability-flow ODE from noise to data.

Our objective is to generate a synchronized audio-video
pair (ṽ, ã) from a text prompt ỹ. For training, we draw clean
targets (vgt, agt) from the data distribution and independent
standard Gaussian noise (ϵv, ϵa) of the same shapes, i.e.,
ϵv ∼ N (0, I), ϵa ∼ N (0, I). For a sampled σ ∼ p(σ)
(e.g., uniform on [0, 1]), we form the linear interpolant

(vσ, aσ) = (1− σ) (vgt, agt) + σ (ϵv, ϵa). (1)

The model predicts a velocity field uθ conditioned on text:

(uv,ua) = uθ

(
(vσ, aσ), σ, y

)
, (2)

and is trained to match the target velocity of rectified flow,

(u⋆
v,u

⋆
a) = (ϵv − vgt, ϵa − agt). (3)

We minimize the weighted mean-squared error

L = Eσ,vgt,agt,ϵv,ϵa

[
w(σ)

∥∥uv − (ϵv − vgt)
∥∥2
2

+ w(σ)
∥∥ua − (ϵa − agt)

∥∥2
2

]
.

(4)

Here w(σ) > 0 is a scalar weighting (e.g., w(σ) = 1
or w(σ) = σ(1 − σ)). At inference, we integrate the
probability-flow ODE d

dσ (vσ, aσ) = uθ

(
(vσ, aσ), σ, y

)
from σ = 1 to σ = 0; classifier-free guidance [11] is ap-
plied in the conditional branch.



3.2. Architecture
Our architecture consists of three complementary compo-
nents: an isomorphic audio branch, a dynamic text condi-
tioning mechanism, and a set of omni-blocks. The audio
branch mirrors the video backbone to enable audio genera-
tion. Dynamic text conditioning allows the text representa-
tion to evolve as audio and video layers alternate, enabling
cross-branch information flow. Omni-blocks further couple
the three modalities at deeper layers, providing explicit tri-
modal fusion independent of the backbone structure.

Isomorphic Audio Branch. We introduce an isomorphic
DiT branch for audio generation. We represent video as spa-
tiotemporal tokens v ∈ RB×Lv×D and audio as temporally
dense tokens a ∈ RB×La×D, both conditioned on text to-
kens y ∈ RB×Ly×D. Here, Lv denotes the tokenized video
sequence length obtained after patchifying the (F,H,W )
latent into a sequence of spatiotemporal patches. Generally,
each DiT block follows a common pattern: (i) self-attention
with rotary position embeddings on the active modality to-
kens (3D RoPE for video, 1D RoPE for audio), (ii) a per-
block interaction between modality and text tokens, and (iii)
an AdaLN-modulated gated MLP. We keep text tokens un-
rotated. The exact realization of the text interaction differs
by backbone: Wan [41] uses cross-attention from modality
to text without updating the text stream, while Stable Diffu-
sion 3 [7] adopts a dual-stream joint attention that updates
both the modality and the text.

Dynamic Text Conditioning. We introduce a dynamic
text conditioning mechanism to enable text representations
to evolve jointly with video and audio streams. Let the
video and audio towers contain Lv and La DiT blocks, de-
noted {V(i)}Lv

i=1 and {A(j)}La
j=1. We keep hidden states

(v(ℓ), a(ℓ), y(ℓ)) with initialization (v(0), a(0), y(0)).
Static conditioning fixes the text stream and updates

modalities separately:

v(i) = V(i)
(
v(i−1), y(0), t(σ)

)
, (5)

a(j) = A(j)
(
a(j−1), y(0), t(σ)

)
, (6)

so no audio-video interaction occurs before later fusion.
Dynamic conditioning maintains a shared text state and

alternates video and audio updates in a dual-stream DiT
fashion. Let L = Lv + La and an alternating schedule
{bℓ}Lℓ=1 with bℓ ∈ {"V","A"}, where "V" and "A" indi-
cate that the ℓ-th block is a video block or an audio block,
respectively. Define the counters

iv(ℓ) = 1 +#{j ≤ ℓ : bj = "V"},

ia(ℓ) = 1 +#{j ≤ ℓ : bj = "A"}.

Let B denote a dual-stream DiT block that runs joint at-
tention over the concatenated sequence [v; y] or [a; y], ap-
plies rotary position embeddings only to the modality span,
and writes gated residuals back to both the modality and text
streams, followed by per-stream AdaLN–MLP updates.

When bℓ = "V", we update

(v(ℓ), y(ℓ)) = Bv
iv(ℓ)

(
v(ℓ−1), y(ℓ−1), t(σ)

)
,

a(ℓ) = a(ℓ−1),
(7)

and when bℓ = "A", we update

(a(ℓ), y(ℓ)) = Ba
ia(ℓ)

(
a(ℓ−1), y(ℓ−1), t(σ)

)
,

v(ℓ) = v(ℓ−1).
(8)

When the backbone exposes a read-only text stream
(e.g., WAN-style), the shared-update path above is disabled;
we keep y fixed and rely on the tri-modal fusion layers for
audio-video coupling.

Omni-Blocks. We insert M tri-modal omni-blocks before
the audio-video heads to allow video v, text y, and audio a
to interact at the same hidden width D. Each omni-block
operates on the concatenated sequence

z = [ v; y; a ] ∈ RB×(Lv+Ly+La)×D, (9)

Within an omni-block, we compute joint attention across
all three modalities. Let

Q = zWQ, K = zWK , V = zWV , (10)

where WQ,WK ,WV ∈ RD×D are learnable projection
matrices and RoPE is applied separately to the video and
audio spans (3D for video tokens, 1D for audio tokens, and
none for text). The joint-attention output is

H = softmax
(RoPE(Q)RoPE(K)⊤√

D

)
V. (11)

We then apply the output projection WO ∈ RD×D:

O = HWO = [Ov; Oy; Oa ], (12)

where Ov , Oy , and Oa correspond to the video, text, and
audio spans, respectively.

The block returns modality-specific updates

v′ = v +Ov, y′ = y +Oy, a′ = a+Oa, (13)

optionally scaled by learnable per-branch gates. Stacking
such omni-blocks increases cross-modal alignment capac-
ity while keeping the underlying video and audio towers un-
changed, which ensures the visual prior of the base model
is not disrupted while introducing the tri-modal fusion.



Orthogonality and Plug-in Adaptation. Given any pre-
trained T2V backbone composed of Lv DiT blocks with
frozen parameters Θ∗

v, our architecture extends it in a struc-
turally orthogonal manner. We instantiate an audio branch
that is isomorphic to the video branch. Each block pre-
serves the same DiT micro-architecture of self-attention,
cross-attention to text, and gated MLP, except that its spa-
tiotemporal geometry is replaced by a 1D layout and 1D
rotary position embeddings. This minimal change allows
the model to handle audio as a temporal signal under the
same denoising formulation as video.

To enable cross-modal interaction, we optionally insert
M omni-blocks before the audio-video head. When M =
0 and text conditioning is independent across branches,
the video pathway is mathematically identical to the base
model, ensuring functional equivalence. When omni-blocks
are enabled, their learnable gates control the strength of tri-
modal fusion, gradually introducing synchronization while
preserving the frozen backbone.

This design provides a plug-in recipe for upgrading any
T2V diffusion transformer into an audio-–video generator:
given a pretrained video backbone, one can attach an iso-
morphic 1D audio branch, add omni-blocks for cross-modal
fusion, and optionally make use of the dynamic text condi-
tioning mechanism. No retraining of video weights is re-
quired, and the resulting system inherits the visual priors
and scalability of the base model while gaining synchro-
nized audio generation capability.

4. Experiments
We conduct a series of experiments to evaluate both the gen-
erative quality and the adaptability of the proposed architec-
ture. Our goals are threefold: Can the model achieve com-
petitive audio-video generation quality when trained from
scratch on limited audio-video data? (Sec. 4.2) (2) Can
the framework be seamlessly adapted to different pretrained
T2V backbones while largely preserving the base model’s
original video generation capability? (Sec. 4.2) (3) Do the
proposed omni-blocks and the dynamic text conditioning
mechanism improve temporal synchronization and cross-
modal semantic alignment? (Sec. 4.3)

4.1. Experimental Setup
Datasets. We train and evaluate our framework on two
audio-video datasets with distinct characteristics. Land-
scape [18] contains natural scenes with diverse environ-
mental soundscapes such as wind, rain, flowing water, and
ambience. It serves as our primary benchmark for open-
domain alignment and includes 900 training clips and 100
test clips. AVSync15 [49] features a broad range of acoustic
events and categories, covering diverse settings with vari-
able resolutions and clip durations. We use 1,350 videos for
training and 150 for testing. Detailed specifications regard-

ing resolution, duration, and preprocessing are provided in
the Appendix.

Training Regimes. We consider three training regimes:
• SD3-From-Scratch. We train 3MDiT entirely from

scratch on NPUs without loading any pretrained T2V
weights on a SD3 backbone.

• SD3-Adapted. We train 3MDiT on a pretrained 11B SD3
T2V backbone and keep all video weights frozen.

• Wan-Adapted. We train 3MDiT on the open-source
Wan2.1-T2V-1.3B model [41] on GPUs. This setting rep-
resents a fully open pipeline and demonstrates the plug-in
nature of our design.

This triplet of settings allows us to systematically study
from-scratch training, high-capacity backbone adaptation,
and lightweight adaptation on an open base model.

Models. Across all settings we follow the modular de-
sign described in Sec. 3. Text prompts are encoded with
a transformer-based text encoder [34]. For the Wan-based
experiments we use the T5-style encoder and video VAE
provided in Wan [41], while for the pretrained 11B back-
bone we use its corresponding text encoder and video VAE
to ensure compatibility. Audio is encoded using DAC [16],
a neural audio codec from which we extract latent features
(before the model quantizes into codes) which are the 1D
input sequence of the audio branch. Our training data is
sampled at 16 kHz, and we therefore use a pretrained DAC
model trained at the same sampling rate to ensure compati-
bility with the input distribution. During inference, DAC’s
decoder is used to reconstruct the waveform from the gen-
erated latent representation.

Metrics. We report standard metrics for visual quality, au-
dio quality, and cross-modal alignment. For video qual-
ity, we use Fréchet Video Distance (FVD) [40] computed
between generated and reference videos. For audio qual-
ity, we use Fréchet Audio Distance (FAD) [14], which
compares embeddings of generated and real audio. To
evaluate semantic consistency, we follow prior work and
compute text–video and text–audio alignment using pre-
trained vision–language and audio–text models such as
CLIP [33], CLAP [6] and CAVP reporting cosine simi-
larity based scores. To measure audio-video synchrony,
we adopt an AV-Align metric [48] which assesses whether
salient acoustic events align with the associated visual con-
tent. We also include IB-style multimodal consistency
scores [9] where applicable to probe joint embedding align-
ment across modalities. Finally, we adopt the AVH-Score
and Javis-Score metrics used in JavisBench [25], which
are used for evaluating audio-visual synchronization perfor-
mance. Together, these metrics provide a balanced evalua-
tion of perceptual fidelity and cross-modal synchronization.



Evaluation. We mainly evaluate our models on Land-
scape [18] and AVSync15 [49], where each model is trained
and evaluated on a single dataset without any cross-dataset
mixing. All generated samples are evaluated with 44.1 kHz
audio sampling rate, if the original data has a sampling rate
of 16 kHz (e.g., Landscape), it is upsampled to 44.1 kHz
during evaluation. For inference, we use CFG [11] and
maintain the native spatial resolution of the original dataset
or the corresponding pretrained backbone during inference.
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Figure 2. Metrics progress during training of the Wan-adapted
model on the Landscape dataset. The horizontal axis indicates
dataset repeats (number of full passes over the training set). Au-
dio quality improves rapidly while visual fidelity remains stable,
confirming compatibility between the frozen video backbone and
learned audio pathways.

4.2. Main Experiments
Quantitative Evaluation. Table 1 reports results from
three groups of models: (i) T2V base backbones, where
Wan [41] and SD3 [7] provide audio-free visual baselines;
(ii) previous joint audio-video approaches such as Javis-
DiT [25] and BridgeDiT [10], which are included for ref-
erence despite differences in training data, backbone de-
sign, and evaluation settings; and (iii) our 3MDiT vari-
ants, including 3MDiT (SD3-From-Scratch), 3MDiT (SD3-
Adapted), and 3MDiT (Wan-Adapted). We further ana-
lyze several observations from Table 1. First, the SD3
T2V Adapted (11B) model achieves an FVD lower than
its T2V-only counterpart but higher than the SD3 Train-
from-Scratch variant. A likely explanation is that the pre-
trained 11B model exhibits a distribution mismatch with the
Landscape dataset, whereas training from scratch allows the
dual-stream backbone to fit the dataset more closely. Sec-
ond, JavisDiT [25] shows strong semantic consistency be-
tween audio and video (e.g., high IB-AV), which we at-

tribute to its use of a considerably larger training corpus
(on the order of millions of samples) and shorter 4-second
clips, making cross-modal alignment an easier objective. In
contrast, our evaluation uses longer 9.7-second clips with-
out truncation or other preprocessing, in line with our goal
of supporting practical generation settings.

The model adapted from the Wan backbone uses 8 au-
dio blocks and 8 omni-blocks while keeping all 30 video
blocks frozen. We track its training dynamics by evaluating
checkpoints at different training steps. As shown in Fig. 2,
audio quality quickly improves from initial noise toward
a well-structured distribution, whereas video quality stays
highly stable. We further report the AVH-Score and Javis-
Score [25], both steadily improving as training progresses,
indicating enhanced audio-video synchronization.

We acknowledge that fair cross-paper comparison is dif-
ficult because datasets, T2V priors, and inference settings
often vary across works. Therefore, we explicitly describe
the configurations and acknowledge that the reported num-
bers should not be interpreted as absolute differences.

Case Study. Fig. 4 presents a qualitative example. The
case includes video frames alongside the corresponding au-
dio waveform and spectrogram. These visualizations il-
lustrate how our framework produces coherent audio-video
pairs, with acoustic events that follow the temporal structure
and semantics implied by the visual content.

4.3. Ablation Studies
As a direct comparison with previous studies is limited by
differences across methodologies, we want to emphasize in-
ternally consistent evaluations to examine the behavior of
our framework under several configurations. To validate its
effectiveness, generalizability, and robustness, we conduct
comprehensive ablation studies.

Number of Audio and Omni-Blocks. We evaluate multi-
ple variants trained on the Landscape dataset using the Wan
backbone. As shown in Fig. 3, introducing audio blocks
enables the model to learn audio generation from audio-
video data while preserving the visual quality of the frozen
T2V backbone. Adding omni-blocks consistently improves
audio-video alignment, and does so without noticeably af-
fecting either visual fidelity or acoustic quality. We further
observe that increasing the number of audio blocks within a
reasonable range leads to better audio quality, since a deeper
audio DiT provides stronger modeling capacity for temporal
structure and spectral detail. Moreover, adding more omni-
blocks within a reasonable range also improves synchro-
nization performance, as additional fusion layers give the
model more opportunities to exchange information across
modalities. Both observations indicate that the proposed
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variant with 8 audio blocks and 8 omni-blocks; similarly, other naming conventions follow the same pattern. We report FVD/FAD (lower
is better) and AVH/Javis scores (higher is better) under the Landscape dataset using the Wan 2.1 T2V-1.3B backbone as the base model,
at 512×288 and 10 fps with CFG=2.

Table 1. Evaluation on the Landscape test set. We integrate audio and video captions from [10] as text prompts. Wan denotes direct
generation using the Wan 2.1 T2V-1.3B model; SD3 denotes direct generation using a SD3 T2V-11B model; JavisDiT [25] is evaluated
following its original setup, generating 4-second 240p clips at 24 fps with CFG=7. BridgeDiT [10] results are taken from the original
paper, which reports metrics on 5.4-second 480p clips at 15 fps. 3MDiT denotes our method, refer to Sec. 4.1 for details. All methods
are evaluated with identical metric computation pipelines. All Wan and SD3 results correspond to 9.7-second clips at 10 fps with CFG=3
and a resolution of 512×288, matching the native setting of the Landscape dataset. Lower is better for FVD/FAD, higher is better for
CLIP/CLAP/CAVP/IB-AV/AVAlign. Best results are highlighted in bold and second-best in italics.

Model FVD↓ FAD↓ CLIP↑ CLAP↑ CAVP↑ IB-AV↑ AVAlign↑
T2V Base (only video-related metrics)

Wan 282.8 – 0.229 – – – –
SD3 709.0 – 0.221 – – – –

Previous Methods (on different settings)
JavisDiT [25] 408.6 5.55 0.226 0.265 0.795 0.208 0.098
BridgeDiT [10] 628.1 4.78 – – – – 0.258

Our Method
3MDiT (SD3-From-Scratch) 388.4 3.67 0.224 0.130 0.779 0.055 0.626
3MDiT (SD3-Adapted) 424.1 2.03 0.225 0.185 0.782 0.068 0.627
3MDiT (Wan-Adapted) 283.1 2.45 0.230 0.131 0.779 0.063 0.518

architecture scales smoothly with capacity and provides a
controllable way to balance quality and alignment.

Dynamic Text Conditioning. To assess the contribution
of dynamic text conditioning, we conduct ablation exper-
iments under the SD3-style dual-stream architecture. The
models in this study are trained from scratch, without load-
ing any base model, on the Landscape training set, and
evaluated on its held-out test split. We isolate the dynamic
text update mechanism while keeping other configurations
identical to the baseline with static text conditioning. Ta-
ble 3 compares the two settings. Introducing dynamic text

conditioning leads to noticeable improvement in tempo-
ral synchronization between the generated audio and visual
streams, while maintaining both visual fidelity and acoustic
quality within an acceptable variance range. This suggests
that adaptive updates to the text representation can help the
model capture early cross-modal cues, effectively encour-
aging tri-modal alignment. However, we also observe that
the evolving text state may occasionally introduce small
fluctuations in generation, indicating that excessive sensi-
tivity to early textual changes could slightly perturb the dy-
namics of the diffusion process, and it is possible that shar-
ing the text conditioning between DiTs is more useful for
the audio reconstruction. Overall, these findings highlight a



Table 2. Ablation on the AVSync15 test set using the SD3 11B backbone. To keep notation compact, “SD3 Base” denotes the frozen SD3
T2V base model; “A” denotes audio blocks; “D” denotes dynamic text conditioning; “O” denotes omni-blocks. AVH and Javis denote the
AVH-Score and Javis-Score from JavisBench [25]. Audio-related metrics for SD3 Base are computed from randomly generated noise and
are reported only as a baseline reference. All models are evaluated with identical pipelines following the same settings as Table 1. Best
results are highlighted in bold and second-best in italics.

Model FVD↓ FAD↓ CLIP↑ CLAP↑ CAVP↑ IB-AV↑ AVH↑ Javis↑ AVAlign↑
SD3 Base 1157.5 20.3 0.280 0.004 – – – – –
SD3 + A 647.99 8.29 0.284 0.245 0.794 0.086 0.111 0.065 0.462
SD3 + A + D 538.90 5.79 0.293 0.306 0.792 0.190 0.166 0.097 0.521
SD3 + A + O + D 573.14 5.97 0.293 0.312 0.794 0.181 0.156 0.103 0.500

Table 3. Ablation on dynamic text conditioning under the SD3-style dual-stream architecture. Models are trained from scratch on the
Landscape training split and evaluated on its held-out test split. The best results are highlighted in bold.

Text Condition Method FVD↓ FAD↓ CLIP↑ CLAP↑ CAVP↑ IB-AV↑ AVAlign↑ AVH↑ Javis↑
Static Conditioning 288.6 2.45 0.225 0.138 0.776 0.080 0.590 0.071 0.017
Dynamic Conditioning 383.1 1.86 0.220 0.213 0.784 0.084 0.615 0.078 0.050
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Figure 4. An example generated using SD3 + A + D (referenced in
Table 2). Video (frames, on top) and audio (waveform and spec-
trogram) for the prompt: In a dimly lit, misty night scene, a large
toad with mottled brown and white skin sits motionless on a patch
of wet, sandy ground. (...) Audio: The deep, resonant croaking
of a large toad echoes through the misty night air (...). The audio
and video are aligned in time as the sound of the toad’s croaking
matches the movement of the toad’s throat. The full caption spec-
ifies that while the throat moves, the mouth remains closed.

trade-off between synchronization enhancement and stabil-
ity, pointing to a promising direction for future refinement
of dynamic conditioning mechanisms.

Generalization on AVSync15. To evaluate the robustness
of our framework under different data distributions, we fur-
ther conduct controlled ablations on the AVSync15 [49]
dataset using the SD3 11B backbone. This dataset con-
tains diverse acoustic scenes and variable resolutions and
clip durations, making it a challenging testbed for audio-
video synchronization.

We evaluate four variants: (i) the SD3 T2V base model
(no audio pathway), (ii) adding only audio blocks, (iii)
adding both audio blocks and omni-blocks, and (iv) en-
abling the full system with dynamic text conditioning. As
shown in Table 2, the variants trained on the AVSync15
dataset also exhibit promising audio-video generation per-
formance. The introduction of omni-blocks, together with
the dynamic text conditioning mechanism based on the SD3
dual-stream architecture, leads to clear improvements in
audio-video synchronization while maintaining stable vi-
sual and acoustic quality. However, adding omni-blocks
alone does not yield a substantial gain. We speculate that
for a dataset with richer scenes and more complex acous-
tic–visual dynamics such as AVSync15, the additional train-
able parameters introduced by omni-blocks may require
longer training to fully realize their potential benefits.

5. Conclusion

We introduced 3MDiT, a unified tri-modal diffusion trans-
former for text-driven audio-video generation, where video,
audio, and text are modeled as joint streams that interact
throughout depth. By combining isomorphic audio blocks,
plug-in omni-blocks, and an optional dynamic text condi-
tioning mechanism, our framework allows the text repre-
sentation and both modalities to co-evolve rather than re-
lying on static captions or loosely coupled towers. Experi-
ments on Landscape and AVSync15 show that this unified
design yields high-quality audio and video while improving
synchronization and cross-modal alignment across a range
of metrics. We hope this tri-modal perspective provides a
useful blueprint for future generative models that need to
reason jointly over sound, motion, and language.
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lache, Emanuele Rodolà, Danilo Comminiello, and Joshua D
Reiss. Syncfusion: Multimodal onset-synchronized video-
to-audio foley synthesis. In International Conference on
Acoustics, Speech and Signal Processing, 2024. 1, 2

[6] Benjamin Elizalde, Soham Deshmukh, Mahmoud Al Ismail,
and Huaming Wang. Clap learning audio concepts from nat-
ural language supervision. In International Conference on
Acoustics, Speech and Signal Processing, 2023. 5

[7] Patrick Esser, Sumith Kulal, Andreas Blattmann, Rahim
Entezari, Jonas Müller, Harry Saini, Yam Levi, Dominik
Lorenz, Axel Sauer, Frederic Boesel, Dustin Podell, Tim
Dockhorn, Zion English, and Robin Rombach. Scaling rec-
tified flow transformers for high-resolution image synthesis.
In International Conference on Machine Learning, 2024. 2,
4, 6, 12

[8] Xin Gao, Li Hu, Siqi Hu, Mingyang Huang, Chaonan Ji,
Dechao Meng, Jinwei Qi, Penchong Qiao, Zhen Shen, Yafei
Song, Ke Sun, Linrui Tian, Guangyuan Wang, Qi Wang,
Zhongjian Wang, Jiayu Xiao, Sheng Xu, Bang Zhang, Peng
Zhang, Xindi Zhang, Zhe Zhang, Jingren Zhou, and Lian
Zhuo. Wan-s2v: Audio-driven cinematic video generation.
arXiv preprint arXiv:2508.18621, 2025. 1, 2

[9] Rohit Girdhar, Alaaeldin El-Nouby, Zhuang Liu, Mannat
Singh, Kalyan Vasudev Alwala, Armand Joulin, and Ishan
Misra. Imagebind: One embedding space to bind them all.
In Conference on Computer Vision and Pattern Recognition,
2023. 5

[10] Kaisi Guan, Xihua Wang, Zhengfeng Lai, Xin Cheng, Peng
Zhang, XiaoJiang Liu, Ruihua Song, and Meng Cao. Tam-
ing text-to-sounding video generation via advanced modality
condition and interaction. arXiv preprint arXiv:2510.03117,
2025. 1, 2, 3, 6, 7, 14, 16

[11] Jonathan Ho and Tim Salimans. Classifier-free diffusion
guidance. arXiv preprint arXiv:2207.12598, 2022. 3, 6, 14

[12] Jonathan Ho, Ajay Jain, and Pieter Abbeel. Denoising diffu-
sion probabilistic models. In Annual Conference on Neural
Information Processing Systems, 2020. 3

[13] Masato Ishii, Akio Hayakawa, Takashi Shibuya, and Yuki
Mitsufuji. A simple but strong baseline for sounding
video generation: Effective adaptation of audio and video
diffusion models for joint generation. ArXiv preprint
arXiv:2409.17550, 2024. 1

[14] Kevin Kilgour, Mauricio Zuluaga, Dominik Roblek, and
Matthew Sharifi. Fr\’echet audio distance: A metric for
evaluating music enhancement algorithms. arXiv preprint
arXiv:1812.08466, 2018. 5

[15] Weijie Kong, Qi Tian, Zijian Zhang, Rox Min, Zuozhuo
Dai, Jin Zhou, Jiangfeng Xiong, Xin Li, Bo Wu, Jian-
wei Zhang, Kathrina Wu, Qin Lin, Junkun Yuan, Yanxin
Long, Aladdin Wang, Andong Wang, Changlin Li, Duojun
Huang, Fang Yang, Hao Tan, Hongmei Wang, Jacob Song,
Jiawang Bai, Jianbing Wu, Jinbao Xue, Joey Wang, Kai
Wang, Mengyang Liu, Pengyu Li, Shuai Li, Weiyan Wang,
Wenqing Yu, Xinchi Deng, Yang Li, Yi Chen, Yutao Cui,
Yuanbo Peng, Zhentao Yu, Zhiyu He, Zhiyong Xu, Zixiang
Zhou, Zunnan Xu, Yangyu Tao, Qinglin Lu, Songtao Liu,
Dax Zhou, Hongfa Wang, Yong Yang, Di Wang, Yuhong Liu,
Jie Jiang, and Caesar Zhong. Hunyuanvideo: A systematic
framework for large video generative models. arXiv preprint
arXiv:2412.03603, 2025. 1, 2

[16] Rithesh Kumar, Prem Seetharaman, Alejandro Luebs, Ishaan
Kumar, and Kundan Kumar. High-fidelity audio compres-
sion with improved rvqgan. Advances in Neural Information
Processing Systems, 2023. 5

[17] Black Forest Labs, Stephen Batifol, Andreas Blattmann,
Frederic Boesel, Saksham Consul, Cyril Diagne, Tim Dock-
horn, Jack English, Zion English, Patrick Esser, Sumith Ku-
lal, Kyle Lacey, Yam Levi, Cheng Li, Dominik Lorenz, Jonas
Müller, Dustin Podell, Robin Rombach, Harry Saini, Axel
Sauer, and Luke Smith. Flux.1 kontext: Flow matching
for in-context image generation and editing in latent space.
arXiv preprint arXiv:2506.15742, 2025. 2

[18] Seung Hyun Lee, Gyeongrok Oh, Wonmin Byeon, Chany-
oung Kim, Won Jeong Ryoo, Sang Ho Yoon, Hyunjun Cho,
Jihyun Bae, Jinkyu Kim, and Sangpil Kim. Sound-guided se-
mantic video generation. In European Conference on Com-
puter Vision, 2022. 2, 5, 6, 14

[19] Ruilong Li, Shan Yang, David A Ross, and Angjoo
Kanazawa. Ai choreographer: Music conditioned 3d dance
generation with aist++. In International Conference on Com-
puter Vision, 2021. 2

[20] Shufan Li, Konstantinos Kallidromitis, Akash Gokul, Zichun
Liao, Yusuke Kato, Kazuki Kozuka, and Aditya Grover.
Omniflow: Any-to-any generation with multi-modal recti-
fied flows. In Conference on Computer Vision and Pattern
Recognition, 2025. 2

[21] Yaron Lipman, Ricky TQ Chen, Heli Ben-Hamu, Maximil-
ian Nickel, and Matt Le. Flow matching for generative mod-
eling. arXiv preprint arXiv:2210.02747, 2022. 3, 14

[22] Haohe Liu, Zehua Chen, Yi Yuan, Xinhao Mei, Xubo Liu,
Danilo Mandic, Wenwu Wang, and Mark D Plumbley. Audi-



oldm: Text-to-audio generation with latent diffusion models.
In International Conference on Machine Learning, 2023. 2

[23] Haohe Liu, Yi Yuan, Xubo Liu, Xinhao Mei, Qiuqiang Kong,
Qiao Tian, Yuping Wang, Wenwu Wang, Yuxuan Wang, and
Mark D. Plumbley. Audioldm 2: Learning holistic audio
generation with self-supervised pretraining. Transactions on
Audio, Speech, and Language Processing, 2024. 2

[24] Huadai Liu, Jialei Wang, Kaicheng Luo, Wen Wang, Qian
Chen, Zhou Zhao, and Wei Xue. Thinksound: Chain-
of-thought reasoning in multimodal large language mod-
els for audio generation and editing. arXiv preprint
arXiv:2506.21448, 2025. 1, 2

[25] Kai Liu, Wei Li, Lai Chen, Shengqiong Wu, Yanhao Zheng,
Jiayi Ji, Fan Zhou, Rongxin Jiang, Jiebo Luo, Hao Fei, and
Tat-Seng Chua. Javisdit: Joint audio-video diffusion trans-
former with hierarchical spatio-temporal prior synchroniza-
tion. arXiv preprint arXiv:2503.23377, 2025. 1, 2, 3, 5, 6, 7,
8, 15, 16

[26] Chetwin Low, Weimin Wang, and Calder Katyal. Ovi:
Twin backbone cross-modal fusion for audio-video genera-
tion. arXiv preprint arXiv:2510.01284, 2025. 1, 3

[27] Yuxin Mao, Xuyang Shen, Jing Zhang, Zhen Qin, Jinxing
Zhou, Mochu Xiang, Yiran Zhong, and Yuchao Dai. Tavg-
bench: Benchmarking text to audible-video generation. In
Association for Computing Machinery International Confer-
ence on Multimedia, 2024. 2

[28] OpenAI. Video generation models as world simulators,
2024. 1

[29] William Peebles and Saining Xie. Scalable diffusion models
with transformers. In International Conference on Computer
Vision, 2023. 1

[30] Xiangyu Peng, Zangwei Zheng, Chenhui Shen, Tom Young,
Xinying Guo, Binluo Wang, Hang Xu, Hongxin Liu,
Mingyan Jiang, Wenjun Li, Yuhui Wang, Anbang Ye, Gang
Ren, Qianran Ma, Wanying Liang, Xiang Lian, Xiwen Wu,
Yuting Zhong, Zhuangyan Li, Chaoyu Gong, Guojun Lei,
Leijun Cheng, Limin Zhang, Minghao Li, Ruijie Zhang,
Silan Hu, Shijie Huang, Xiaokang Wang, Yuanheng Zhao,
Yuqi Wang, Ziang Wei, and Yang You. Open-sora 2.0: Train-
ing a commercial-level video generation model in 200k.
arXiv preprint arXiv:2503.09642, 2025. 1, 2

[31] Ethan Perez, Florian Strub, Harm De Vries, Vincent Du-
moulin, and Aaron Courville. Film: Visual reasoning with a
general conditioning layer. In Association for the Advance-
ment of Artificial Intelligence conference on artificial intel-
ligence, 2018. 3, 12

[32] Adam Polyak, Amit Zohar, Andrew Brown, Andros Tjandra,
Animesh Sinha, Ann Lee, Apoorv Vyas, Bowen Shi, Chih-
Yao Ma, Ching-Yao Chuang, et al. Movie gen: A cast of
media foundation models. arXiv preprint arXiv:2410.13720,
2024. 1, 2

[33] Alec Radford, Jong Wook Kim, Chris Hallacy, Aditya
Ramesh, Gabriel Goh, Sandhini Agarwal, Girish Sastry,
Amanda Askell, Pamela Mishkin, Jack Clark, Gretchen
Krueger, and Ilya Sutskever. Learning transferable visual
models from natural language supervision. In International
Conference on Machine Learning, 2021. 5

[34] Colin Raffel, Noam Shazeer, Adam Roberts, Katherine Lee,
Sharan Narang, Michael Matena, Yanqi Zhou, Wei Li, and
Peter J. Liu. Exploring the limits of transfer learning with a
unified text-to-text transformer. Journal of Machine Learning
Research, 2020. 5

[35] Yong Ren, Chenxing Li, Manjie Xu, Wei Liang, Yu Gu, Rilin
Chen, and Dong Yu. STA-V2A: video-to-audio generation
with semantic and temporal alignment. In International Con-
ference on Acoustics, Speech and Signal Processing, 2025.
1, 2

[36] Ludan Ruan, Yiyang Ma, Huan Yang, Huiguo He, Bei Liu,
Jianlong Fu, Nicholas Jing Yuan, Qin Jin, and Baining Guo.
Mm-diffusion: Learning multi-modal diffusion models for
joint audio and video generation. In Conference on Com-
puter Vision and Pattern Recognition, 2023. 1, 2

[37] Sizhe Shan, Qiulin Li, Yutao Cui, Miles Yang, Yuehai Wang,
Qun Yang, Jin Zhou, and Zhao Zhong. Hunyuanvideo-
foley: Multimodal diffusion with representation alignment
for high-fidelity foley audio generation. arXiv preprint
arXiv:2508.16930, 2025. 1, 2

[38] Mingzhen Sun, Weining Wang, Yanyuan Qiao, Jiahui Sun,
Zihan Qin, Longteng Guo, Xinxin Zhu, and Jing Liu.
MM-LDM: multi-modal latent diffusion model for sounding
video generation. In Association for Computing Machinery
International Conference on Multimedia, 2024. 1, 2

[39] Shuhei Tsuchida, Satoru Fukayama, Masahiro Hamasaki,
and Masataka Goto. Aist dance video database: Multi-genre,
multi-dancer, and multi-camera database for dance informa-
tion processing. In International Society for Music Informa-
tion Retrieval, 2019. 2

[40] Thomas Unterthiner, Sjoerd Van Steenkiste, Karol Kurach,
Raphael Marinier, Marcin Michalski, and Sylvain Gelly. To-
wards accurate generative models of video: A new metric &
challenges. arXiv preprint arXiv:1812.01717, 2018. 5

[41] Team Wan. Wan: Open and advanced large-scale video gen-
erative models. arXiv preprint arXiv:2503.20314, 2025. 1,
2, 4, 5, 6, 13, 14

[42] Duomin Wang, Wei Zuo, Aojie Li, Ling-Hao Chen, Xinyao
Liao, Deyu Zhou, Zixin Yin, Xili Dai, Daxin Jiang, and Gang
Yu. Universe-1: Unified audio-video generation via stitching
of experts. arXiv preprint arXiv:2509.06155, 2025. 1, 2, 3

[43] Jun Wang, Xijuan Zeng, Chunyu Qiang, Ruilong Chen,
Shiyao Wang, Le Wang, Wangjing Zhou, Pengfei Cai, Ji-
ahui Zhao, Nan Li, Zihan Li, Yuzhe Liang, Xiaopeng Wang,
Haorui Zheng, Ming Wen, Kang Yin, Yiran Wang, Nan
Li, Feng Deng, Liang Dong, Chen Zhang, Di Zhang, and
Kun Gai. Kling-foley: Multimodal diffusion transformer
for high-quality video-to-audio generation. arXiv preprint
arXiv:2506.19774, 2025. 1, 2

[44] Kai Wang, Shijian Deng, Jing Shi, Dimitrios Hatzinakos, and
Yapeng Tian. Av-dit: Efficient audio-visual diffusion trans-
former for joint audio and video generation. arXiv preprint
arXiv:2406.07686, 2024. 1, 2

[45] Cong Wei, Bo Sun, Haoyu Ma, Ji Hou, Felix Juefei-Xu,
Zecheng He, Xiaoliang Dai, Luxin Zhang, Kunpeng Li,
Tingbo Hou, Animesh Sinha, Peter Vajda, and Wenhu Chen.
Mocha: Towards movie-grade talking character synthesis.
arXiv preprint arXiv:2503.23307, 2025. 1, 2



[46] Shuchen Weng, Haojie Zheng, Zheng Chang, Si Li, Boxin
Shi, and Xinlong Wang. Audio-sync video genera-
tion with multi-stream temporal control. arXiv preprint
arXiv:2506.08003, 2025. 1, 2

[47] Yazhou Xing, Yingqing He, Zeyue Tian, Xintao Wang, and
Qifeng Chen. Seeing and hearing: Open-domain visual-
audio generation with diffusion latent aligners. In Confer-
ence on Computer Vision and Pattern Recognition, 2024. 1,
2

[48] Guy Yariv, Itai Gat, Sagie Benaim, Lior Wolf, Idan Schwartz,
and Yossi Adi. Diverse and aligned audio-to-video genera-
tion via text-to-video model adaptation. In Association for
the Advancement of Artificial Intelligence Conference on
Artificial Intelligence, 2024. 1, 2, 5, 16

[49] Lin Zhang, Shentong Mo, Yijing Zhang, and Pedro Mor-
gado. Audio-synchronized visual animation. In European
Conference on Computer Vision, 2024. 1, 2, 5, 6, 8, 14

[50] Lei Zhao, Linfeng Feng, Dongxu Ge, Rujin Chen, Fangqiu
Yi, Chi Zhang, Xiao-Lei Zhang, and Xuelong Li. Uniform:
A unified multi-task diffusion transformer for audio-video
generation. arXiv preprint arXiv:2502.03897, 2025. 1, 2

[51] Zangwei Zheng, Xiangyu Peng, Tianji Yang, Chenhui Shen,
Shenggui Li, Hongxin Liu, Yukun Zhou, Tianyi Li, and Yang
You. Open-sora: Democratizing efficient video production
for all. arXiv preprint arXiv:2412.20404, 2024. 1, 2



A. 3MDiT Architecture
This section details the implementation of 3MDiT used in our ex-
periments, complementing the high-level description in Sec. 3.2.
We focus on (i) tokenization and positional embeddings, (ii) six-
slot AdaLN [31] modulation, (iii) SD-3 [7] style dual-stream au-
dio/video blocks, (iv) tri-modal omni-blocks, and (v) conditioning
and masking strategies.

A.1. Tokenization and Positional Embeddings
Video patchification. Let the input video latents be

v ∈ RB×Cv×F×H×W , (14)

where B is the batch size, Cv the latent channels, F the number
of frames, and H × W the spatial resolution. We use a 2D patch
embedder on each frame with patch size (ph, pw):

Φv
patch : RCv×H×W → RLs×D, Ls =

H

ph
· W
pw

, (15)

where D is the hidden dimension. Applying Eq. (15) frame-wise
yields a sequence

v(0) ∈ RB×Lv×D, Lv = F · Ls, (16)

which is the input to the video DiT.

Audio embedding and 1D positional encoding. Let the
audio latents be

a ∈ RB×La×da , (17)

where La is the audio sequence length and da the codec latent
dimension. We first project to the model width D,

ã(0) = aWa + ba, Wa ∈ Rda×D, ba ∈ RD, (18)

and then apply a lightweight 1D convolutional position encoder
Ψa

pos with residual connection:

a(0) = ã(0) +Ψa
pos

(
ã(0)), a(0) ∈ RB×La×D. (19)

Here Ψa
pos is implemented as a small stack of depthwise 1D con-

volutions with SiLU activations.

3D RoPE for video and 1D RoPE for audio. We decom-
pose the attention head dimension dhead into temporal and spatial
components for video:

dhead = dt + dh + dw, dt : dh : dw ∝ ρt : ρh : ρw, (20)

where (ρt, ρh, ρw) is the rope-ratio used in the main model. For a
video token at frame index f and spatial cell (i, j), the 3D RoPE
angle vectors are

θt(f) ∈ Rdt , θh(i) ∈ Rdh , θw(j) ∈ Rdw , (21)

and are concatenated along the feature dimension before applying
the rotary embedding to the query and key subspaces. For audio,
we use a standard 1D RoPE over the time index l:

θa(l) ∈ Rdhead , (22)

and keep text tokens unrotated in all blocks.

A.2. Six-Slot AdaLN Modulation
Let t(σ) ∈ RD be the time embedding at flow time σ ∈ [0, 1],
obtained from a sinusoidal encoder followed by an MLP. For each
modality m ∈ {v, y, a}, we use a branch-specific MLP to produce
a six-slot modulation vector

T
(m)
6 (σ) = MLP

(m)
t

(
t(σ)

)
∈ R6D. (23)

We reshape and split T (m)
6 into six D-dimensional slots:(

∆(m)
msa,Γ

(m)
msa, g

(m)
msa,∆

(m)
mlp,Γ

(m)
mlp, g

(m)
mlp

)
∈
(
RD)6

, (24)

where ∆
(m)
msa and Γ

(m)
msa are the shift and scale for the self-attention

branch, g(m)
msa is a scalar gate (broadcast across the hidden dimen-

sion), and ∆
(m)
mlp, Γ(m)

mlp, g(m)
mlp are the corresponding quantities for

the MLP branch.

Modulated LayerNorm. Let h(m) ∈ RB×Lm×D be tokens
of modality m entering a block. We first apply a LayerNorm LN
with no affine parameters, then modulate it using the AdaLN [31]
shift and scale:

h̃(m)
msa =

(
1 + Γ(m)

msa

)
⊙ LN

(
h(m))+∆(m)

msa, (25)

where ⊙ denotes element-wise multiplication with broadcasting
over the sequence and batch dimensions. An analogous transfor-
mation h̃

(m)
mlp is defined using ∆

(m)
mlp and Γ

(m)
mlp.

Gated residual paths. Given an attention or MLP update
∆h(m), the residual connection is controlled by the learned gate:

h
(m)
out = h

(m)
in + g(m) ⊙∆h(m), (26)

where g(m) is either g(m)
msa or g(m)

mlp , broadcast to the token shape.
When g(m) is initialized near zero, the residual branch starts close
to identity and can gradually learn stronger cross-modal interac-
tions.

A.3. SD-3 Style Dual-Stream DiT Blocks
Each dual-stream block processes one modality (video or audio)
and the text stream jointly. Let

v ∈ RB×Lv×D, a ∈ RB×La×D, y ∈ RB×Ly×D (27)

denote the current hidden states. We describe a generic block act-
ing on modality tokens x (either v or a) and text y.

Joint attention over [x; y]. We form the concatenated se-
quence

z = [x; y ] ∈ RB×(Lx+Ly)×D. (28)

Queries, keys, and values are obtained by three linear projections
followed by rotary position embeddings on the modality span:

Q = RoPEx

(
zWQ

)
,

K = RoPEx

(
zWK

)
,

V = zWV ,

(29)



where WQ,WK ,WV ∈ RD×D . For video blocks, RoPEx is the
3D rotary embedding of Eq. (21); for audio blocks, it is 1D RoPE
of Eq. (22); and text positions are left unrotated.

The joint attention output is

H = softmax
(QK⊤

√
D

)
V, O = HWO, (30)

with WO ∈ RD×D . We split O back into modality and text spans

O = [Ox; Oy ], Ox ∈ RB×Lx×D, Oy ∈ RB×Ly×D.
(31)

Per-stream AdaLN-MLP. Using the AdaLN parameters in
Eq. (24), we obtain modulated inputs for the attention and MLP
branches:

x̂msa = x̃(msa), ŷmsa = ỹ(msa),

x̂mlp = x̃(mlp), ŷmlp = ỹ(mlp),
(32)

where the tilde denotes Eq. (25). The final updates are

x′ = x+ g(x)msa ⊙Ox + g
(x)
mlp ⊙MLPx(x̂mlp),

y′ = y + g(y)msa ⊙Oy + g
(y)
mlp ⊙MLPy(ŷmlp),

(33)

where MLPx and MLPy are standard two-layer feed-forward net-
works with GELU activations.

Static vs. dynamic text conditioning. As discussed in
Sec. 3.2, we support two execution modes: (i) static text condi-
tioning, where the text stream y is kept fixed as y(0) for both tow-
ers, and (ii) dynamic shared text conditioning, where y is updated
as in Eqs. (7) and (8) by alternating video and audio blocks. Both
modes share the same block implementation; they differ only in
whether the text state y(ℓ) is shared across towers.

A.4. Wan-Style DiT Blocks
For completeness, we also describe the Wan-style DiT blocks used
when adapting a pretrained WAN backbone [41]. In this setting,
the video (and optionally audio) towers follow the original WAN
design: each block updates only the modality stream with self-
attention, cross-attention to text, and an AdaLN–MLP stack, while
the text tokens remain read-only and are never updated inside the
backbone. As a result, this block does not support our dynamic
text conditioning mechanism.

Single-stream DiT with read-only text. Let x ∈
RB×Lx×D denote the tokens of a single modality (video or audio)
entering a Wan-style block, and y ∈ RB×Ly×D the text tokens,
which are fixed for all layers (i.e., y(ℓ) ≡ y(0)). Time conditioning
uses a six-slot modulation vector

T6 = MLPt

(
t(σ)

)
∈ RB×6×D, (34)

where t(σ) ∈ RB×D is the time embedding. We split T6 along
the slot dimension:(

∆msa,Γmsa, gmsa,∆mlp,Γmlp, gmlp

)
∈
(
RB×1×D)6

. (35)

Here, ∆msa and Γmsa are the shift and scale for the self-attention
branch, gmsa is the attention gate, and ∆mlp,Γmlp, gmlp are the
corresponding quantities for the MLP branch.

We define a modulation operator acting on LayerNorm outputs

Mod(u;∆,Γ) =
(
1 + Γ

)
⊙ LN(u) + ∆, (36)

with broadcasting over the batch and sequence dimensions.

Self-attention with RoPE. Given x and precomputed rotary
frequencies RoPE for the modality (3D RoPE for video, 1D RoPE
for audio), the self-attention sub-layer proceeds as

xmsa = Mod
(
x;∆msa,Γmsa

)
,

Q = RoPE
(
xmsaWQ

)
,K = RoPE

(
xmsaWK

)
, V = xmsaWV ,

Hmsa = softmax
(QK⊤

√
D

)
V,

x̃ = x+ gmsa ⊙
(
HmsaWO

)
,

(37)
where WQ,WK ,WV ,WO ∈ RD×D are learned projections and
the gate gmsa ∈ RB×1×D is broadcast to the token shape.

Cross-attention to fixed text. WAN-style blocks then apply
a cross-attention from x to the (read-only) text context y, without
updating the text stream:

Q× = LNq(x̃)W
×
Q , K× = LNk(y)W

×
K , V× = yW×

V ,

H× = softmax
(Q×K

⊤
×√

D

)
V×,

x̂ = x̃+H×W
×
O ,

(38)
where the LayerNorms LNq,LNk and projections
W×

Q ,W×
K ,W×

V ,W×
O follow the original WAN implementa-

tion. Note that y is used only as a key/value context and is not
modified.

AdaLN-MLP update. Finally, an AdaLN–MLP branch re-
fines the modality stream:

xmlp = Mod
(
x̂;∆mlp,Γmlp

)
,

Hmlp = MLP(xmlp),

x′ = x̂+ gmlp ⊙Hmlp,

(39)

where MLP is a two-layer feed-forward network with GELU ac-
tivation and gmlp is the MLP gate from Eq. (35). The block output
x′ has the same shape as the input x and is passed to the next DiT
block.

A.5. Omni-Blocks
Omni-blocks extend the dual-stream structure to simultaneously
couple video, text, and audio. Let

v ∈ RB×Lv×D, y ∈ RB×Ly×D, a ∈ RB×La×D (40)

be the current hidden states entering an omni-block. We concate-
nate all three modalities:

z = [ v; y; a ] ∈ RB×(Lv+Ly+La)×D. (41)



Omni attention. Queries, keys, and values are constructed
similarly to Eq. (29), but RoPE is applied separately to the video
and audio spans (3D for video, 1D for audio), and not to text:

Q = RoPEv,a

(
zWQ

)
,

K = RoPEv,a

(
zWK

)
,

V = zWV .

(42)

The attention output is

H = softmax
(QK⊤

√
D

)
V, O = HWO, (43)

and we split O into modality-specific spans

O = [Ov; Oy; Oa ]. (44)

Each span is passed through its own AdaLN-MLP branch, analo-
gous to Eq. (33), yielding

v′ = v + g(v)msa ⊙Ov + g
(v)
mlp ⊙MLPv(v̂mlp),

y′ = y + g(y)msa ⊙Oy + g
(y)
mlp ⊙MLPy(ŷmlp),

a′ = a+ g(a)msa ⊙Oa + g
(a)
mlp ⊙MLPa(âmlp).

(45)

A.6. Conditioning and Masking Strategies
Caption dropout. During training, we randomly drop caption
information with probability pcap by replacing the text embedding
with the unconditional caption embedding for a subset of samples.
This follows the usual classifier-free guidance [11] scheme and is
controlled by a binary mask mcap ∈ {0, 1}B :

y
(0)
b =

{
ycond,b, mcap,b = 0,

yuncond,b, mcap,b = 1.
(46)

Modality masking and dropping. To improve robustness
under missing modalities, we apply a lightweight masking or drop-
ping scheme in omni-blocks. At step s, we draw a Bernoulli vari-
able with probability

pmask(s) = max
(
0, 1− s

Smax

)
, (47)

where Smax is a preset decay horizon. If masking is enabled
(mask mode), we construct a binary mask over the concatenated
sequence in Eq. (41) that zeros out either the audio or video span
(but never both) before attention. If dropping is enabled (drop
mode), we instead remove the corresponding span from the atten-
tion computation, effectively training the model to handle single-
modality inputs.

B. Detailed Experimental Setup
B.1. Data Processing
Landscape. The Landscape dataset [18] contains 1,000 audio-
video clips, of which 900 are used for training and 100 for testing.
All videos have a native resolution of 512 × 288 and a duration
of 10 s at 10 fps (100 frames). We trim each clip uniformly to
9.7 s (97 frames). The spatial resolution is preserved throughout.
As Landscape provides category labels but no textual descriptions,
we adopt the disentangled audio and video captions released by
BridgeDiT [10]; the two captions are concatenated to form the
final prompt used in our experiments.

AVSync15. The AVSync15 dataset [49] covers diverse acous-
tic events with varying native resolutions and clip durations. We
follow the official split, using 1,350 clips for training and 150 for
evaluation. We maintain each video’s native spatial resolution, ap-
plying only minimal center-cropping when required by the VAE
encoder (i.e., height and width divisible by 8). Videos are resam-
pled to 12 fps, and the number of frames is capped at 121 to ensure
compatibility with the VAE temporal compression, yielding clips
of approximately 10 s. Audio is cropped to match the processed
video length. We also adopt captions from BridgeDiT [10]. We
find that this trimming does not remove semantically important
content, as relevant acoustic events appear early in most clips.

B.2. T2V Base Models.
For the Wan-based experiments, we use the official
Wan2.1-T2V-1.3B checkpoint as the video backbone,
which contains 30 video blocks. Its parameters are kept frozen
throughout training, and only the audio blocks and omni-blocks
are updated; the exact numbers of these blocks are specified in
the main paper. For the SD3-based experiments, we consider two
T2V backbone configurations. The first is a 2.5B backbone with
28 video blocks, for which we train the full tri-modal framework
from scratch. In this setting, we attach 14 audio blocks and 4
omni-blocks. The second is an 11B backbone pretrained on
large-scale proprietary data. For this backbone we attach 21 audio
blocks and 4 omni-blocks; all video-backbone parameters remain
frozen, and only the audio blocks and omni-blocks are trained.

B.3. Experimental Configuration
All models are trained under the flow-matching objective [21], and
inference is performed with classifier-free guidance [11]. For each
setting, we try several common guidance scales (e.g., 2, 3, 5, 7) to
adjust the strength of the text conditioning during generation.

Wan-Adapted experiments. For the Wan-adapted set-
ting [41], the results reported in the main paper correspond to a
checkpoint trained for 90 full repeats of the dataset (approximately
81k sample-level updates). Training uses a global batch size of 8,
implemented as per-device batch size of 1 across 8 GPUs with
accelerate for data-parallel training. The learning rate is fixed
to 1 × 10−4. All videos are processed at their native resolution
of 512× 288, without spatial augmentation, and the audio sample
rate is set to 16 kHz.

SD3-Adapted experiments. For the SD3-adapted setting,
each model variant is trained for 20k steps with a global batch
size of 32 (per-device batch size of 1 across 32 NPUs, so approx-
imately 640k sample-level updates). We adopt a maximum learn-
ing rate of 5× 10−5 with linear warmup during the first 5k steps,
and training is performed using PyTorch FSDP. Video resolutions
vary according to the original dataset and are fed to the model
without resizing beyond the minimal VAE requirements; the audio
sample rate is also fixed at 16 kHz.

C. Evaluation Metrics and Computation
We report four families of metrics: (i) overall quality (visual and
audio), (ii) text consistency, (iii) audio-video semantic consis-



tency, and (iv) temporal synchrony. Let G and R denote gener-
ated and real sets, respectively. Let Φv,Φa,Φy be video, audio,
and text encoders, and cos(p,q) = p⊤q

∥p∥ ∥q∥ the cosine similarity.
All parameter settings and implementation details for the metrics
follow JavisBench [25] to ensure consistency with prior work.

C.1. Overall Quality
Fréchet Video Distance (FVD, lower is better). For each
video g ∈ G and r ∈ R, we extract I3D features zi = ΦI3D

v (gi)
and yj = ΦI3D

v (rj). Let (µg,Σg) and (µr,Σr) be their empiri-
cal mean and covariance:

FVD =
∥∥µg − µr

∥∥2

2

+Tr
(
Σg +Σr − 2

(
Σ1/2

g ΣrΣ
1/2
g

)1/2)
.

(48)

Fréchet Audio Distance (FAD, lower is better). For au-
dio, we extract AudioCLIP embeddings ai = ΦAC

a (gi) and
bj = ΦAC

a (rj), with empirical Gaussians (µ
(a)
g ,Σ

(a)
g ) and

(µ
(a)
r ,Σ

(a)
r ):

FAD =
∥∥µ(a)

g − µ(a)
r

∥∥2

2

+Tr
(
Σ(a)

g +Σ(a)
r − 2

(
Σ(a) 1/2

g Σ(a)
r Σ(a) 1/2

g

)1/2)
.

(49)

C.2. Text Consistency
Let yg be the text prompt for sample g ∈ G, and tg = Φy(yg) its
text embedding.

CLIP-Score (text-to-video, higher is better). For CLIP
encoders (ΨCLIP

v ,ΨCLIP
y ), we uniformly sample Fg = 48 frames

from each video vg (using linear spacing) and compute frame em-
beddings fg,k = ΨCLIP

v (vg,k) and a text embedding tCLIP
g =

ΨCLIP
y (yg). After ℓ2-normalization, the per-sample CLIP score is

CLIPScore(g) =
1

48

48∑
k=1

cos
(
fg,k, t

CLIP
g

)
, (50)

and the dataset-level score is

CLIPScore =
1

|G|
∑
g∈G

CLIPScore(g). (51)

CLAP-Score (text-to-audio, higher is better). For CLAP
encoders (ΨCLAP

a ,ΨCLAP
y ), with audio ag resampled to 48 kHz

as required by CLAP, we define

CLAPScore =
1

|G|
∑
g∈G

cos
(
ΨCLAP

y (yg), Ψ
CLAP
a (ag)

)
. (52)

C.3. Audio-Video Semantic Consistency
Global ImageBind AV (IB-AV, higher is better). Using
ImageBind video/audio encoders ΦIB

v and ΦIB
a , we obtain global

embeddings vIB
g and aIB

g for each sample g and define

IB-AV =
1

|G|
∑
g∈G

cos
(
vIB
g , aIB

g

)
. (53)

CAVP-score (higher is better). We use a pretrained CAVP
model to extract video features vCAVP

g and audio features aCAVP
g .

For audio ag: (i) resample to 16 kHz; (ii) convert to a Mel-
spectrogram via get spectrogram(·); (iii) process via CAVP’s
spectrogram encoder and projection head. For video vg , we use
4 FPS following JavisBench [25]. The CAVP score is:

CAVP =
1

|G|
∑
g∈G

cos
(
vCAVP
g , aCAVP

g

)
. (54)

AVHScore (higher is better). For AVHScore, we compute
ImageBind frame embeddings vIB

g,t for each frame t and a global
audio embedding aIB

g :

AVHScore(g) =
1

Tg

Tg∑
t=1

cos
(
vIB
g,t, a

IB
g

)
,

AVHScore =
1

|G|
∑
g∈G

AVHScore(g).

(55)

C.4. Temporal Synchrony
AV-Align (higher is better). AV-Align measures the tempo-
ral synchrony between audio energy peaks and video motion peaks
using Intersection-over-Union (IoU). For each sample g ∈ G:
1. Audio Peak Detection: Extract audio energy peaks Pa =

{ta,1, ta,2, ..., ta,K} (timestamp set) via audio energy analysis.
2. Video Peak Detection: Extract video frames, compute optical

flow trajectories to measure motion intensity, and detect motion
peaks Pv = {tv,1, tv,2, ..., tv,L} (timestamp set).

3. IoU Calculation: Convert timestamps to frame indices using
the video FPS, then compute the IoU of Pa and Pv:

AV-Align(g) =
|Pa ∩ Pv|
|Pa ∪ Pv|

, (56)

where | · | denotes the cardinality of the set.
The dataset-level AV-Align is the mean over all samples g ∈ G:

AV-Align =
1

|G|
∑
g∈G

AV-Align(g). (57)

JavisScore (higher is better) proposed by JavisBench.
This metric evaluates audio-video temporal synchronization by
partitioning video and audio into overlapping windows. Its core
idea is to compute frame-wise similarity between visual embed-
dings of video window frames and audio embeddings of corre-
sponding audio windows (both extracted via ImageBind), then av-
erage the bottom fraction of similarity scores per window to em-
phasize synchronization robustness. All parameter settings follow
JavisBench [25] for consistency with prior work.

D. Case Study
We provide additional qualitative examples in Fig. 5. Across both
backbone variants and datasets, the adapted models exhibit good
synchrony and consistently produce promising generation results.
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Figure 5. Case Studies. The top-left example is generated by the Wan-adapted model trained and evaluated on the Landscape dataset,
while the remaining three examples are produced by the SD3-adapted models trained and evaluated on AVSync15. Each panel shows
uniformly sampled video frames (six per sample), the corresponding waveform, and an 0-10 kHz log-mel spectrogram. The four cases
illustrate distinct acoustic events: rain, gunshots, rooster crowing, and cello play (ordered left-to-right, top-to-bottom).

E. Discussion and Future Directions

While our framework demonstrates encouraging performance,
several limitations remain and point toward promising avenues for
future work. First, even when reusing a pretrained T2V backbone,
the introduction of audio blocks and omni-blocks substantially in-
creases the number of trainable layers. Achieving strong perfor-
mance therefore requires extensive optimization, and the omni-
blocks in particular must still be trained from scratch. This poses
non-trivial demands on both dataset size and computational re-
sources, especially when compared with dual-backbone adaptation
strategies explored in prior work. Nonetheless, we believe that
an end-to-end trainable paradigm remains fundamentally more
promising. In contrast, adapting to heterogeneous pretrained back-
bones often introduces significant engineering overhead and limits
generalizability across architectures.

Second, fine-grained tri-modal fusion depends not only on the
quality of audio–video training data but also heavily on the re-
liability of textual captions. Misalignment between the caption
and the underlying audio–video content can hinder model train-
ing and degrade synchronization performance. In our experi-
ments, we observed that existing open-source caption-generation
pipelines—such as the HVGC framework [10], which relies on
VLMs and LLMs with prompt engineering—often infer audio
descriptions solely from the visual modality. This introduces
an intrinsic modality mismatch and may inadvertently propagate
audio–video desynchronization into the supervision signal. Fu-
ture work will explore more compute-efficient training strategies,
such as parameter-efficient tri-modal adaptation or layer-sharing

schemes across modalities, as well as improved approaches for
constructing and leveraging text captions. In particular, jointly
grounded captioning pipelines that integrate audio, video, and lan-
guage signals hold strong potential for reducing annotation noise
and strengthening tri-modal alignment.

Finally, reliable and universally accepted metrics for au-
dio–video synchrony remain lacking. Recent analyses from Jav-
isBench [25], for example, suggest that AV-Align [48] can be un-
stable or misleading under complex motion patterns, overlapping
acoustic events, or non-stationary backgrounds. This limitation is
especially critical for tri-modal generation: without a trustworthy
synchrony metric, it is difficult to systematically compare models,
guide architectural choices, or perform principled hyperparame-
ter tuning. Developing principled quantitative metrics that faith-
fully capture perceptual audio–video synchronization is therefore
an important direction for future research.
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