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Abstract

We present daVinci-MagiHuman, an open-source audio-video generative foundation model for human-
centric generation. daVinci-MagiHuman jointly generates synchronized video and audio using a single-
stream Transformer that processes text, video, and audio within a unified token sequence via self-attention
only. This single-stream design avoids the complexity of multi-stream or cross-attention architectures while
remaining easy to optimize with standard training and inference infrastructure. The model is particularly
strong in human-centric scenarios, producing expressive facial performance, natural speech-expression
coordination, realistic body motion, and precise audio-video synchronization. It supports multilingual
spoken generation across Chinese (Mandarin and Cantonese), English, Japanese, Korean, German, and
French. For efficient inference, we combine the single-stream backbone with model distillation, latent-
space super-resolution, and a Turbo VAE decoder, enabling generation of a 5-second 256p video in 2
seconds on a single H100 GPU. In automatic evaluation, daVinci-MagiHuman achieves the highest visual
quality and text alignment among leading open models, along with the lowest word error rate (14.60%) for
speech intelligibility. In pairwise human evaluation, it achieves win rates of 80.0% against Ovi 1.1 and
60.9% against LTX 2.3 over 2,000 comparisons. We open-source the complete model stack, including the
base model, the distilled model, the super-resolution model, and the inference codebase.

Figure 1: Examples of videos generated by daVinci-MagiHuman
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1 Introduction

Video generation has advanced rapidly in recent years, and the frontier is now shifting from silent video synthesis
to the joint generation of synchronized video and audio. Although closed-source models such as Veo 3 (Google
DeepMind, 2025), Sora 2 (OpenAl, 2025), and Kling 3.0 (Kuaishou Technology, 2026) have shown impressive
capabilities, open-source progress (e.g. Ovi (Low et al., 2025), LTX-2 (HaCohen et al., 2026)) in this direction
remains limited. In particular, it remains challenging to build an open model that combines strong generation
quality, multilingual support, and inference efficiency with a simple and scalable architecture.

In this report, we present daVinci-MagiHuman, an open-source audio-video generation model built to address
these challenges. While leading open-source models (HaCohen et al., 2026; Wan et al., 2025; Low et al., 2025;
Team et al., 2026) typically rely on heavily specialized multi-stream designs, our model adopts a single-stream
Transformer that models text, video, and audio within a shared-weight backbone. This design is simple at the model
architectural level and easy to optimize jointly with training and inference infrastructure, making it better suited for
future research and community development.

daVinci-MagiHuman is particularly strong in human-centric generation. The model performs especially well
in scenarios that require expressive character acting, natural coordination between voice and facial expression,
realistic body movement, and accurate audio-video synchronization. It also generalizes well across languages,
delivering strong performance in Chinese (Mandarin and Cantonese), English, Japanese, Korean, German, and
French, with support for additional languages beyond these major ones.

daVinci-MagiHuman is also designed for fast inference. The single-stream architecture is both hardware-friendly
and infrastructure-friendly, making inference optimization significantly easier. In addition, we accelerate generation
with latent-space super-resolution, which reduces the computation required for high-resolution video generation.
As a result, our distilled model can generate a 5-second 256p video in 2 seconds and a 5-second 1080p video in 38
seconds on a single H100 GPU. These results make the model suitable not only for offline content creation, but also
for latency-sensitive interactive applications.

To support future research and development, we fully open-source the complete model stack, including the
base model, the distilled model, the super-resolution model, and the inference codebase. We hope this release can
provide the community with a practical and extensible foundation for future work on audio-video generation.

Overall, daVinci-MagiHuman provides a strong open-source foundation for audio-video generation by combining
architectural simplicity, strong human-centric quality, multilingual capability, and fast inference. Its main highlights
are as follows:

Simple single-stream architecture A single-stream Transformer for text, video, and audio, avoiding the com-
plexity of heavily specialized multi-stream architectures while remaining easy to optimize together with training
and inference infrastructure.

Strong human-centric generation quality Particularly strong results in expressive human generation, including
natural emotion, speech-expression coordination, facial performance, body motion, and audio-video synchroniza-
tion.

Broad multilingual capability Strong spoken audio-video generation across multiple languages, including
Chinese (Mandarin and Cantonese), English, Japanese, Korean, German, and French, with support for additional
languages beyond these major ones.

Fast inference Efficient generation enabled by the single-stream backbone, latent-space super-resolution, and
inference-level optimization.

Fully open-source release The complete model stack is released, including the diffusion model, the super-
resolution model, and the inference codebase.

2 Methodology

daVinci-MagiHuman is designed to balance architectural simplicity, strong generation quality, and fast inference.
To achieve this, we build the model around several key design choices. In this section, we describe the main
techniques behind the system.

Single-Stream Transformer Recent open-source video generation models (Wan et al., 2025; Kong et al., 2024)
commonly adopt dual-stream architectures, where tokens from text and video are processed by partially separate
branches and fused through cross-attention or other dedicated modules.

In audio-video generation (HaCohen et al., 2026; Low et al., 2025), this design trend becomes even stronger,
since the model must handle video and audio signals with different temporal structures and semantic patterns. As a
result, many models adopt separate pathways for video and audio, dedicated fusion blocks, or modality-specific
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Figure 2: Overall architecture. (a) The base generator takes text tokens, a reference image latent, and noisy video
and audio tokens as input, and jointly denoises the video and audio tokens with a single-stream Transformer. All
modalities are processed within a unified token sequence using self-attention only, without separate cross-attention
or fusion modules. A latent-space super-resolution stage can be further applied to refine the generated video at
higher output resolutions. (b) The single-stream Transformer adopts a sandwich architecture layout: the first and
last 4 layers use modality-specific projections and normalization parameters, while the middle 32 layers share
the main Transformer parameters across modalities. Each block uses per-head gating in attention, and the model
contains no explicit timestep embedding.

alignment modules. While such designs can be useful, they also make the overall architecture substantially more
complex. This added complexity creates practical challenges beyond model design: multi-stream architectures
introduce more irregular computation patterns, making implementation and optimization much harder in practice.

To address these issues, we adopt a single-stream Transformer architecture. Instead of maintaining separate
pathways for different modalities, we represent text, video, and audio tokens within a shared backbone and model
them using a unified stack of self-attention layers. This design keeps the architecture simple, reduces engineering
complexity, and is easier to optimize jointly at both the model and infrastructure levels.

Figure 2(b) illustrates the core architecture. Our model uses a 15B-parameter, 40-layer single-stream Transformer
backbone that jointly denoises video and audio at every step. Several design choices are central to its simplicity and
effectiveness:

* Sandwich Architecture Layout. The 40-layer Transformer is not fully homogeneous. The first and last 4
layers use modality-specific projections and RMSNorm parameters, while the middle 32 layers share the main
Transformer parameters across modalities. This sandwich-style layout preserves modality-sensitive processing
near the input and output boundaries while keeping most computation in a common representation space for
deep multimodal fusion.

* Timestep-Free Denoising. Unlike original DiT architectures (Peebles and Xie, 2023) that inject diffusion
timestep information through explicit timestep embeddings or AdaLN conditioning, our denoiser contains
no dedicated timestep pathway. Following recent observations in (Sun et al., 2025; Tang et al., 2025), the
model receives the current noisy video and audio latents and infers the denoising state directly from the inputs
themselves.

* Per-Head Gating. In each attention block, we follow the recent practice in large language models (LLMs) (Qiu
et al., 2025) of introducing an additional scalar gate for every attention head and use a sigmoid to modulate
the attention output before the output projection. Concretely, if o5, denotes the output of the h-th attention
head and gy, is the corresponding learned gate, the gated output is

on = o(gn) on,
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This mechanism is introduced to improve numerical stability during training and to enhance model repre-
sentability, while adding only minimal architectural overhead.

¢ Unified Conditioning Without Extra Modules. We handle denoising and reference signals with a minimal
unified interface rather than introducing dedicated conditioning branches. Denoising video and audio tokens,
together with text and optional image conditions, are all represented in the same latent/token space and
processed by the same model. This design allows us to support multiple conditioning and generation settings
with a simple shared architecture instead of task-specific fusion modules.

Efficient Inference Techniques Beyond the single-stream backbone itself, we improve inference efficiency with
several complementary techniques: latent-space super-resolution, a turbo video decoder, full-graph compilation and
distillation.

3

» Latent-Space Super-Resolution. Directly generating high-resolution video from scratch remains expensive
because the video token count grows quickly with spatial resolution. To reduce this cost, we adopt a two-stage
pipeline: the base model first generates video and audio latents at a lower base resolution, and a super-
resolution stage then refines the result at higher resolution. We perform this refinement in latent space rather
than pixel space because it stays aligned with the native diffusion representation, reuses the same overall
backbone architecture, and avoids an extra VAE decode-and-encode round trip. Concretely, we upsample the
video latent with trilinear interpolation, inject additional noise, and refine it with only 5 extra denoising steps
using a dedicated super-resolution checkpoint. In the 1080p setting, the super-resolution model additionally
enables local attention in many layers to control high-resolution attention cost. Although the stage is primarily
designed to improve the video output, it still takes audio latent tokens as input and predicts video and audio
jointly within the same backbone. In practice, only the video latent is explicitly updated during the super-
resolution sampling step, while the audio latent from the base stage is reused in a noised form as auxiliary
input. This design keeps the refinement process coupled to the audio signal, which is especially useful when
the base-resolution video is very coarse and lip synchronization would otherwise be harder to preserve.

Turbo VAE Decoder. We use Wan2.2 VAE (Wan Team, 2025) for encoding because of its high spatial-temporal
compression ratio, while replacing the original video decoder at inference time with a lightweight re-trained
Turbo VAE decoder (Zou et al., 2026). This substantially reduces decoding overhead and is important because
decoding lies on the critical path of both the base generator and the super-resolution pipeline.

L]

Full-Graph Compilation. We further integrate MagiCompiler, our full-graph PyTorch compiler, into the
inference stack. By fusing operators across Transformer layer boundaries and consolidating distributed
communication into fewer collective calls, it provides around 1.2x speedup on H100.

Distillation. To reduce cost in inference, we apply DMD-2 (Yin et al., 2024) to distill the base generator. As a
result, the distilled model can generate with only 8 denoising steps without CFG, while maintaining strong
generation quality. Unless otherwise specified, the latency numbers reported in Section 3 use this distilled
model.

Evaluation

We compare daVinci-MagiHuman with two leading open-source baselines, Ovi 1.1 (Low et al., 2025) and
LTX 2.3 (HaCohen et al., 2026). Our evaluation covers three aspects: automatic quality metrics, pairwise
human preference, and inference efficiency.

Table 1: Quantitative Analysis of Ovi-1.1, LTX-2.3, and daVinci-MagiHuman.

VIDEO QUALITY SCORE AUDIO QUALITY SCORE
Model Visual Quality © Text Alignment 1 Physical Consistency 1 WER |
OVI 1.1 4.73 4.10 441 40.45%
LTX 2.3 4.76 4.12 4.56 19.23%
daVinci-MagiHuman 4.80 4.18 4.52 14.60 %
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Quantitative Quality Benchmark We first report quantitative quality results against Ovi 1.1 and LTX 2.3. For
video quality, we evaluate on VerseBench (Wang et al., 2025) and adopt VideoScore2 (He et al., 2025) to measure
visual quality, text alignment, and physical consistency. For audio quality, we evaluate speech intelligibility on
TalkVid-Bench (Chen et al., 2025) using word error rate (WER), where lower is better. All generated audio is
transcribed by GLM-ASR (Z.Al, 2025). For CJK languages, we compute WER at the character level to avoid
inconsistencies from word segmentation.

As shown in Table 1, daVinci-MagiHuman achieves the best visual quality and text alignment scores among
the compared models, while also obtaining the lowest WER of 14.60%. This substantially outperforms Ovi 1.1
(40.45%) and also improves over LTX 2.3 (19.23%). LTX 2.3 performs best on physical consistency, but daVinci-
MagiHuman remains competitive on this metric and achieves the strongest overall balance across visual and audio
quality.

Table 2: Time breakdown (in seconds) for generating a 5-second video at different resolutions. All results are
measured on a single H100 GPU. The base stage uses the distilled model, and all decode times are measured with
the Turbo VAE decoder.

Resolution Base SR Decode Total

256p 1.6 - 0.4 2.0
540p 1.6 5.1 1.3 8.0
1080p 1.6 31.0 5.8 384

Human Evaluation We further conduct a pairwise human evaluation against two open-source audio-video
models: Ovi 1.1 (Low et al., 2025) and LTX 2.3 (HaCohen et al., 2026). A total of 10 human raters each judge 200
randomized pairs, including 100 comparisons against each competitor, for a total of 2,000 comparisons. Raters
select the preferred clip or declare a tie based on overall audio-video quality, synchronization, and naturalness.

|
vs Ovi 1.1 - 80.0% 8.2% kR

vs LTX 2.3 60.9% 17.2%
i
0 20 40 60 80 100
Percentage (%)
I daVinci-MagiHuman Win Tie I Opponent Win

Figure 3: Human evaluation results. Pairwise preference rates of daVinci-MagiHuman against two open-source
audio-video generation models, aggregated over 10 raters and 2,000 comparisons.

As shown in Figure 3, daVinci-MagiHuman is consistently preferred over both baselines, achieving win rates
of 80.0% against Ovi 1.1 and 60.9% against LTX 2.3. The corresponding opponent win rates are 11.8% and
21.9%, with tie rates of 8.2% and 17.2%, respectively. Overall, these results indicate a clear human preference for
daVinci-MagiHuman across the tested pairwise comparisons.

Inference Efficiency We finally evaluate inference efficiency from the end-to-end latency perspective. Table 2
provides a stage-wise breakdown on a single H100 GPU. In these measurements, the base stage always runs at
256p using the distilled model, while higher output resolutions are obtained through the super-resolution stage and
decoding is performed with the Turbo VAE decoder. As a result, the base-stage latency remains constant across
output resolutions, and the additional cost at higher resolutions is dominated by super-resolution and decoding.
Even so, the entire pipeline takes only 38.4 seconds to produce a 5-second 1080p video.
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