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Figure 1. (a) Overview of AudioX, illustrating its capabilities across various tasks. (b) Radar chart comparing the performance of different
methods across multiple benchmarks. AudioX demonstrates superior Inception Scores (IS) across a diverse set of datasets in audio and
music generation tasks.

Abstract

Audio and music generation have emerged as crucial
tasks in many applications, yet existing approaches face sig-
nificant limitations: they operate in isolation without uni-
fied capabilities across modalities, suffer from scarce high-
quality, multi-modal training data, and struggle to effec-
tively integrate diverse inputs. In this work, we propose Au-
dioX1, a unified Diffusion Transformer model for Anything-
to-Audio and Music Generation. Unlike previous domain-
specific models, AudioX can generate both general audio
and music with high quality, while offering flexible natu-
ral language control and seamless processing of various

1Work in progress

modalities including text, video, image, music, and audio.
Its key innovation is a multi-modal masked training strategy
that masks inputs across modalities and forces the model to
learn from masked inputs, yielding robust and unified cross-
modal representations. To address data scarcity, we curate
two comprehensive datasets: vggsound-caps with 190K au-
dio captions based on the VGGSound dataset, and V2M-
caps with 6 million music captions derived from the V2M
dataset. Extensive experiments demonstrate that AudioX
not only matches or outperforms state-of-the-art specialized
models, but also offers remarkable versatility in handling
diverse input modalities and generation tasks within a uni-
fied architecture. The code and datasets will be available at
https://zeyuet.github.io/AudioX/.
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1. Introduction
In recent years, audio generation, especially for sound ef-
fects and music, has emerged as crucial elements in multi-
media creation, showing practical values in enhancing user
experiences across a wide range of applications. For ex-
ample, in social media, film production, and video games,
sound effects and music significantly intensify emotional
resonance and engagement with the audience. The ability
to create high-quality audio not only enriches multimedia
content but also opens up new avenues for creative expres-
sion.

However, the manual production of audio is time-
consuming and needs specialized skills. This presents a
compelling research opportunity to automate audio gener-
ation. As such, some notable advancements [11, 34, 40, 46,
59] have been made in audio generation. Lots of works are
able to generate audio only from single-modal conditions
e.g., text [34, 40, 42], video [45, 65], etc., while some pi-
oneers [50, 70] manage to accommodate multi-modal con-
ditions in audio generation, which, however, lacks the flex-
ibility to arbitrarily combine different modalities of input.
In addition, some of expert models [7, 11, 12, 59, 68] solely
focus on generating sound effects or music and fail to meet
diverse demands in generation. Generally, these works ei-
ther limit their input or output domains, significantly posing
a negative impact on practical values.

One major factor behind these limitations is the scarcity
of high-quality multi-modal data. Existing datasets tend to
focus on a single modality paired with audio: for instance,
WavCaps [47] and AudioCaps [32] offer only text condi-
tions, while VGGSound [5], AudioSet [18], and V2M [59]
provide primarily video conditions. This narrow focus lim-
its the diversity of training data and hinders the development
of models that seamlessly integrate multiple modalities.

To this end, we propose a unified framework termed
AudioX for anything-to-audio generation, complemented
by two extensive multi-modal datasets: vggsound-caps,
which contains 190K audio captions derived from the VG-
GSound [5] dataset, and V2M-caps, comprising 6 million
music captions based on the V2M [59] dataset. These
datasets serve as a rich foundation for our approach. On
the one hand, our framework is able to accommodate multi-
modal conditions, i.e., text, video, image and audio. These
conditions can be flexibly combined to generate audio and
support a variety of tasks. On the other hand, our frame-
work is trained on a large-scale dataset collected across var-
ious audio domains, which aims to generate different genres
of audio including sound effects, music, etc. Consequently,
AudioX enables a wide range of tasks as shown in Fig. 1,
including text-to-audio generation, video-to-audio genera-
tion, text-guided audio inpainting, text-guided music com-
pletion, etc.

We observe that Transformer-based works [38, 41, 63,

69] have effectively tackled multi-modal alignment, and we
build on this success by incorporating Transformer-based
methods into our framework for multi-modal condition han-
dling. Furthermore, diffusion models have increasingly be-
come leading-edge techniques in the field of high-quality
audio and music generation [15, 16, 40, 46], outperform-
ing next-token prediction in terms of audio fidelity [15, 46].
Therefore, we mainly build on Diffusion Transformer (DiT)
to unify multi-modal conditions and generate high-fidelity
audio, which are expected to integrate both advantages of
transformers and diffusion models. To further enhance
multi-modal representation learning and alignment, we ex-
plore a multi-modal masking strategy to force the model to
learn from masked input conditions, which evidently boost
the performance for multi-modal audio generation.

In summary, the main contributions of this work are as
follows:
• We propose AudioX, a unified DiT framework accom-

panied by two comprehensive caption datasets, to over-
come the limitations of constrained inputs and outputs.
The proposed framework supports audio and music gen-
eration from varied multi-modal conditions, contributing
to a new insight of studying generalist models for audio
generation.

• We explore the impacts of different masking strategies in
multi-modal audio generation. We find directly masking
on the inputs instead of feature embeddings can enhance
model’s capability of cross-modal presentation learning
and boost the performance on various metrics.

• We categorize task types based on inputs and systemati-
cally benchmark various state-of-the-art methods on dif-
ferent tasks. Our extensive experiments demonstrate the
effectiveness of our approach, achieving state-of-the-art
results.

2. Related Work

2.1. Diffusion models

Denoising diffusion models [27, 57] perturb data with
Gaussian noise and reverse the process to recover the orig-
inal data, establishing a powerful framework for genera-
tive modeling. These models have achieved remarkable
success across various domains, including image genera-
tion [3, 54, 55], video generation [6, 21, 23, 28], and au-
dio generation [15, 30, 40, 42, 43, 51]. Despite these ad-
vancements, existing diffusion-based approaches have pri-
marily focused on tasks such as text-to-audio or video-to-
audio generation [40, 43], where the input modality is often
constrained to a single condition. While these works high-
light the adaptability of diffusion models, they fall short in
addressing more generalized any-to-audio or any-to-music
generation scenarios, where the input can originate from
multiple modalities, such as text, image, or video. To bridge
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this gap, our approach leverages diffusion models for multi-
condition any-to-audio and music generation. Unlike prior
works that often target specific modalities or tasks, our
framework is designed to handle diverse input types, offer-
ing a more flexible and universal solution.

2.2. Audio and music generation

Recent advances in deep generative models have greatly
broadened the scope of audio and music synthesis. How-
ever, most existing methods remain confined to a single
modality or support only limited types of conditioning.
For instance, text-to-audio approaches [15, 16, 19, 34, 40,
46] focus on generating diverse soundscapes from textual
prompts, while text-to-music systems [11, 19, 40, 42, 66,
72] specialize in composing coherent musical pieces. Sepa-
rate lines of work tackle tasks like audio inpainting [40, 42],
primarily with text conditioning. Meanwhile, video-to-
audio methods [45, 62, 65, 70] typically generate foley or
environmental sounds synchronized to visual cues. Some
of these also incorporate text for additional context, thereby
bridging visual and textual modalities. Beyond sound ef-
fects, video-to-music approaches [14, 31, 35–37, 39, 44, 59]
align musical compositions with the visual content to en-
hance narrative depth in multimedia applications. Despite
these advances, current frameworks often specialize in only
one modality or rely on a limited set of input conditions,
hindering multi-task adaptation and restricting the ability to
scale or transfer knowledge across related tasks. In contrast,
our unified approach supports both audio and music gener-
ation for a broad range of input conditions—including text,
image, video, and audio—all within a single framework.

2.3. Mask strategy in different modalities

Masking strategies, first popularized in language model-
ing with BERT [13], have shown promise across diverse
modalities. In vision, masked autoencoders [22] use patch-
based masking to learn robust representations, while Au-
dioMAE [29] focuses on masked spectrogram reconstruc-
tion in audio. Similarly, VideoMAE [61] extends this
idea to video by masking spatiotemporal patches. Mean-
while, approaches like [4, 10, 17, 67] have explored masked
strategies in video, image, audio, and music. Although
some recent works in cross-modal audio generation [7, 49]
adopt masking strategies, they typically use feature mask-
ing, which risks information leakage as bidirectional en-
coders may access global context. In contrast, input mask-
ing removes parts of the original signal entirely, increasing
task difficulty and leading to more robust generative mod-
els. Building on these insights, our framework employs in-
put masking across multiple modalities for improved align-
ment and generation performance.

Qwen2Audio

railroad car, train wagon
The sound is from a train moving 
on railroad tracks passing by 
and whistles blowing.

Audio caption Please coherently describe the 
content of the audio based on 
the given key words {Keywords}.

Qwen2Audio

Music caption Please describe the genre, 
instruments, mood, and BPM 
of the music segment.

Instrumental pop with 
synthesized piano, happy mood, 
80 BPM tempo.

Figure 2. Overview of the automated caption generation pipeline.
For each video-audio clip (top), Qwen2-Audio uses dataset-
provided keywords to produce an audio caption. For each video-
music pair (bottom), it describes key attributes (e.g. genre, instru-
ments, mood, tempo) to form a music caption.

3. Dataset

3.1. Dataset sources
To train and evaluate our unified model, we have con-
structed a diverse set of datasets tailored for various tasks.
An overview of the datasets we utilize is provided in Ta-
ble A1 in the Appendix. Specifically, for audio genera-
tion, we collect datasets including AudioCaps [32], Wav-
Caps [47], VGGSound [5], AudioSet Strong [25], Greatest
Hits [48], and AVVP [58]. For music generation, we collect
V2M [59], MusicCaps [1], and additionally utilize some of
our proprietary text-music pair data.

3.2. Dataset process
One limitation with the collected datasets is that they pri-
marily consist of single-modality pairs with audio. For in-
stance, datasets like VGGSound, AudioSet Strong, Great-
est Hits, and V2M contain only video-audio or video-music
pairs, while AudioCaps, Wavcaps, and MUCaps are lim-
ited to text-audio pairs. This limitation hinders the training
and evaluation of our multi-condition model. To augment
the existing datasets with additional modalities and enable
the training of our unified model, we annotate the audio in
video datasets to generate text descriptions. Specifically, we
employ Qwen2-Audio [9] to generate captions for the audio
and music in these video-pair datasets.

For each 10-second video-audio clip from datasets [5,
25, 48, 58], we combine keywords from the original
datasets, prompting the caption model to generate audio
captions. For each video-music pair in V2M [59], Qwen2-
Audio is used to describe the genre, instruments, mood, and
tempo of each 10-second music segment, which are essen-
tial attributes for music description. The prompt templates
are provided in Fig. 2.

Ultimately, we generate comprehensive audio and mu-

3



sic captions for around 260K and 5.7M 10-second video-
audio and video-music pairs, respectively. The details of
the dataset are presented in Table A2 in the Appendix. We
will open-source all the caption data.

4. Method
4.1. Overview
As illustrated in Fig. 3, AudioX integrates specialized en-
coders for video, text, and audio with a DiT model to gen-
erate high-quality audio or music. Given video Xv, text
Xt, and audio Xa, the process starts by randomly masking
each modality—specifically, a subset of image patches from
video frames, textual tokens, and audio segments. This
strategy aims to encourage robust cross-modal interactions
and enhance representation learning. For images, we treat
them as static video sequences by padding frames, ensuring
consistent handling of visual data.

Next, each modality is passed through its correspond-
ing encoder and a dedicated projection module to extract
domain-specific features. The visual projection leverages a
temporal transformer followed by a linear layer to capture
temporal patterns, while both text and audio projections use
linear transformations for dimensional alignment. This pro-
cess produces three embeddings, Hv, Ht, and Ha, which
are concatenated to form a multi-modal condition embed-
ding:

Hc = Concat(Hv,Ht,Ha). (1)

Along with a diffusion timestep t, this condition embed-
ding is fed into a latent-based DiT model for audio and mu-
sic synthesis. The diffusion process is detailed in Sec. 4.2.
By jointly leveraging visual, textual, and audio cues, Au-
dioX achieves flexible and high-fidelity anything-to-audio
and music generation.

4.2. Training
The objective of the training process is to effectively inte-
grate multi-modal inputs and optimize the DiT model for
generating high-quality audio or music through a robust dif-
fusion and denoising framework. The details of the train-
ing data are provided in Table A1 in the Appendix. During
training, for each pair (Xv, Xt, Xa | A), where A is the
ground truth we aim to generate, if the pair lacks video or
audio modality input, we use zero-padding to fill the miss-
ing modality. If it lacks text modality input, we substitute
with natural language descriptions, such as “Generate music
for the video.” for the video-to-music generation task. For
the tasks of audio inpainting and music completion, where
the audio modality input is required, Xa equals A for audio
inpainting, where the model uses the masked audio input to
inpaint the masked sections. For music completion, Xa is
the preceding music segment of A, and the model aims to
generate the subsequent music segment of Xa.

Diffusion process. The DiT model processes the multi-
modal embedding Hc in the latent space through a denois-
ing diffusion process. Initially, the ground truth A is en-
coded using an encoder E , which projects A into the la-
tent space, yielding the latent representation z = E(A). The
data then undergoes a forward diffusion process, producing
noisy latent states at each timestep t.

The forward diffusion is defined as a Markov process
over T timesteps, where the latent state at timestep t is pro-
duced based on the latent state at t− 1:

q(zt|zt−1) = N (zt;
√
1− βtzt−1, βtI), (2)

where βt represents the predefined variance at timestep t,
and N denotes a Gaussian distribution. The forward diffu-
sion process gradually adds noise to the latent state.

The reverse denoising process involves training a trans-
former network ϵθ to gradually remove noise at each
timestep and reconstruct the clean data. The reverse pro-
cess is modeled as follows:

pθ (zt−1|zt) = N (zt−1;µθ (zt, t,Hc) ,Σθ (zt, t,Hc)) ,
(3)

where µθ and Σθ are the predicted mean and covariance of
the reverse diffusion, conditioned on zt, t, and Hc. These
parameters define the Gaussian distribution from which
zt−1 is sampled.

The denoiser network ϵθ takes as input the noisy latent
state zt, timestep t, and the multi-modal condition embed-
ding Hc. The goal is to minimize the noise estimation error
at each timestep, which is formulated as:

min
θ

Et,zt,ϵ ∥ϵ− ϵθ (zt, t,Hc)∥22 , (4)

where ϵ is the simulated noise at timestep t, and
ϵθ(zt, t,Hc) is the predicted noise from the model. The
training objective is to minimize the mean squared er-
ror between the simulated and predicted noise across all
timesteps.

By training the DiT model in this manner, we effectively
unify multi-modal inputs into a latent space, enabling the
generation of high-quality audio or music that is coherent
and aligned with the input conditions.

5. Experiments
In this section, we provide the implementation details of
our experiments and conduct extensive evaluations. These
assessments comprehensively measure the effectiveness of
our proposed method from both subjective and objective
viewpoints. The evaluations aim to offer valuable insights
into the generation of audio and music from various inputs.

5.1. Implementation details
We train our model to generate 10-second audio or music
outputs conditioned on multi-modal inputs. For encoding
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Figure 3. The AudioX Framework. This figure depicts the AudioX framework, which employs specialized encoders and a DiT-based
approach with input masking to generate high-quality audio, unifying diverse input modalities for comprehensive audio and music creation.

the visual features, we use CLIP-ViT-B/32 [52], extracting
video frame features at a rate of 5 frames per second. The
text inputs are encoded using T5-base [53], while the audio
is encoded and decoded using an audio Autoencoder [16].
The model has a total of 2.4B parameters (1.1B trainable).
The DiT model, consisting of 24 layers, uses a pretrained
model from [16].

The training process uses the AdamW optimizer with a
base learning rate of 1e-5, weight decay of 0.001, and a
learning rate scheduler incorporating exponential ramp-up
and decay phases. To improve inference stability, we main-
tain an exponential moving average of the model weights.
Mask ratios are set to 0.6 for video, 0.2 for text, and 0.6 for
audio. Training is conducted on three clusters of NVIDIA
H800 GPUs, each with 80GB of memory, requiring approx-
imately 3.2k GPU hours in total. The batch size is set to 96.
During inference, we perform 250 steps using classifier-free
guidance with a scale of 7.0.

5.2. Evaluation metrics
To quantitatively evaluate our model, we use several met-
rics: Kullback-Leibler Divergence (KL) for acoustic simi-
larity, Inception Score (IS) for evaluating both the quality
and diversity of the generated audio, Frechet Distance (FD)
using PANNs [33] and Frechet Audio Distance (FAD) [26]
using VGGish [24] for assessing audio quality and simi-
larity, Production Complexity (PC) and Production Quality
(PQ) [60] for audio aesthetics assessment, and Alignment
(Align.) for evaluating semantic alignment between input
and generated audio. For Align., we use CLAP [64] score
when the input is text and Imagebind AV score (IB) [20]
when the input is video, both calculated using cosine sim-
ilarity. For subjective evaluation, we hire 10 professional
users to rate the quality of the generated audio and music.

Following [34, 40], we use overall quality score (OVL) and
relevance to the input (REL) between 1 and 100.

5.3. Main results
Our model supports a wide range of tasks, generating audio
or music from any combination of video, text, and audio in-
puts. The main results of our method, compared with other
state-of-the-art (SOTA) methods [8, 11, 14, 16, 19, 31, 34,
40, 42, 44–46, 56, 59, 62, 65, 70, 71], are presented in Ta-
bles 1, 2, 3, and 4. It is evident from the tables that our
model achieves SOTA performance across most metrics in
all supported tasks.
Audio generation. The results of our audio generation are
shown in Table 1, which includes the outcomes of generat-
ing audio or music from any combination of video and text
modalities. The upper part of the table presents the audio
generation tasks, while the lower part displays the music
generation tasks.

For text-to-audio generation, we evaluate on the Audio-
Caps [32] and VGGSound [5] datasets. On AudioCaps, our
model achieves SOTA performance, while on VGGSound,
the advantage is even more pronounced. This demon-
strates that our model is a powerful text-to-audio genera-
tor. Furthermore, both our model and baseline results on
VGGSound confirm the effectiveness of our curated cap-
tion data. For video-to-audio generation, we experiment on
VGGSound and AVVP [58], AVVP is an out-of-domain test
dataset for all methods. Our model achieves results com-
parable to SOTA on both VGGSound and AVVP, proving
that it is not only a strong video-to-audio generator but also
exhibits excellent generalization on out-of-domain datasets.
For audio generation conditioned on both text and video, we
benchmark against the strong baselines FoleyCrafter [70]
and MMAudio [8], achieving results that are comparable to
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Dataset Method Task KL ↓ IS ↑ FD ↓ FAD ↓ PC ↑ PQ ↑ Align.↑

AudioCaps

AudioGen [34] T2A 1.39 10.22 13.29 1.72 3.26 5.25 0.27
AudioLDM-L-Full [40] T2A 2.00 6.51 37.27 8.37 2.82 5.67 0.20
AudioLDM-2-Large [42] T2A 1.49 8.46 26.34 1.97 2.86 5.77 0.22
Tango 2 [46] T2A 1.11 10.37 12.22 3.20 3.63 5.82 0.36
Stable Audio Open [16] T2A 2.01 10.37 29.01 3.15 2.77 6.16 0.21
MAGNET-large [71] T2A 1.62 7.46 24.88 2.99 3.25 5.15 0.15
MMAudio [8] T2A 1.35 12.03 12.63 4.71 3.06 5.64 0.30
AudioX T2A 1.34 12.09 11.83 1.86 3.37 5.73 0.28

VGGSound

AudioGen [34] T2A 2.16 11.09 15.94 2.48 3.30 5.45 0.29
AudioLDM-L-Full [40] T2A 2.41 6.52 31.15 7.05 2.93 5.99 0.27
AudioLDM-2-Large [42] T2A 2.10 13.86 16.32 2.05 2.95 6.35 0.30
Tango 2 [46] T2A 2.31 10.00 22.96 3.47 3.93 5.99 0.29
Stable Audio Open [16] T2A 2.36 14.45 26.00 2.60 2.64 6.53 0.33
MAGNET-large [71] T2A 2.03 8.53 22.17 2.74 3.65 5.25 0.26
MMAudio [8] T2A 2.17 17.83 11.52 2.50 3.02 6.12 0.32
AudioX T2A 1.79 20.27 9.84 1.31 3.33 6.24 0.33
Seeing&Hearing [65] V2A 2.58 5.15 27.21 5.23 3.42 5.33 0.36
FoleyCrafter [70] V2A 2.39 8.70 17.68 2.23 3.31 5.99 0.27
Diff-Foley [45] V2A 3.01 8.35 56.54 5.89 2.57 5.85 0.20
FRIEREN [62] V2A 2.58 6.91 50.88 3.13 2.98 6.06 0.20
MMAudio [8] V2A 1.97 14.95 6.18 2.04 3.38 5.91 0.35
AudioX V2A 2.57 12.16 8.83 1.13 3.51 6.11 0.26
FoleyCrafter [70] TV2A 1.94 11.32 19.16 2.13 3.38 6.06 0.26
MMAudio [8] TV2A 1.51 17.79 6.60 2.20 3.31 5.99 0.33
AudioX TV2A 1.56 17.89 7.58 1.10 3.46 6.21 0.26

AVVP

Seeing&Hearing [65] V2A 2.30 4.02 40.38 8.66 3.64 5.16 0.35
FoleyCrafter [70] V2A 2.13 6.46 28.68 3.77 3.25 5.87 0.28
Diff-Foley [45] V2A 3.14 5.97 76.96 10.95 2.55 5.71 0.16
FRIEREN [62] V2A 2.73 4.71 66.46 6.49 3.08 5.88 0.17
MMAudio [8] V2A 1.22 8.40 13.51 3.25 3.55 5.89 0.34
AudioX V2A 2.20 8.58 18.75 2.47 3.62 6.00 0.28
FoleyCrafter [70] TV2A 1.81 6.22 26.76 2.85 3.62 5.60 0.27
MMAudio [8] TV2A 1.74 9.52 14.18 2.74 3.64 5.81 0.34
AudioX TV2A 2.14 9.05 18.04 2.36 3.66 6.03 0.28

MusicCaps

MusicGen [11] T2M 1.43 2.24 25.40 4.55 5.19 7.16 0.18
AudioLDM-L-Full [40] T2M 1.45 2.49 34.44 6.34 4.72 6.10 0.22
AudioLDM-2-Large [42] T2M 1.26 2.84 15.61 2.80 5.22 6.70 0.23
TangoMusic [19] T2M 1.13 2.86 15.00 1.88 5.57 7.06 0.23
Stable Audio Open [16] T2M 1.51 2.94 36.33 3.23 3.91 7.18 0.23
MAGNET-large [71] T2M 1.32 1.98 23.88 4.24 5.84 6.71 0.19
AudioX T2M 1.02 3.54 10.63 1.53 5.17 6.70 0.23

V2M-bench

MusicGen [11] T2M 0.76 1.31 40.59 3.25 5.57 7.43 0.14
AudioLDM-L-Full [40] T2M 0.72 1.37 36.63 2.97 5.08 7.01 0.16
AudioLDM-2-Large [42] T2M 0.62 1.46 25.80 1.63 5.57 6.90 0.14
TangoMusic [19] T2M 0.72 1.46 38.19 2.43 5.78 7.46 0.14
Stable Audio Open [16] T2M 0.72 1.34 42.02 2.72 4.36 7.72 0.17
MAGNET-large [71] T2M 0.60 1.26 34.24 3.15 5.89 7.04 0.17
AudioX T2M 0.49 1.48 20.07 1.69 5.92 6.93 0.13
Video2Music [31] V2M 1.78 1.01 144.88 18.72 3.34 8.14 0.14
MuMu-LLaMA [44] V2M 1.00 1.25 52.25 5.10 5.60 7.97 0.18
CMT [14] V2M 1.22 1.24 85.70 8.64 4.98 8.20 0.12
VidMuse [59] V2M 0.73 1.32 29.95 2.46 5.88 6.89 0.20
AudioX V2M 0.69 1.34 23.96 2.12 5.31 6.91 0.23
AudioX TV2M 0.47 1.51 18.92 1.51 5.40 7.04 0.22

Table 1. Performance Evaluation Across Various Datasets and Methods. This table presents the evaluation metrics for different methods
applied to various datasets. The tasks are abbreviated as follows: T2A (Text-to-Audio), V2A (Video-to-Audio), TV2A (Text-and-Video-
to-Audio), T2M (Text-to-Music), V2M (Video-to-Music), and TV2M (Text-and-Video-to-Music). For the alignment metric (Align.), we
use the CLAP score when the input is text and the Imagebind AV score (IB) when the input is video.

them. We find that when both text and video inputs are pro- vided, the model effectively integrates the information from
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both modalities to generate better results.
The down part of Table 1 shows the results of music gen-

eration tasks. We evaluate text-to-music generation on Mu-
sicCaps [11], video-to-music and video-and-text-to-music
generation on V2M [59]. Our model achieves SOTA per-
formance across these tasks, demonstrating its effectiveness
in generating high-quality music conditioned on diverse in-
puts.
Audio inpainting. As shown in Table 2, we conducted ex-
periments on audio inpainting tasks, where our model out-
performed the baselines [40, 42] on the AudioCaps [32]
and AVVP [58] test datasets. Additionally, to explore au-
dio inpainting with various input modalities, we performed
experiments on unconditioned audio inpainting, as well as
video-guided and text-and-video-guided audio inpainting
tasks (on AVVP). The results indicate that both text and
video can effectively guide the audio inpainting task, with
text providing better guidance than video. When both text
and video are conditioned, the model can integrate the two
modalities to achieve superior results.

Method Condition
Dataset

AudioCaps AVVP

Unprocessed - 6.51/11.34 4.94/6.70
AudioLDM-L-Full [42] A+T 8.06/2.64 5.11/3.30
AudioLDM-2-Full-Large [42] A+T 4.24/10.17 3.99/11.58
AudioX A 4.63/5.35 3.94/5.44
AudioX A+T 9.84/2.25 6.12/2.05
AudioX A+V N/A 5.63/2.16
AudioX A+T+V N/A 6.25/1.99

Table 2. Inpainting Performance Comparison. This table shows
the performance comparison for audio inpainting on the Audio-
Caps and AVVP datasets. The values before and after the slash
represent the IS and FAD metrics, respectively. A, V, and T repre-
sent Audio, Video, and Text conditions. The baseline methods are
all under audio and text conditions.

Music Completion. Music completion is a task where the
model generates music based on a given music clip. We
evaluate our model on the V2M-bench [59] dataset. The re-
sults are shown in Table 3. We find that our model can gen-
erate music that extends the input music clip. As the num-
ber of input modalities increases, the model’s performance
improves, demonstrating its strong inter-modal learning ca-
pability and ability to leverage multi-modal information to
generate better music.
Image-to-audio generation. To evaluate our model’s per-
formance on zero-shot image-to-audio generation task,
we conducted experiments using the same settings as in
[65]. We compared our model with Seeing&Hearing [65]
and Im2Wav [56], and also constructed a baseline by com-
bining an image caption model [2] with a text-to-audio
model [46]. The results are shown in Table 4 in the Ap-
pendix. We find that our model demonstrates excellent per-

Condition KL ↓ IS ↑ FD ↓ FAD ↓
M 0.96 1.21 52.77 5.76

T+M 0.51 1.49 21.42 2.14
V+M 0.70 1.37 24.28 2.29

T+V+M 0.46 1.52 18.69 1.67

Table 3. Performance for our method under different condi-
tions in the music completion task. M, T, and V represent Music,
Text, and Video, respectively.

formance in image-to-audio generation task even without
any specific training with image data.

Method KL ↓ IS ↑ FD ↓ FAD ↓ Align. ↑
Caption2Audio 2.76 7.48 32.97 5.54 0.21
Im2Wav [56] 2.61 7.06 19.63 7.58 0.41

Seeing&Hearing [65] 2.69 6.15 20.96 6.87 0.29
AudioX 2.90 13.48 16.42 2.71 0.23

Table 4. Comparison of Methods for the Image2Audio Task.

User study. We conducted a user study to evaluate the
quality of the generated audio and music. We randomly se-
lected 25 samples for each audio generation task, including
text-to-audio (T2A), text-to-music (T2M), video-to-audio
(V2A), and video-to-music (V2M). 10 users are asked to
rate the quality of the generated audio and music. The re-
sults are shown in Fig. 4. The evaluation shows that our
model achieves subjective SOTA performance in terms of
OVL and REL scores in most tasks, indicating high user
satisfaction.

Figure 4. User study results of generated audio and music. The
values represent the average OVL and REL scores across Text-to-
Audio (on AudioCaps), Text-to-Music (on MusicCaps), Video-to-
Audio (on VGGSound), Video-to-Music (on V2M-bench).

5.4. Ablation study
In this section, we investigate the effects of several design
choices in our model, focusing on the mask ratio and mask
strategy, as well as the impact of different modality condi-
tioning.
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Mask ratio. To identify the optimal mask ratio for different
modalities, we conduct a mask ablation study for each input
modality, with results shown in Fig. 5. For each modality,
we vary the mask ratio from 0 to 0.8. The text modality
performs best with a mask ratio of 0.2, while both the video
and audio modalities reach optimal performance at a mask
ratio of 0.6. From the figure, we observe that masking the
video modality results in the most significant performance
improvement. We attribute this to the high redundancy in
video data, which contains abundant frames and informa-
tion. Masking video data enhances the model’s ability to
extract key features from the input, allowing it to effectively
utilize the remaining information even at higher mask ra-
tios. The results can demonstrates the effectiveness of our
masking in improving model performance.

IS

Figure 5. Ablation study of mask ratios for each modality, with
mask ratios varying from 0.2, 0.4, 0.6 to 0.8. The values repre-
sent the average Inception Score (IS) across Text-to-Audio, Text-
to-Music, Video-to-Audio, Video-to-Music, and Audio Inpainting
tasks.

Mask strategy. To evaluate the effectiveness of our strategy
of masking inputs for each modality, we compare different
masking strategies, including no masking and feature mask-
ing, with results presented in Table A3 in the Appendix.
From the results, it is evident that masking the input modal-
ity improves model performance, while masking features
leads to a decline in performance. This aligns with our un-
derstanding that input masking prevents information leak-
age by removing parts of the original input signals, thereby
increasing task difficulty and enhancing the model’s abil-
ity to learn robust generative strategies. In contrast, feature
masking can inadvertently reveal global context, reducing
the effectiveness of the learning process. These findings
validate the importance of our masking strategy.
Unified model performance. To investigate the perfor-
mance of our unified model in both intra-modal and inter-
modal contexts, we conduct an ablation study, with results
shown in Fig. 6. For intra-modal performance, we compare
our unified model with models trained on individual modal-
ity conditions across tasks supported by single-modality
models. As shown in the left figure, our unified model
is compared with text-conditioned, video-conditioned, and

audio-conditioned models on text-to-audio, video-to-audio,
and audio inpainting tasks, respectively. The results
demonstrate that our unified model outperforms the single-
modality models, highlighting its strong intra-modal capa-
bilities and its ability to perform well across various single-
modality tasks. For inter-modal performance, we evaluate
the results of different modality combinations using our uni-
fied model, as illustrated in the right figure. In music gen-
eration tasks, adding each additional modality input consis-
tently improves performance over single-modality inputs,
with the best results achieved when all three modalities are
combined. This experiment confirms our model’s robust
inter-modal learning ability, effectively integrating informa-
tion from different modalities to enhance performance.

Overall, our DiT-based model with input masking suc-
cessfully unifies different input modalities, enhancing per-
formance both intra-modally and inter-modally to generate
high-quality audio and music.

(a) Intra-Modal Performance Comparison (b) Inter-Modal Integration Comparison

ISIS

Figure 6. Ablation study comparing intra-modal and inter-modal
performance of the unified model. The left compares single-
modality models on text-to-audio, video-to-audio, and audio in-
painting tasks. The right shows the effect of adding modalities on
music generation, with performance improvements noted for each
added modality. Results are based on the Inception Score (IS) met-
ric.

6. Conclusion
In this work, we introduce AudioX, a unified framework
that addresses the challenges of multi-modal integration in
audio and music generation, overcoming the input-modality
and output-domain constraints prevalent in existing ap-
proaches. By adopting a DiT-based approach and incor-
porating an input masking strategy, our model effectively
unifies text, video, and audio inputs to produce high-quality
audio outputs. We also curate and utilize comprehen-
sive multi-modal datasets, providing a robust foundation
for training and evaluation. Extensive experimental results
show that AudioX not only excels in intra-modal tasks but
also significantly improves inter-modal performance, high-
lighting its potential to advance the field of multi-modal au-
dio generation.
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7. Appendix
This appendix provides additional details regarding our
datasets, ablation studies, and further qualitative evalua-
tions. Section 7.1 describes the datasets and our newly cu-
rated captions. Section 7.2 presents the mask strategy abla-
tion. Finally, Section 7.3 showcases comprehensive quali-
tative results, including additional figures and comparisons.

7.1. Datasets
Table A1 provides an overview of all datasets used in this
work. Table A2 outlines the new captions we annotated for
training and testing our unified model. We will open-source
these caption datasets to facilitate further research.

Split Task Dataset # Clips Dur./Clip (s) Dur. (h)

Train

T2A
AudioCaps 45.0k 10 125.1
WavCaps 108.3k 10 300.8
VGGSound 176.9k 10 491.4

V2A
VGGSound 176.9k 10 491.4
AudioSet Strong 67.3k 10 187.14
Greatest Hits 1.0k 10 2.71

TV2A
VGGSound 176.9k 10 491.4
AudioSet Strong 67.3k 10 187.14
Greatest Hits 1.0k 10 2.71

T2M
Private 175.2k 240 11679.3
V2M 5685.7k 10 15793.58
MUCaps 22.0k 208 1273.6

V2M V2M 5685.7k 10 15793.58
TV2M V2M 5685.7k 10 15793.58

Audio Inpainting All audio data 398.5k 10 1107.15

Music Completion All music data 5882.9k 17.6 28746.48

Test

T2A AudioCaps 4,875 10 13.54
VGGSound 14,931 10 41.475

V2A VGGSound 14,931 10 41.475
AVVP 1,120 10 3.11

TV2A VGGSound 14,931 10 41.475

T2M MusicCaps 5,526 10 15.35
V2M 3105 10 9.01

V2M V2M 300 108 9.01
TV2M V2M 300 108 9.01

Audio Inpainting AudioCaps 4,875 10 13.54
AVVP 1,120 10 3.11

Music Completion V2M 300 108 9.01

Table A1. Comprehensive overview of training and test datasets,
detailing the number of clips (# Clips), average duration per clip
(Dur./Clip in seconds), and total duration (Dur. in hours) for each
task and split. T2A: Text-to-Audio, V2A: Video-to-Audio, TV2A:
Text-and-Video-to-Audio, T2M: Text-to-Music, V2M: Video-to-
Music, TV2M: Text-and-Video-to-Music.

7.2. Mask Strategy Ablation
Table A3 reports the results of our ablation study on differ-
ent mask strategies. These findings confirm that our input
masking approach yields superior performance compared to
feature masking and no masking strategy.

7.3. Qualitative Results
Figures A1 and A2 present comprehensive qualitative re-
sults.

Source Dataset Data Type # Clips Dur./Clip (s) Dur. (h)

VGGSound Audio 191.8K 10 532.81
AudioSet Strong Audio 67.3K 10 187.14
AVVP Test Split Audio 1.1K 10 3.11
Greatest Hits Audio 1.0K 10 2.71
V2M Music 5.7M 10 15793.58

Table A2. Overview of our labeled captions, detailing the num-
ber of clips, average duration per clip, and total duration for each
source dataset.

Mask Strategy KL ↓ IS ↑ FD ↓ FAD ↓
No Mask 1.90 5.26 22.70 2.98
Mask Feature 2.08 4.64 32.93 3.68
Mask Input 1.87 5.44 21.78 2.81

Table A3. Ablation study results comparing different mask strate-
gies.
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Music performed on a steelpan instrument.

Ground Truth

MusicGen

TangoMusic

A clock ticking.

AudioLDM-L-Full

AudioLDM-2-Large

Stable Audio Open

MAGNET-Large

Ours

AudioGen

AudioLDM-L-Full

AudioLDM-2-Large

Tango 2

Stable Audio Open

MAGNET-Large

Ours

Input <text>: A small dog barks repeatedly at multiple intervals.

Ours: <video+text+audio>

Ours: <audio>

Ours: <text+audio>

AudioLDM-L-Full: <text+audio> 

Input <audio>: Unprocessed

Ours: <video+audio>

Input <video>: reference for <audio> to be inpainted

Ground Truth

AudioLDM-2-Large: <text+audio> 

(a) T2A and T2M Results. (b) Inpainting Results.

V2A
vggsound
/raid/data/zeyue/siggraph_demo_result/pretrain-1_4702086b_epoch=25-step=36000_V2A_merge/-fTfRh0_RQ4_000030.mp4

FoleyCrafter

FRIEREN

DiffFoleySeeing&Hearing

Ours Ground Truth
(c) V2A Results.

Figure A1. Qualitative comparison across various tasks: (a) In Text-to-Audio (T2A) and Text-to-Music (T2M) tasks, our model uniquely
excels by consistently generating the “ticking” sound of a clock and accurately following the prompt ”Music performed on a steelpan
instrument,” outperforming baselines in both rhythmic precision and genre fidelity. (b) Audio inpainting results demonstrate our model’s
strong context-aware capabilities and its ability to effectively integrate different input modalities. (c) Video-to-Audio (V2A) results show
our model’s proficiency in capturing dynamic motion sounds, such as the immersive “drifting” of a car, providing a richer auditory experi-
ence compared to baselines.
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Prompt: A cat meowing twice. Prompt: Orchestral, epic, with drums, strings, and brass.

Prompt: A dog is heard continuously barking and whining. Prompt: Orchestral movie music with strings, brass, and percussion, emotional and epic.

Prompt: The sound is of typing on a computer keyboard. Prompt: Electronic dance music with synthesizers, bass, drums, and a slow build-up.

Prompt: A melody is being played on the violin Prompt: An electric guitar lead harmony with a groovy bass line.

Text-to-Audio Text-to-Music

(a) Text-to-Audio and Text-to-Music

Video-to-Audio Video-to-Music

(b) Video-to-Audio and Video-to-Music

Audio Inpainting (with text) Music Completion (with text)

Unprocessed

Prompt: A fire engine horn blows, followed by a fire engine siren blowing.

Result

Prompt: Brief speech followed by loud applause and cheering.
Prompt: Brief speech followed by loud applause and cheering

Prompt: Revving of a motorcycle with a man speaking.

Unprocessed

Result

Unprocessed

Result

Unprocessed

Prompt: Orchestral, dramatic, epic, intense, powerful, suspenseful, thrilling, cinematic.

Result

Prompt: Instrumental with ambient synth, piano, and drums, meditative and relaxing.

Prompt: Action-packed orchestral music with strings, brass, and percussion.

Unprocessed

Result

Unprocessed

Result

(c) Audio Inpainting and Music Completion

Figure A2. Comprehensive qualitative analysis of our model’s performance across various tasks: (a) Text-to-Audio and Text-to-Music
synthesis, (b) Video-to-Audio and Video-to-Music generation, and (c) Audio Inpainting and Music Completion.
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