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Figure 1. Our audio-visual data modeling demonstrates versatile control for image generation through audio manipulations, including
loudness calibration, audio mixing, and reverberations, showcasing our model’s adaptability across a wide and unconstrained data domain.

Abstract

Training audio-to-image generative models requires an
abundance of diverse audio-visual pairs that are seman-
tically aligned. Such data is almost always curated from
in-the-wild videos, given the cross-modal semantic corre-
spondence that is inherent to them. In this work, we hypoth-
esize that insisting on the absolute need for ground truth
audio-visual correspondence, is not only unnecessary, but
also leads to severe restrictions in scale, quality, and di-
versity of the data, ultimately impairing its use in the mod-
ern generative models. That is, we propose a scalable im-
age sonification framework where instances from a variety
of high-quality yet disjoint uni-modal origins can be artifi-
cially paired through a retrieval process that is empowered
by reasoning capabilities of modern vision-language mod-

*The work conducted during author’s internship at Netflix.

els. To demonstrate the efficacy of this approach, we use
our sonified images to train an audio-to-image generative
model that performs competitively against state-of-the-art.
Finally, through a series of ablation studies, we exhibit sev-
eral intriguing auditory capabilities like semantic mixing
and interpolation, loudness calibration and acoustic space
modeling through reverberation that our model has implic-
itly developed to guide the image generation process.

1. Introduction

Can a single auditory scene correspond to multiple visual
interpretations? Consider the sound of a horse walking on
concrete coupled with nearby women chattering and leaves
rustling in the background. Seeking to visualize such a
scene given its sonic counterpart is a non-trivial and in-
herently ambiguous task. While many semantics conveyed
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in audio (e.g. horse, women, and leaves) have strong vi-
sual correspondences, others may not. What types of cloth-
ing are worn by the women? Is the rustling noise emit-
ted from a tall tree or a small bush? What color is the
horse’s coat? Answering these questions involves semantics
that are inherently unbound to any auditory quality, mak-
ing it impossible to reason about them solely from sound.
Training a model for such a cross-modal translation task is
a challenging undertaking, and most of the existing work
on this front has exploited in-the-wild videos for that pur-
pose [1, 21–23, 37, 43, 47], banking on the synchronous
audio which naturally accompanies the visuals. However,
the audio excerpts extracted from such videos could lack
sufficient quality and semantic correspondence, not to men-
tion the limited diversity rooted in their meticulously cu-
rated domains. In this context, we argue that the reliance
on in-the-wild data is overstated. We present a framework
providing beyond-versatile sonification capabilities, allow-
ing any image dataset to be sonified, thus expanding the
potential applications across various domains.

In recent years, diffusion models have thrived through
their exceptional generative capabilities [4, 26, 33, 36]. Ap-
proaches such as [33, 35, 36] have demonstrated remarkable
success in generating high-quality images, yet their reliance
on textual descriptions alone may lead to certain limitations
particularly as natural language can fail at accurately captur-
ing the rich nature of a visual scene when conciseness is of
essence. That is, early efforts have started exploring audio
as a plausible conditioning signal [1, 22, 37, 43] for sev-
eral reasons. First, the temporal dynamics bound to sound
provides rich context and nuanced continuous flow of in-
formation. Transitions, rhythm, pace, and progression are
all key nuances that are often lost in the discrete nature of
textual representation. Second, the rich expressiveness in-
trinsic to sound can efficiently convey the information more
abundantly and succinctly in contrast to text. Emotions,
intentions, and subtle nuances through variations in tone,
pitch, and volume, in the context of dialog, can efficiently
transmit contextual information. Third, the natural multi-
modal relation between the two modalities makes audio a
suitable mean to steer image generation. After all, sight and
sound are deeply intertwined in human perception, and their
co-occurrence in our everyday experiences is ubiquitous.

The challenge of aligning audio with image is not triv-
ial however; existing methods have typically struggled with
data quality and cross-modality correspondence. Prior ef-
forts in audio-driven image generation [1, 22, 30, 37, 43]
have paved the path for exploring novel generation avenues,
yet their reliance on video assets substantially limits their
diversity, domain coverage, and generalization capabilities.
More importantly, the quality and consistency of the train-
ing pairs remains largely affected by the noisy and low-
quality nature of the original video assets.

In this paper, we introduce a novel image sonification
scheme which yields high-quality audio-visual pairs by
leveraging a plethora of diverse disjoint uni-modal image
and audio datasets. Our robust sonic generation process
ensures high perceptual quality for individual modalities
and superior cross-modal semantic correspondence through
a modular, and flexible retrieval method. By leveraging
pre-trained vision-language models (VLMs) [24, 39] and
multi-modal latent representations [31, 41], we enhance the
image-to-audio retrieval process which ultimately results in
improved data quality and relevance. Our approach enables
domain-specific adaptation of pre-trained text-to-image dif-
fusion models to the audio-to-image generation task, main-
taining domain consistency and ultimately enhancing model
performance. Our contributions are as follows:
• We propose a recipe for building large-scale audio-visual

pairs of high correspondence from uni-modal image and
audio datasets through a cross-modal retrieval process
that enables arbitrary image datasets to be sonified.

• We adapt pre-trained text-to-image models for audio-
to-image generation, and show competitive performance
against state-of-the-art on multiple complementary met-
rics across five different benchmarks.

• We conduct a series of ablation studies to analyze vari-
ous auditory properties emerged from our framework as
shown in Figure 1.

• We will open-source the code and model weights, in ad-
dition to our audio-visual dataset consisting of approxi-
mately 1M images, paired with textual sounding concepts
and corresponding audio counterparts.

2. Related Work
Modeling Paradigms Early research in the image gen-
eration primarily involved the application of the genera-
tive adversarial networks (GAN) [12] to synthesize realis-
tic images from simple text often in form of category labels.
Over the years, these approaches improved substantially in
image resolution, editing capabilities, and inference effi-
ciency [2, 19, 34, 42, 45, 46, 48]. With the recent progress
in diffusion-based models [4, 6, 17, 26, 29, 33, 35, 36],
the field of text-to-image generation has been revolution-
ized. These models not only considerably surpass GAN-
based approaches in generation quality and realism but also
provide more stable optimization while enabling far more
complex conditioning functionalities. It is worth empha-
sizing that many of these improvements were achieved in
part thanks to advancements in other areas including self-
supervised representation learning [31], neural architec-
tures [7, 29] and large language models [32, 38], with mod-
ern LLMs enabling a remarkable understanding of very
complex natural text compared to their predecessors [5].

Motivated by the success of text-to-image models, re-
cent literature shows increasing interest in exploiting other
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modalities, such as audio, to drive or enhance the process
of pixel generation. Most of the work in this area relies
on some kind of pre-trained joint multi-modal latent space
[14, 31, 41] to enable the transition across modality bound-
aries. With that in place, one can then adapt text-to-image
architecture to accept novel modalities [10, 22, 30, 37].

Recently, a handful of audio-only methods have also
emerged. Audiotoken [43] and SonicDiffusion [1] expand
the capabilities of LDMs [35] beyond text-to-image genera-
tion and towards audio. Specifically, Audiotoken [43] lever-
ages a pre-trained text-to-image LDM together with a pre-
trained audio embedding model and learns an adaptation
layer which maps between their outputs and inputs. This
enables the use of a dedicated audio token to condition the
generation process without any text input. In contrast, Son-
icDiffusion [1] first learns a joint audio-text space through
modifications in cross-attention layers of [35] which ulti-
mately facilitates the intake of audio and text modalities for
image generation. At inference, with text input being op-
tional, their model can operate in an audio-only fashion.
Our work is closely related to [1, 43] as we also operate
solely from audio and adapt a pre-trained text-to-image dif-
fusion model [4] to do audio-to-image generation.
Data Paradigms Finding large-scale and semantically di-
verse audio-visual data with strong cross-modal correspon-
dence is not trivial. The literature has been focused on cu-
rating audio-visual data from in-the-wild videos given that
they naturally ensure synchronized modalities. In doing
so, most of the prior works have overemphasized on cross-
modal correspondence, at the cost of severely restrained se-
mantic diversity and scale [21, 23, 27, 47]. An exception
is VGGSound [3] which was introduced with 200K videos
across 309 audio classes to partially address the shortcom-
ings (e.g. noisy audio, low-resolution video, low cross-
modality correspondence etc.) of the widely popular Au-
dioset [9] that hindered its effective use for audio-visual rep-
resentation learning. Such a data landscape forces compro-
mises on scale, quality, and diversity when training modern
generative architectures.

In this work, we advocate that the reliance on in-the-wild
data in order to get semantically correspondent audio-visual
pairs is exaggerated and unnecessary. We will describe a
scalable framework to curate semantically aligned audio-
visual pairs from a pool of diverse and high quality yet dis-
joint uni-modal datasets. We demonstrate the effectiveness
of our approach by training a single audio-to-image diffu-
sion model and evaluating it across multiple out-of-domain
datasets [21, 23, 27, 47] from landscapes and nature scenery
to concepts like fireworks, and human activities.

3. Method
Building a dataset consisting of audio-visual pairs with
strong cross-modal correspondence has been traditionally

tackled by retrieving short snippets directly from in-the-
wild videos [3, 9, 21, 27, 47]. In doing so, the inherent
semantic mismatch between the audio and image domains
brings several significant limitations. While the former con-
veys temporal information, the latter merely represents a
fragment of it. This discrepancy naturally leads to the ques-
tion of which visual fragment from the video to settle on.
Another crucial aspect is data domain and quality of in-
stances. In-the-wild data is noisy by nature and therefore
a strong audio-visual correspondence is challenging to ob-
tain. To partially overcome this problem, existing methods
restrain their domains to sounding concepts with strong cor-
respondence, severely limiting the capabilities of the mod-
els to handle diverse and out-of-domain queries at infer-
ence. Finally, there are very few curated large-scale and
publicly available audio-visual datasets, the most popular
one perhaps being Audioset [9]. While very large in size,
the instances in Audioset [9] remain of relatively low qual-
ity for both modalities. While existing methods put consid-
erable efforts in addressing the aforementioned limitations,
we argue that the need for in-the-wild data in the context
of audio-to-image generation is overstated. Precisely, being
bound to “real” audio-image pairs imposes a substantial and
unnecessary constraint on the modeling task while exces-
sively limiting the domains in which the model could op-
erate. Moreover the natural audio-visual correspondences
subsisting across in-the-wild pairs are, in essence, minimal
due to the semantic gap across modalities, which further
undermines the need for such a data in the first place. In
this work, we therefore build our audio-visual pairs via a
modular retrieval process, resulting in high-quality samples
with strong cross-modality correspondence. In the follow-
ing sections, we go over the process of obtaining plausible,
accurate, and strongly correspondent sonic representation
for high-resolution images.

3.1. Notations
We denote the nth audio snippet with an ∈ RT , where T
is the temporal resolution. The pool of our audio excerpts
is therefore denoted by A = {an|n ∈ [1 · · ·N ]}, where N
represents the total number of audio snippets. Similarly, the
pool of M images is denoted by I = {im|m ∈ [1 · · ·M ]}.
Note that N ̸= M since they are comprised of disjoint uni-
modal datasets. Let V be representing a VLM that we utilize
to extract sounding concepts from images. That is, V maps
the input image im to a set of textual outputs Sm = V(im).
We use pre-trained modality encoders Ea and Et, to respec-
tively transform instance from A and S to a joint latent
space where cosine similarity is semantically meaningful.

3.2. Extracting Sounding Concepts
Prior works have harnessed the power of state-of-the-art
vision-language models, such as LLaVA [24], towards com-
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"The image shows a scene of a traditional bull-fighting event, known as a
"bullfight" or "bull run," where a group of men are attempting to grab a
bull by its horns. The bull is in motion, kicking up mud, and the men are
dressed in traditional attire, which includes red and white clothing. The
setting appears to be an outdoor arena with spectators seated on benches
under a tent. The atmosphere suggests a cultural or sporting event, and
the focus is on the interaction between the men and the bull."
['Bull - The sound of a bull's charge or charge can be heard as a deep,
resonating bellow.', 'Crowd - The sound of a crowd watching an event can
be heard as a mix of cheers, gasps, and murmurs.', 'Water - The sound of
water can be heard as a splashing or sloshing noise as the bull runs
through it.']

"The image captures a traditional event where a person is
guiding two buffaloes through muddy waters. The person is
holding a long pole, and the buffaloes are adorned with
flags. In the background, there's a gathering of spectators
seated under a canopy, and the atmosphere seems festive."
['Water splashing: The sound of water splashing can be heard
as the buffalo trudges through the muddy water.', "Buffalo's
hooves hitting the ground: This sound is the rhythmic thud
of the buffalo's hooves as it moves forward.", "Crowd's
chatter: The background buzz of conversations and murmurs
from the spectators can be heard as they watch the event
unfold."]

Figure 2. Visually-aligned (up) vs. sonically-aligned (down) image descriptions using LLaVA [24] and CogVLM [39]. Each description is
obtained via its respective prompt: “Provide a short and concise description of the following image.” and “As a numbered list, provide one
to up to three sound(s) associated with prominent objects visible and present in the image. Provide the objects followed by their associated
sound”. A large portion of the comprehensive description (red) does not pertain to acoustics properties whereas a few limited keywords do
(green). Through handcrafted prompting we manage to obtain sonically-aligned and acoustically relevant descriptors.

plex reasoning and labeling tasks. In this work, we do not
seek to acquire a comprehensive textual description of an
image but rather one that specifically pertains to the sonic
qualities possibly portrayed in the image (i.e. sounding
descriptors). For instance, provided with the visual of a
brown dog playing fetch near a river at sunset, we would
ideally like to extract sounding concepts such as “dog” and
“river” while putting aside the remaining of the description
such as “sunset” and “brown” as these terms don’t pertain
to any acoustic qualities. Figure 2 exemplifies the process
behind instructing a VLM with an appropriate prompt, lead-
ing to an effective sounding concept extraction. Through-
out a comprehensive empirical assessment of various VLMs
and prompting methods, we found that LLaVA [24] and
CogVLM [39] were both generating satisfactory responses
albeit with differences in retrieved concepts. With that in
mind, we opt to incorporate both models as part of our
sonification pipeline, adding more diversity to our pool of
sounding concepts and introducing an augmentation mech-
anism in which a single image is bound to more than one
plausible acoustic scenes. Our final prompt (ref. Figure 2)
is the result of careful engineering trials. For instance we
found that VLMs often make assumptions about sounding
objects that may be off-camera, which could be detrimental
to our task. To address this, adding the clarification visible
and present in the image significantly improved the retrieval
quality. We share more examples of the extracted sounding
concepts from diverse set of images in Appendix A.1.

3.3. From Sounding Concepts to Audio Excerpts

We have established that modern VLMs when adequately
prompted, are capable of extracting sounding concepts as
text (ref. Figure 2). After obtaining accurate descrip-
tive texts for each of the sounding concepts the next chal-
lenge is to retrieve their sonic counterparts while minimiz-
ing the loss of information in the modality translation pro-
cess. Consider the following sounding concept:

dog: sound of a dog barking while running in the grass.
Here, we not only need to account for the dog barks but for
the rustling grass produced by the dog steps as well. To do
so, we exploit the cross-modal pre-trained latent space of

CLAP [41] to conduct text-to-audio retrieval. Specifically,
we utilize its audio encoder to generate an embedding for
every audio snippet resulting in Ea(A) ∈ RD, the equiva-
lent of A ∈ RT but in the D-dimensional latent space of
CLAP [41]. Similarly, its text encoder, denoted by Et, al-
lows us to transform each textual sounding concept s ∈ S to
its corresponding latent embedding Et(s) ∈ RD. With that,
retrieving a semantically-aligned audio snippet from A for
a given sounding concept s boils down to a random process
with P(a|s) ∝ Et(s)⊺Ea(a). However, this formulation is
sub-optimal for our task given that outliers are present in
the Euclidean vector space. Consider two audio excerpts,
while adog solely conveys the sound of a “dog barking”,
adog+ additionally indicates other sources such as “people
speaking”, or “leaves rustling” as well. It is reasonable to
assume that for a large portion of images showing a dog,
the VLM yields some sounding concept sdog that is tex-
tually quite close to “dog barking”. In such a scenario,
we have consistently observed that Et(sdog)⊺Ea(adog) ≫
Et(sdog)⊺Ea(adog+) leading to over-sampling of adog upon
termination of the retrieval process at scale. To ameliorate
this, we apply signed square root (SSR) on top of cross-
modal similarity scores to suppress outliers and reduce the
overall variance among the top matches. This would lead
to a larger and more diverse pool of audio excerpts to get
paired with our images. To ensure high cross-modal corre-
spondence, and efficient sampling (N is about 500K), we
dynamically estimate a threshold to lower bound the simi-
larity scores. We use average score among top-k matches
per query. This approach would yield a smaller pool of
audio snippets when similarity score drastically reduce as
k grows (i.e. few very good matches followed by many
mediocre ones). With the same logic, the pool gets larger
when diversity of similarity scores is rather low among the
top matches (i.e. many equally good matches). Algorithm 1
details our retrieval process for a single sounding concept.
In practice, we implement and execute in parallel across all
the sounding concepts associated with all of our images.

In order to obtain the final audio counterpart am for a
given image im, the sounding concepts retrieved from the
Algorithm 1 first have their loudness individually normal-
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Algorithm 1 Retrieving a relevant audio snippet for a tex-
tual sounding concepts s

1: procedure GETMATCHEDAUDIO(s,A, E)
2: p← Ea(A) ▷ encode audio excerpts
3: q← Et(s) ▷ encode query sounding concept
4: t← CosSim(q,p) ▷ get similarity scores
5: t← sign(t) · sqrt(abs(t)) ▷ apply SSR
6: lb← mean(topk(t)) ▷ get min eligible score
7: I← argwhere(t > lb) ▷ find top matches
8: i← choice(I) ▷ randomly pick a match
9: return A[i] ▷ return sampled audio snippet

ized using a value γm sampled from a uniformly-distributed
decibel-LUFS [13] range, before being linearly summed up
in the time-domain to obtain am. We provide more details
on the nature of LUFS normalization and its calculation in
Appendix A.9.

3.4. Audio Representations
Raw audio waveforms are difficult to deal with within a
learning framework mainly given their large sample size,
redundancy, and lack of semantic abstraction. These are
precisely the aspects which latent space of pre-trained au-
dio models are known to accommodate for rather ade-
quately. While seeking semantically meaningful represen-
tations with sufficient temporal resolution, several consid-
erations have to be accounted for since the properties car-
ried by these representations will define the extent of audio-
driven control that the generative model would ultimately
enjoy. In this view, we aim for loudness retention and
multi-source disentanglement. Specifically, how much of
the signal amplitude is retained as part of the audio em-
beddings and whether these representation are capable of
concurrently encoding multiple audio sources. The former
is useful for weighting the semantics as part of the genera-
tion process (e.g. the louder in the audio domain, the more
prominent in the visual domain), while the latter is neces-
sary as we rarely have audio excerpts during training that
are truly single-source. More importantly, this characteris-
tic would unlock exciting inference-time semantic function-
alities like those illustrated in Figure 1.

With that in mind, we consider the Audio Spectrogram
Transformer (AST) [11], an audio classifier, to a suitable
and meaningful representation. While multi-source disen-
tanglement is a given considering the upstream multi-label
classification pre-training of AST [11], it is not a priori clear
how well the notion of signal loudness is retained within its
embeddings. We hence designed a study to explore this and
concluded that the embeddings do carry such characteris-
tic to a decent extent. Appendix A.8 contains details of the
aforementioned study. All the experiments reported in this
work are hence using AST [11] to convert am to a latent
representation in form of vector time-series.

4. Experiments
4.1. Datasets
We build our audio-visual pairs, detailed in Sec. 3, on
top of several well-established uni-modal audio and vi-
sion datasets. Starting with audio, our pool of recordings
is assembled from three large-scale sources, namely Au-
dioset [9], FSD50K [8], and BBC SFX1. Audioset [9] stems
from a large collection of Youtube videos and contains more
than 500 sound events. Each instance is an ∼10 second long
video clip from which the audio track has been extracted.
We use the balanced set, which provides us with at least
59 examples for each sound event yielding ∼22K record-
ings and totaling 61.3 hours of audio data. FSD50K [8]
consists of an open dataset of human-labeled sound events
containing Freesound clips distributed across 200 classes
drawn from the AudioSet [9] ontology. The clip lengths
range from 1 up to 30 seconds and totals 108.3 hours of
multi-labeled audio. BBC SFX is a large collections of
foleys, sound effects, and nature recordings made for spe-
cific program-making purposes. The dataset has been cu-
rated and annotated by the BBC and contains more than
16K recordings with a total runtime of more than 460 hours.
All three audio datasets combined results in about 0.5M au-
dio excerpts, all 5-second long, across more than 500 au-
dio categories. The visual portion of our data consists of
1M randomly selected images from SAM [20]. Originally
designed for large-scale image segmentation, SAM has re-
cently been used across numerous vision tasks [4, 44] given
its scale, semantic diversity and open-source nature. To pre-
vent non-sonic images, like icons, logos, and symbols, from
impairing the training process, we use VLMs to detect and
filter them out. For more on data curation and standardiza-
tion, readers can refer to Appendix A.2.

4.2. Evaluation Metrics
Following recent literature, we evaluate different audio-to-
image generative models using the following metrics.
Audio-Image Similarity (AIS) aims at evaluating the
alignment between a generated image and its audio counter-
part, namely by computing cosine similarity between latent
embeddings associated with the two modality instances. In
accordance with [1, 43], we also employ Wav2CLIP [40]
for this purpose. Image-Image Similarity (IIS) is the im-
age analog to what AIS is for audio and measures the se-
mantic similarity between generated and ground-truth2 im-
ages. We utilize the visual tower of CLIP [15] to obtain
latent representations from images when implementing IIS.
Finally, we adopt Fréchet Inception Distance (FID) [16]
to quantify the distance between distribution of the gener-

1BBC sound effects library https : / / sound - effects .
bbcrewind.co.uk/

2real image corresponding to audio prompt
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Figure 3. Qualitative comparison of state-of-the-art audio-to-image generative models on four different datasets; Greatest Hits (top left),
VEGAS (top right), Landscapes + ITW (bottom left), VGGSound (bottom right). Models are highlighted in green if they are evaluated on
in-sample data and in red if evaluated on out-of-sample data. Our model consistently performs well on out-of-sample data, with results that
are on par and most often exceeding those of in-sample models.

ated and ground-truth images. Unlike AIS, FID does not
directly take audio-to-image alignment into account, rather
it implicitly measures perceptual quality and diversity at a
distribution level.

4.3. Training Details
We use the pre-trained variational autoencoder (VAE) from
LDM [35] and AST [11] to respectively pre-compute the la-
tent representation of training images and their correspond-
ing audio excerpts. We initialize3 our model with a check-
point from pre-trained PixArt-α [4] at 512×512 and train
for about 0.5M steps on 8×A100 GPUs with a total batch
size of 640. We use AdamW [25] with learning rate of
3.16e-5 and weight decay is set to 3e-2.

4.4. Results
We benchmark various models on the Greatest Hits [27],
Landscapes [21], Into The Wild (ITW) [23], VEGAS [47],
and VGGSound [3]. While this is not the case for our
model, we note that a number of these datasets have in fact
been used to train some of the prior models, giving them

3layers that map input audio embedding to latent space of diffusion
model are randomly initialized

an advantage in our evaluation setup as the test instances
were previously observed. For VGGSound [3], we sam-
ple approximately 1K instances from the original test set in
a class-balanced fashion following [37]. For other bench-
marks, considering their rather small size, we utilize all the
available instances across different splits, when given. Ta-
ble 1 quantitatively compares our approach against state-
of-the-art audio-to-image generative models. Here we can
make a few observations:

First, in most cases (8 out of 12), the top performance has
been achieved by the the model variants that are being eval-
uated in-sample. This is expected since the test samples
have been observed already and even over-fitting on train-
ing data could lead to decent metrics for the correspond-
ing models. In Appendix A.6, we share evidence that in-
deed some of these models have memorized their training
data. Second, if we only consider variants that operate out-
of-sample (i.e. highlighted in red), with the exception of
Greatest Hits, our model achieves the best FID across all the
benchmarks. Looking at IIS, our approach mostly achieves
competitive (runner up) results except on VGGSound [3]
where we outperform other diffusion-based methods which
like us do operate in an out-of-sample regime. Third, our
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Greatest Hits Landscapes + ITW VEGAS VGGSound

FID ↓ IIS ↑ AIS ↑ FID ↓ IIS ↑ AIS ↑ FID ↓ IIS ↑ AIS ↑ FID ↓ IIS ↑ AIS ↑

Sound2Scene [37] 184.2 0.68 0.049 109.0 0.71 0.053 94.0 0.62 0.048 85.8 0.60 0.037
GlueGen [30] 192.0 0.58 0.022 234.5 0.54 0.051 155.1 0.51 0.029 140.0 0.49 0.030
Audiotoken [43] 190.6 0.60 0.053 132.9 0.62 0.057 125.8 0.57 0.045 115.7 0.55 0.034
SonicDiffusion [1] 87.3 0.72 0.029 79.9 0.75 0.064 126.6 0.48 0.038 120.4 0.47 0.038

Ours 228.4 0.61 0.053 98.5 0.67 0.057 120.3 0.54 0.051 103.5 0.51 0.043

Table 1. Quantitative comparison with state-of-the-art audio-to-image generative models. The cells marked in red show that the dataset
(column) is out-of-sample with respect to the model (row), whereas a green cell means in-sample evaluation.

approach excels in AIS, which measures alignment between
generated images and audio prompts, achieving top results
on 3 out of 4 benchmarks, even against in-sample variants.
In summary, these results support our hypothesis that train-
ing audio-to-image generative models on top of sonified im-
ages is effective. This challenges the widely held assump-
tion that ground-truth audio-visual correspondence is nec-
essary for such tasks. For qualitative comparison, please
refer to Figure 3.

4.5. Ablation Studies
Semantic Mixing We want to examine our model’s abil-
ity to handle mixed audio inputs by combining multiple
sources, each conveying different semantics. Our motiva-
tion is to observe how well the model generates images that
reflect the combined semantics. This will not only demon-
strate the model’s capability to understand and integrate
complex audio cues into coherent visual outputs, but also its
ability to handle unique and novel semantic combinations.
To do so, we randomly sample two excerpts from our pool
of audio examples and mix them linearly in the time-domain
before computing their AST [11] embeddings. Figure 4
shows how audio semantic mixing is reflected in the gen-
erated visuals. We observe that our model successfully in-
cubates multi-label audio mixtures and translates their com-
bination in the resulting image in a rather coherent manner.
It is worth emphasizing that some of these combinations
may not be (or poorly) represented in the training data. For
example, “cows + police sirens” or “dog + fire crackling”
may be of rare if not no precedence in our training data.
Semantic Interpolation Another important audio char-
acteristic pertains to the notion of loudness. We aim at
investigating our model’s response to variations in loud-
ness attributed to different semantic elements present in the
mix. By systematically adjusting the loudness levels of each
source prior to their combination, we seek to determine how
these variations influence the model’s interpretative process.
Although no explicit considerations were brought to the
inter-source loudness during our audio-visual pairing pro-
cess4, we observe that our model still successfully learns
some aspects pertaining to semantic weights as they relate

4mixing coefficients γm are sampled from a uniformly-distributed
LUFS [13] range with very small variance

Figure 4. Examples of various semantics mixed together in the
audio domain and their generated visual counterparts.

to the signal amplitude in the audio domain. Figure 5 illus-
trates the impact on the image generation process of gradu-
ally varying the loudness for one source while keeping the
other one’s fixed. We observe that, although there is a clear
transition going from one semantic to another, the transfor-
mation seems rather abrupt. This could be due to the model
encountering very small variance in the source loudness
during training, leading it to focus on modeling whether an
object is present in the image or not, without accounting
for intermediate states. With additional explicit semantic
weight modeling (e.g. through depth maps), we expect the
model to exhibit smoother interpolation, ultimately adding
finer and greater level of control to the generation process.
Separated vs. Mixed While our method shows robust be-
havior towards challenging and complex multi-semantic au-
dio mixtures, in some cases overlapping sources occurring
concurrently can lead the model to solely focus on the dom-
inant source while ignoring the rest of the mixture. One
potential solution to this failure case is to expose the model
to individual sources separately instead of concurrently for
instance by using source separation strategies. In this work,
although we have complete access to the isolated sources
during training, we always expose the model to audio mix-
tures rather than separated/concatenated sources. We here

7



Figure 5. Impact of loudness variation for individual audio sources
in the mix. From left to right, we increase the loudness for one of
the sources while keeping the other one’s fixed.

Figure 6. Impact of semantic source separation on generation.

show the potential of applying source separation to real-
world mixtures where isolated sources are not necessar-
ily accessible. From Figure 6, we observe that the model
expectedly makes better sense of the input sonic prompt
when the sources are not entangled (superposition in time)
but rather individually presented one after the other. We
hypothesize that the use of audio embedding backbones,
which are more source-aware, would help in this case.
Learning Acoustics Foleys include properties such as re-
verberation which reflect the acoustic response shaped by
the physical space, causing a sound source to be heard dif-
ferently in diverse acoustic environments (e.g. church vs.
bedroom). We aim to assess our model’s ability to cap-
ture and translate these subtle acoustic characteristics in
its image generation process. By selecting recordings of

Figure 7. Chatter recorded in various acoustical places and their
resulting visual counterpart.

crowd speaking in diverse acoustical spaces such as out-
door setting, offices, and churches, we evaluate the efficacy
of our model to discern and visually represent these nuanced
acoustic cues. In crafting audio prompts, we ensure the ex-
clusion of any auditory cues other than speech to guarantee
that the model solely utilizes the reverberations in visual-
izing the space. Figure 7 shows the output of our model
when being exposed to crowd noises in different acoustical
settings. We observe robust integration of complex audio
features into the visual domain, thereby enhancing the real-
ism and contextual relevance of the generated images past
the simple sound source themselves. We emphasize that
no explicit consideration has been brought to the acoustic
space modeling when assembling our training data hence
the emergence of such a capability is hypothesized to be in-
herited indirectly from CLAP [41] through the means of the
retrieval process detailed in Sec. 3.

5. Conclusions
In this work, we hypothesized that relying on in-the-wild
videos to assemble semantically correspondent audio-visual
pairs is overemphasized and it is evident from the prior
literature that such a practice imposes severe restrictions
on scale and diversity, hence impacting the ultimate prac-
ticality of the curated data. We argued that harnessing
the remarkable multi-modal capabilities of today’s VLMs
and pretrained joint embedding feature spaces enable us to
synthesize audio-visual pairs from disjoint uni-modal data
sources, effectively sonifying any image-only dataset. We
then demonstrated how one can utilize such a data to train
competitively performant audio-to-image generative mod-
els. Finally, through a series of ablation studies, we exam-
ined a variety of interesting auditory capabilities that such
models have implicitly acquired towards conditioning the
image generation process.
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A. Appendix
This Appendix section is organized as follows. We first
present some image sonification examples to better show-
case the dataset that we will publicly release. We then
present additional generation instances from our models.
We offer details on our data standardization process, in-
cluding additional image filtering process and audio nor-
malization. Lastly we provide insights on contrastively pre-
training the audio projector, a technique that has been high-
lighted as essential in several prior studies. All images in-
cluded in the figures of this section feature an ID (top left) to
encourage readers to check their corresponding sonic coun-
terpart, which will all be showcased on the dedicated project
page.

A.1. Dataset Overview
One of the main contributions of this work is publicly
sharing the code and model weights, in addition to our
audio-visual dataset consisting of approximately 1M im-
ages, paired with textual sounding concepts and corre-
sponding audio counterparts. The appeal of our data model-
ing approach lies in its modularity and flexibility. While we
provide sounding concepts for a certain subset of SAM [20]
and our sound pool is composed of specific datasets, the
various building blocks can effortlessly be extended at will
without requiring major modification to our sonification
pipeline. For instance, the pool of audio can be extended
with additional audio samples to accommodate any new vi-
sual data and the potential new domain this data may bring
in. The sounding concepts will aim at issuing a compre-
hensive set of information needed in order to build and re-
produce the audio-visual data showcased in this work. That
is, for each image in our SAM subset, a set of entries, each
denoting a sound file tied to a sounding concept is given.
Along the file ID, we include additional information such
as LUFS [13] normalization values, and confidence match-
ing scores (i.e. cosine similarity score). Ultimately, our
sonification script (available upon code release) utilizes this
metadata in order to produce the final audio counterpart of
the images. Figures 9 and 10 show examples of our dataset.

A.2. Filtering
Many images in SAM [20] do not carry any sonic char-
acteristic and including them in our pool would hinder
the training process. That is, images containing objects
which are inherently silent are discarded from our training
data altogether. We found that images depicting logos or
symbols to be particularly detrimental to our task given
that these type of images are ubiquitous in the SAM
dataset. We therefore look for the following keywords to
be present in the image captions as a condition for removal:
logo,icon,emblem,symbol,trademark,sign.
Namely we discard any image whose caption, previously

obtained via Llava [24], contains any of the above key-
words. Figure 8 shows some instances of images discarded
from our training data using this process.

A.3. More Qualitative Results
Figure 11 depicts additional results by our audio-to-image
generative model. In this case the model ingests in-domain
audio samples drawn, and sometime mixed together, from
our pool of audio samples. In order to build these validation
audio mixtures, we held-out a small portion of the SAM
images which he did not use during training.

Figure 8. Examples of inherently silent images that are excluded
from our dataset.
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sa_322514

sa_10389919

Llava

Llava CogVLM
Fountain - The
sound of
flowing water.",
Building - The
sound of
footsteps on the
pavement.",
Tree - The
sound of leaves
rustling in the
wind. "

Fountain: The
sound of water
splashing and
flowing. ",
Trees: The
rustling of
leaves in the
breeze. ",
People
walking:
Footsteps on the
pavement."

Waves crashing on the
shore: The sound of gentle
waves lapping against the
shoreline,
Cars horn: The sharp,
short blast of a vehicle's
horn. ",
Birds chirping: The
melodious calls of birds
flying around or perched
on the buildings.

Ocean waves -
The sound of water
crashing against
the shore,
Seagulls - The call
of seagulls flying
over the water.,
People walking -
The sound of
footsteps on the
pavement.

CogVLMLlava

Helicopter -
The sound of a
helicopter's
rotors
spinning.,
Soldier - The
sound of a
soldier's boots
on the ground.,
Opening of the
helicopter
door - The
sound of the
helicopter door
opening.

The airplane's
propeller:
'Whirr, Whirr,
Whirr'. ",
The soldier's
boots stepping
on the ground:
'Thud, Thud,
Thud',
The rustling of
the grass in
the
background:
'Sway, Sway,
Sway'

Llava CogVLM

sa_274681

CogVLM

Soccer ball - "thwack" (the
sound of the ball hitting the
ground or being kicked),
Crowd - "cheering" (the
sound of spectators
cheering for their team)",
Stadium announcer -
"announcement" (the sound
of the announcer's voice
making an announcement)

Soccer ball: 'Swoosh' as
it moves across the
ground.,
Referee's whistle:
'Piercing' sound when
blown.,
Spectators' applause:
'Cheering' or 'Applause'
as they support their
team.

Llava CogVLM

sa_1113412

sa_1498406

sa_9313115

sa_235885

Llava CogVLM

Skateboard -
Wheels turning,
Hockey stick -
Puck hitting,
Helmet -
Protective gear
sound

Hockey Stick: The sound of a
hockey stick striking the puck is a
sharp, crisp 'crack' or 'thud',
Ice Skates: The sound of ice skates
gliding on the ice is a smooth,
continuous 'whoosh',
Player's Breathing: The sound of
players breathing heavily can be a
rhythmic, deep 'huffing' or 'panting'

Llava CogVLM
Sizzling sound of
food being cooked on
a grill,
Clinking sound of
metal utensils being
used,
Rustling sound of
plastic bags being
handled.

Stove burners:
'Sizzle, crackle',
Water dispenser:
'Gushing sound of
water',
Conversations of
people: 'Murmurs,
laughter, discussions'

Water Slide: The sound
of rushing water and
children laughing as they
slide down,
Water Fountain: The
gentle spray of water
droplets hitting the
ground,
Speaker System: The
hum of the speakers and
possibly music playing.

Water fountain -
splashing sound",
Children playing -
laughter and playful
sounds",
Palm trees - rustling
leaves and occasional
swaying sounds "

Figure 9. Examples of sounding concepts inferred from the SAM dataset [20] using both Llava [24] and CogVLM [39].
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The sound of footsteps on
the tiled floor,
The sound of a person's
voice, possibly a monk or a
guide, speaking to the group,
The sound of a bell or a
gong, which is often used in
Buddhist ceremonies. 

Alms bowls: 'Clink-clink',
Flutes: 'Soo-oo',
Soft murmurs of monks:
'Hhhh'

Llava CogVLM

Llava

Crowd - Cheering, clapping,
and murmuring,
Bicycles - The sound of tires
on the road, gears shifting,
and the occasional bell or
horn,
Traffic lights - The sound of
traffic lights changing, with
the distinctive "ding" or
"ding-ding" when they turn
green

Llava CogVLM

Bicycles: 'Pedal-pedal-pedal',
'Chain-rattle-rattle', 'Brake-squeal-
squeal,
Spectators: 'Cheer-cheer-cheer',
'Camera-shutter-click-click',
'Phone-ring-ring',
Road: 'Rubber-squeak-squeak',
'Wind-whistle-whistle', 'Car horn-
honk-honk'

sa_11129984

sa_9358335

CogVLM

Bell tower -
Chimes,
Church -
Bells ringing,
Clock tower
- Chimes and
ticking
sounds

Bells: The sound of bells ringing,
often associated with churches or
cathedrals,
Wind: The rustling of flags, the
movement of the flag itself, and
the sound of leaves or other
objects swaying in the wind,
Voices: Conversations of people
walking by, tourists taking photos,
or perhaps a choir singing from
within the building.

sa_1106296

sa_867709

sa_6524999

Waterfall - The sound
of rushing water,
River - The sound of
flowing water,
Mountains - The sound
of wind blowing through
the peaks. 

        
Waterfall: The sound of rushing
water cascading down rocks. ",
Wind: The gentle rustling of grass
and the whooshing of air against the
hiker's clothing,
Birds: Chirping and the distant calls
of birds flying overhead.

Llava CogVLM

Trash can - The sound of trash
being emptied or the clanging of
the trash can lid.",
Smoke - The sound of crackling
or popping as the fire consumes
the trash.",
Street lights - The sound of the
street lights being turned on or
off, or the hum of electricity. "

Streetlights: Hum or Buzzing sound
as they illuminate the area,
Burning dumpster: Crackling or
Roaring sound as the fire consumes
the contents,
Wind blowing: Whistling or
Soughing sound as it moves through
the scene, possibly carrying the smell
of smoke and the distant sounds of
the city.

Llava CogVLM

sa_1493934
Car horns - The cars
in the background
might be honking their
horns,
Footsteps - The girls
are walking, so their
footsteps can be heard,
Rustling of fabric -
The girls might be
carrying or adjusting
their bags, which
could make a rustling
sound

Llava CogVLM

Car engine:
Vroom
Vroom,
Pedestrian's
footsteps:
Tap Tap,
Wind
rustling
leaves: Sush
Sush

Figure 10. Additional examples of sounding concepts inferred from the SAM dataset [20] using both Llava [24] and CogVLM [39].

13



Wood Creaks Dish on Table Helicopter Idle Car + People

Crows Cheers Train + Nature Bicycle + Nature Dish + Cooking
Noise

Gallops +
Handclaps

Engine + Water Tibetan Chants
+ Water Water + Traffic

Snow Footsteps +
Church Bells

Outdoor Market
Ambiance Camera Shutter Running Footsteps

Construction
Noises

Leaves Rustling +
Bee Flag Waving Leaves Rustling +

Elephant Trumping

Buffalo Moos Horse Gallops

Dog BarksMotorcycle Revs

Rain
Explosion + Water

Splashes

Waterfall Skate Gliding

Liquid Pouring Snow Footsteps

sa_6364737 sa_293515 sa_808210 sa_1812970 sa_9351722 sa_1485769

sa_282285sa_11122073sa_6333547sa_6326332sa_2840011sa_2802385

sa_6343016sa_6329685sa_817450sa_6592394sa_6578525sa_6521023

sa_6760384sa_9373698sa_11129306sa_9367061sa_10932555sa_11115921

sa_873520sa_805202sa_9331928sa_9360829sa_10400621sa_11110577

Figure 11. More generated images by our model trained on our proposed audio-visual dataset. Each of the examples comes with a file ID
(top left) to encourage readers to check their corresponding sonic counterpart on the dedicated project page. The descriptive text at the top
of each example denotes a short keyword summary of what the input audio depicts.
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A.4. Failure Cases
Although our proposed approach has shown great promises
and capacity towards robust and accurate image generation,
it does come with its set of limitations and challenges. By
following a thorough empirical qualitative assessment of the
model’s output, we compiled a list of most recurring failures
cases that we have observed, most of which are addressable
directly from the data modeling stage.
• Blurry Faces: This constraint inherently comes with the

SAM dataset which blurs any human faces present in im-
ages. Our model trained on SAM images therefore in-
trinsically ingests the same blurring paradigm. A possi-
ble remedy is to do a light finetuning on another high-
resolution dataset without blurred faces.

• Inference by Semantic Association: One recurring chal-
lenge when prompting VLMs for sounding-concepts is to
prevent it from assuming or being too creative. Namely,
we’ve observed many times that while the VLM would
surely find sounding concepts appropriately matching the
prompted image, sometimes the concepts could pertain
to an object which is not actually present in the image.
These concepts most often relate to background ambiance
or atmosphere tightly connected with the semantics of the
image. For example, images of beaches would often be
associated with the sound of “Seagulls” even when no
bird is actually shown.

• Drawing-Like Generations: Another challenge induced
by the choice of SAM as pool of training images is the
heavy portrayal of art-like visuals e.g. drawings and
paintings. When prompted with such an image, the VLM
will still returns plausible sounding concepts matching
what the fictional image represents. Depending on the
application, this may not be seen as an actual limitation,
we however still deem relevant to mention it.

• Statues: Lastly, tightly bound to the limitation por-
trayed by drawings, statues are another type of inan-
imate/unsounding objects ubiquitously represented in
SAM and yet treated as sounding object by the VLM.
Note that while a ”horse” could make sound, a statue of a
”horse” cannot. This is a distinction the VLM has a hard
time to make.
Figure 12 showcases examples of the aforementioned

limitations.

A.5. Audio-visual dataset limitations
“VGGSound” [3] was proposed to partially address the
shortcomings induced by Audioset [9] such as noisy au-
dio, low-resolution video, and low cross-modality corre-
spondence. Audio-visual pairs are typically extracted from
such data by selecting one single frame, typically the center
one, from the video, while keeping the entirety of the audio
track. This comes without any assurance that the extracted
image will indeed be of any relevance or correspondence
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Figure 12. Limitations of our audio-to-image generation model
that are rooted in the data curation process.

to its sonic counterpart (i.e. a dog can still be heard bark-
ing although it is temporarily out of the frame). Figure 13
shows examples of such scenarios extracted directly from
the VGG dataset.

Figure 13. Examples of visual limitations induced by current
audio-visual datasets, most often depicting low cross-modality
correspondence.

A.6. Overfitting of existing models
Our evaluation pipeline incorporates the entirety of the data
for each of the datasets we have assessed (see Sec. 4.4),
therefore some models have already encountered the test in-
stances, and they may have over-fitted on the training data
as well. Figure 14 presents evidence that some of these
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Figure 14. Some generated examples of SonicDiffusion [1] over-
fitting on its training data. For reasons highlighted in Sec. 4.4, the
same data is included as part of the models’ evaluation, which can
give them an unfair advantage. Top row denotes ground-truth im-
age and bottom generated by SonicDiffusion.

models, such as SonicDiffusion [1] have indeed memorized
their training data.

A.7. Standardization Details

To follow-up on Sec. 4.1, we provide more details on the
data curation process leading to our pool of audio exam-
ples that are ultimately exploited towards the sonification
process. Audioset[9], BBC sound effects (BBC SFX)5, and
FSD50k [8] collectively total in 70k audio clips of varying
lengths, sampling-rates, and channel configurations. To ful-
fill the requirements imposed by our downstream audio em-
bedding stage, we standardize the audio files across all three
datasets in the following manner; we resample the clips
to a common 16kHz sampling-rate, sum any stereophonic
files down to mono, and lastly segment them into 5-seconds
long non-overlapping clips. For audio clips shorter than
5-seconds (e.g. such as frequently found in the FSD50K
dataset) we zero-pad them to the target length. For instance,
a 34 seconds long audio file undergoing this pre-processing
stage would result in seven 5-seconds long non-overlapping
chunks, the last one being trailed with 1-second worth of
padding. Following this procedure, our audio pool totals in
500, 000 5-seconds audio chunks.

5BBC sound effects library https : / / sound - effects .
bbcrewind.co.uk/

A.8. Loudness Retention in AST
A key property of the audio embeddings, which we initially
cover in Sec. 3.4 pertains to the loudness information re-
tention (i.e. how much of the original signal amplitude is
retained as part of the audio embeddings.). As we aim to
maximize the degree of generative controllability through
an effective and meaningful representation, we argue such
property is crucially important. This type of information is
intrinsically bound to the nature of the pre-trained model,
more specifically what task and what type of data the model
has been trained on. We therefore consider the follow-
ing models as part of our proposed method; Hidden-Unit
BERT (HuBERT) [18], a self-supervised speech represen-
tation model providing rich and meaningful audio repre-
sentations without the need for labeled data, and the Au-
dio Spectrogram Transformer (AST) [11], a state-of-the-art
attention-based model for audio classification. AST is pre-
trained on partially in-domain data (i.e. Audioset) which
makes it convenient towards our downstream application. ,
HuBERT is on the other hand not and requires additional
fine-tuning on Audioset. In the early stages of our exper-
iments, we observed that AST yields more satisfactory re-
sults compared to Hubert hence we excluded Hubert from
our later experiments to focus solely on AST.

A priori, it is not clear how well the notion of signal
loudness is retained within the AST embeddings. Hence,
an experiment was crafted in which we gather a small set
of audio examples encoded by AST model, each denoting
their own “class”, and proceeded to classifying each one of
the examples using K-Nearest-Neighbor (KNN) algorithm
over multiple iterations. At each iterations and prior to the
AST embedding stage, the loudness of the audio signal is
progressively increased. Intuitively and if indeed loudness
impacts the embedding space, the accuracy of our KNN
classifier should progressively deteriorate as the range of
the loudness increases in the signal domain. Fig. 15 shows
that the loudness information applied in the audio domain
indeed has some impact on the AST embedding space, sug-
gesting that some loudness information is still retained in
the latent space.

A.9. decibel-LUFS Normalization
In this work we opt to normalize our audio signals following
the deciBel-LUFS (Loudness Units Full Scale) [13] scale.
This scale can be quite convenient when dealing with au-
dio signals and human perception as it aims at measuring
the perceived loudness of a given signal, in contrast to re-
lying solely on the raw signal amplitude. For instance, two
signals portraying identical peak level values may have to-
tally different frequency responses (i.e. bird singing vs.
lion roaring), which dB-LUFS takes into account during
its normalization process. Since, like any deciBel scales,
LUFS is a relative scale, all of its values are negatives (i.e.
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Figure 15. We perform KNN on AST embeddings and demon-
strate how the classification accuracy evolves when each audio ex-
ample is adjusted away from its original signal loudness, drifting
away from their original embeddings.

lower means quieter), 0.0-dB-LUFS representing the refer-
ence and maximal value. Next, we walk through a step-
by-step process of normalizing an audio signal x given a
normalizing dB-LUFS value tx.

As the first step towards normalizing x, its integrated
loudness needs to be computed. There are many loud-
ness measurement algorithms available, each putting differ-
ent emphasis and consideration on human perception. We
opt for [13], which models the human auditory perception
and applies a weighting to the signal, accounting for fre-
quency response and sensitivity. This process allows us to
obtain a single loudness value lx pertaining to our current
signal. This allows us to compute the difference in dB-
LUFS between the current loudness lx and the target one
tx: G = tx − lx, namely the gain we will have to apply to
x. Once G is obtained, we can use it towards normalizing
our signal x in linear-scale fashion:

xnorm = x× 10G/20 (1)

A.10. Implementation Details
As in [4], we compute the latent representation of I using a
pre-trained variational autoencoder (VAE) from LDM [35].
All images im are first resized and crop-centered prior to the
VAE input. We use a pre-trained DiT-XL/2 512×512 model
[4] as our base architecture. We point out that this model in-
stance was originally pre-trained on visual representations
beyond realistic photographs [28]. All of its weights are
used towards the initialization of our audio-to-image model
with the exception of the initial audio projector module,
which we train from scratch instead. Our audio projector
A, analogous to the text projector T in the original model,
consists of an multilayer-perceptron (MLP) which takes our

audio mixture embeddings as input to project it into vector
representations with a hidden dimension resulting from the
MLP projection, which is then ingested by the subsequent
cross-attention blocks. In our early investigation, we ex-
perimented with various pre-training paradigms for A, in-
cluding contrastively learning a projection close to T [1].
However, we did not observe a substantial difference other
than a marginal faster convergence of our model.

A.11. Audio Projector Pre-training
Existing research [1, 43] on audio-to-image generation
treats contrastively pre-training the audio projector with
text representations as a crucial component of their train-
ing framework. This process aligns the audio projection
with the text projection, making the two closer in a pseudo-
shared embedding space. The rationale is that by projecting
the pre-self-attention audio representation into a space that
is similar to the one used by the text-to-image model, the
modality transition becomes more seamless. This smoother
shift can facilitate the training process, potentially leading
to faster convergence and improved audio-to-image gener-
ation performance when model weights are initialized from
a pre-trained text-to-image model.

To investigate whether a contrastive pre-training stage is
indeed a necessity or any beneficial to our framework we
led an experiment in which we trained two model variants,
each for a limited number of epochs (given limited com-
pute resources); one with the audio projector being trained
from scratch, while the other incorporating an audio projec-
tor contrastively pre-trained with text embeddings. For the
latter, pre-training stage follows the same approach as in [1]
where our training data consists of audio-text pairs.

Figure 16 shows some qualitative results between two
models demonstrating that there is little difference between
the generation quality and pace of convergence. That is, un-
like prior works, we avoid aligning audio embedding with
text ones and train the former from scratch along side other
layers of the diffusion backbone.
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Figure 16. Comparative output examples over seven epochs
between two model variants; one incorporating an audio pro-
jector that has been contrastively pre-trained using text embed-
dings (“Pre-trained”) and the other which is trained from scratch
(“Scratch”).
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