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Abstract—The field of text-to-audio generation has seen significant
advancements, and yet the ability to finely control the acoustic char-
acteristics of generated audio remains under-explored. In this paper, we
introduce a novel yet simple approach to generate sound effects with
control over key acoustic parameters such as loudness, pitch, reverb, fade,
brightness, noise and duration, enabling creative applications in sound
design and content creation. These parameters extend beyond traditional
Digital Signal Processing (DSP) techniques, incorporating learned repre-
sentations that capture the subtleties of how sound characteristics can be
shaped in context, enabling a richer and more nuanced control over the
generated audio. Our approach is model-agnostic and is based on learning
the disentanglement between audio semantics and its acoustic features.
Our approach not only enhances the versatility and expressiveness of
text-to-audio generation but also opens new avenues for creative audio
production and sound design. Our objective and subjective evaluation
results demonstrate the effectiveness of our approach in producing
high-quality, customizable audio outputs that align closely with user
specifications.

Index Terms—text-to-audio, generative model, audio generation, diffu-
sion models, sound effects

I. INTRODUCTION

Creating audio content, such as sound effects, music, or speech,
customized to specific needs is vital for a wide range of applica-
tions, including augmented and virtual reality, game development,
and video editing. Recent advancements in generative models have
enabled high-quality audio generation, in both conditional [1], [2] or
unconditional [3] settings. Specifically, conditional audio generation,
which enables users to guide the process using other modalities such
as language, offers greater flexibility for customized audio outputs.
Natural language stands out as a particularly versatile means of
conditioning audio generation, allowing users to specify detailed
characteristics such as pitch, acoustic environment, and temporal
structure. This task, known as text-to-audio (TTA) generation, focuses
on producing audio based on natural language descriptions.

Recently, TTA models have achieved remarkable performance
across various sub-domains such as speech [4], music [5], and sound
effects [1]. However, fine-grained control over elements like loudness,
reverb, pitch, etc beyond the core semantic content (e.g. “explosion”
vs “loud explosion”, “coin cling” vs “reverberant coin cling”) is an
open problem, possibly due to limitations in the text encoder [6], lack
of training data [6] or the generative model itself [7]. Professionals
must be able to manipulate granular aspects of audio to achieve
their creative vision. This lack of control over acoustic characteristics
makes text-to-audio generation hard to incorporate into the workflows
of professional sound artists and designers.
Main Contributions. In this paper, we propose a simple, scalable
and model-agnostic approach to enable fine-grained control via text
prompts for sound effect generation. Our approach augments text
prompts for training and inference with information extracted from
the acoustic properties from audio. By incorporating detailed text

descriptors of the audio’s acoustic characteristics into the captions,
our method enhances the model’s ability to learn disentangled rep-
resentations of these properties. This leads to improved fine-grained
control over audio generation to control subtleties in loudness, reverb,
pitch, noise and duration. Thus, our proposed method is scalable
as it works with any audio data, and model-agnostic since it is
applicable to any generation-based model architecture which can
be conditioned on text. Moreover, our technique achieves better
CLAPscr alignment [8] and a comparable FAD score [9] to other
baselines, and achieves the highest score on subjective evaluation.

II. RELATED WORK

Audio Generation. Recent advancements in audio generation pre-
dominantly utilize deep generative models, such as Generative Ad-
versarial Networks (GANs) [10], [11] and Variational Autoencoders
(VAEs) [12], to synthesize high-quality audio signals. These models
are typically trained on large-scale datasets and learn to produce audio
by capturing complex temporal dependencies. The closest work to
ours is [1], where the authors employ a Diffusion Probabilistic Model
for text-to-audio generation, leveraging transformer-based architec-
tures to model long-range dependencies in the audio sequence. Unlike
our approach, which uses a novel text-conditioning mechanism to
enhance fine-grained control over generated sound properties, their
method primarily focuses on sound generation without the ability
to control the acoustic properties. Other approaches have explored
the use of autoregressive models [13], [14], and non-autoregressive
models [1] to balance between generation quality and computational
efficiency.

Fine-Grained Control in Sound Generation. Specifically, this
involves manipulating particular aspects of the audio output, such
as pitch, timbre, loudness, and temporal structure, to create more
expressive and customizable audio content. Recent advancements
in this area leverage conditional generative models that incorporate
auxiliary inputs or control signals to guide the generation process.
For example, models like DiffWave [15] and [16] enable users
to condition audio synthesis on various attributes, by incorporating
control vectors or embedding layers that influence the generation at
different stages. Other approaches use discrete and continuous latent
representations [17], [18] to allow fine adjustments of the audio
properties, enabling the generation of diverse and nuanced sounds
from the same underlying model. These techniques often involve
training with large, annotated datasets to learn the associations
between control inputs and corresponding audio features. The ability
to achieve fine-grained control not only enhances the flexibility
and creativity of audio generation systems but also broadens their
applicability in areas such as music production, virtual reality, and
personalized content creation. As far as we are aware, ours is the first
work to explore text-based fine-grained control in audio generation.
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Fig. 1: Illustration of our proposed methodology for training (left) and inference using (right) SILA. During training, the augmentation for reverb
and fade is not always applied to the audio, and is only used for augmenting the audios to add reverb and fade descriptors.

III. METHOD

Fig. 1 illustrates the methodology of our proposed method, SILA.
In this section we describe SILA in detail, including its key compo-
nents and training details.

A. Caption Generation for SILA

Our core idea is to generate captions with detailed descriptors about
the acoustic characteristics of each event in the audio, such that when
trained on such captions, the model learns to pay attention to these
descriptors for generation. To achieve this, we first generate captions
for each audio in the dataset.
Coarse Caption Generation. We generate coarse captions for each
audio in the dataset using GAMA [19], which is an audio language
model that leverages Qformer based architecture to caption audio
and perform complex reasoning on audio tasks. These preliminary
captions are subsequently refined and expanded using the Mistral-7B
model [20], which is provided with additional metadata elements such
as filename, title, description, keywords, category, subcategory, extras,
and the GAMA-generated caption. Specifically, we utilize Mixtral-7B
to generate multiple variations of a vivid and detailed description for
each audio file. By using the carefully crafted prompt which utilizes
the metadata, we ensure that the model captures diverse perspectives
and rich, descriptive nuances of the audio, producing several distinct
yet detailed interpretations of the sound. This approach allows us
to explore the full expressive range of the generated descriptions
while maintaining relevance to the audio’s acoustic characteristics.
This approach is scalable and allows for the generation of captions
for audios without ground-truth captions. Additionally, these captions
are more diverse and accurate and better capture the nuances of the
audio data.
DSP-Based Captions. Once coarse captions are generated, we con-
catenate audio descriptors about the acoustic characteristics of the
audio at the end of the coarse caption obtained from the Mistral-7B
model. These descriptors are appended to the caption as follows:
Coarse caption, & acoustic_characteristics1:

descriptor1, & acoustic_characteristics2:
descriptor2, ....

We discuss the audio descriptors used by SILA in the following
subsection.

B. Audio Descriptors

Audio descriptors are measurable features that characterize various
acoustic properties of audio signals. These descriptors serve a crucial
role in understanding, analyzing, and manipulating audio, particularly
in the context of text-to-audio generation. While traditional Digital
Signal Processing (DSP) techniques have been extensively used to
analyze and synthesize audio, our approach extends beyond the
usage of simple DSP-based algorithms. Instead, we aim to learn and
disentangle key acoustic attributes from the audio itself, allowing
for more nuanced and flexible control over the generative process.
These descriptors enable the model to capture and generate complex
auditory characteristics, enhancing its ability to produce audio that
aligns with specific user-defined properties. Below, we detail the
descriptors used in our system.

1) Loudness: The loudness of each audio file is estimated and
categorized into predefined classes based on an analysis of the
training dataset. Following psychoacoustic principles outlined by
Moore [21], loudness perception is influenced by sound pressure
level and frequency. To this end, we define four distinct loudness
categories: very soft (-70 LKFS to -55 LKFS), soft (-55 LKFS to
-40 LKFS), loud (-30 LKFS to -15 LKFS), and very loud (greater
than -15 LKFS). Audio files with intermediate loudness levels are
not categorized to maintain focus on the most perceptually distinct
variations. This classification approach enhances the model’s ability
to understand and differentiate between significant loudness levels,
facilitating the generation of audio with accurate loudness descriptors.

2) Pitch: To accurately estimate the pitch, we employ a deep
learning-based pitch estimation method, building on the work by
Kim et al. [22], which utilizes convolutional neural networks for
robust pitch detection across a wide range of frequencies. The audio
is first processed through segmentation and normalization to ensure
consistent pitch analysis. We then classify pitch into two categories:
low (less than 1.5 octaves) and high (greater than 3.5 octaves),
based on its frequency range. These classifications align with the
frequency ranges associated with low and high pitch perception in
human auditory studies, allowing the model to effectively understand
and distinguish tonal variations in the audio.

3) Reverb: Reverberation is an important auditory feature that
adds depth and spatial characteristics to audio. Due to the lack of
reverberant data in the training set, we augmented the dataset by



applying simulated reverb effects to the audio using Pedalboard1,
creating distinct categories such as dry, slightly wet, wet, and very
wet. This augmentation strategy not only compensates for the absence
of natural reverb in the training data but also enables the model to
learn the nuances of different reverberation levels, thereby improving
its ability to generate audio with realistic spatial characteristics.

4) Noise: Noise estimation in audio is a challenging task due to the
overlapping nature of background and foreground sounds. Traditional
methods like root mean square (RMS) and zero-crossing rate (ZCR)
often fail to differentiate between types of noise effectively. To
address this, we developed a novel approach inspired by spectral
analysis techniques. We compute the Mel spectrogram, normalize it,
and calculate an estimate of SNR metric by taking the difference
between the loudest set of frames and the softest set of frames to
capture the dynamic range of the audio. We classify audio into silent
background (SNR ≥ 6) and noisy background (SNR ≤ 2), providing a
more nuanced representation of noise levels. This method allows the
model to distinguish between different noise environments, aligning
with findings in acoustic signal processing literature [23]. We avoid
augmenting the caption of audio with SNR estimates between 2 and
6, as we found this metric to be somewhat unreliable in the middle
of the range.

5) Brightness: Brightness, a perceptual attribute that reflects the
presence of high-frequency content in audio, is estimated through
spectral analysis. We calculate the spectral centroid, which indicates
the center of mass of the spectrum, to determine the brightness level.
Based on the distribution of spectral centroid values in the training
data, audio files are classified into dull or bright categories. Audio
with lower spectral centroid values (less than 45) are considered dull,
while those with higher values (greater than 65) are labeled as bright.
This classification helps the model distinguish between audio with
varying amounts of high-frequency content, which is a key factor in
the perception of brightness.

6) Fade: Fade-in and fade-out effects, which involve gradual
amplitude changes at the beginning or end of an audio signal,
are common in audio production. To incorporate these effects, we
augmented the audio data with synthesized fade-in and fade-out tran-
sitions. This augmentation allowed the model to learn to recognize
and differentiate these common audio transitions, which are prevalent
in various audio production contexts. By introducing these effects, the
model gains the ability to generate audio that naturally incorporates
fading, enhancing its applicability in real-world scenarios.

7) Duration: Duration is an important contextual feature that
provides information about the temporal length of an audio clip.
To incorporate this information, the duration of each audio file was
calculated and probabilistically appended to the audio’s descriptive
metadata. This addition allows the model to learn associations be-
tween audio content and its temporal length, improving its ability
to generate audio that aligns with specific duration requirements.
Including duration as a descriptor also enhances the model’s un-
derstanding of time-dependent audio features, further refining its
generative capabilities.

After adding these descriptors, a sample coarse caption ”The deep
rumble of the storm echoes through the sky.” looks like: ”The deep
rumble of the storm echoes through the sky, & loudness: soft, &
pitch: low, & reverb: very wet, & brightness: bright, & fade: out, &
duration: 3 seconds.”

1https://github.com/spotify/pedalboard

C. Audio Generation

SILA relies on any audio generation model that can be conditioned
on text, enabling fine-grained control over the generated audio
without specifying a particular architecture. This flexibility allows
the model to adapt to various generation tasks where text-based
conditioning is essential, ensuring alignment between the descriptive
prompts and the resulting acoustic outputs. The model’s conditioning
mechanism captures key acoustic characteristics from the prompts,
enabling precise control over features like loudness, pitch, reverb, and
noise during the generation process. This modular approach ensures
that the model can seamlessly integrate into different text-to-audio
frameworks while providing robust and flexible control over the audio
generation.

IV. EXPERIMENTS

Training Datasets. For training and evaluating SILA, we use
FreeSound [24] and licensed and proprietary sound effects data. We
randomly split these datasets in train and validation. More detailed
statistics about each dataset is provided on our project page.
Evaluation Datasets. We evaluate SILA on the Adobe Audition2

dataset. It is an open-source dataset, and includes over 10,130 sound
effects, categorized for various uses such as cartoon sounds, gunfire,
crowd noises, and more, to enhance video, podcasting, or other audio
projects. Note that AuditionSFX is not in our training data at all, and
is used for evaluation purposes only.
Evaluation metrics. We evaluate the proposed method using both
objective and subjective metrics. For the objective evaluation, we use
two metrics: the Fréchet Audio Distance (FAD) and the CLAP score
(CLAP). We report the FAD [9] using the PyTorch implementation
with the VGGish model, where a lower FAD score indicates more
plausible generated audio. The CLAP score [8], [25] is computed
between the track description and the generated audio to quantify
audio-text alignment, using the official pretrained CLAP model.
User-Evaluation. For the subjective evaluation, we surveyed 22
participants, all of whom were adults with no hearing impairment.
Each participant was presented with 4 audios at once one from
each model and was asked to choose one. In total the users were
presented with 30 samples in random order. The participants had to
choose which of the 4 audios aligned most to each of the categories:
Loudness, Pitch, Reverb, Noise, Fade, Duration, and which of the
4 audios was overall most aligned to the caption used to generate
the audio: All. Importantly, the models used to generate the audios
were unknown to the listeners, ensuring unbiased selections. This
approach allowed us to evaluate both the specific acoustic control
and the overall semantic alignment of the generated audio with the
descriptive prompts.
Model Architecture and Hyper-parameters. Although SILA is
model-agnostic, in our experiments we use our own DiT-based
TTA model built on Diffusion Transformers (DiT) [26]. This is a
transformer-based architecture designed to operate on continuous data
like audio, refining outputs through noise removal via diffusion pro-
cesses. The DiT used is conditioned on language representations from
FLAN-T5 XXL [27], using cross-attention between T5 embeddings
and the DiT representations at each layer. This enables a more precise
alignment between textual descriptions and acoustic outputs, offering
fine control over the generative process. Additionally, our model
incorporates classifier-free guidance and dynamic conditioning mech-
anisms to further improve the quality, flexibility, and control of the
generated audio. This enables our model to align textual descriptions

2https://www.adobe.com/products/audition/offers/audition-dlc.html



TABLE I: Comparison of CLAPscr and FAD scores on AuditionSFX.
SILA achieves the highest CLAPscr and second highest FAD, indicat-
ing better alignment and plausible generation quality.

Model CLAPscr ↑ FAD ↓

Stable Audio 0.26 0.86
AudioGen 0.27 1.12
Tango 2 0.21 1.97
Baseline (w/o SILA) 0.25 0.81
SILA 0.29 0.84

with acoustic outputs in a highly flexible manner, allowing for fine
control over the audio generation process. We train SILA with a
learning rate of 1e-4 and an effective batch size (BS) of 64, and
train for 400000 steps. We train a variational autoencoder (VAE)
following the recipe in Kumar et al. [28], which compresses mono
audio at 48khz to a latent space with 64 dimensions, running at 40Hz.
Our only modification to the recipe in Kumar et al. [28] is to swap
the residual vector quantization with a continuous latent space that
is KL-regularized.
Baselines. We use the following baselines for comparison: Stable
Audio Open [1], AudioGen [13] and Tango 2 [29]. We compare
our proposed approach to these baselines on Fréchet Audio Distance
(FAD) and the CLAP score (CLAP). Due to computational constraints
we use the checkpoints released by the authors.

V. RESULTS

Table I compares the CLAPscr and FAD scores across different
models for the AuditionSFX dataset, showing that SILA achieves su-
perior alignment between text descriptions and generated audio. The
higher CLAPscr indicates that SILA is more effective in capturing
and controlling the acoustic characteristics specified in the prompts
compared to previous models. Importantly, this improvement in text-
audio alignment is achieved without compromising the overall audio
quality, as demonstrated by a competitive FAD score, suggesting
that SILA generates perceptually plausible audio while maintaining
strong semantic alignment.

Table II presents a comparison of the scores between the baseline
model (without SILA) and the model incorporating SILA. The results
demonstrate that SILA enhances the model’s ability to learn better
disentanglement during training. This allows the model to capture
diverse characteristics of the audio, beyond just the core content
of the audio. We train both the model on the same datasets. For
the comparison of noise, brightness, and pitch, we use the metrics
discussed in Section III-B. Since SILA adds a reverb effect to the
audio, we calculate the reverb using timbral models3, returning the
mean RT60 value. Loudness is not included in the comparison as the
model outputs normalized audio, and fade values are omitted due to
the absence of metrics for evaluating fade in and fade out effect.

In Table III, the subjective evaluation further validates SILA’s
performance, as it outperforms other models in capturing key acoustic
features such as loudness, pitch, reverb, noise, duration, and fade.
Listeners consistently rated SILA’s generated audio as aligning more
closely with the descriptive prompts across all categories, highlighting
its ability to disentangle and control individual audio features with
greater precision. The results demonstrate SILA’s robustness in both
objective and subjective metrics, confirming its effectiveness for prac-
tical applications where fine-grained control over audio characteristics
is essential.

3https://github.com/AudioCommons/timbral models

TABLE II: Comparison of average acoustic characteristic values. SILA
outperforms the baseline, with scores within the expected range for
each feature, indicating improved disentanglement between audio and
its characteristics.

Categories Sub Categories Baseline (w/o SILA) SILA

Reverb (RT60)

dry 0.55 0.11
slightly wet 0.52 0.52

wet 0.50 0.73
very wet 0.51 0.84

Noise (SNR) silent background 4.31 6.78
noisy background 2.43 1.72

Brightness (spec. centroid) dull 57.53 41.71
bright 59.24 71.37

Pitch (octave) low 2.31 1.17
high 2.95 3.78

Duration (sec.) 3 seconds 4.87 3.12
4 seconds 4.94 3.97

TABLE III: Subjective evaluation comparing different baselines to SILA.
Users show a preference for SILA over other models.

Model Loudness Pitch Reverb Noise Fade Duration All

Stable Audio Open 0.17 0.23 0.09 0.20 0.18 0.26 0.12
AudioGen 0.10 0.17 0.13 0.19 0.21 0.22 0.11
Tango 2 0.03 0.10 0.07 0.14 0.10 0.16 0.05
SILA 0.70 0.50 0.71 0.47 0.51 0.36 0.72

As demonstrated in Example 1 on the project website, the model
successfully disentangles loudness, producing soft explosion sounds
that are perceptually soft rather than loud; other, subsequent examples
on the project page strengthen our claim. It can also be observed
that the soft explosion sound is not merely a quieter version of the
loud one, but carries distinct auditory characteristics that make it
perceptually different. In a model trained with SILA, generated audio
for a soft explosion is one that is in the distance, and far away,
whereas a loud explosion is one that is very close.

VI. LIMITATIONS AND FUTURE WORK

We acknowledge the following limitations in our work:
1) SILA has not been evaluated for compositional audio genera-

tion and may not perform well on audios containing multiple
types of events.

2) SILA has not been tested for controlling properties in text-to-
speech generation.

In future work, we aim to explore how SILA can be applied to control
a wider range of audio properties such as stereo width, panning and
motion (e.g. race car sound going from left to right) and to support
compositional text-to-audio generation. We also hope to enable more
natural captions where the characteristics are embedded in the caption
(e.g. “soft dog bark”), rather than appended to the end (e.g. “dog bark
& loudness: soft”).

VII. CONCLUSION

In this paper, we introduce SILA, a scalable and model-agnostic
approach designed to enhance control over the acoustic character-
istics of audio in the text-to-audio (TTA) generation process. Our
method involves first generating diverse captions for the audio and
subsequently incorporating audio descriptors that define the acoustic
properties of the audio. This approach enables the TTA model
to better learn the disentanglement between audio content and its
acoustic features. Importantly, our method maintains the quality of
audio generation while significantly improving the controllability of
the generated audio.

https://github.com/AudioCommons/timbral_models
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