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Abstract

Latent diffusion models have shown promising results in
audio generation, making notable advancements over traditional
methods. However, their performance, while impressive with
short audio clips, faces challenges when extended to longer
audio sequences. These challenges are due to model’s self-
attention mechanism and training predominantly on 10-second
clips, which complicates the extension to longer audio without
adaptation. In response to these issues, we introduce a novel
approach, LiteFocus that enhances the inference of existing au-
dio latent diffusion models in long audio synthesis. Observed
the attention pattern in self-attention, we employ a dual sparse
form for attention calculation, designated as same-frequency fo-
cus and cross-frequency compensation, which curtails the at-
tention computation under same-frequency constraints, while
enhancing audio quality through cross-frequency refillment.
LiteFocus demonstrates substantial reduction on inference time
with diffusion-based TTA model by 1.99 in synthesizing 80-
second audio clips while also obtaining improved audio quality.
Index Terms: audio synthesis, diffusion model, long audio
generation, efficient audio generation

1. Introduction

Text-to-audio (TTA) has become an increasingly important area
of research, with practical applications that span speech synthe-
sis [1, 2], music production [3, 4] and assistive technologies [5].
The recent progress in TTA has been significantly propelled
by advancements in deep learning and the scaling up of mod-
els [6, 7, 8, 9, 3]. Among them, the application of latent dif-
fusion models [10], originally developed for image and video
generation, shows a significant leap forward to audio synthe-
sis [6, 7, 8]. This has led to notable improvements in audio
fidelity, showcasing the latent diffusion model’s capacity to el-
evate the quality and feasibility of audio content creation.
Despite the significant successes of diffusion-based model
in audio synthesis, the model encounters efficiency challenges.
Previous work on accelerating diffusion-based TTA models fo-
cuses on reducing the timesteps by progressive distillation [11,
12] or consistency distillation [13, 14]. Another line of work
is to accelerate the sampling of diffusion by SDE [15] or
ODE [16, 17] sampling methods. Those methods all success-
fully reduce the sampling steps and thus increase the efficiency.
However, beyond reducing the number of inference steps
for diffusion models, it is necessary to place emphasis on spe-
cial time-consuming structures within the diffusion model. A
primary issue is the drastic increase in inference time as the
length of the generated audio extends [18], as the self-attention
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Figure 1: lllustration of the computational cost associated with
audio synthesis using the audio diffusion model (AudioLDM?2):
(a) The time required for synthesizing audio clips of varying
lengths; (b) The proportional time consumption of different
modules within the model during the generation of audio clips
of different lengths.

mechanism [19] within the unet model [20] has O(N?) com-
plexity. For instance, generating an 80-second audio on the
model AudioLDM? takes approximately 10 minutes (details in
Section 4.1). In Figure 1, we show that the inference time ex-
hibits a quadratic increase with the length of the audio. Further-
more, as the length of the audio increases, self-attention gradu-
ally dominates the overall inference time. This increasing pro-
portion underscores the importance of enhancing the efficiency
of self-attention calculation in audio diffusion models under the
scenario of long-form audio synthesis.

Inspired by this, we focus on the acceleration of attention
mechanism in diffusion-based TTA model. Our approach does
not require retraining the model, making it cost-effective and
efficient. Our contributions can be summarized as follows:

* We uncover a distinctive attention pattern specific to the mel-
spectrogram within the attention blocks. The high interac-
tions within the same frequency band reveals the redundancy
of attention computation.

* Drawing on these findings, we propose LiteFocus, a method
that sparisifies the computation of attention. We factorize the
computation of attention into two parts: sample-frequency
focus and cross-frequency compensation.

¢ Our experimental evaluations suggest that LiteFocus not only
potentially reduces inference time of audio diffusion models
but also may enhance the quality for longer audio segments
in comparison to baseline methods.



2. Related Works

Audio Diffusion Models. Following the success in computer
vision [10, 21, 22], diffusion models have been adeptly adapted
for tasks such as text-to-speech synthesis and speech enhance-
ment, demonstrating remarkable capabilities [23, 24, 6, 7, 8].
Earlier models like DiffWave [24] and Diff-TTS [23] showcased
diffusion models’ potential in audio synthesis. Recently, ad-
vancements with Diff-sound [24] and AudioLDM [7, 8] lever-
aged larger datasets and models to achieve superior audio qual-
ity, illustrating diffusion models’ growing capability in high-
quality audio generation from text.

Accelerating Audio Synthesis Model. To speed up audio syn-
thesis, methods such as InferGrad [25] use joint training to
make inference faster, ProDiff [11] applies knowledge distilla-
tion to cut down on the number of steps needed, and techniques
like Diffsound [6] and NoreSpeech [26] use VQ-VAE [27] for
quicker token generation. Additionally, some general methods
for speeding up diffusion models [28, 29, 30, 31] can also be
applied in audio synthesis. For instance, Token Merging [28]
optimizes the transformer module, offering a direct approach to
enhancing the efficiency of diffusion models.

3. Methods
3.1. Preliminary

The audio latent diffusion model [6, 7, 8] can be succinctly di-
vided into three main components: the text encoder [32], the
denoise U-Net model [20], and a mel-spectrogram-based vari-
ational auto-encoder (VAE) [33]. The pipeline for converting
text to audio operates as follows: Initially, an input text is pro-
cessed by the text encoder, which encodes the text into a cor-
responding embedding. Subsequently, this specific text embed-
ding serves to guide the iterative denoising of a sampled noise
within the latent space, executed through a U-Net architecture.
Upon completion of the denoising process, the latent represen-
tation is decoded by the VAE decoder into a mel-spectrogram,
which can then be converted into audible sound.

Within the inference process of the audio latent diffu-
sion model, self-attention modules play a pivotal role as one
of the key units. The self-attention module takes an input
X e RWexN)XC and transforms it into corresponding keys,
queries, and values. C stands for the number of channels, and
N¢ and Ny delineate the dimensions within the latent space,
corresponding respectively to the time and frequency bands of
the mel spectrogram. The fundamental formula for computing
self-attention can be expressed as follows:

T
Y = attention(X) = softmax (QK ) V,
Vg

where K = Wi, X,Q = W, X,V =W, X

where dj, represents the dimensionality of the keys, and W,
W} and W, are the projection matrices. This self-attention
mechanism allows the model to weigh the importance of dif-
ferent parts of the input in relation to each other, enhancing its
ability to generate coherent and contextually relevant audio out-
puts. However, in the context of audio latent diffusion, the com-
putational load of the QKT exhibits quadratic growth w.r.t the
length of the audio.

3.2. Attention Pattern for Audio Latent Diffusion

We show the attention maps in Figure 2. The results highlight
a unique attention pattern, focusing on interactions within the
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Figure 2: Attention patterns within the audio latent diffusion
model: (a) Attentions for two different tokens. We reshape the
attentions to rearrange the attention of the same frequency in
the same row. (b) Attention patterns across different blocks in
the model. Due to size constraints, only a proportion of the
attention maps are shown.

same frequency band. We observe that the token’s attention
is specifically directed towards other tokens sharing the same
frequency coordinate. From Figure 2(a), we observe that tokens
of the same frequency have higher attention values relative to
each other. In Figure 2(b), this is shown as the attention pattern
exhibiting equidistant repeating pattern, and the interval of this
repetition corresponds to the number of frequency dimensions
in the mel spectrogram within the latent space. Additionally, we
find that this pattern is more pronounced in the down-sampling
block compared to the up-sampling block.

3.3. LiteFocus

Motivated by the aforementioned approach, we posit that dedi-
cating substantial computational resources to the repetitive pat-
terns represents a promising avenue for optimization. Partic-
ularly for longer audio sequences, enhancing the efficiency of
attention computations and eliminating superfluous operations
stand to offer considerable improvements in inference speed, all
while maintaining the quality of the generated audio.

To facilitate the streaming of audio diffusion model without
extra post-training, we propose LiteFocus that sparsifies the at-
tention mechanism. Our approach focuses on the attention pro-
cess by sparsifying each query’s attention operation on a subset
of all tokens, rather than computing attention across all keys and
values for every token. We factorize the sparsification of atten-
tion into two directions: Same-frequency Focusing and Cross-
frequency Compensation.

To elaborate, within the attention mechanism, a token lo-
cated in the mel-spectrogram latent space at coordinates (a, b)
is denoted as X;, where 7 is the index after flattening the di-
mensions, computed as ¢ = a - N; + b. Here, N; represents the
total number of time steps in the latent space, and (a, b) spec-
ifies the token’s position with a and b indicating its time and
frequency coordinates, respectively. For this token X, there is
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Figure 3: A comparison between the original attention processor and LiteFocus: The left side illustrates the processor for the original
self-attention mechanism, while the right side depicts the attention processor utilized by LiteFocus. In LiteFocus , each query is assigned
a specific focus tokens set, with which it performs the attention operation on the corresponding keys and values.

a specifically associated focus-set F;. This focus-set F; repre-
sents the collection of indices from keys K and values V' with
which query @); is intended to interact. The output y; obtained
from this query is formulated as follows:

QiK%
; = soft | VE, 1
Yi = SO max( o F; (D

where Kr, and VF, denote the subsets of keys and values se-
lected for interaction with @;, defined as:

Kr, ={Kjlj € I3} ®)
VFi = {‘/J‘] € Fl} 3)

The focus-set F; for each query g; is formed by the union of
two distinct sets:

F;, =5, UC. “4)

* Focus on Same-frequency Tokens.
The set of same-frequency tokens .S; is composed of indices
corresponding to tokens that are in the same frequency band
as ;. This can be formulated as:

S; ={j|jmod N; =i mod N;} )]

* Compensation on Cross-frequency Tokens.

The set of Cross-frequency Compensation C' is obtained by
randomly selecting indices from the full index set I of keys
and values according to the percentage r:

C = RandomSample (I, |7 - |1]]), 6

where 7 represents the percentage of the total index set / to be
included in the subset C, and |I| denotes the cardinality (or
total number) of I. This selection process provides a global
context through a diverse sample from I, proportional to r.

Figure 3 illustrates the process of selecting the focus-set by Lite-
FocusCombining both the Same-frequency Focusing S; and the
Cross-frequency Compensation C' allows the attention mecha-
nism to achieve both a broad contextual understanding and a
detailed insight into frequency-specific relationships within the
audio. By ensuring that each query interacts with only a lim-
ited number of tokens, our method effectively reduces the total
computational load.

4. Experiments
4.1. Setup

Base Model and Inference Setting: In our experiments, we
focused on the AudioLDM?2 model, one of the standout mod-
els in the audio latent diffusion category, specifically using the
audioldm2-full checkpoint '. The diffusion steps were set
to the default 200 steps.

Evaluation: Our experiments utilized the AudioCap Eval-
uation Set [34], generating 4845 unique audio clips from 4845
captions to serve as text prompts. The quality and efficiency
of these audio generations were evaluated using several met-
rics, including Frechet Audio Distance (FAD) [35], Kullback-
Leibler (KL) divergence, Contrastive Language-Audio Pretrain-
ing (CLAP) score [36] and the inference time required for each
audio clip. The code used for these evaluation experiments is
based on the repository Audio Generation Evaluation®.

Infrastructure To ensure consistency and reliability in our
measurements, especially for those related to computational
costs during inference, all experiments were conducted on a sin-
gle Nvidia A6000 GPU.

LiteFocus Setting: For LiteFocus we applied it to all
Transformer Modules within the second block of the down
blocks and the second block of the up blocks of the audio la-
tent diffusion model. Furthermore, the proportion r for Cross-
frequency Compensation is set to 0.1.

Baseline: We also applied the Token Merging [28] ap-
proach to audio latent diffusion model as our baseline. Simi-
lar to our method, Token Merging aims to reduce the redundant
computations within the attention operation. Its primary strat-
egy involves merging similar tokens into a single token before
executing the attention operation, thereby reducing the compu-
tational load of the attention mechanism. Token Merging was
applied to the same transformer modules as LiteFocus and uti-
lized all default parameters.

4.2. Performance Comparison

Table 1 presents a comparative analysis of the experimental re-
sults for the original inference, acceleration with LiteFocus, and
acceleration with Token Merging. It’s observed that LiteFocus’s
acceleration factor increases with the length of the generated au-
dio. Notably, for 80-second clips, LiteFocus achieves a 1.99x
faster processing while also improving the audio’s quality met-

! AudioLDM2: https://github.com/haoheliu/AudioLDM2
2Evaluation Tools: https://github.com/hacheliu/audioldm_eval



‘ Original Inference ‘ LiteFocus ‘ Token Merging
Audio Length ‘ FAD| KL| CLAP(%)t Speedt ‘ FAD| KL| CLAP(%)t Speed1 ‘ FAD| KL| CLAP(%)t Speed?
10 sec 2.89 1.82 19.8 1x 4.17 1.86 18.1 1.02x 3.73 1.85 19.7 1.01x
20 sec 4.97 2.01 16.0 1x 3.72 1.79 17.8 1.43x 7.67 2.22 15.5 1.25x
40 sec 6.72 2.27 12.8 1x 5.40 2.12 13.8 1.94 x 7.85 2.43 119 1.40x
80 sec 7.74 2.41 10.8 1x 6.56 2.28 12.2 1.99x 8.95 2.54 10.2 1.56x

Table 1: Efficiency and quality metrics of the original inference, LiteFocus, and Token Merging methods across different audio lengths.
Bold values represent the best results among the three groups. In LiteFocus, the cross-frequency compensation ratio r is set to 0.1.

| 10 sec | 20 sec | 30 sec | 40 sec
r | FAD| KL| CLAP(%)t | FAD| KL| CLAP(%)} | FAD| KL| CLAP(%)! | FAD| KL| CLAP(%)!
1 2.89 1.82 19.8 4.97 2.01 16.0 5.97 2.20 13.2 6.72 2.27 12.8
0.8 2.97 1.84 19.6 498 1.99 15.8 591 2.21 13.2 6.71 2.25 12.7
0.6 3.08 1.81 19.5 4.97 1.98 15.2 5.94 2.20 13.6 6.72 2.25 12.3
0.4 3.20 1.85 19.5 5.00 1.99 15.6 6.51 2.24 13.6 6.79 2.27 12.1
0.2 3.88 1.98 18.3 5.13 1.99 15.5 6.56 2.22 13.1 6.85 2.26 119

Table 2: Evaluation of performance metrics across various audio lengths at different cross-frequency compensation percentages (r),
without same-frequency focusing. Higher values of v imply a lower sparsity rate in the attention operation.

Only Same-Frequency Focusing

Audio Length | FAD | KL | CLAP(%)1
10 sec 7.26/+3.09 1.98/+0.12 16.4/-1.7
20 sec 5.10/+1.38 1.86/+0.00 16.9/-1.1
30 sec 5.70/+0.82 1.96/+0.02 15.3/+0.1
40 sec 6.06/+0.66 2.04/-0.08 14.4/+0.6
80 sec 6.24/-0.32 2.19/-0.11 12.5/+0.3

Table 3: Performance metrics of LiteFocus with cross-frequency
compensation disabled. Each cell presents the metric value
(left) and the difference compared to results with cross-
[frequency compensation enabled (right).

rics over those generated by the standard inference. Addition-
ally, as the length of the generated audio increases, its three per-
formance metrics—FAD, KL, and CLAP—all deteriorate. This
decline in performance may be attributed to the original model
is primarily trained on 10-second audio clips.

When comparing Token Merging’s efficiency to LiteFo-
cus, as shown in Table 1,we observed that for 80-second audio
generation, Token Merging only achieved a 1.56 times faster
inference speed, less impressive than LiteFocus’s 1.99 times
speedup. Additionally, unlike LiteFocus, which mitigated the
decline in audio quality metrics as audio length increased, au-
dio generated through Token Merging exhibited poorer quality
metrics compared to the original inference result.

4.3. Analysis

In LiteFocus, the focus-set F; associated with each query Q;
is union of distinct sets : one is same-frequency focusing S;,
which targets attention within identical frequency bands, and
the other part is cross-frequency compensation C' addressing
potential gaps missed by .S;.

Building upon the original LiteFocus framework, we firstly
conducted experiments without the cross-frequency compensa-
tion C, and the results are presented in Table 3. We observed
that when retaining only same-frequency focusing, the audio
generated for durations of 10 seconds and 20 seconds exhib-
ited a decline in quality metrics compared to the original Lite-
Focus. However, this degradation becomes less pronounced
with longer audio. Interestingly, for 80-second audio clips, the
quality metrics with only same-frequency focusing slightly sur-

passed those of the original LiteFocus.

We also conducted LiteFocus experiments exclusively
employing cross-frequency compensation, withoud same-
frequency focusing, and tested various r percentages across the
generation of audio clips of different durations. Table 2 presents
these adjustments’ impact on the quality metrics of generated
audio clips, illustrating the relationship between reduced cross-
frequency compensation ratios r and audio quality. We can ob-
serve that in shorter audio clips (10 seconds and 20 seconds),
a lower cross-frequency compensation percentages r leads to
a quicker degradation in performance metrics. However, this
trend slows down in the case of longer audio clips, such as those
in 40 and 80 seconds. This indicates the presence of consider-
able redundancy in the generation of long audio, suggesting that
longer sequences can tolerate a higher degree of sparsity with-
out significant loss in quality.

These findings reveal that same-frequency focusing alone
can enhance long audio quality, while optimal cross-frequency
compensation improves short audio synthesis. This suggests
that attention sparsity based on audio length is key for main-
taining high-quality audio generation.

5. Conclusion and Future Work

In conclusion, our work presents LiteFocus, an approach de-
signed to improve the generation of longer audio sequences by
latent diffusion models. By employing a dual sparse attention
mechanism, focusing on same-frequency and cross-frequency
compensation, we address some of the computational chal-
lenges and performance limitations associated with these mod-
els. This method has shown to reduce inference time and mod-
estly enhance audio quality for longer clips without necessitat-
ing model retraining. Future work can concentrate on integrat-
ing the LiteFocus mechanism directly into the training process
to develop inherently efficient models.

6. Acknowledgement

This work is supported by the Advanced Research and Technol-
ogy Innovation Centre (ARTIC), the National University of Sin-
gapore under Grant (project number: A0005947-21-00, project
reference: ECT-RP2), and the Singapore Ministry of Education
Academic Research Fund Tier 1 (WBS: A0009440-01-00).



[1]

[2]

[3]

[7]

[8]

[9

—

[10]

[11]

[12]

[13]

[14]

[15]

[16]

[17]

[18]

7. References

P. Taylor, Text-to-speech synthesis.
20009.

C. Wang, S. Chen, Y. Wu, Z. Zhang, L. Zhou, S. Liu, Z. Chen,
Y. Liu, H. Wang, J. Li et al., “Neural codec language mod-
els are zero-shot text to speech synthesizers,” arXiv preprint
arXiv:2301.02111, 2023.

H.-W. Dong, W.-Y. Hsiao, L.-C. Yang, and Y.-H. Yang,
“Musegan: Multi-track sequential generative adversarial net-
works for symbolic music generation and accompaniment,” in
Proceedings of the AAAI Conference on Artificial Intelligence,
vol. 32, no. 1, 2018.

J. Copet, F. Kreuk, I. Gat, T. Remez, D. Kant, G. Synnaeve,
Y. Adi, and A. Défossez, “Simple and controllable music gen-
eration,” Advances in Neural Information Processing Systems,
vol. 36, 2024.

F. R. Sharma and S. G. Wasson, “Speech recognition and syn-
thesis tool: assistive technology for physically disabled persons,”
International Journal of Computer Science and Telecommunica-
tions, vol. 3, no. 4, pp. 86-91, 2012.

D. Yang, J. Yu, H. Wang, W. Wang, C. Weng, Y. Zou, and D. Yu,
“Diffsound: Discrete diffusion model for text-to-sound genera-
tion,” IEEE/ACM Transactions on Audio, Speech, and Language
Processing, 2023.

H. Liu, Z. Chen, Y. Yuan, X. Mei, X. Liu, D. Mandic, W. Wang,
and M. D. Plumbley, “Audioldm: Text-to-audio generation with
latent diffusion models,” arXiv preprint arXiv:2301.12503, 2023.

H. Liu, Q. Tian, Y. Yuan, X. Liu, X. Mei, Q. Kong, Y. Wang,
W. Wang, Y. Wang, and M. D. Plumbley, “Audioldm 2: Learning
holistic audio generation with self-supervised pretraining,” arXiv
preprint arXiv:2308.05734, 2023.

F. Kreuk, G. Synnaeve, A. Polyak, U. Singer, A. Défossez,
J. Copet, D. Parikh, Y. Taigman, and Y. Adi, “Audiogen: Textu-
ally guided audio generation,” arXiv preprint arXiv:2209.15352,
2022.

R. Rombach, A. Blattmann, D. Lorenz, P. Esser, and B. Ommer,
“High-resolution image synthesis with latent diffusion models,”
in Proceedings of the IEEE/CVF conference on computer vision
and pattern recognition, 2022, pp. 10 684—10 695.

R. Huang, Z. Zhao, H. Liu, J. Liu, C. Cui, and Y. Ren, “Prodiff:
Progressive fast diffusion model for high-quality text-to-speech,”
in Proceedings of the 30th ACM International Conference on Mul-
timedia, 2022, pp. 2595-2605.

S. Mehta, R. Tu, J. Beskow, E. Székely, and G. E. Henter,
“Matcha-tts: A fast tts architecture with conditional flow match-
ing,” arXiv preprint arXiv:2309.03199, 2023.

Z. Ye, W. Xue, X. Tan, J. Chen, Q. Liu, and Y. Guo, “Como-
speech: One-step speech and singing voice synthesis via consis-
tency model,” in Proceedings of the 31st ACM International Con-
ference on Multimedia, 2023, pp. 1831-1839.

Y. Bai, T. Dang, D. Tran, K. Koishida, and S. Sojoudi, “Accel-
erating diffusion-based text-to-audio generation with consistency
distillation,” arXiv preprint arXiv:2309.10740, 2023.

I. Vovk, T. Sadekova, V. Gogoryan, V. Popov, M. A. Kudinov, and
J. Wei, “Fast grad-tts: Towards efficient diffusion-based speech
generation on cpu.” in Interspeech, 2022, pp. 838—842.

J. Chen, X. Song, Z. Peng, B. Zhang, F. Pan, and Z. Wu,
“Lightgrad: Lightweight diffusion probabilistic model for text-
to-speech,” in ICASSP 2023-2023 IEEE International Conference
on Acoustics, Speech and Signal Processing (ICASSP). 1EEE,
2023, pp. 1-5.

Y. Guo, C. Du, Z. Ma, X. Chen, and K. Yu, “Voiceflow: Effi-
cient text-to-speech with rectified flow matching,” arXiv preprint
arXiv:2309.05027, 2023.

Z. Evans, C. Carr, J. Taylor, S. H. Hawley, and J. Pons,
“Fast timing-conditioned latent audio diffusion,” arXiv preprint
arXiv:2402.04825, 2024.

Cambridge university press,

[19]

[20]

[21]

[22]

(23]

[24]

[25]

[26]

[27]

(28]

[29]

[30]

[31]

[32]

[33]

[34]

[35]

[36]

A. Vaswani, N. Shazeer, N. Parmar, J. Uszkoreit, L. Jones, A. N.
Gomez, L. Kaiser, and I. Polosukhin, “Attention is all you need,”
Advances in neural information processing systems, vol. 30,2017.

O. Ronneberger, P. Fischer, and T. Brox, “U-net: Convolutional
networks for biomedical image segmentation,” in Medical image
computing and computer-assisted intervention-MICCAI 2015:
18th international conference, Munich, Germany, October 5-9,
2015, proceedings, part III 18. ~ Springer, 2015, pp. 234-241.

C. Saharia, W. Chan, S. Saxena, L. Li, J. Whang, E. L. Denton,
K. Ghasemipour, R. Gontijo Lopes, B. Karagol Ayan, T. Sali-
mans et al., “Photorealistic text-to-image diffusion models with

deep language understanding,” Advances in neural information
processing systems, vol. 35, pp. 36 479-36 494, 2022.

N. Ruiz, Y. Li, V. Jampani, Y. Pritch, M. Rubinstein, and K. Aber-
man, “Dreambooth: Fine tuning text-to-image diffusion models
for subject-driven generation,” in Proceedings of the IEEE/CVF
Conference on Computer Vision and Pattern Recognition, 2023,
pp- 22500-22510.

M. Jeong, H. Kim, S. J. Cheon, B. J. Choi, and N. S. Kim,
“Diff-tts: A denoising diffusion model for text-to-speech,” arXiv
preprint arXiv:2104.01409, 2021.

Z. Kong, W. Ping, J. Huang, K. Zhao, and B. Catanzaro, “Dif-
fwave: A versatile diffusion model for audio synthesis,” arXiv
preprint arXiv:2009.09761, 2020.

Z. Chen, X. Tan, K. Wang, S. Pan, D. Mandic, L. He, and S. Zhao,
“Infergrad: Improving diffusion models for vocoder by consid-
ering inference in training,” in ICASSP 2022-2022 IEEE Inter-
national Conference on Acoustics, Speech and Signal Processing
(ICASSP). 1EEE, 2022, pp. 8432-8436.

D. Yang, S. Liu, J. Yu, H. Wang, C. Weng, and Y. Zou, “Nore-
speech: Knowledge distillation based conditional diffusion model
for noise-robust expressive tts,” arXiv preprint arXiv:2211.02448,
2022.

A. Van Den Oord, O. Vinyals et al., “Neural discrete represen-
tation learning,” Advances in neural information processing sys-
tems, vol. 30, 2017.

D. Bolya and J. Hoffman, “Token merging for fast stable diffu-
sion,” in Proceedings of the IEEE/CVF Conference on Computer
Vision and Pattern Recognition, 2023, pp. 4598-4602.

X. Yang, D. Zhou, J. Feng, and X. Wang, “Diffusion probabilistic
model made slim,” in Proceedings of the IEEE/CVF Conference
on Computer Vision and Pattern Recognition, 2023, pp. 22 552—
22562.

G. Fang, X. Ma, and X. Wang, “Structural pruning for diffu-
sion models,” Advances in neural information processing systems,
vol. 36, 2024.

X. Ma, G. Fang, and X. Wang, “Deepcache: Accelerating diffu-
sion models for free,” arXiv preprint arXiv:2312.00858, 2023.

B. Elizalde, S. Deshmukh, M. Al Ismail, and H. Wang, “Clap
learning audio concepts from natural language supervision,” in
ICASSP 2023-2023 IEEE International Conference on Acoustics,
Speech and Signal Processing (ICASSP). 1EEE, 2023, pp. 1-5.

D. P. Kingma and M. Welling, “Auto-encoding variational bayes,”
arXiv preprint arXiv:1312.6114, 2013.

C. D. Kim, B. Kim, H. Lee, and G. Kim, “Audiocaps: Generat-
ing captions for audios in the wild,” in Proceedings of the 2019
Conference of the North American Chapter of the Association for
Computational Linguistics: Human Language Technologies, Vol-
ume 1 (Long and Short Papers), 2019, pp. 119-132.

K. Kilgour, M. Zuluaga, D. Roblek, and M. Sharifi, “Fr\’echet
audio distance: A metric for evaluating music enhancement algo-
rithms,” arXiv preprint arXiv:1812.08466, 2018.

Y. Wu*, K. Chen*, T. Zhang*, Y. Hui*, T. Berg-Kirkpatrick,
and S. Dubnov, “Large-scale contrastive language-audio pretrain-
ing with feature fusion and keyword-to-caption augmentation,” in
IEEE International Conference on Acoustics, Speech and Signal
Processing, ICASSP, 2023.



	 Introduction
	 Related Works
	 Methods
	 Preliminary
	 Attention Pattern for Audio Latent Diffusion
	 LiteFocus

	 Experiments
	 Setup
	 Performance Comparison
	 Analysis

	 Conclusion and Future Work
	 Acknowledgement
	 References

