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ABSTRACT

Neural audio codecs are a fundamental component of modern gen-
erative audio pipelines. Although recent codecs achieve strong
low-bitrate reconstruction and provide powerful representations for
downstream tasks, most are non-streamable, limiting their use in
real-time applications. We present FocalCodec-Stream, a hybrid
codec based on focal modulation that compresses speech into a sin-
gle binary codebook at 0.55 - 0.80 kbps with a theoretical latency
of 80 ms. Our approach combines multi-stage causal distillation
of WavLM with targeted architectural improvements, including a
lightweight refiner module that enhances quality under latency con-
straints. Experiments show that FocalCodec-Stream outperforms
existing streamable codecs at comparable bitrates, while preserving
both semantic and acoustic information. The result is a favorable
trade-off between reconstruction quality, downstream task per-
formance, latency, and efficiency. Code and checkpoints will be
released at https://github.com/lucadellalib/focalcodec.

Index Terms— Speech coding, discrete tokens, streamability

1. INTRODUCTION

Audio coding is a fundamental signal processing technique that com-
presses speech into compact discrete representations at low bitrates
and reconstructs them with minimal perceptual loss. Originally de-
veloped for efficient transmission to reduce network traffic [1, 2],
neural audio codecs (NACs) have advanced rapidly in recent years
and have become central to modern speech generative models [3].
This shift is largely driven by the success of large language mod-
els [4–7], which established autoregressive sequence modeling as
the dominant paradigm in text and are now being extended to other
modalities, including audio.

In this context, NACs provide discrete audio tokens enabling
applications such as text-conditioned audio generation [8–11] and
speech language models (SLMs) [12–15]. To support these tasks,
codec tokens should preserve both acoustic and semantic informa-
tion while maintaining high reconstruction quality. Additionally, bi-
trate and sequence length become especially critical: unlike trans-
mission, where even codecs at 12 kbps already outperform tradi-
tional codecs [2], much lower bitrates are required for training effec-
tive SLMs [14].

Recent work has sought to address these challenges. Hybrid
codecs enrich acoustic tokens with semantic content [14, 16], some
employ supervised fine-tuning [17], others reduce frame rate [14,17,
18], and a growing trend compresses all the information into a single
codebook [19–23]. A remaining challenge, however, is streamabil-
ity: most codecs are designed for offline processing and depend on
long future context windows, making them unsuitable for real-time
tasks such as speech assistants, interactive dialogue, and low-latency
generation. While some codecs [2,14,17,21,24–26] already support

streaming, they typically compromise on other aspects, such as re-
quiring high bitrates [2,24,25], relying on multiple codebooks [2,14,
17,24–26], neglecting semantic information [2,21,24,25], or provid-
ing weak representations for downstream tasks [2,24,25]. This high-
lights the need for low-bitrate, single-codebook codecs that unify
semantic and acoustic representations, maintain high reconstruction
quality, and support streamability.

In our prior work [22], we introduced FocalCodec, an efficient
single-codebook codec based on WavLM [27], focal modulation [28,
29], and binary spherical quantization [30], which satisfies all re-
quirements except streamability. In this paper, we extend Focal-
Codec to the streaming setting. In particular, our contributions are
as follows:

• We introduce FocalCodec-Stream, a novel hybrid codec that
compresses speech into a single binary codebook at low bi-
trates (0.55 - 0.80 kbps) while supporting streaming inference
with a theoretical latency of 80 ms.

• To achieve this, we propose a multi-stage causal distillation
strategy to adapt WavLM for streaming, combined with targeted
architectural modifications. In particular, we design a lightweight
refiner module that mitigates quality degradation under latency
constraints.

• We evaluate FocalCodec-Stream extensively across reconstruc-
tion and downstream tasks, and validate our design through ab-
lation studies.

2. FOCALCODEC-STREAM

2.1. Codec architecture

Our streaming codec builds upon the original FocalCodec [22] archi-
tecture, with several modifications to enable low-latency streaming
inference (see Figure 1). We target a latency of 80 ms, which has
been shown sufficient for building highly responsive SLMs [14].

The encoder, consisting of the first six layers of WavLM-large,
is made streamable by replacing standard convolutions with causal
convolutions and full-context gated relative attention with sliding
window gated relative chunked attention, with chunks of 80 ms (4
feature frames). Compared to strictly causal attention, the sliding
window approach discards old context to ensure constant memory
usage and enable infinite streaming, while chunking introduces a
lookahead of up to 3 frames, improving performance within the la-
tency budget. Unlike pooling-based frame reduction, this design pre-
serves WavLM compatibility without requiring full retraining from
scratch. The compressor and decompressor, built on focal modula-
tion [28, 29], combine depth-wise convolutions, position-wise feed-
forward layers, nonlinearities, and global pooling. For streaming, we
replace standard convolutions with causal convolutions and substi-
tute global pooling with a large-kernel causal convolution. This acts
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Fig. 1. FocalCodec-Stream architecture. The encoder extracts features containing both acoustic and semantic information. These features
are then mapped to a low-dimensional space by the compressor, binary quantized, and projected back by the decompressor. The decoder
resynthesizes the waveform from these features. All these modules are causal, while a non-causal teacher is used for distillation to align
intermediate causal features with their non-causal counterparts.

as a learnable sliding window moving average. The binary spherical
quantizer [30] operates independently on each latent and is natu-
rally streamable. The Vocos [31] decoder is made streamable by
replacing the ConvNeXt blocks with causal convolutions and sub-
stituting the inverse STFT with a linear projection and flattening,
following [32]: each hidden state is projected to K entries, where K
is the upsampling factor, and then flattened to reconstruct the wave-
form. Note that, except for the chunked attention, most modules are
strictly causal, incurring just 20 ms latency instead of the overall 80
ms latency budget.

To address this, we introduce a lightweight refiner module af-
ter the decompressor. Implemented as a residual chunk-wise feed-
forward layer, it leverages the available latency to better align with
WavLM features while remaining efficient. Let x ∈ RN×D where
N is the sequence length and D the hidden size. We first reshape it
into chunks xc ∈ RN/C×CD of size C. For each chunk vector xc:

x̂c = xc + Wout GELU(Winxc + bin) + bout, (1)

where Win,Wout ∈ RCD×CD and bin, bout ∈ RCD . Finally, we
unflatten x̂c back to the original shape x̂ ∈ RN×D . Empirically, we
find the refiner useful for improving perceptual quality at the target
latency, while having minimal impact on inference speed.

2.2. Causal distillation

The main challenge in developing a streaming version of Focal-
Codec lies in making the full-context WavLM encoder streamable.
Prior work has explored ad-hoc self-supervised approaches [33],
and more recently proposed methods for adapting off-the-shelf self-
supervised models [34] and discrete units [35]. However, these
efforts have been largely limited to speech recognition and focus
primarily on semantic information. Their impact on speech resyn-
thesis quality remains unclear, as does the ability to preserve strong
representations for downstream tasks. Notably, [36] shows that the
effective receptive field of self-supervised speech models is rela-
tively small in deeper layers, suggesting that these layers can be
adapted more readily for streaming, whereas earlier layers depend
on much broader temporal context. To overcome these challenges,
we propose a multi-stage distillation framework, where the original
full-context WavLM encoder serves as the teacher:

• Stage-1. We first assess the contribution of different archi-
tectural modules in the original FocalCodec@50 model under
streaming constraints, where only the encoder is converted to

streaming while all downstream components remain unchanged.
This analysis shows that the most critical components are (1) the
learned positional embedding and (2) the full-context gated rela-
tive attention, whereas the convolutional feature extractor plays
a comparatively minor role. In particular, the positional embed-
ding relies on a convolution with a receptive field of 2.56 s (128
feature frames), which far exceeds the 80 ms latency budget and
would in practice impose an initial delay of seconds before play-
back can begin. To address this, we causally distill the positional
embedding by encouraging its causal variant to approximate the
full-context one, minimizing an L2 loss on training data. This
procedure is lightweight, requiring only a single convolutional
layer with 8.4M parameters (less than 10% of the encoder size).

• Stage-2. After distilling the positional embedding, we proceed
to distill the attention and convolutional feature extractor. These
components are converted to causal form, then distilled from the
full-context teacher. To guide the process, we minimize an L2
loss between the causal and teacher embeddings at each of the six
layers, applied pairwise. Since the final layers are most impor-
tant, we weight their losses more heavily using a reversed linear
schedule: 1.0 for layer 6, 0.9 for layer 5, 0.8 for layer 4 etc. This
gives the earlier layers more freedom to adapt while preserving
the representational strength of the deeper layers.

• Stage-3. Once the WavLM encoder has been distilled, we train
the causal compressor–quantizer–decompressor system on top of
it, following the same recipe as [22]. We use an L2 loss between
the causally distilled and decompressed representations. In par-
allel, we train the causal decoder using the original full-context
WavLM representations.

• Stage-4. A distribution shift remains between the decoder trained
on full-context features and the decompressor trained to recon-
struct causally distilled features. To close this gap, we introduce
the learnable refiner module described earlier. During this stage,
we fine-tune the encoder, compressor, quantizer, decompressor,
and refiner jointly, while applying an L2 loss between the teacher
output and the refiner output. This provides the system with ad-
ditional capacity to adapt, allowing the encoder to generate fea-
tures that are not exact copies of the teacher’s but are more suit-
able for reconstruction by the decompressor. Although this step is
optional, since the codec is already functional after the previous
stage, we find it considerably improves reconstruction quality.



3. EXPERIMENTAL SETUP

We follow the hyperparameter settings of [22], with modifications
to compensate for the expected performance degradation introduced
by causality. Specifically, we increase the capacity of the compressor
and decompressor by setting the hidden size of each of the three fo-
cal downscaling/upscaling layers to 1024, and by doubling both the
focal window and focal factor to 14 and 4, respectively. In addition,
we replace layer normalization with the lightweight DyT nonlinear-
ity [37]. For all sliding-window operations, the past context is set to
10.24 s (512 feature frames). For the decoder, we increase the hidden
size to 1024 and the feed-forward dimension to 2048. Importantly,
we train with an upsampling factor of 480 instead of 320, enabling
the model to reconstruct audio at 24 kHz rather than 16 kHz. This
provides the decoder with super-resolution capabilities, which we
find beneficial for enhancing audio quality. We focus on the 50 Hz
version and train three variants with codebook sizes of 2048, 4096,
and 65,536.

To accommodate the increasing model capacity, we progres-
sively scale the training data across the distillation stages. Stage-1
uses LibriTTS [38] (585 hours), resampled to 16 kHz. Stage-2 and
stage-3 use Libri-Light-medium [39] (5k hours), trained on fixed-
length chunks of 15 s. Stage-4 scales to the full Libri-Light corpus
(60k hours) while increasing the chunk size to 30 s. For the decoder,
we follow the original training recipe and use only the clean-100
split of LibriTTS at its original 24 kHz sampling rate, with chunk
size set to 3 s. All models are trained on NVIDIA A100 (80 GB)
GPUs with a learning rate that decreases when validation loss fails to
improve for a few epochs, and training is stopped once no improve-
ment is observed for several consecutive epochs. In some runs, we
found it useful to reset the learning rate once the validation loss ap-
peared to have converged, which yielded a few additional improve-
ments. Implementation details and hyperparameters will be provided
in the accompanying code repository.

4. RESULTS

We compare our models against recent streaming low-bitrate codecs
with publicly available checkpoints, excluding works such as [17]
and [21], which do not provide streaming checkpoints. Since our
focus is on the low-bitrate regime, whenever multiple quantizer con-
figurations are available, we set them to achieve a bitrate close to the
range of 0.55 - 0.80 kbps, ensuring a fair comparison. In particular,
we include EnCodec [2], AudioDec [24], and HILCodec [25], which
are inherently acoustic codecs, as well as Mimi [14] and PAST [26],
which are hybrid approaches based on distillation and supervised
fine-tuning, respectively. We also include the original non-streaming
FocalCodec@50 [22] for comparison. The configurations and de-
tails of each model are summarized in Table 1.

4.1. Speech resynthesis and voice conversion

First, we evaluate FocalCodec-Stream on speech resynthesis (SR),
considering both English and multilingual speech. We follow the
same experimental protocol as in [22]. For English speech, we
use the LibriSpeech [40] test-clean, while for multilingual
speech, we use a subset of MLS [41]. We report UTMOS [42] for
naturalness, Whisper-small [43] dWER for intelligibility, WavLM-
based embedding similarity for speaker fidelity, code usage and
normalized entropy for codebook efficiency, and real-time factor
(RTF) for inference speed, measured on a 1/8 NVIDIA H100 (80
GB) multi-instance GPU partition. Table 2 shows the results. On

Table 1. Codecs considered in our experiments.

Codec Bitrate
(kbps)

Sample
Rate
(kHz)

Token
Rate
(Hz)

Codebooks Latency
(ms)

Params
(M)

EnCodec 1.50 24 75.0 2 × 1024 13 15
AudioDec 1.60 24 80.0 2 × 1024 13 8
HILCodec 1.50 24 75.0 2 × 1024 13 11
Mimi5 0.69 24 12.5 5 × 2048 80 82
Mimi6 0.83 24 12.5 6 × 2048 80 82
PAST 1.00 16 50.0 2 × 1024 20 126

FocalCodec-S@50-2k 0.55 16 / 24 50.0 1 × 2048 80 249
FocalCodec-S@50-4k 0.60 16 / 24 50.0 1 × 4096 80 249
FocalCodec-S@50-65k 0.80 16 / 24 50.5 1 × 65536 80 249

FocalCodec@50 0.65 16 50.0 1 × 8192 — 142

LibriSpeech, FocalCodec-Stream achieves UTMOS close to full-
context FocalCodec and outperforms all baselines in intelligibility,
with FocalCodec-S@50-65k reaching the best dWER and highest
speaker similarity. Code usage is 100% with high entropy, indicating
efficient utilization of the quantizer. On MLS, performance drops
across all models due to multilingual variability, but FocalCodec-
Stream variants still outperform acoustic codecs and remain com-
petitive with Mimi6. In particular, FocalCodec-S@50-65k shows
the best trade-off between intelligibility and speaker fidelity. By
contrast, PAST, while achieving good dWER on LibriSpeech, per-
forms poorly in this setting because it was fine-tuned in a supervised
fashion on English data only and thus fails to generalize to multilin-
gual audio. This highlights a key limitation of supervised adaptation
approaches, which are prone to overfitting to domain-specific data.

We also perform one-shot voice conversion (VC) experiments
to assess the ability of FocalCodec-Stream to disentangle content
from speaker information. Following the protocol of [22], we use a
dataset of parallel utterances derived from VCTK [44]. FocalCodec-
Stream consistently achieves substantially better naturalness and in-
telligibility than prior streaming codecs. Most notably, FocalCodec-
S@50-65k attains both the highest UTMOS and speaker similarity,
while keeping dWER significantly lower than acoustic codecs. Com-
pared to Mimi6, which achieves competitive similarity, FocalCodec-
S maintains much lower dWER. Conversely, although PAST reports
slightly better dWER, it performs substantially worse in terms of
speaker similarity. This highlights that FocalCodec-S is the only
streaming codec to simultaneously achieve high intelligibility and
strong speaker fidelity in this setting, both of which are equally crit-
ical for successful voice conversion.

4.2. Downstream tasks

To assess the quality of the learned discrete representations, we
evaluate downstream models on discriminative and generative tasks.
For discriminative tasks, we consider automatic speech recogni-
tion (ASR), speaker identification (SI), speech emotion recognition
(SER), keyword spotting (KS), and intent classification (IC). For
generative tasks, we focus on speech enhancement (SE) and speech
separation (SS). We leave autoregressive tasks such as text-to-speech
and speech language modeling for future work. These tasks are
aligned with [45], which provides a standardized evaluation suite
for audio discrete representations. As in [22], we adopt shallow
LSTM-based probes for discriminative tasks and Conformer-based
non-autoregressive models for SE and SS. Specifically, we use
LibriSpeech-460 for ASR and SI, IEMOCAP [46] for SER, Speech
Commands [47] for KS, SLURP [48] for IC, VoiceBank [49] for SE,
and Libri2Mix-100 [50] for SS. Unlike [22], where token embed-
dings were initialized from the codec embedding layer, we instead
use the reconstructed features taken after the quantization bottleneck



Table 2. Speech resynthesis and voice conversion. Best, second-best and best non-streaming results are highlighted.

Codec Bitrate
(kbps) ↓

SR – English SR – Multilingual VC

UTMOS ↑ dWER ↓ Sim ↑ Code
Usage ↑ Norm.

Entropy ↑ RTF ↑ UTMOS ↑ dWER ↓ Sim ↑ Code
Usage ↑ Norm.

Entropy ↑ RTF ↑ UTMOS ↑ dWER ↓ Sim ↑

Reference — 4.09 0.00 100.0 — — — 2.84 0.00 100.0 — — — 4.09 0.00 100.0
EnCodec 1.50 1.58 8.08 93.8 93.4 82.1 91 1.33 29.60 95.5 93.4 79.2 113 1.24 86.52 72.2
AudioDec 1.60 1.48 11.61 92.1 91.9 70.0 145 1.29 40.95 92.3 87.5 68.2 195 1.26 68.45 68.2
HILCodec 1.50 2.86 6.65 95.4 99.0 95.6 41 1.81 25.32 97.8 99.1 94.8 41 1.40 58.36 76.8
Mimi5 0.69 3.29 5.73 96.0 95.6 91.8 157 2.08 30.96 96.7 95.9 89.0 219 2.40 110.00 89.7
Mimi6 0.83 3.44 4.77 96.6 96.2 92.0 154 2.19 26.12 97.4 96.5 89.2 216 2.62 110.00 91.3
PAST 1.00 2.33 4.04 83.8 56.7 90.7 59 1.44 49.35 80.8 57.0 87.5 63 1.42 18.28 68.5

FocalCodec-S@50-2k 0.55 3.88 4.63 96.1 100.0 99.4 106 2.68 24.64 97.5 100.0 98.8 108 2.72 25.08 92.1
FocalCodec-S@50-4k 0.60 3.87 4.39 96.3 100.0 99.1 106 2.68 23.69 97.6 100.0 98.9 108 2.72 24.39 91.5
FocalCodec-S@50-65k 0.80 3.85 3.68 97.0 100.0 98.7 106 2.65 19.88 98.1 99.2 98.3 107 3.10 22.71 92.5

FocalCodec@50 0.65 4.05 2.18 97.4 100.0 98.9 123 2.96 12.57 98.3 100.0 98.1 116 3.38 21.27 92.2

Table 3. Discriminative and generative downstream tasks. Best, second-best and best non-streaming results are highlighted.

Codec Bitrate
(kbps) ↓

ASR SI SER KS IC SE SS

WER ↓ ER ↓ ER ↓ ER ↓ ER ↓ DNSMOS ↑ dWER ↓ Sim ↑ DNSMOS ↑ dWER ↓ Sim ↑

Reference — — — — — — 3.56 0.00 100.0 3.77 0.00 100.0
EnCodec 1.50 28.55 3.25 41.94 96.16 49.79 3.13 37.31 85.6 3.11 77.61 87.4
AudioDec 1.60 29.21 1.69 45.85 25.30 46.77 2.96 61.11 84.3 2.97 88.59 84.0
HILCodec 1.50 29.89 1.98 51.61 15.17 53.69 3.32 41.33 90.2 3.35 78.43 86.9
Mimi5 0.69 22.56 3.92 37.10 5.99 35.03 3.18 52.11 86.3 3.37 87.63 88.8
Mimi6 0.83 22.56 3.13 35.71 5.81 35.74 3.14 55.99 86.7 3.32 86.49 88.9
PAST 1.00 10.74 3.43 36.41 6.41 31.66 3.15 18.19 77.9 3.15 85.61 80.3

FocalCodec-S@50-2k 0.55 16.87 2.66 37.10 5.50 30.93 3.54 21.24 85.2 3.68 83.41 89.8
FocalCodec-S@50-4k 0.60 17.21 2.70 33.18 5.85 29.74 3.54 20.21 88.7 3.69 80.21 90.0
FocalCodec-S@50-65k 0.80 17.02 2.18 34.56 5.63 29.49 3.56 19.56 87.7 3.68 75.43 90.8

FocalCodec@50 0.65 15.33 0.35 34.79 4.23 24.66 3.52 12.35 90.4 3.71 72.61 89.5

and before the decoder. We find these features consistently improve
performance across most tasks and codecs. We report error rates
for discriminative tasks, and standard speech quality metrics for
generative tasks, using DNSMOS [51] instead of UTMOS (which is
better suited for noisy data). For further details, we refer to [22].

As shown in Table 3, across discriminative tasks FocalCodec-
Stream consistently ranks among the top-performing codecs despite
operating at lower bitrates. For ASR, all variants achieve a WER of
roughly 17%, substantially outperforming all codecs except PAST,
which benefits from having been specifically fine-tuned on this task-
dataset combination during training. On SI, the 65k variant ob-
tains the best error rate, outperforming Mimi and PAST, and falling
only slightly behind AudioDec and HILCodec, confirming the in-
tuition that preserving speaker information is easier at larger code-
book sizes. For SER, performance is strong, with the 4k variant
achieving the best results and even marginally surpassing the non-
streaming model. On KS and IC, FocalCodec-Stream models out-
perform all prior baselines. Finally, we note that in the KS task
EnCodec performs particularly poorly, likely due to overfitting to
commands present in the training set but absent from the test set.

For generative tasks, the benefits of the streaming distillation
framework are even more evident. On SE, all three FocalCodec-
Stream variants achieve high DNSMOS and competitive speaker
similarity. Importantly, their dWER values surpass those of all
other baselines except PAST, which is slightly ahead, but con-
versely shows much lower DNSMOS and speaker similarity. A
similar trend is observed for SS, where the 65k variant delivers
strong performance across all metrics, substantially outperforming
all baselines and rivaling the quality of the non-streaming model.

Finally, it is worth noting that a performance gap with the full-
context FocalCodec@50 baseline remains, especially at lower bi-
trates, which is expected given the stricter constraints of real-time
streaming. Nevertheless, the results demonstrate the effectiveness
of our codec, which achieves a favorable balance among reconstruc-

Table 4. Ablation studies for FocalCodec-S@50-4k.

Configuration UTMOS ↑ dWER ↓ Sim ↑

Proposed 3.87 4.39 96.3
w/o refiner 3.84 4.65 96.1
w/o stage-4 3.78 5.05 95.8

tion quality, downstream task performance, latency, and efficiency.
In particular, the 2k variant is of special interest, as its compact code-
book makes it well-suited for autoregressive modeling.

4.3. Ablation studies

We conduct ablations to assess the impact of the refiner and stage-4
fine-tuning on resynthesis quality using LibriSpeech test-clean.
As shown in Table 4, the full model achieves the best scores across
UTMOS, dWER, and similarity. Removing the refiner consistently
degrades performance, reflecting its role in mitigating the distribu-
tion shift between causal and full-context features. Omitting the fi-
nal fine-tuning stage has an even stronger effect, with higher dWER
and reduced UTMOS and similarity. These results emphasize the
importance of the progressive multi-stage framework for preserving
quality under low-latency constraints.

5. CONCLUSION

We introduced a streamable extension of FocalCodec that combines
a causal single-codebook design with a multi-stage distillation strat-
egy. The proposed codec operates at bitrates as low as 0.55 - 0.80
kbps with an 80 ms theoretical latency, achieving strong reconstruc-
tion quality while preserving both semantic and acoustic informa-
tion, and consistently outperforms popular streamable baselines at
comparable bitrates. Future work will focus on scaling to larger
datasets, exploring autoregressive modeling, and further optimizing
the system for resource-constrained settings.
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[2] A. Défossez, J. Copet, G. Synnaeve, et al., “High fidelity neural audio
compression,” TMLR, 2023.

[3] P. Mousavi, G. Maimon, A. Moumen, et al., “Discrete audio tokens:
More than a survey!,” TMLR, 2025.

[4] OpenAI, J. Achiam, S. Adler, et al., “GPT-4 technical report,” arXiv
preprint arXiv:2303.08774, 2023.

[5] A. Chowdhery, S. Narang, J. Devlin, et al., “PaLM: scaling language
modeling with pathways,” JMLR, vol. 24, 2024.

[6] A. Q. Jiang, A. Sablayrolles, A. Roux, et al., “Mixtral of experts,”
arXiv preprint arXiv:2401.04088, 2024.

[7] A. Grattafiori, A. Dubey, A. Jauhri, et al., “The Llama 3 herd of mod-
els,” arXiv preprint arXiv:2407.21783, 2024.

[8] Z. Borsos, R. Marinier, D. Vincent, et al., “AudioLM: A language
modeling approach to audio generation,” IEEE/ACM TASLP, vol. 31,
pp. 2523–2533, 2023.

[9] J. Copet, F. Kreuk, I. Gat, et al., “Simple and controllable music gen-
eration,” in NeurIPS, 2023, vol. 36, pp. 47704–47720.

[10] F. Kreuk, G. Synnaeve, A. Polyak, et al., “AudioGen: Textually guided
audio generation,” in ICLR, 2023.

[11] C. Wang, S. Chen, Y. Wu, et al., “Neural codec language mod-
els are zero-shot text to speech synthesizers,” arXiv preprint
arXiv:2301.02111, 2023.

[12] D. Zhang, S. Li, X. Zhang, et al., “SpeechGPT: Empowering large
language models with intrinsic cross-modal conversational abilities,”
in EMNLP, 2023, pp. 15757–15773.

[13] M. Hassid, T. Remez, T. A. Nguyen, et al., “Textually pretrained speech
language models,” in ICLR, 2023.
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