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Abstract

Recent advances in large language models (LLMs) and de-
velopment of audio codecs greatly propel the zero-shot TTS.
They can synthesize personalized speech with only a 3-second
speech of an unseen speaker as acoustic prompt. However, they
only support short speech prompts and cannot leverage longer
context information, as required in audiobook and conversa-
tional TTS scenarios. In this paper, we introduce a novel audio
codec-based TTS model to adapt context features with multiple
enhancements. Inspired by the success of Qformer, we propose
a multi-modal context-enhanced Qformer (MMCE-Qformer) to
utilize additional multi-modal context information. Besides, we
adapt a pretrained LLM to leverage its understanding ability
to predict semantic tokens, and use a SoundStorm to generate
acoustic tokens thereby enhancing audio quality and speaker
similarity. The extensive objective and subjective evaluations
show that our proposed method outperforms baselines across
various context TTS scenarios.
Index Terms: zero-shot speech synthesis, audio codec, context
modeling

1. Introduction
Due to the use of deep learning architectures, text-to-speech
(TTS) synthesis, which aims to generate natural speech from
text, has seen tremendous improvements. Previous research
has shown that neural TTS models [1, 2, 3] can generate high-
quality and natural speech, and models [4, 5, 6] can synthesize
speech in multiple-speaker voices. However, these models still
require a large amount of clean data for training and also need
many speech utterances to fine-tune the models to adapt to new
voices. Therefore, these models cannot fully exploit more real-
world data but are limited to recorded data, and they have an
inferior ability to clone unseen voices, which prevents the broad
usage of zero-shot cloning.

Recent research [7, 8, 9, 10] shows that zero-shot TTS has
been greatly propelled by the use of neural audio codecs [11, 12]
which transits from continuous audio features to discrete tokens
and the adoption of language model structures [13, 14]. VALL-
E [7] adopts audio codec Encodec [11] with Residual Vec-
tor Quantization (RVQ) structure and treats TTS as a prompt-
based language modeling task. It generates discrete audio codec
outputs conditioned on text and audio codec prompts using
a combination of autoregressive (AR) and non-autoregressive
(NAR) transformer decoders. AudioLM [8] employs hierar-
chical speech language models comprising text-to-semantic and
semantic-to-acoustic stages using same decoder-only structure.
It uses a semantic encoder to capture content information and
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an audio codec to model acoustic details. The above meth-
ods enable TTS models to train on large, diverse datasets from
noisy multi-speaker environments and even real-world speech
data, allowing the models to clone a speaker’s voice with just
a 3-second speech prompt. Compared to VALL-E using an
NAR transformer decoder and AudioLM employing an AR
semantic-to-acoustic model, SoundStorm [15] proposes a NAR
confidence-based decoding scheme inspired by MaskGIT [16]
to generate acoustic tokens conditioned on semantic tokens.

However, the methods mentioned above have several limi-
tations. Firstly, all the audio codec-based zero-shot TTS mod-
els depend solely on a speech prompt to provide the timbre and
other acoustic information. However, they only support short
speech samples for conditioning. This limitation is due to the
high rate of acoustic codec tokens (75 Hz per RVQ level for
Encodec) compared to the text token rate (usually around 10
Hz) in text generation [13]. Therefore the acoustic token se-
quence is too long and 10-second speech has 750 tokens for
one RVQ level, and 6K tokens for all 8 RVQ levels. As a result,
although these models can clone a speaker’s voice with just a
short speech prompt, they cannot fully utilize longer additional
information, like contextual information, as required in audio-
book TTS [17, 18, 19] and conversational TTS [20, 21, 22].
These studies find that enhancing TTS with contextual data can
help improve prosody and even speaker similarity. However,
how to model context information in current prompt-based TTS
structure has not been fully explored.

Secondly, the first stage of these modern TTS plays an im-
portant role, such as the AR decoder in VALL-E and text-to-
semantic AR model in AudioLM, since the generated tokens
decide the most vital features in speech, like speaking style,
prosody and emotion. However, these studies only train the
first stage models from scratch and at phoneme level, while a
pretrained LLM could enhance the understanding of input text
content. Thirdly, the choices of the semantic encoders and audio
codecs are sub-optimal. VALL-E relies solely on acoustic to-
kens struggling with content consistency due to the high acous-
tic rate and computational burden. Using both semantic encoder
and audio codec, like AudioLM, leads to redundant overlapping
features and repetitive computation.

To address the aforementioned limitations and enhance cur-
rent audio codec-based zero-shot TTS models, we introduce
a novel audio codec-based TTS model to adapt contextual in-
formation with several improvements. Inspired by the suc-
cess of Qformer [23], we introduce a multi-modal context-
enhanced Qformer (MMCE-Qformer) encoder to fully utilize
longer context information rather than relying solely on short
speech prompts. We use learnable queries that act as a bottle-
neck to capture the most important global context, while the
cross-attention mechanism helps extract relevant local context
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Figure 1: The overview of our proposed model.

features for each text token. To further enhance the text-to-
semantic process, we employ a pretrained LLM to inherit its
understanding capacities. Besides, we utilize a unified audio
codec to extract both semantic and acoustic tokens in a distil-
lation manner. Additionally, we incorporate SoundStorm to en-
hance audio quality and speaker similarity. Our comprehensive
experiments across various context scenarios demonstrate that
our method surpasses existing audio codec-based zero-shot TTS
models in naturalness, prosody, and speaker similarity through
both subjective and objective evaluations. We also conduct
ablation experiments to demonstrate the effectiveness of our
model. Audio samples are available on the project page1.

2. Methodology
The overview of our proposed model is illustrated in Fig.1.
The whole model consists of four main components: a uni-
fied audio codec model for extracting semantic and acous-
tic tokens, a multi-modal context-enhanced Qformer encoder
(MMCE-Qformer) to leverage multi-modal context information
and enhance input text features, a text-to-semantic autoregres-
sive model adapted from a pretrained LLM, and the Sound-
Storm model for the semantic-to-acoustic stage.

In the first stage, the MMCE-Qformer extracts text and
audio Qformer embeddings as well as context-enhanced text
embeddings from multi-modal contexts and input text. Then,
the text-to-semantic model generates suitable semantic tokens
based on the extracted features and prompt semantic tokens.
We concatenate these inputs and feed them into the pretrained
LLM, leveraging its understanding and in-context learning ca-
pabilities. In the second stage, we adopt SoundStorm to add
acoustic features like timbre conditioned on generated semantic
tokens and speech prompt to predict acoustic tokens. Finally,
audio codec decoder converts output back to generated speech.
The details for each part are described below.

2.1. Unified Audio Codec

We follow SpeechTokenizer [24] to extract semantic and acous-
tic tokens with one audio codec. It leverages semantic encoder
HuBERT [25] as a teacher to distill the RVQ first level to hier-
archically disentangle semantic and acoustic features in speech.
Consequently, It unifies the semantic encoder and audio codec,
where semantic tokens (RVQ first level) capture most content

1https://happylittlecat2333.github.io/interspeech2024

and paralinguistic features, and acoustic tokens (other levels)
encode most acoustic features like speaker timbres.

2.2. MMCE-Qformer Encoder

The structure of our proposed MMCE-Qformer is illustrated in
Fig. 2. The MMCE-Qformer is designed to extract multi-modal
context embeddings and enhance the input text, by using arbi-
trarily long multi-modal context. It comprises two sub-models
tailored to different modalities: the Text Qformer and the Audio
Qformer. Both sub-models share an identical structure but are
adapted to their respective modalities.

For the Audio Qformer, the input text is first tokenized and
embedded by a pretrained language model to leverage its con-
tent understanding capabilities, instead of being converted into
a phoneme sequence. To capture contextual audio features, we
employ the same unified audio codec encoder but extract con-
textual acoustic embeddings instead of discrete tokens, aiming
to preserve as much acoustic information as possible. Then,
following the structure in Qformer [23], the Audio Qformer
consists of two transformer submodules that share the same at-
tention layers: an audio transformer that interacts with contex-
tual acoustic embeddings to extract the most important global
acoustic features, and a text transformer that encodes the text
input as well as guiding audio transformer to extract features
most relevant to the text. We use fixed-length learnable vec-
tors as queries to first interact with each other and additional
text features through a self-attention block. A cross-attention
block is introduced to obtain insights from the contextual acous-
tic embedding, with the concatenation of learnable queries and
text embeddings serving as queries and the contextual acoustic
embeddings as both keys and values. The output of the cross-
attention block is split according to the lengths of the text em-
beddings and learnable queries and is processed through distinct
feed-forward layers to produce the Audio Qformer Embeddings
and Context-Enhanced Text Embeddings. We also add the text
embeddings back residually to Context-Enhanced Text Embed-
dings. In this setup, learnable queries act as a bottleneck to
capture the most crucial global acoustic context, while cross-
attention and the residual addition of text embeddings aid in
extracting relevant local acoustic context for each text token.
Consequently, our approach effectively extracts both global and
local acoustic context information to enhance zero-shot TTS.
For the Text Qformer, it operates similarly but utilizes the text
encoder RoBERTa [26] to extract textual context information
and finally produce the Text Qformer Embeddings.



Figure 2: The structure of MMCE-Qformer encoder.

2.3. Text-to-Semantic Generation

To enhance current audio codec-based zero-shot TTS to utilize
arbitrarily long context information, we compress the context
into fixed-length embeddings as a multi-modal context prompt
using the MMCE-Qformer introduced above. To leverage the
strong in-context learning and content understanding ability of
pretrained LLMs, we adapt a pretrained AR language model
to generate semantic tokens guided by multi-modal context
prompt, context-enhanced text embeddings, and semantic to-
ken prompt. Consequently, our text-to-semantic generation can
leverage both global and local context information most rele-
vant to the text from different modalities to enhance context
understanding and rhythmic expression.

The detailed generation process is illustrated in Fig.1,
Text and Audio Qformer Embeddings T and A, and Context-
Enhanced Text Embeddings x extracted from our MMCE-
Qformer, along with prompt semantic tokens c̃ extracted from
prompt speech are concatenated as input of the AR language
model θAR, and generate suitable semantic tokens c. Text and
Audio Qformer Embeddings T and A are used for in-context
learning and prompt semantic tokens guide the generation pro-
cess to produce the desired speaker style. The AR generation
process is formulated as follows:

p(c:|x, c̃, T,A; θAR) =

T∏
t=0

p(ct|c<t, x, c̃, T, A; θAR) (1)

2.4. Semantic-to-Acoustic Generation

Based on the unified audio codec, we use a modified Sound-
Storm model for the semantic-to-acoustic stage to predict
acoustic tokens conditioned on semantic tokens and prompt
speech, as shown in Fig.1. SoundStorm is inspired by the
confidence-based parallel decoding scheme of MaskGIT [16]
and adapted for RVQ token sequences. It utilizes a bidirec-
tional attention-based Conformer [27] that is trained to predict
masked audio tokens based on the summation of previous RVQ
embeddings. During inference, given the conditioning (seman-
tic tokens), SoundStorm starts with all acoustic tokens masked
out except for the prompt and iteratively fills in the masked to-
kens parallelly, level by level. We follow the original decoding
scheme, using (16, 1, 1, ..., 1) iterations for the RVQ levels,
with 16 iterations at the first level and greedily choosing in the
subsequent levels.

3. Experiments
3.1. Training Setup

We adopt the pretrained AR language model GPT-2 [13] and
adapt it for text-semantic generation. Additionally, we utilize
the GPT-2 tokenizer and its text embeddings to encode text in-
puts. Our proposed method is trained on the medium version
of LibriLight [28], which contains approximately 5K hours of
unlabeled English speech from audiobooks. We employ Whis-
per [29] to transcribe the speech into text and segment it into ut-
terances. Speech utterances shorter than 1 second or longer than
15 seconds are discarded, and all speech is converted to a 16kHz
sampling rate. Finally, we have about 2M utterances in total. To
augment the zero-shot TTS model with multi-modal context, we
set the context length to 5 in the LibriLight dataset, leveraging
its audiobooks for context-rich training. We select the preced-
ing 5 utterances as context, incorporating both their text and
speech. These are concatenated and fed into Text Qformer and
Audio Qformer respectively.

We use the pretrained unified neural audio codec model
SpeechTokenizer2 to extract both semantic and acoustic tokens
and decode them into waveform. We also adopt its corre-
sponding SoundStorm3 for semantic-to-acoustic stage. For Text
Qformer and Audio Qformer, we use RoBERTa [26] as text en-
coder and adopt SpeechTokenizer as audio encoder. We follow
Qformer [23] to use 32 queries with a dimension of 768, but us-
ing 2 layers. All models are trained for 300K iterations on one
NVIDIA A6000 GPU with a batch size of 96, using the Adam
optimizer with a learning rate of 1× 10−4 and bf16 precision.

3.2. Evaluations

To comprehensively evaluate the enhancement of our proposed
method, we conduct evaluations in both audiobook and conver-
sation scenarios using two unseen test datasets. We randomly
select 20 chapters with totally 1249 utterances from unseen au-
diobooks dataset LibriTTS [30] (test-clean subset) for audio-
book TTS evaluation. Besides, we use conversation dataset
IEMOCAP [31] for conversational TTS evaluation. IEMO-
CAP contains 151 dialogues and 7,433 utterances, amounting
to nearly 12 hours of English dyadic conversations performed
by ten professional actors. In each dyadic session, only two
speakers participate. Since IEMOCAP is designed for emotion
recognition task and is unsuitable for TTS due to noisy back-

2https://github.com/ZhangXInFD/SpeechTokenizer
3https://github.com/ZhangXInFD/soundstorm-speechtokenizer



Table 1: Evaluation for zero-shot TTS among baselines and our models in both unseen LibriTTS test-clean and IEMOCAP datasets.

LibriTTS test-clean IEMOCAP
Objective Subjective Objective Subjective

Method Energy↓ F0↓ MCD↓ SECS↑ NMOS↑ SMOS↑ Energy↓ F0↓ MCD↓ SECS↑ NMOS↑ SMOS↑
Groundtruth - - - - 4.900±0.075 - - - - - 4.717±0.047 -
Reconstruct 6.761 33.329 3.278 0.966 4.692±0.083 4.837±0.082 3.035 26.384 1.981 0.951 4.542±0.065 4.746±0.069
VALL-E 19.809 65.749 8.670 0.710 3.283±0.130 3.371±0.124 21.843 83.561 8.855 0.649 3.188±0.121 3.212±0.114
SoundStorm 18.080 59.957 7.974 0.795 3.412±0.135 3.608±0.136 22.000 77.812 8.579 0.682 3.254±0.128 3.508±0.124
XTTS 20.467 56.190 7.442 0.754 3.671±0.087 3.533±0.093 24.359 72.408 8.451 0.668 3.338±0.080 3.346±0.113
Proposed 14.075 54.615 6.890 0.815 3.846±0.104 3.950±0.109 19.756 72.578 8.557 0.703 3.729±0.122 3.762±0.111
w/o context 14.681 54.943 7.099 0.803 3.796±0.083 3.775±0.090 20.367 73.435 8.721 0.688 3.438±0.138 3.608±0.133
w/ text 14.588 54.724 7.046 0.806 3.708±0.097 3.805±0.104 20.455 73.023 8.677 0.690 3.508±0.123 3.654±0.113
w/ audio 14.225 55.672 6.909 0.814 3.767±0.100 3.896±0.103 20.113 72.346 8.575 0.699 3.633±0.126 3.708±0.115

grounds and overlapping speeches, we follow [32] to use pre-
trained denoiser model4 to remove noise from all speech sam-
ples. We randomly select 16 dialogues including 1079 utter-
ances for evaluation. We also use the preceding 5 utterances
(text and speech) from the same speaker as the context in both
audiobook and conversation TTS scenarios.

3.3. Compared Methods

To show our model’s performance, we compare it with the fol-
lowing models for zero-shot TTS.
• VALL-E: an open-source implementation5 of VALL-E but

use SpeechTokenizer as audio codec instead of Encodec. A
3-second prompt is used for zero-shot TTS.

• SoundStorm: only use AR stage of above VALL-E model
and replace the NAR stage with the same SoundStorm model
as ours. We also use the same 3-second prompt.

• XTTS: an open-source zero-shot TTS6 similar to Tor-
toiseTTS [10], based on a discrete VAE model as audio codec
and also use AR model, but it uses fixed-length vectors for
speaker conditioning via Perceiver [33] model.

• Proposed: our proposed method using multi-modal context
for enhancement and also using the same 3-second prompt.

3.4. Objective Evaluation

To evaluate the enhancements of our proposed model, includ-
ing naturalness and speaker similarity in zero-shot synthesized
speech, we calculate energy, F0, mel-cepstral distortion (MCD),
and Speaker Encoder Cosine Similarity (SECS) as metrics for
a thorough evaluation. We follow the previous method [6] that
uses speaker encoder Resemblyer7 to compute the SECS be-
tween groundtruth and generated speech. We apply dynamic
time warping (DTW) to align the generated speech before cal-
culating the differences in energy, F0, and MCD. The objective
results are shown in Table 1.

We find that SoundStorm significantly outperforms the
VALL-E NAR model in all evaluation metrics. This highlights
SoundStorm’s superior ability to accurately predict the acoustic
tokens conditioned on semantic tokens, thereby yielding higher
quality speech. Since XTTS relies solely on global speaker
vectors to guide the generation process, it exhibits less favor-
able outcomes in terms of speaker similarity and rhythm, where
speaking style and prosody information are lost due to com-
pression loss. We show that our proposed model surpasses
all baselines in all evaluation metrics in LibriTTS and nearly
all metrics in IEMOCAP test, particularly in speaker similarity

4https://github.com/facebookresearch/denoiser
5https://github.com/0nutation/USLM
6https://huggingface.co/coqui/XTTS-v2
7https://github.com/resemble-ai/Resemblyzer

and energy. Given that SoundStorm method adopts the same
semantic-to-acoustic approach but utilizes a different text-to-
semantic model, we attribute our success to the incorporation
of multi-modal context and the adoption of a pretrained lan-
guage model. We also conduct ablation studies on the impact
of context from different modalities. Our experiments reveal
that model without MMCE-Qformer yields inferior results. We
also find that audio context, compared to text context, plays a
more crucial role, significantly enhancing performance. This
is likely because the audio modality encompasses richer infor-
mation, such as timbre, prosody and emotion, and our Audio
Qformer aids the text-to-semantic model by incorporating this
additional information.

3.5. Subjective Evaluation

To assess the naturalness and audio quality, as well as the speak-
ing style and similarity of the generated speech, we conduct two
subjective tests: a naturalness MOS (NMOS) test and a similar-
ity MOS (SMOS) test. 20 randomly selected samples for each
context scenario are evaluated by 10 listeners. Listeners rated
the NMOS and SMOS on a scale of 1 to 5 in increments of 0.5.
The subjective evaluation results are detailed in Table 1. We find
similar conclusions with our objective evaluation, showing that
our proposed method outperforms all baselines and the adop-
tion of MMCE-Qformer can encompass additional multi-modal
context information for improvement.

4. Conclusion
In this paper, we propose a novel audio codec-based TTS model
that leverages long contextual information with multiple en-
hancements to improve both naturalness and speaker similarity.
Inspired by the Qformer, we introduce the MMCE-Qformer to
fully utilize multi-modal context features. This is achieved by
employing learnable queries that act as a bottleneck to capture
important global context, along with cross-attention layers that
extract relevant local context features for each text token. Addi-
tionally, we adapt a pretrained LLM to enhance text-to-semantic
generation and employ SoundStorm to improve audio quality
and speaker similarity. Our evaluation across various contextual
TTS scenarios demonstrates that our proposed method outper-
forms all baseline models.
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