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ABSTRACT

VQ-VAE, as a mainstream approach of speech tokenizer,
has been troubled by “index collapse”, where only a small
number of codewords are activated in large codebooks. This
work proposes product-quantized (PQ) VAE with more code-
books but fewer codewords to address this problem and build
large-codebook speech tokenizers. It encodes speech features
into multiple VQ subspaces and composes them into code-
words in a larger codebook. Besides, to utilize each VQ sub-
space well, we also enhance PQ-VAE via a dual-decoding
training strategy with the encoding and quantized sequences.
The experimental results demonstrate that PQ-VAE addresses
“index collapse” effectively, especially for larger codebooks.
The model with the proposed training strategy further im-
proves codebook perplexity and reconstruction quality, out-
performing other multi-codebook VQ approaches. Finally,
PQ-VAE demonstrates its effectiveness in language-model-
based TTS, supporting higher-quality speech generation with
larger codebooks.

1. INTRODUCTION

The large language model (LLM) has demonstrated its pow-
erful capability in text generation [1, 2, 3]. It can auto-
regressively generate expressive and diverse text sequences,
especially when scaled to a larger model with more training
data [4]. This breakthrough has also attracted widespread
attention from the speech domain, inspiring the next-gen
speech generation paradigm, i.e. speech language model
[5, 6]. To apply LLM to the speech domain, the first thing
is to convert the long speech sequence based on continuous
representations into a short sequence with discrete tokens
to mimic the text. Then, we can combine speech and text
together for LLM training and inference, and achieve con-
ditional speech generation, e.g. text-to-speech (TTS) [7, 8],
voice conversion (VC) [9, 10], and speech-to-speech transla-
tion [11]. Hence, a high-quality speech tokenizer providing
discrete tokens with sufficient speech information is the key
to generating intelligible and natural speech.

Vector-quantized variational autoencoder (VQ-VAE)
[12], as the mainstream model for discrete representation
learning of speech, has been well applied in multiple tasks,
including speech coding [13], VC [14], and TTS [15]. It also
demonstrates great potential in speech tokenization over con-
ventional k-means-based approaches [16]. However, in prac-
tice, training a high-quality VQ-VAE-based speech tokenizer
is also challenging due to the problem of “index collapse”
[17]. The speech tokenizer usually needs a large codebook
comparable to the text dictionary to represent rich speech
information. VQ-VAE with a large codebook often fails to
learn all codewords well, resulting in only a small number
of codewords being activated in both training and inference.
Some works turn to exploit multi-sequence discrete repre-
sentations, e.g. MSMC-VQ [18] and RVQ [19, 20, 21], to
avoid learning large codebooks, but they cannot adapt LLMs
only modeling single discrete sequences directly, introducing
more challenges.

To avoid this dilemma, we aim to address the “index col-
lapse” of VQ-VAE to support the training of large-codebook
speech tokenizers. We propose PQ-VAE, which indirectly
learns a large codebook from multiple small codebooks by re-
placing VQ with product quantization (PQ) [22]. Besides, we
enhance the training process with the proposed dual-decoding
training strategy to pursue a higher-quality codebook. We
conduct experiments on a large-scale speech dataset, first re-
vealing the phenomenon of “index collapse” when the code-
book is enlarged and then demonstrating the effectiveness of
PQ-VAE in addressing this problem. Finally, we investigate
the performance of PQ-VAE in TTS to show further the im-
portance of a large-codebook speech tokenizer without “index
collapse” for LLM-based speech generation.

2. PROBLEM STATEMENT

2.1. Quick Review of VQ-VAE

First, we review the vector-quantized variational autoen-
coder (VQ-VAE). This model comprises an encoder, a de-
coder, and a quantizer. The encoder first processes the input
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vector x to an encoding vector e. Then, in the quantizer,
we replace e with the closest codeword in the codebook
C = {c0, c1, ..., cN−1} with the size of N as the quantized
vector z, i.e.

z = ci∗ where i∗ = argmin
0≤i<N

||e− ci||22 (1)

where i∗ is the discrete representation (i.e. index) of x. Fi-
nally, we feed z to the decoder to obtain the reconstructed
vector x̂. The model is trained with the loss function:

L = ||x− x̂||22 + α ||e− sg(z)||22 + β ||sg(e)− z||22 (2)

where sg denotes “stop gradient”, α and β are loss weights.
The third term is usually replaced with the exponential mov-
ing average [23] (EMA) to pursue a stable codebook update.

2.2. Index Collapse

“Index collapse” means that only a small fraction of code-
words are activated in training, and the rest are “dead”, which
will never be used at inference. It causes low codebook us-
age: |C|u =

∑N−1
i=0 1(ci) ≪ N , and perplexity: |C|p =

2−
∑N−1

i=0 pi∗log2 pi ≪ N , where 1(ci) is 1 if ci is used, other-
wise it is 0, and pi denotes the probability of ci in C.

This problem becomes more serious as the codebook en-
larges, obstructing training large-codebook speech tokenizers.
There have been some studies on this issue, and one important
reason is identified: the sparse gradient of the codebook [17].
Each codeword is updated in training from only embedding
vectors in the same cluster. Hence, the more vectors the code-
word receives, the more accurately it updates. However, due
to the constantly changing encoding space and high-variance
batched data, some codewords may not receive sufficient em-
beddings for correct updates, and lose more in the following
training, leading to death eventually. Some works propose ac-
tivating dead codewords via some replacement policies [17]
or controlling the distribution of codewords [24]. However,
the improvement is still limited as codewords keep increas-
ing. Hence, to avoid “index collapse”, one intuitive idea is
to reduce codewords to ensure stable updates. We may use
more small codebooks to learn one large codebook indirectly
for the speech tokenizer, and product quantization makes it
possible.

3. DUAL-DECODING PQ-VAE

As shown in Fig. 1, this section introduces the proposed
speech tokenizer based on PQ-VAE, including the model ar-
chitecture, product quantization, and the dual-decoding train-
ing strategy.

3.1. Model Architecture

The encoder embeds and down-samples the speech sequence
X to a shorter sequence E using a stack of 1-D convolu-
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Fig. 1. The framework of PQ-VAE with dual-decoding train-
ing strategy.

tional (Conv1D) layers. The down-sampling layer is a strided
Conv1D layer. The ResNet comprises two residual units,
where each unit has one Conv1d layer followed by two resid-
ual Conv1D layers with an exponential linear unit (ELU)
in between. The bottneck layer is a linear layer, mapping
the sequence into lower-dimensional vectors. After obtain-
ing the quantized sequence Z via PQ, the decoder with a
similar structure as the encoder outputs the reconstructed
speech sequence X̂ , where the up-sampling operation is a
transposed 1-D convolutional layer. Besides, we also apply
dual-decoding by decoding the encoding sequence E to the
speech sequence X̃ .

3.2. Product Quantization

PQ can be seen as a group of VQ modules, comprising
codebooks C = {C0, C1, ..., CM−1} with the size of M ,
where the i-th codebook Ci has Ni codewords. Once an
embedding e comes in, we first split it into several chunks
{e0, e1, ..., eM−1}, where each sub-vector ei is quantized by
the corresponding codebook Ci with the same feature dimen-
sion. Finally, we concatenate these quantized sub-vectors to
form the PQ output vector z.

PQ-VAE can be trained directly with the same loss func-
tion as the vanilla VQ-VAE, except for applying EMA updat-
ing to multiple codebooks. After training, we can create a
new codebook C∗ by composing all well-updated codebooks



Fig. 2. The codebook usage, codebook perplexity, and reconstruction loss (RMSE) of VQ-VAE and PQ-VAE under different
total codebook sizes (the horizontal axis).

in PQ together in the following way:

c∗i∗ = c0,i0 ⊗ c1,i1 ⊗ · · · ⊗ cM−1,iM−1

i∗ = i0 +

M−1∑
j=1

(

j−1∏
k=0

Nk) ∗ ij
(3)

where cj,ij is the ij-th codeword in the j-th codebook, ⊗ de-
notes the concatenating operation. In this way, we have a
larger codebook with the size of |C∗| =

∏M−1
i=0 Ni. For

example, we can easily create 65,536 codewords from four
small codebooks with sizes of [16, 16, 16, 16].

3.3. Dual-Decoding Training Strategy

Different from the vanilla VQ-VAE, the upper limit of code-
book usage and perplexity of PQ-VAE is determined by the
quality of each sub-codebook, i.e. |C∗|u <=

∏M−1
i=0 |Ci|u <=

|C∗|, and |C∗|p <=
∏M−1

i=0 |Ci|p <= |C∗|. Hence, training
the model to utilize each subspace equally well to produce
high-perplexity codebooks is crucial. In our work, we pro-
pose first bottlenecking each subspace via a low-dimensional
linear layer, then decoding both encoding sequence E and
quantized sequence Z to reconstructed speech X̃ and X̂ . The
loss ||X, X̃||22 encourages each subspace to carry effective
information for speech reconstruction. The loss function is as
follows:

L = ||X − X̂||22 + λ||X − X̃||22
+ α ∗ ||E − sg(Z)||22 + β ∗ ||sg(E)− Z||22

(4)

Finally, to maximize the reconstruction quality from Z, we
also linearly decay λ to 0 in the late stage of training.

4. EXPERIMENTS

4.1. Experimental Setup

4.1.1. Dataset

We conduct experiments on a challenging large-scale dataset,
WenetSpeech [25], containing 10,000 hours of Mandarin
speech with high diversity in content, speaking style, tim-
bre, and recording environments. We pre-process audio by
downsampling to the sample rate of 16kHz and denoising 1.
The audio that is too short (< 2 seconds) or too long (> 20
seconds) is removed from the training. Finally, around 7,000
hours of data are used in training.

4.1.2. Training

We mainly build speech tokenizers using the 80-dim log-scale
Mel spectrogram with a frameshift of 10ms. The autoen-
coders are implemented based on 512-dim ResNet blocks
with strided and transposed convolutional layers.2 They first
downsample Mel spectrograms by 4 times to obtain Z with
a frameshift of 40ms, and reconstruct them back. Models
are trained using AdamW [26] (β1 = 0.9, β2 = 0.95) for
100,000 iterations with a dynamic batch size of 512 seconds.
We set α = 1 in the loss function, and use EMA to update
codebooks with the decay rate of 0.999 for VQ-VAE and 0.9
for PQ-VAE. In dual-decoding training, λ linearly decreases
from 1 to 0.1 within 60k iterations starting from step 20k.

We also train LM-based TTS systems using 1024-dim Hu-
BERT3 [27] features, a self-supervised learning (SSL) repre-
sentation widely used in TTS [28]. Each speech tokenizer
still compresses HuBERT features into discrete tokens with a

1The tool is available at https://github.com/Rikorose/
DeepFilterNet

2We implement autoencoders by following the code: https://
github.com/wesbz/SoundStream/blob/main/net.py

3HuBERT is available at https://huggingface.co/
TencentGameMate/chinese-hubert-large

https://github.com/Rikorose/DeepFilterNet
https://github.com/Rikorose/DeepFilterNet
https://github.com/wesbz/SoundStream/blob/main/net.py
https://github.com/wesbz/SoundStream/blob/main/net.py
https://huggingface.co/TencentGameMate/chinese-hubert-large
https://huggingface.co/TencentGameMate/chinese-hubert-large


Fig. 3. The codebook usage and perplexity in log2 scale, and reconstruction loss (RMSE) of PQ-VAE with or without the
proposed dual-decoding training strategy under different total codebook sizes (the horizontal axis).

frameshift of 40ms, and is applied with a Tortoise-style lan-
guage model [29] with 12 512-dim transformer layers as the
acoustic model, trained with a batch size of 12,800 seconds
for 50,000 iterations. Finally, we use a pre-trained HuBERT-
based BigVGAN-large [30] vocoder for waveform genera-
tion. In TTS, we feed the Chinese characters to the language
model to generate speech tokens, and feed them to the PQ-
VAE decoder to obtain HuBERT features, which are then re-
constructed to the audio via the vocoder.

4.1.3. Evaluation

We evaluate speech tokenizers with the “Test-Net” set in
WenetSpeech, including 23 hours of audio across various do-
mains, containing rich acoustic information. The evaluation
metrics include codebook usage, perplexity, and root mean
squared error (RMSE) between X and X̂ . We collect 100
sentences for TTS to synthesize audio from two clean speak-
ers with 20-second reference audio. Then, we measure the
audio quality, intelligibility4 and speaker similarity (SS)5 of
the synthesized audio by calculating: 1) NISQA-TTS score
[31], 2) character error rate (CER) between synthesized au-
dio and ground-truth transcripts, 3) cosine distance between
speaker embeddings from the synthesized audio and the ref-
erence audio.

4.2. Index Collapse

We first compare VQ-VAE and PQ-VAE under different
codebook sizes: 256, 1024, 4096, 8192, where the codebook
sizes of PQ-VAE models are assigned: [16, 16], [16, 8, 8],
[16, 16, 16], [16, 8, 8, 8], and dual-decoding training is not
used here for a fair comparison. The embedding has a di-
mension of 256, and is evenly divided to each subspace for
PQ. As shown in Fig. 2, VQ-VAE performs well under the

4The ASR tool is available at https://huggingface.co/
openai/whisper-large-v3.

5The speaker model is available at https://huggingface.co/
speechbrain/spkrec-ecapa-voxceleb.

codebook sizes of 256 and 1024, with fully used codebooks,
showing lower reconstruction loss than PQ-VAE, demonstrat-
ing its effectiveness in building the speech tokenizer with a
minor or moderate codebook size. However, “index collapse”
happens when the codebook size increases to 4096 and 8192,
leading to limited usage and perplexity. Meanwhile, PQ-VAE
performs better as the codebook is enlarged, still achieving
98% codebook usage for 8192 codewords, further reducing
reconstruction loss. It strongly validates that PQ-VAE can
address “index collapse” effectively.

4.3. Dual-Decoding Training

As shown in Fig. 3, we further investigate the performance of
PQ-VAE in building larger-codebook speech tokenizers when
applied with the proposed dual-decoding training strategy.
The codebook sizes are set to [16, 16, 8, 8], [16, 16, 16, 8],
and [16, 16, 16, 16], for the total codebook sizes of 16384,
32768, and 65536, respectively. As the codewords increase,
PQ-VAEs with dual-decoding training keep the same high
codebook usage as the vanilla PQ-VAE model, but improve
the perplexity effectively to make more codewords be used
more frequently. It leads to a higher reconstruction quality
across different sizes of codewords, demonstrating that dual-
decoding training enables PQ-VAE to become a better speech
tokenizer.

We also conducted an ablation study to investigate the im-
pact of dual-decoding training techniques on the model. As
shown in Table 1, the vanilla PQ-VAE with 8192 codewords
has already been improved in all aspects by dual-decoding
training without the decayed loss and bottlenecking. The de-
cayed weight of loss enables the model to reconstruct better
speech from the quantized sequence. Finally, we obtain the
lowest reconstruction loss by further bottlenecking each sub-
space from 64-dim to 16-dim. But we also notice that over-
bottlenecking, e.g. 1-dim embedding, may degrade the model
performance instead due to serious information loss.

https://huggingface.co/openai/whisper-large-v3
https://huggingface.co/openai/whisper-large-v3
https://huggingface.co/speechbrain/spkrec-ecapa-voxceleb
https://huggingface.co/speechbrain/spkrec-ecapa-voxceleb


Table 1. The evaluation results on test-large of PQ-VAE mod-
els.

Method Usage Perplexity RMSE

PQ-VAE 7991 3297 7.32
+ dual-decoding 8192 4115 7.28
+ loss decay 8184 4032 7.26
+ bottleneck 8190 4512 7.24

4.4. Multi-Codebook Vector Quantization

We also compare PQ-VAE with other multi-codebook VQ
techniques: residual-vector quantization (RVQ) [32] and fi-
nite scalar quantization (FSQ) [33]. RVQ quantizes a vec-
tor recursively by taking the residual vector of VQ to the
next codebook for further quantization, and so on. FSQ can
be seen as a special PQ with fixed codebooks, which maps
speech into 1-dim subspaces, and quantizes each 1-dim vec-
tor, i.e. scalar, with pre-designed codebooks based on inte-
gers. The embedding is also constrained with a Tanh function
to keep a fixed numerical range. As shown in Table 2, we
evaluate the performance of these VQ approaches in building
the speech tokenizer with 65536 codewords. First, the vanilla
VQ still performs the worst, and we notice that replacing dead
codewords degrades the training stability in this large code-
book. Both RVQ and FSQ can address “index collapse” ef-
fectively. They apply the encoding space with strong con-
straints (residual embedding and 1-dim bottleneck feature) to
pursue high codebook usage and perplexity. However, these
constraints also limit the encoder in extracting effective in-
formation for feature reconstruction. Conversely, the pro-
posed PQ-VAE with larger slackness achieves the best recon-
struction quality with slightly lower codebook usage and per-
plexity than FSQ. It better meets the requirements of a high-
quality speech tokenizer, i.e., improving codebook quality to
reduce reconstruction loss.

Table 2. The evaluation results on test-large of autoencoders
with 65536 codewords and different quantization approaches.

Method Usage Perplexity RMSE

VQ 2195 1597 7.31
RVQ 61264 29246 7.05
FSQ 62500 34720 7.04

PQ-VAE 60604 29531 6.93

4.5. Application in TTS

Finally, we enhance speech tokenizers with HuBERT fea-
tures to investigate their performance in LLM-based TTS. As
shown in Table 3, VQ-8192, i.e. the vanilla VQ-VAE with

8192 codewords, still suffers from “index collapse”, provid-
ing only 700 valid codewords, leading to lower intelligibility
in TTS. PQ-8192 addressing this issue shows higher code-
book quality and lower reconstruction loss, achieving better
TTS performance in naturalness, intelligibility, and speaker
similarity. Then, a larger speech tokenizer, PQ-32768, fur-
ther improves TTS quality. The large codebook with richer
information enables TTS to produce clearer and more precise
pronunciation with fewer mispronunciation issues. It vali-
dates that a large-codebook speech tokenizer is important for
LLM-TTS, and the proposed PQ-VAE makes it achievable.

Table 3. The evaluation results of different speech tokenizers
on feature reconstruction and TTS, where VQ-8192 denotes
VQ-VAE with 8192 codewords, and so on.

Model VQ-8192 PQ-8192 PQ-32768

Usage 699 8171 32731
Perplexity 630 5958 23518

RMSE 3.63 3.46 3.39

TTS
NISQA ↑ 3.99 4.07 4.20

CER (%) ↓ 11.34 8.78 7.05
SS ↓ 0.1286 0.1222 0.1214

5. CONCLUSION

This paper proposes PQ-VAE that utilizes product quantiza-
tion with multiple small codebooks to build a large-codebook
speech tokenizer. Besides, a dual-decoding training strategy
is applied to ensure all VQ subspaces are utilized well. The
experimental results show that PQ-VAE effectively solves
“index collapse” well and is enhanced by the proposed
dual-decoding training strategy, keeping higher codebook
usage for 65536 codewords. PQ is also validated as a better
multi-codebook VQ approach for large-codebook speech to-
kenizers, outperforming RVQ and FSQ regarding codebook
quality and reconstruction quality. Finally, the performance
of PQ-VAE in TTS further demonstrates that a high-quality
large-codebook speech tokenizer is crucial for LLM-based
speech generation.
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