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Recent Advances in Discrete Speech Tokens: A
Review

Yiwei Guo, Zhihan Li, Hankun Wang, Bohan Li, Chongtian Shao, Hanglei Zhang, Chenpeng Du, Xie Chen,
Shujie Liu, Kai Yu

Abstract—The rapid advancement of speech generation tech-
nologies in the era of large language models (LLMs) has
established discrete speech tokens as a foundational paradigm
for speech representation. These tokens, characterized by their
discrete, compact, and concise nature, are not only advantageous
for efficient transmission and storage, but also inherently compat-
ible with the language modeling framework, enabling seamless
integration of speech into text-dominated LLM architectures.
Current research categorizes discrete speech tokens into two
principal classes: acoustic tokens and semantic tokens, each of
which has evolved into a rich research domain characterized
by unique design philosophies and methodological approaches.
This survey systematically synthesizes the existing taxonomy and
recent innovations in discrete speech tokenization, conducts a
critical examination of the strengths and limitations of each
paradigm, and presents systematic experimental comparisons
across token types. Furthermore, we identify persistent challenges
in the field and propose potential research directions, aiming to
offer actionable insights to inspire future advancements in the
development and application of discrete speech tokens.

Index Terms—Discrete speech tokens, neural audio codec,
speech tokenizer, speech LLMs, spoken language modeling,
speech generation, acoustic tokens, semantic tokens

I. INTRODUCTION

THE rapid advancement of large language models (LLMs)
in natural language processing has revolutionized speech

generation tasks [1], [2], with speech being tokenized and
modeled using decoder-only Transformers [3]. Recent efforts,
such as GSLM [4] and AudioLM [5], aim to develop text-free
spoken LLMs, akin to how current LLM-powered chatbots
enable text-based interactions. Other works, including VALL-
E [6] and VioLA [7], extend this approach to downstream
conditional speech generation tasks, such as zero-shot text-
to-speech generation and speech translation. However, this
paradigm requires data to be tokenized, as typical LLMs
can only process discrete data. Textual tokens naturally meet
this requirement because they are designed as discrete units
separated by clear boundaries, whereas raw speech signals
are continuous and boundary-less. Therefore, a necessary step
before applying speech data to LLM is the tokenization of
speech, which aims to:
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Fig. 1: Diagram of discrete speech tokenization process and
speech token-based downstream applications.

To convert long speech waveforms into short discrete tokens
for downstream tasks. These tokens should be compatible

with the underlying textual representations, especially with
language modeling approaches targeted at speech.

As a result, significant efforts have been directed towards
developing more efficient and powerful speech tokenization
methods. Generally, these methods are based on two distinct
principles, giving rise to two types of speech tokens: acoustic
tokens and semantic tokens. Acoustic tokens are derived from
neural codecs designed to encode speech at a low bitrate
while preserving as much information as possible. In contrast,
semantic tokens originate from speech self-supervised learning
(SSL) [8], which aims to transform the speech representation
into a more phonetic or semantic space, making it easier
for speech recognition. These two nearly independent lines
of research magically intersect in the context of language
modeling for speech. Now, there are also efforts that try to
design a speech tokenizer that accomplishes the two objectives
simultaneously [9], [10]. Consequently, speech tokenization
has become a core problem of speech processing under the
new paradigm, especially for speech generation and spoken
language modeling.

Despite the rapid development and numerous recent works,
a comprehensive taxonomy of methodologies in discrete
speech tokens has not been clearly constructed. Existing
reviews [1], [2], [8], [11]–[13] in this field often overlook
the diverse categories and methodologies in both acoustic and
semantic tokens. For example, [1], [2] focus primarily on
methods in spoken language modeling, providing only brief
descriptions of some speech tokens used in existing models.
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Wu et al. [12] introduces several neural audio codecs but
largely ignore the realm of semantic tokens. In this review, we
provide a comprehensive overview of the concepts, methods,
and characteristics of various types of discrete speech tokens,
with their applications in spoken language understanding,
speech generation, and spoken dialogue models. We hope that
through this review, the community can have a clear under-
standing of the current development and key technologies of
discrete speech tokens, so as to promote further research in
the future.

Our contributions are summarized as follows:
• This review is the first to focus specifically on discrete

speech tokens with sufficient depth in the era of speech
large language models (LLMs).

• We construct a comprehensive taxonomy of current re-
search on discrete speech tokens and meticulously review
the motivation, representative approaches, and challenges
in each sub-category.

• We provide a unified comparison of different types of
discrete speech tokens in terms of reconstruction and
voice conversion performance, covering both acoustic and
semantic tokens.

• We summarize the current challenges and potential future
directions for discrete speech tokens, including decoupled
and variable frame rate tokens.

The structure of this review is shown in Fig.2. We will first
briefly introduce the technical pre-requisites of discrete speech
tokens in Section II. Following [5], [14], [15], we classify
discrete speech tokens into acoustic and semantic tokens based
on their purposes as two major types. We will characterize the
two major types of tokens in Section III and IV respectively.
In Section V, we summarize the existing benchmarks and
analyses of discrete speech tokens, and conduct a comparison
of all kinds of tokens on their reconstruction and voice
conversion performance. This helps understand the different
characteristics of each kind of tokens. Section VI briefly
presents several downstream application paradigms of discrete
speech tokens besides compression and transmission. Section
VII concludes the current challenges and outlook for the future
development of discrete speech tokens.

II. PRE-REQUISITES: DISCRETE REPRESENTATION
LEARNING

Discrete speech tokens are obtained through the quantiza-
tion of continuous speech representations. In the deep learning
era, this quantization is usually achieved by offline clustering
or online vector quantization algorithms. This section provides
a concise overview of these established quantization method-
ologies commonly used in discrete speech tokens.

Denote x ∈ Rd as a vector in the d-dimensional continuous
space. A quantization process q transforms x into a discrete
token in a finite set, i.e. q(x) : Rd → {1, 2, ..., V } where
V is the vocabulary size. The output tokens are sometimes
referred to as indexes in the finite V -cardinal set. The function
q is usually associated with a codebook C = {c1, c2, ..., cV }
where every code-vector ci ∈ Rd corresponds to the i-th
token. The code-vectors are representations of tokens in the

original d-dimensional space. As V integers can be encoded
using ⌈log2 V ⌉ raw bits1, quantization often compresses the
cost for data storage and transmission to a great extent.

A. Offline Clustering

Clustering is a simple approach for quantization. Given a
dataset X = {x1,x2, ...xN}, a clustering algorithm aims to
assign each sample xi to a group such that a human-designed
cost is minimized. The most frequently used clustering method
for discrete speech tokens is k-means clustering [41], e.g.
in GSLM [4]. K-means is a clustering algorithm based on
Euclidean distances. Its training process iteratively assigns
each data sample to the nearest centroid, and moves cluster
centroids till convergence, with a pre-defined cluster number
k. After training, the centroids form the codebook, and new
data can be quantized to the index of the nearest centroid. In
practice, centroids are usually initialized with the k-means++
algorithm [42] for better convergence.

Hierarchical agglomerative clustering has also been used in
discrete speech tokens, which iteratively merges the closest
clusters. It is usually applied after k-means to reduce the
number of clusters [43], [44]. Other clustering algorithms are
less explored in the context of discrete speech tokens, thus
will not be covered here.

B. Vector Quantization

Although clustering methods are easy to implement and ap-
ply, they are often an isolate process, thus cannot be optimized
together with other neural network modules. Instead, vector
quantization (VQ), initially introduced by [45], enables a
learnable network module that allows gradients to pass through
when producing discrete representations. Autoencoders with a
VQ module is termed VQ-VAE [46]. There are multiple ways
a VQ module can be realized:

1) K-means VQ: Like k-means clustering, k-means VQ
method finds the code-vector closest to the input in Euclidean
space, i.e.

q(x) = argmin
i∈{1,2,...,V }

∥x− ci∥2. (1)

As the argmin operation is not differentiable, a straight-
through estimator (STE) [47] is usually applied that grafts
the gradient on q(x) to x itself. Suppose some loss should
numerically be calculated by L = L(q(x)), then the STE
performs gradient grafting by changing the input to L =
L(x + sg(q(x) − x)) where sg(·) means the stop gradient
operator. In this way, the loss function is still calculated by
the value of q(x), but gradients that should be placed on q(x)
is now grafted to x itself.

Auxiliary loss functions are often used together with k-
means VQ: commitment loss Lcmt = ∥ sg(ck) − x∥2 and
codebook loss Lcode = ∥ sg(x)− ck∥2. The commitment loss
pushes the continuous input x towards the closest codebook
entry, while the codebook loss pushes the latter towards the

1We use ⌈z⌉ to denote the ceiling of a scalar z, i.e., the smallest integer
greater than or equal to z. Similarly, ⌊z⌋ denotes the floor of z, i.e., the largest
integer less than or equal to z.
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Discrete
Speech Tokens

Pre-requisites: Discrete Representation Learning
(Section II)

Offline Clustering: k-means clustering, agglomerative clustering, etc.

Vector Quantization: k-means VQ, Gumbel VQ, RVQ, GVQ, FSQ, etc.

Acoustic Tokens
(Section III, Table I)

Model architectures
(Section III-A)

VQ-GAN: CNN-based, Transformer-based, U-Net-based, etc.

Latent diffusion: LaDiffCodec [16], SemantiCodec [17], etc.

General-Purpose
(Section III-B)

Advanced VQ methods and model architectures: DAC [18], TS3-Codec [19],
etc.

Temporal redundancy reduction: Disen-TF-Codec [20], TiCodec [21], etc.

Multi-resolution or variable-bitrate: SNAC [22], VRVQ [23], etc.

Semantic Distillation
(Section III-C)

SSL feature guidance: SpeechTokenizer [9], Mimi [10], etc.

Fixed semantic codebook: LLM-Codec [24], etc.

SSL as inputs or outputs: X-Codec [25], SemantiCodec [17], etc.

Disentanglement
(Section III-D)

Gradient reversal layer: SSVC [26], FACodec [27], etc.

Perturbation: LSCodec [28], etc.

Source separation: SD-Codec [29], etc.

Semantic Tokens
(Section IV, Table II)

General-Purpose SSL
(Section IV-A)

Contrastive: vq-wav2vec [30], wav2vec 2.0 [31], etc.

Predictive: HuBERT [32], WavLM [33], etc.

Perturbation-Invariant SSL
(Section IV-B)

Contrastive-based: ContentVec [34], SPIRAL [35], etc.

Distribution-based: Spin [36], NAST [37], etc.

CTC-based: Gat et al. [38], etc.
Supervised Tokens

(Section IV-C) ASR-based: Whisper [39], S3 Tokenizer [40], etc.

Length Reduction by Deduplication and Acoustic BPE (Section IV-D)

Variable Frame Rate Tokens and Unit Discovery (Section IV-E)

Speech Token Vocoders (Section IV-F)

Analysis (Section V): Metrics, benchmarks, reconstruction and voice conversion comparisons

Applications (Section VI), Challenges and Future Directions (Section VII)

Fig. 2: Structure of this review

former and updates the code-vector ck. The two loss terms
are weighted by different factors to put different optimization
strengths on x and ck, as pushing ck towards x is an easier
task. It is also common to replace Lcode with exponential
moving average (EMA) to update the codebook instead [48].
Although EMA does not rely on explicit loss functions, it
achieves a similar goal that gradually merges the continuous
input x into the code-vector ck.

VQ in the high-dimensional spaces is known to suffer from
codebook collapse, a phenomenon where only a portion of
codebook is active or the codebook usage is highly imbal-
anced [49], [50]. To improve the utilization of codebook en-
tries, random replacement (as known as codebook expiration)
is sometimes applied [50] on code-vectors that has remained
inactive for a long time. Another direct solution is to add
an additional auxiliary constraint, such as entropy penalty, to
promote a more uniform distribution on the codebook [51],
[52]. Architectural improvements have been proposed, like
factorized codebook lookup in low-dimensional space [53],
and adding a linear projection layer to simultaneously update
all code-vectors [54].

2) Gumbel VQ: Instead of quantizing by Euclidean dis-
tance, another choice is probability. Gumbel VQ [55] uses
Gumbel-Softmax as a proxy distribution for traditional Soft-
max to allow differentiable sampling. Given input x and a
codebook of size V , a transform is applied on x into V

logits: l = h(x) ∈ RV . In inference, quantization is then
performed by choosing the index with the largest logit, i.e.
q(x) = argmaxi

{
l(i)

}
. In training, samples are drawn from

the categorical distribution implied by l for the subsequent
neural networks. To achieve efficient sampling and let gradi-
ents pass through, Gumbel trick is used:

u ∈ RV ∼ Uniform(0, 1),v = − log(− log(u)) (2)
s = Softmax((l+ v)/τ) (3)

where Eq.(2) samples Gumbel noise v element-wise, and
Eq.(3) calculates Gumbel-Softmax distribution s with a tem-
perature τ . The forward pass simply use j = argmaxi{s(i)}
as the sampled index, but the true gradient of Gumbel-Softmax
is used in backward pass. In other words, the gradient on the
one-hot distribution corresponding to j is grafted to s as an
approximate. The temperature τ balances the approximation
accuracy and difficulty of gradient passing: a lower τ results in
sharper s and thus more accurate gradient estimate, but higher
gradient variances [55]. In practice, τ is usually annealed
from high to low [30], [55]. The transform h(·) is usually
parameterized as neural networks, or negatively proportional
to Euclidean distances [56].

After quantization, code-vector ci with i = q(x) is fed to
subsequent networks. Gumbel VQ does not require additional
losses for quantization, since code-vectors can directly be
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Fig. 3: Diagram of GVQ (left) and RVQ (right).

learned with gradients and do not need to be pushed towards
x like k-means VQ.

3) Finite Scalar Quantization: As mentioned before, VQ
methods based on code-vector assignment suffer from low
codebook usage. Despite the introduction of many different
mechanisms, this remains a crucial challenge. Finite scalar
quantization (FSQ) [57] is an alternative to perform quanti-
zation in scalar domain. FSQ quantizes each dimension of
a vector x into L levels. For the i-th dimension x(i), FSQ
transforms the values to into limited range and then rounds to
integers, i.e.

q
(
x(i)

)
= round

(
⌊L/2⌋ tanh

(
x(i)

))
. (4)

The quantized values are thus integers ranging from −⌊L/2⌋
to ⌊L/2⌋2. For a d-dimensional vector x, there are Ld possible
quantization outcomes. Common choices are L ≥ 5 and
d ≤ 10, so FSQ usually has a much smaller hidden dimension
than VQ (where usually d ≥ 100). STE is applied to pass
gradients. As quantization is simply done via rounding to
integers, there is no explicit codebooks associated with the
FSQ process. FSQ is reported to have better codebook usage3

especially for a large V compared to VQ methods, without
the need for auxiliary losses.

4) Other VQ Tricks: In many cases, a single VQ module
suffers from a highly-limited representation space, thus results
in poor performance compared to continuous counterparts.
There are two widely-used VQ tricks that introduce multiple
VQ quantizers to expand the quantized representation space,
as shown in Fig.3:
1) Grouped VQ (GVQ), also known as product quantiza-

tion [58]. It groups the input vector x by dimensions and
apply VQ on different parts of x independently. They can
have different or shared codebooks. The VQ outputs are
then concatenated along dimensions to match that of x. For
instance, GVQ is used in neural word embeddings [59]
and speech self-supervised learning models [30], [31] to
achieve efficient quantization.

2) Residual VQ (RVQ), also known as multi-stage quanti-
zation [60]. It adopts a serial approach that iteratively
quantizes the residual of the last quantizer. Similar to GVQ,
RVQ also has multiple quantizers. For the i-th quantizer
qi, denote its input as xi and the output code-vector as
cqi(xi), then the residual is defined as xi+1 = xi−cqi(xi),
i.e. the “quantization margins”. The quantized results from
all qi are finally summed as an approximation of original

2Following [57], this is the symmetric case for L being odd. When L is
even, there is an offset before rounding to obtain asymmetric quantized values.

3Although there is no longer a codebook associated with code-vectors,
codebook usage can still be measured among all possible V = Ld outcomes.

x. In this way, information in the codebooks is supposed
to follow a coarse-to-fine order, and more details in the
original x can be preserved. It is used in various speech
codecs [18], [61], [62], for instance.

GVQ and RVQ can be flexibly combined to form GRVQ [63]
that applies RVQ on each GVQ branch for better codebook
utilization. A network can also contain multiple VQ modules
at different places, like cross-scale VQ (CSVQ) [64] where
every decoder layer has a quantizer inside.

Note that RVQ naturally produces an order of importance
in residual layers, while all quantizers in GVQ are equally im-
portant. There is also a trick called “nested dropout” [65] that
assigns an importance order to GVQ. This works by manually
define an order of quantizers and randomly dropping-out the
last few quantizers in training.

III. SPEECH TOKENIZATION METHODS: ACOUSTIC
TOKENS

Acoustic tokens, also known as speech codecs, refer to the
discrete representations optimized mainly for signal compres-
sion and reconstruction. The audio codec technology arises
long ago. Traditional codecs, including MP3 [86], Opus [87]
and EVS [88], typically take advantage of signal processing
algorithms to improve quality and lower the bitrate.

In the deep learning era, numerous codec models based
on neural networks have emerged. These models typically
consist of an encoder that compresses speech signals and a
decoder that reconstructs the speech signals, with a quantizer
situated between the two. The quantizer is also parameterized
and jointly trained with the whole network in an end-to-end
manner. The codebook indices produced by the quantizer are
referred to as acoustic tokens. To improve the representation
ability of discrete VQ spaces and thus obtain better codec per-
formance, RVQ, GVQ, GRVQ and FSQ tricks are commonly
applied in the quantization module.

We summarize the quantization method, number of quantiz-
ers Q, frame rate F , vocabulary size V for each quantizer, and
the resulting bitrate of famous neural acoustic speech tokens
in Table. I.

A. Model Architectures

Although acoustic codec models differ from one to one
regarding their purposes, most of them share a similar encoder-
quantizer-decoder framework. With audio clip x that can either
be time-domain sampling points, frequency-domain features
or even other machine learning features, an encoder fθ(·)
transforms it to fθ(x) in a continuous latent vector space. The
encoder fθ(·) will usually perform downsampling to reduce the
temporal length of the input signals, especially for waveform
inputs. A VQ module qϕ(·) discretizes fθ(x) into tokens and
corresponding codebook vectors c. A decoder gψ(·) then uses
c to reconstruct x̂, and a certain distance metric of d(x, x̂)
is usually optimized. There are two major paradigms for
designing the encoder, decoder, and quantizers, which can be
summarized as diagrams in Fig.4.
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TABLE I: A summary of famous acoustic speech tokens (neural speech codecs). Italic “C,T,U” denote CNN, Transformer or
U-Net-based generator architecture in Fig.5. Symbols ‘/’ and ‘-’ denote “or” and “to” for different model versions, and “+”
means different configurations in different VQ streams in a single model. Q,F, V mean number of quantizers, frame rate and
vocabulary size of each quantizer respectively. For example, “Q = 2, V =8192+(212-215)” in SemantiCodec means one of the
two VQ streams has 8192 possible codes, and the other can vary from 212 to 215 in different configurations. Bitrates are
computed by 1

1000

∑Q
i=1 Fi⌈log2 Vi⌉ kbps, without entropy coding.

Acoustic Speech Tokens Model Framework Sampling
Rate (kHz)

Quantization
Method Q F (Hz) V Bitrate (kbps)

General-purpose acoustic tokens
SoundStream [61] VQ-GAN (C) 24 RVQ max 24 75 1024 max 18.00
EnCodec [62] VQ-GAN (C) 24 RVQ max 32 75 1024 max 24.00
TF-Codec [56] VQ-GAN (C) 16 GVQ 3-32 25 512 / 1024 0.68-8.00
Disen-TF-Codec [20] VQ-GAN (C) 16 GVQ 2 / 6 25 256 / 1024 0.40 / 1.50
AudioDec [66] VQ-VAE (C)+GAN 48 RVQ 8 160 1024 12.80
HiFi-Codec [63] VQ-GAN (C) 16 / 24 GRVQ 4 50-100 1024 2.00-4.00
DAC [18] VQ-GAN (C) 44.1 RVQ 9 86 1024 7.74
LaDiffCodec [16] Latent diffusion 16 RVQ 3 / 6 50 1024 1.50 / 3.00
FreqCodec [67] VQ-GAN (C) 16 RVQ max 32 50 1024 max 16.00
TiCodec [21] VQ-GAN (C) 24 RVQ, GVQ 1-4 75 1024 0.75-3.00
APCodec [68] VQ-GAN (C) 48 RVQ 4 150 1024 6.00
SRCodec [69] VQ-GAN (C) 16 GRVQ 2-8 50 512+1024 0.95-3.80
SQ-Codec [70] VQ-GAN (C) 16 FSQ 32 50 19 8.00
Single-Codec [71] VQ-GAN (T+C) 24 VQ 1 23 8192 0.30
ESC [72] VQ-GAN (U) 16 GVQ max 18 50 1024 max 9.00
CoFi-Codec [73] VQ-GAN (U) 16 GVQ 3 8.33+25+50 16384 1.17
HILCodec [74] VQ-GAN (C) 24 RVQ 2-12 75 1024 1.50-9.00
SuperCodec [75] VQ-GAN (C) 16 RVQ 2-12 50 1024 1.00-6.00
SNAC [22] VQ-GAN (C) 24 RVQ 3 12+23+47 4096 0.98
WavTokenizer [76] VQ-GAN (C) 24 VQ 1 40 / 75 4096 0.48 / 0.90
BigCodec [77] VQ-GAN (C) 16 VQ 1 80 8192 1.04
LFSC [78] VQ-GAN (C) 22.05 FSQ 8 21.5 2016 1.89
NDVQ [79] VQ-GAN (C) 24 RVQ max 32 75 1024 max 24.00
VRVQ [23] VQ-GAN (C) 44.1 RVQ 8 86 1024 0.26 + max 6.89
TS3-Codec [19] VQ-GAN (T) 16 VQ 1 40 / 50 216 / 217 0.64-0.85
Stable-Codec [80] VQ-GAN (T) 16 FSQ 6 / 12 25 5 / 6 0.40 / 0.70
FreeCodec [81] VQ-GAN (C+T) 16 VQ 1+1 50+7 256 0.45

Mixed-objective acoustic tokens: semantic distillation
Siahkoohi et al. [82] VQ-GAN (C) 16 RVQ 2+1 / 2+2 / 6 25+50 64 0.60 / 0.90 / 1.80
SpeechTokenizer [9] VQ-GAN (C) 16 RVQ 8 50 1024 4.00
SemantiCodec [17] Latent diffusion 16 VQ 2 12.5-50 8192+(212-215) 0.31-1.40
LLM-Codec [24] VQ-GAN (C) 16 RVQ 3 8.33+16.67+33.33 3248+32000+32000 0.85
X-Codec [25] VQ-GAN (C) 16 RVQ max 8 50 1024 max 4.00
SoCodec [83] VQ-GAN (C) 16 GVQ 1 / 4 / 8 25 / 8.3 / 4.2 16384 0.35 / 0.47
Mimi [10] VQ-GAN (C+T) 24 RVQ 8 12.5 2048 1.10
X-Codec 2.0 [84] VQ-GAN (C+T) 16 FSQ 8 50 4 0.80

Mixed-objective acoustic tokens: disentanglement
SSVC [26] VQ-GAN (C) 24 RVQ 4 50 512 1.80
PromptCodec [85] VQ-GAN (C) 24 GRVQ 1-4 75 1024 0.75-3.00
FACodec [27] VQ-GAN (C) 16 RVQ 1+2+3 80 1024 4.80
LSCodec [28] VQ-VAE (C+T)+GAN 24 VQ 1 25 / 50 1024 / 300 0.25 / 0.45
SD-Codec [29] VQ-GAN (C) 16 RVQ 12 50 1024 6.00

1) VQ-GAN: VQ-GAN [89] is a very commonly adopted
framework of acoustic tokens that trains a VQ-VAE with
GAN objectives. Besides the original reconstruction and vector
quantization objectives in a VQ-VAE, VQ-GAN uses discrim-
inators dξ(x, x̂) to distinguish real and reconstructed data that
adversarially trains the generator network of fθ, qϕ, and gψ . In
acoustic tokens, there are usually multiple discriminators, e.g.
multi-resolution and multi-scale STFT discriminators from the
neural vocoder researches [90], [91]. The generator architec-
ture of VQ-GAN-based acoustic tokens has multiple choices,
with the three most representative onesvisualized in Fig.5:
CNN-based, Transformer-based, and U-Net-based.

The CNN-based generator is the most widely used ar-
chitecture so far in acoustic tokens. SoundStream [61] and
EnCodec [62] are two famous early neural acoustic tokens
that operate in an end-to-end VQ-GAN manner. SoundStream

is also the basis for Lyra V2 codec4. They receive time-domain
waveforms as inputs and directly reconstruct waveforms. Their
encoder and decoder have a mirrored architecture to per-
form down and up-samplings. In SoundStream, the encoder
and decoder are purely constructed by convolutional neural
networks (CNNs) while EnCodec augments them with an
LSTM. The CNN encoder down-samples the waveform to a
high-dimensional embedding sequence, whose frame rate is
determined by the sampling rate, CNN kernel sizes and strides
at a fixed ratio. The continuous embeddings are passed to an
RVQ quantizer, and the quantized vectors are summed before
being transformed to the waveform domain by the CNN de-
coder. The training criteria include reconstruction loss (in the
time and frequency domain), adversarial loss, feature matching
loss, and quantization losses for RVQ layers. To allow for

4https://github.com/google/lyra

https://github.com/google/lyra
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Fig. 4: Different neural architectures of acoustic tokens for
reconstruction. Acoustic tokens are obtained after the quantiza-
tion modules. Note that inputs and outputs can be waveforms,
frequency-domain features or even SSL features depending on
purpose and design.

Fig. 5: Major generator (VQ-VAE) architectures of VQ-GAN-
based acoustic tokens. “Q.” and “Trans” are short for quantizer
and Transformer, respectively.

a flexible choice of bitrates, structured dropout is adopted
where the number of codebooks in the RVQ module can be
randomly chosen [61], such that only a portion of quantizers
in front are activated during training. The acoustic tokens
can consequently reside in variable bitrates depending on the
chosen number of RVQ quantizers. The inputs and outputs
of the codec model can also be frequency-domain features
like magnitude and phase spectra for reducing computation
burden [67]. There, the convolution kernels are typically 2D
instead of 1D in the time-domain codecs.

Later, Transformers [3] have been adopted, e.g. in Single-
Codec [71] and Mimi [10]. They can be directly applied
to frequency-domain inputs and outputs. When operating on
waveform-domain inputs or outputs, a CNN [10] or patchi-
fying [19], [80] operation is usually added before or after
the Transformer blocks. In Mimi, a shallow Transformer layer
is added after the CNN-based encoder, and vice versa in its
decoder. Recently, some propose to use purely Transformer-
based backbone and discard the CNN blocks, e.g. TS3-

Codec [19]. As Transformers are known for their superior
modeling ability and scaling property, these works prove
to outperform CNN-based codecs either with less computa-
tion [19] or larger scale [80]. However, to ensure stream-
ability, an attention mask should be employed [10]. The
encoder and decoder can also be designed to be different. For
example, Single-Codec [71] uses Conformer [92] encoder and
CNN decoder, while LSCodec [28] uses CNN encoder and
Conformer decoder.

Though RVQ or GVQ is usually applied, most acoustic
tokens contain only one quantization module as a whole.
However, there are also U-Net-based codecs where multiple
quantizers are employed, e.g. CoFi-Codec [73] and ESC [72].
Each sub-encoder or decoder in the U-Net can be a CNN
or Transformer. This offers a more flexible control of the
resolution of each VQ stream (Section III-B2c).

It is also noteworthy that training a separate vocoder on
top of existing acoustic tokens may result in improved audio
quality than the original decoded outputs, since reconstructing
waveform alone may be simpler than optimizing VQ represen-
tation and reconstruction at the same time. This is exemplarily
verified in AudioDec [66], MBD [93] and Vocos [94]. There-
fore, some acoustic tokens directly simplify the VQ-GAN
training objective back to the original VQ-VAE, where the
discrete tokens are obtained first by a simple reconstruction
loss, and a vocoder is trained as an additional stage, like
AudioDec [66] and LSCodec [28]. These works are denoted
as “VQ-VAE+GAN” in Table I.

2) Latent diffusion: Different from VQ-GAN which uses
GAN to generate waveforms or frequency features, some
codecs also use latent diffusion [95]–[97] as an alternative.
These codecs use discretized tokens as a condition to generate
some latent acoustic space, e.g. from a pretrained continuous
speech autoencoder. Since diffusion models are strong gen-
erative models, acoustic tokens of this type does not need
discriminators and adversarial training like VQ-GAN. For
instance, LaDiffCodec [16] uses EnCodec tokens to condition
the diffusion process from Gaussian noise to the latent space
in a pretrained and frozen waveform autoencoder. This is to
bridge the gap of reconstruction quality between discrete and
continuous representations and improve the codec performance
compared to the original acoustic tokens. Inference efficiency
is a major concern of these models unless specifically opti-
mized in limited sampling steps.

B. General-Purpose Acoustic Tokens

1) Motivation: In this section, we describe the most com-
mon type of neural acoustic tokens (speech codecs) that are
designed only with the objective of speech signal reconstruc-
tion. Those acoustic tokens are optimized towards better signal
or perceptual quality under bitrates as low as possible.

2) Approaches:
a) Advanced VQ methods and model architectures:

Based on SoundStream and EnCodec, more codecs with
advanced VQ methods, network structure, or optimization
strategies have been researched with depth. HiFi-Codec [63]
applies GRVQ on codecs to reduce the number of codebooks.
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SRCodec [69] proposes a dual attention mechanism and a
split residual VQ strategy, which can also be regarded as
GRVQ with interactions between groups. DAC [18] achieves
remarkable reconstruction quality by adding periodic inductive
bias, better discriminators, modified loss functions, and a
better VQ mechanism from ViT-VQGAN [53]. Specifically,
it performs L2-normed code lookup in a low-dimensional
space (e.g. 8 or 32) instead of a high-dimensional space
like 1024. Its VQ tricks are reported to improve code usage.
APCodec [68] uses amplitude and phase spectra as inputs
and outputs of the VQ-GAN codec model. Its encoder and
decoder are based on an improved ConvNeXt v2 network [98],
and it achieves fast and low-latency compression with a high
sampling rate of 48kHz audio. Based on APCodec, [99] later
reduces the necessary bitrate to 1kbps for high sampling rate
scenarios by introducing additional bandwidth reduction and
recovery modules before and after VQ-GAN. HILCodec [74]
proposes spectrogram blocks, variance-constrained residual
blocks and a multi-filter bank discriminator to achieve high
fidelity and lightweight streaming codec. SuperCodec [75]
improves the traditional CNN blocks in encoder and decoder
into a selective down-sampling back-projection network for
better performance. Mimi [10] also applies several training
tricks to improve subjective perception: 1) introducing causal
Transformers to both its encoder and decoder; 2) not applying
VQ with a certain probability; 3) pure adversarial training
without reconstruction losses.

Additional training criteria around the VQ module are pro-
posed for better utilization of the VQ codebook. ERVQ [100]
proposes a more delicate code-vector replacement strategy
and a codebook balancing loss to enhance the VQ usage. It
also applies a similarity loss after consecutive RVQ layers
to encourage each RVQ layer to focus on different speech
features. Also, the training of neural speech codecs does not
need to be end-to-end, i.e. the learning of VQ representations
and signal reconstruction can be separated. AudioDec [66]
adopts a two-stage training process that introduces adversarial
losses and an additional vocoder after training only with metric
losses. It achieves low latency while improving quality. AP-
Codec+ [101] introduces this two-stage training process into
APCodec, and declares that using adversarial loss throughout
the entire process yields better performance.

Although the aforementioned works all use regular GVQ
or RVQ quantizers, other VQ methods also exist in speech
codecs. NDVQ [79] improves the capacity of RVQ space by
introducing stochasticity. NDVQ changes codebook vectors to
isotropic Gaussian distributions parameterized by mean and
variances. Instead of quantizing the continuous input to the
closest codebook entry in each RVQ layer, NDVQ performs
quantization by choosing the mean and variance with the
greatest probability density. A sample is then drawn from
the chosen Gaussian distribution as the VQ output, with a
reparameterization technique. FSQ has also been introduced
to speech codecs, like SQ-Codec [70] where the encoder con-
structs a low-dimensional space (32-dim), and each dimension
is quantized by scalar rounding before being fed to the de-
coder. Stable-Codec [80] adopts FSQ in a Transformer-based
architecture, exhibiting strong scalability to larger model sizes

up to 950M parameter count. It also explores a flexible post-
training quantization level adjustment technique and residual
FSQ strategy. dMel [102] directly quantizes mel-filterbanks
per dimension with evenly-paced boundaries between the
minimum and maximum of filterbank values. This is similar
to FSQ but is parameter-free.

Note that previous acoustic tokens all require multiple quan-
tizers, but single-codebook codecs have also been explored.
Single-Codec [71] designs an encoder consisting of Conformer
and bidirectional LSTM to compress mel spectrogram inputs.
WavTokenizer [76] and BigCodec [77] further explores single-
codebook codec modeling with better network designs or
larger parameter count. TS3-Codec [19] adopts a fully Trans-
former design that leads to a better single-codebook codec
with fewer computation overhead. LSCodec [28] also achieves
single-codebook coding with speaker disentanglement (Section
III-D). These single-codebook codecs with remarkably low
bitrates offer great benefit to downstream speech generation
models on simplicity and efficiency.

b) Temporal redundancy reduction: Instead of capturing
all the information through VQ layers like the previously
mentioned codecs, some researchers have attempted to reduce
the redundant bitrate of time-varying VQ codes. One straight-
forward method involves reducing the global information of
an utterance in the time-varying codes by introducing a global
encoder. The global information in speech, which includes
speaker identity, channel effects, and other attributes, does
not need to be repetitively encoded by time-varying discrete
tokens. Disen-TF-Codec [20] is the first to explore VQ-GAN
codec models that incorporate an additional encoder to output
global features, thereby aiding the codec decoder in the recon-
struction process. In Disen-TF-Codec, the global features are
designed to be sequential to adapt to speaker changes during
transmission. In TiCodec [21], the global tokens are time-
invariant and vector-quantized instead. They are extracted from
different segments of an utterance in conjunction with time-
varying tokens. In CoFi-Codec [73], an ECAPA-TDNN [103]
reference encoder is employed. The introduction of a global
encoder also facilitates the development of single-codebook
codecs, such as Single-Codec [71]. FreeCodec [81] further
incorporates a prosody encoder [104] that compresses the low-
frequency range of mel spectrograms into a low frame rate VQ
sequence to assist in reconstruction.

Another typical example of temporal redundancy reduction
is predictive coding, as seen in TF-Codec [56]. In this ap-
proach, the autoregressive prediction of latent features cap-
tures temporal-varying information in the latent space, which
significantly reduces redundancy and entropy in the residual
part for codebook quantization. LMCodec [105] employs
autoregressive prediction from coarse codes (first RVQ levels)
to fine codes (last RVQ levels) [5], enabling the transmission
of fewer codes.

c) Multi-resolution and variable-bitrate coding: Rather
than relying solely on uni-resolution tokens, where all quan-
tizers typically share the same temporal frequency of 25-86
Hz, it is reasonable to design multi-resolution codecs. This
is because speech contains both fast and slow information
streams. For instance, many vowels exhibit slowly changing
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characteristics, while events such as explosive consonants and
background noises require fine-grained modeling. Therefore,
incorporating multiple temporal resolutions in codecs is likely
to reduce the necessary bitrate.

SNAC [22] is a notable multi-resolution acoustic token. It
follows the DAC [18] architecture, but in each RVQ layer,
residuals are downsampled before codebook look-up and up-
sampled afterward. For example, with a CNN downsampling
factor of 512 on 24kHz waveforms, the first quantizer fur-
ther downsamples the sequence by a factor of 4, and then
upsamples the 12Hz quantized vectors by the same factor
to compute quantization residuals. The downsampling factors
for the second and third quantizers are 2 and 1, respectively.
This design enables SNAC to outperform codecs with uni-
resolution RVQ, especially under low bitrates. Similarly, LLM-
Codec [24] adopts this method to achieve even lower frame
rates with semantic distillation (Section III-C).

In contrast, CoFi-Codec [73] uses a U-Net architecture,
where each encoder is a CNN with specific downsampling
rates. The decoders follow a mirrored procedure, and quan-
tizers are placed between each encoder-decoder pair with at
a specific resolution. This configuration results in a multi-
resolution representation, where, at each scale, GVQ is applied
to the residual between the encoder and decoder hidden
embeddings. ESC [72] adopts a similar approach where the
encoders and decoders are constructed with Transformers.
However, ESC modifies the frequency resolution in each layer
rather than the time resolution.

In addition to multiple temporal resolutions, it is also
feasible to consider the varying information intensities across
different speech frames. Some frames carry critical informa-
tion, while others may be less informative (e.g., silences).
This observation motivates the design of codecs to allocate
different numbers of quantizers for different speech frames.
As an example, VRVQ [23] introduces a variable number of
quantizers per frame in RVQ (i.e. the value Q) instead of using
a fixed number. In VRVQ, a predictor receives the encoder’s
hidden embeddings and outputs an importance map for each
frame ranging from 0 to 1. This importance map determines
the number of quantizers Q for each frame and masks the
quantizers beyond the first Q quantizers. Since this masking
process is not differentiable, surrogate functions are introduced
to train the importance map predictor.

3) Challenges: Despite the emergence of single-codebook
and low-bitrate codecs [28], [71], [76], [77], achieving ideal
reconstruction quality with a highly limited VQ space remains
a challenging problem. Additionally, as acoustic tokens aim
to encode all necessary information for signal recovery, they
may become redundant and overly complex for downstream
modeling. While scaling up the model size or switching
to non-causal networks has been shown to improve perfor-
mance [71], [77], [80], these approaches may also compromise
streamability or efficiency. Furthermore, simply introducing
global encoders like [20], [21], [73] does not guarantee disen-
tanglement (Section III-D) and may still result in redundancy
within the time-varying codes.

Fig. 6: Different semantic distillation methods in acoustic
tokens.

C. Acoustic Tokens with Semantic Distillation

1) Motivation: Acoustic tokens are a convenient choice for
spoken language models, as they can be directly converted
back to waveforms without the need for extra vocoders.
However, if reconstruction is the sole objective of these tokens,
their representation space may become overly complex and
overly focused on acoustic details, in contrast to natural
language tokens that primarily carry semantic information..
A natural improvement would be to incorporate speech se-
mantic features either from speech self-supervised learning
(SSL) models, supervised models, or even text transcriptions.
Since speech SSL models aim to capture high-level phonetic
or semantic information without external supervision [8],
integrating SSL features does not impose additional data
requirements for injecting semantic information into the train-
ing process. Acoustic tokens that incorporate criteria beyond
reconstruction are sometimes referred to as having a “mixed
objective” [1]. Given that the primary purpose of these models
remains acoustic reconstruction in these models, we continue
to refer to them as acoustic tokens. The process of introducing
semantic information into acoustic tokens is termed semantic
distillation, with approaches summarized in Fig. 6.

2) Approaches:
a) Semantic feature guidance: Researchers have ex-

plored guiding some RVQ layers in acoustic tokens towards
semantic features, which are typically SSL features. Since
information in RVQ naturally follows a coarse-to-fine order,
guiding early RVQ layers towards semantic-oriented features
helps establish and reinforce a semantic-to-acoustic infor-
mation hierarchy. For example, SpeechTokenizer [9] uses a
HuBERT [32] SSL model to guide the first RVQ layer in
EnCodec. This ensures that the first RVQ layer contains more
semantic information, thereby pushing acoustic details to the
subsequent RVQ layers. In SpeechTokenizer, this distillation
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is implemented either by regressing the first RVQ output to
continuous HuBERT embeddings or by classifying it into
discrete HuBERT tokens. The Mimi tokenizer [10] uses a
WavLM [33] model as a semantic teacher and designs a
specialized VQ module for distillation, rather than using
the first RVQ layer. It claims to achieve a better semantic-
acoustic trade-off compared to forcing acoustic information
into the residual of the semantic quantizer. Since SSL feature
guidance occurs only during the training stage, it does not
incur additional inference costs. It has been reported that TTS
language models trained with guided acoustic tokens exhibit
better robustness than those on unguided acoustic tokens [9].

b) Fixed semantic codebook: A more direct approach to
achieve semantic distillation is to integrate semantic knowl-
edge into the codebook of quantizers. The encoder is then
tasked with transforming the original speech into this semantic
codebook space, while the decoder must learn to recover
acoustics from this semantic space and the residuals. This
method is explored in LLM-Codec [24] where pretrained
automatic speech recognition (ASR) model Whisper [39], text
language model T5 [106], and the LLM LLaMa-2 [107], [108]
are employed as semantic teachers. LLM-Codec comprises
three RVQ layers where all codebooks are initiated from
the token embedding module of LLaMa-2 [108] and remain
frozen during training. Specifically, the first RVQ codebook
is constructed by selecting common words and average their
corresponding sub-word embeddings from LLaMa-2. The rest
two codebooks directly utilize the entire vocabulary space
of LLaMa-2. Input vector sequences are downsampled at
different rates before entering the first and second quantizers.
The outputs of T5 and Whisper encoders are used to guide
the first and second RVQ layers, respectively. This approach
not only reduces the bitrate of the codec but also significantly
enhances the semantic representation ability of LLM-Codec.

c) Semantic features as inputs or outputs: Semantic fea-
tures can also be compressed together with the speech wave-
forms or frequency features. This requires the encoder and
quantizer to construct a shared acoustic and semantic space
that balances the two information sources. The first attempt in
this direction is made in [82] where Conformer representations
from a pretrained wav2vec 2.0 [31] are combined with CNN
encoder outputs for quantization. SemantiCodec [17], a codec
designed for general audio, trains a quantizer to compress
AudioMAE [109] features5 without relying on acoustic inputs.
The quantized SSL features then serve as a condition for
acoustic reconstruction using latent diffusion, which resembles
a vocoder that transforms semantic inputs into acoustic out-
puts. SoCodec [83] also directly quantizes semantic features
from HuBERT, but incorporates a global acoustic condition to
aid reconstruction, similar to TiCodec. With a downsampling
semantic encoder, it remarkably explores a frame shift up to
240ms. Additionally, it has also been reported to reduce bitrate
when aligned phoneme sequences are added to the encoder
output before RVQ [67].

Moreover, semantic features can also serve as outputs,
thereby reinforcing the constraint that semantic information

5In fact, a stack of discretized and continuous AudioMAE features.

be compressed into the discrete latent space. For instance,
X-Codec [25] combines hidden HuBERT embeddings with
acoustic features before RVQ and jointly optimizes acoustic
and semantic reconstruction objectives. X-Codec 2.0 [84]
improves it by using w2v-BERT 2.0 [110] and FSQ.

3) Challenges: Guiding part of the RVQ layers towards
semantic features does not guarantee that acoustic information
is encoded in the remaining layers, as shown by the degraded
VC performance in SpeechTokenizer [9]. It may impose a
greater challenge for the VQ layer to encode both acoustic
and semantic information if semantic features serve as in-
puts as well. Additionally, fixing a semantic codebook could
negatively impact acoustic reconstruction ability, as the VQ
representation space becomes overly restricted.

D. Acoustic Tokens with Disentanglement

1) Motivation: Another line of mixed-objective acoustic
tokens is disentanglement. A prominent research direction
is the disentanglement of speaker timbre information, as this
is a global trait among all the speech information aspects.
Encoding speaker information into every token timestep is
redundant; thus, removing the global speaker timbre can make
the information in acoustic tokens more compact and reduce
the necessary bitrate. Speaker-decoupled speech tokens can
alleviate the modeling burden for downstream tasks. For exam-
ple, a TTS model using these tokens can achieve independent
control over prosody and speaker identity.

The disentanglement of speaker timbre also enables an
acoustic token to perform voice conversion (VC), as timbre
from the target speaker can be easily combined with the
speaker-agnostic content tokens from the source speech. Note
that in Section III, it is mentioned that some codecs introduce
a global encoder or low-rate prosody encoder to reduce the
necessary bitrate of time-variant tokens [20], [21], [71], [81].
They have already demonstrated some ability to decouple
global speaker timbre and local contents, albeit in an implicit
manner through the natural information bottleneck in the VQ
layers. In this section, we elaborate on explicit methods, which
typically involve specialized training techniques and criteria to
achieve disentanglement.

2) Approaches:
a) Gradient reversal layer (GRL): The GRL tech-

nique [111] is commonly used for disentanglement. Suppose
speaker information needs to be disentangled, and a classifier
(or speaker verifier, etc.) sµ(·) receives some latent feature
h from the acoustic token to perform speaker discriminative
tasks. GRL operates by negating the gradient sign before
sµ(·), thereby forcing h to fool the speaker classifier while
the classifier itself improves, similar to adversarial training.

SSVC [26] is one of the pioneering efforts in this direction,
which is the basis for BASE-TTS [112]. SSVC designs two
coupled regressors from WavLM: a speaker regressor and a
content regressor. These regressors are essentially attention
modules on every WavLM layer. The speaker regressor is
used to train a speaker extractor by contrastive loss to pro-
duce discriminative speaker embeddings, similar to the GE2E
loss [113] in speaker verification. The output from the content
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regressor is quantized by RVQ before being concatenated
with speaker embeddings and reconstructed into waveforms
by a BigVGAN [114] vocoder. Disentanglement is mostly
ensured by a GRL on a cosine distance loss between the
speaker extractor outputs from the speaker regressor and
content regressor. Similarly, PromptCodec minimizes an SSIM
loss [115] between content and timbre representations, with
the help of a pretrained speaker verification model.

Such GRL technique is not limited to disentangling speaker
timbre alone. FACodec [27] employs supervised decoupling
to factorize speech into speaker timbre, content, prosody, and
acoustic detail information. The timbre extractor in FACodec
is optimized via a speaker classification loss. For the other
components – prosody, content, and acoustic detail – separate
RVQ modules are applied prior to the supervised decoupling
process. In the content branch, frame-aligned phonemes are
predicted, and GRL is applied to the normalized F0. In
the prosody branch, normalized F0 is predicted, and GRL
is applied to the frame-aligned phonemes. Meanwhile, in
the acoustic detail branch, GRL is performed using both
phonemes and F0. These three quantized features are then
combined before applying GRL with the speaker classification
information. Finally, the decoder of FACodec integrates all
four information branches to reconstruct the speech signal.

b) Perturbation: For speaker disentanglement, a more
straightforward approach is to apply speaker timbre perturba-
tions to speech signals and leverage the strong information
bottleneck created by the discrete VQ module. When the
encoder is unable to learn sufficient timbre information, and
the decoder is provided with prominent timbre, the bottle-
neck in the middle will naturally prevent timbre from being
encoded [116]. Such an idea is adopted in LSCodec [28]
to achieve speaker decoupling and ultra-low-bitrate coding.
LSCodec leverages continuous WavLM features to represent
speaker timbre for its remarkable speaker verification abil-
ity [117], [118]. These features are fed to a Conformer-based
decoder by position-agnostic cross attention [119], [120]. A
stretch-based speaker perturbation algorithm is applied to the
input waveform to facilitate speaker disentanglement. The
training process of LSCodec involves two stages: first, a
speech VAE is trained obtain a preliminary speaker-decoupled
continuous space. Subsequently, this continuous space is dis-
cretized into a VQ-VAE. Through this speaker disentangle-
ment approach, LSCodec achieves high-quality speech re-
construction and voice conversion (VC) using only a single
codebook, with an extremely low bitrate of 0.25 kbps.

c) Source separation: Apart from the disentanglement
of speaker timbre, source separation has also been explored
in the context of acoustic tokens. SD-Codec [29] proposes
to decouple different audio sources in the neural codec, like
speech, music, and sound effects. By employing a shared
encoder and decoder architecture with multiple parallel RVQ
modules, SD-Codec aims to separate different audio sources
into distinct RVQ streams. This approach allows for more
efficient and targeted processing of each audio component.

3) Challenges: The GRL technique for disentanglement
inherently carries the risk of a more complex optimization tra-
jectory. Additionally, some disentanglement methods require

Fig. 7: Representatives in different kinds of semantic tokens.
“Q.” denotes quantizer, which can be optional (dotted line).

supervised data [27], which imposes a significant constraint.
Due to the intricate nature of speech informatics, current
efforts are still suboptimal compared to semantic tokens,
particularly in terms of VC performance [28].

IV. SPEECH TOKENIZATION METHODS: SEMANTIC
TOKENS

Semantic tokens refer to discrete speech representations
from discriminative or self-supervised learning (SSL) models.
While we use the term semantic tokens to maintain consis-
tency with prior works, some researchers recently argue that
SSL features are more accurately described as phonetic than
semantic [121] in nature. Hence to clarify, in this review,
semantic tokens should be more accurately defined as the
complementary set of acoustic tokens, such that they are not
primarily aimed at reconstruction purposes. In practice, the
vast majority of these tokens are designed for discriminative
tasks and are believed to have a strong correlation with
phonetic and semantic information [8], [122]–[124].

A. Semantic Tokens from General-Purpose SSL

1) Motivation: Speech SSL models have consistently
outperformed many traditional methods in various speech
tasks [8], [117]. Their potential has been extensively mined
in discriminative tasks such as automatic speech recognition
(ASR) [30], [32], [125], [126], automatic speaker verifica-
tion (ASV) [33], [127], [128], speech emotion recognition
(SER) [33], [129]–[131] and speech translation (ST) [132]–
[134]. Discretized SSL tokens are initially favored for reducing
computation costs and improving robustness against irrelevant
information for ASR [135]. As language models have gained
increasing attention, these SSL tokens have been further ex-
plored in generative tasks such as TTS [14], [136], [137] and
SLM [4], [5], [138]. This is because they can be considered
high-level abstractions of speech semantics that are largely
independent of acoustic details.
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2) Approaches: SSL models initiate the learning process by
defining a pretext task which enables the model to learn mean-
ingful representations directly from the data itself. Typical
speech SSL models employ CNNs and Transformer encoders
to extract deep contextual embeddings. When it comes to
semantic tokens, there are mainly two ways to extract those
discrete tokens from an SSL model (see upper part of Fig.7):
• External quantization, like clustering or training a VQ-

VAE. This refers to extracting continuous embeddings from
a certain layer or multiple layers in a pretrained SSL model,
and performing quantization manually. For example, a
common semantic token is the HuBERT+kmeans units,
where k-means clustering is performed on a HuBERT
Transformer layer with a portion of training data [4],
[139]. It is also feasible to perform clustering on multiple
layers [140], [141], or train a VQ-VAE on the SSL hidden
embeddings [142], [143].

• When an SSL model contains an inner quantizer that is
trained together with other network modules, its outputs
can also be regarded as semantic tokens. Many SSL models
involve quantizers to produce targets for their training ob-
jectives [30], [31], [144], [145]. This approach provides an
efficient and effective way of extracting semantic tokens.

Note that for SSL models with an inner quantizer, it is still
practical to perform external quantization on its continuous
embeddings, like wav2vec 2.0 [31]. However, these two
methods – internal and external quantization – may result
in different patterns of information exhibition, which we will
investigate in Section V.

For general-purpose SSL models, there are different designs
on the pretext task [8]. Table II provides a high-level summary
of well-known semantic tokens.

a) Contrastive: This type of speech SSL models aims to
learn representations by distinguishing a target sample (posi-
tives) from distractors (negatives) given an anchor [8]. They
minimize the latent space similarity of negative sample pairs
and maximize that of the positive pairs. For semantic tokens,
vq-wav2vec [30] and wav2vec 2.0 [31] are two representative
contrastive SSL models. They both involve a quantizer to pro-
duce localized features that is contrastively compared to con-
textualized continuous features. Vq-wav2vec [30] uses pure
CNN blocks while wav2vec 2.0 [31] adopts a Transformer for
stronger contextual features. Both use GVQ quantizers with
two groups to expand the VQ space. Wav2vec 2.0 has also
been extended to massively multilingual versions [134], [146],
[147].

b) Predictive: This type of speech SSL models incor-
porates an external target for prediction, either from signal
processing features or another teacher network. A popular line
of work is hidden unit BERT (HuBERT) [32]. It takes raw
waveforms as inputs, applies random masks on the hidden
representations before Transformer contextual blocks, and then
predicts quantized MFCC targets. It can take more self-
iterations by using a trained HuBERT teacher model and
applying k-means clustering as targets. WavLM [33] augments
HuBERT by additional speaker and noise perturbations to
achieve superior performance in more paralinguistic-related
tasks. There are no inner quantizers in both models, so external

quantization like k-means clustering is necessary to obtain
semantic tokens. BEST-RQ [144] changes the prediction target
to the output of a random projection quantizer. Data2vec [148],
[149] proposes a general Transformer-based teacher-student
masked prediction framework the masked and original view
of data are fed to the student and teacher respectively, and
the student network predicts the teacher outputs. The next-
token prediction criterion from language models (LMs) have
also been adopted into speech SSL [150], [151], either with
or without a pretrained text LM. This method emphasizes the
autoregressive prediction property of learned tokens that may
be better suited for the LM use case.

3) Challenges: Firstly, SSL models typically require large
amount of data to train, as indicated in Table II. For SSL
models without a built-in quantizer during pretraining, k-
means clustering is a prevalent approach to obtain discrete
units. However, given that most SSL models operate in high-
dimensional spaces (e.g., with 768 or 1024 dimensions), the
space and time complexity of k-means clustering are substan-
tial. The clustering results can sometimes be unreliable due
to the curse of dimensionality in Euclidean space. Moreover,
it is often reported, and will also be shown by experiments
in Section V, that discretized SSL units lose much acoustic
details after quantization [123], [152], [153]. Different cluster-
ing settings, such as the chosen layer and vocabulary size, can
lead to different outcomes within a single model. Finally, since
most SSL models utilize Transformer blocks, their causality
and streaming ability are compromised.

B. Semantic Tokens from Perturbation-Invariant SSL

1) Motivation: As SSL tokens feature semantic or phonetic
information, a major concern is to improve the resistance
against perturbations in the input signal. This kind of in-
variance includes noise and speaker aspects that don’t affect
the contents of speech. Noise invariance refers to the prop-
erty that semantic tokens should be invariant against signal
augmentations such as additive noise, reverberations, etc.
Speaker invariance is similar to speaker-disentangled acoustic
tokens, where speaker information needs to be removed in
the semantic tokens. In the training process, perturbations
are often explicitly introduced in these perturbation-invariant
SSL models. The original and perturbed view of an utterance
are both fed to the same network (or teacher and student
networks), and an external loss to reduce the impact of
perturbation is applied. The middle part of Fig.7 depicts a
typical perturbation-invariant SSL model.

2) Approaches:
a) Perturbations: The perturbations can either be de-

signed to augment the acoustics or alter the speaker timbre,
depending on the objective of invariance. These perturbations
usually preserve temporal alignments, meaning that the per-
turbed utterance and the original one are strictly synchro-
nized. For noise-invariant SSL tokens, basic signal variations
like time stretching, pitch shifting, additive noise, random
replacing and reverberation are commonly applied [37], [38],
[154]. SpecAugment [155] is also used in [35]. Typical speaker
timbre perturbations include formant and pitch scaling as well
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as random equalization [34], [36], [156]. In contrast, random
time stretching is applied as speaker perturbation in [157],
which alters the tempo in each random segment.

b) Contrastive-based Methods: Contrastive loss is a
common method to obtain perturbation-invariant representa-
tions. In this context, the contrastive loss is a modified version
of that used in wav2vec 2.0 [31]. Given two embedding
sequences derived from the original and perturbed utterances,
assuming the perturbation preserves frame-wise alignment, the
positive sample of an anchor is taken from the same position
in the other utterance. This is because the content remains
unchanged by the perturbation, thus the same position of two
representation sequences should encode the same information.
In noise-invariant models [35], [154], negative samples are se-
lected from the other utterance relative to the anchor. However,
in speaker-invariant models [34], [157], negative samples are
selected from the same utterance as the anchor. Specifically, in
[157], soft attention pooling is applied to create equal-length
representation sequences from two utterances with different
durations. This approach forces SSL models to ignore acoustic
differences and focus solely on the unperturbed content.

c) Distribution-based Methods: Another method to
achieve invariance is to minimize some distance metrics
between the representations extracted from the original and
perturbed utterances. In existing perturbation-invariant SSL
models, this is typically accomplished using a cross-entropy
loss between the underlying distributions in the VQ module
of the SSL model. NAST [37] trains a Gumbel-based VQ-
VAE on HuBERT features and enforces similarity between
the Gumbel distributions Eq.(3) derived from the original and
augmented utterances. Spin [36] and DC-Spin [156] explore a
speaker-invariant clustering algorithm for HuBERT features.
Similar to NAST [37], Spin employs a cross-entropy loss
to ensure that the distributions over codebook entries are
similar between the original and perturbed utterances. Spin
uses a distribution smoothing technique before pushing the
distributions to be similar, thereby preventing collapse into a
trivial solution [36]. This distribution-based approach forces
the same content to be quantized to the same index regardless
of its acoustic conditions. DC-Spin [156] uses Spin units to
train a HuBERT model and extends the Spin algorithm to
incorporate two VQ codebooks, both optimized with the same
objective The auxiliary codebook is designed to be larger
than the primary one, allowing for more fine-grained acoustic
details Additionally, DC-SPIN explores fine-tuning with mel
reconstruction and supervised ASR, which are anticipated to
further enhance speaker invariance.

d) CTC-based Methods: Noise invariance can also be
achieved like an ASR task with perturbed speech inputs.
As semantic tokens from SSL models are highly content-
related, these tokens extracted from the original clean utterance
can serve as some pseudo-label for a perturbed view. In
[38], a connectionist temporal classification (CTC) [158] loss
is calculated between quantized tokens from the augmented
signal and a pretrained HuBERT+kmeans pseudo-labels from
the clean signal. This pushes the quantized tokens to have the
same phonetic structure with the pseudo-labels.

TABLE II: A high-level summary of famous semantic speech
tokens. Notations follow Table.I. Symbol ‘/’ denotes different
versions. “Inner Quantizer” refers to whether the model has
a quantizer, or external quantization (e.g. clustering) must
be performed. F denotes frame rate. In case there are inner
quantizers, Q,V denote number of quantizers and vocabulary
size for each quantizer, respectively. “NR.” means not reported.

Semantic
Speech Tokens

Criterion
/ Objective

Training
Data (h) F (Hz) Inner Quantizer

General-purpose self-supervised learning (SSL) models
vq-wav2vec [30] Contrastive 0.96k 100 GVQ, Q = 2, V = 320
wav2vec 2.0 [31] Contrastive 60k 50 GVQ, Q = 2, V = 320
XLSR-53 [146] Contrastive 50k 50 GVQ, Q = 2, V = 320
HuBERT [32] Predictive 60k 50 No
WavLM [33] Predictive 94k 50 No
BEST-RQ [144] Predictive 60k 25 No
w2v-BERT [159] Predictive+Contrastive 60k 50 VQ, Q = 1, V = 1024
w2v-BERT 2.0 [110] Predictive+Contrastive 4500k 50 GVQ, Q = 2, V = 320
DinoSR [160] Predictive 0.96k 50 VQ, Q = 8, V = 256
NEST-RQ [151] Predictive 300k 25 No
LAST [150] Predictive NR. 50 VQ, Q = 1, V = 500

SSL models with perturbation-invariance
Gat et al. [38] Noise Invariance 0.10k 50 VQ, G = 1, V = 50-500
ContentVec [34] Speaker Invariance 0.96k 50 No
SPIRAL [35] Noise Invariance 60k 12.5Hz No
CCC-wav2vec 2.0 [154] Noise Invariance 0.36k 50 GVQ, G = 2, V = 320
Spin [36] Speaker Invariance 0.10k 50 VQ, Q = 1, V = 128-2048
NAST [37] Noise Invariance 0.96k 50 VQ, Q = 1, V = 50-200
DC-Spin [156] Speaker Invariance 0.96k 50 VQ, Q = 2, V = (50-500)+4096

Supervised models
S3 Tokenizer [40] Supervised ASR 172k 25 / 50 VQ, Q = 1, V = 4096
Zeng et al. [161] Supervised ASR 90k 12.5 VQ, Q = 1, Q = 16384
Du et al. (CosyVoice 2) [162] Supervised ASR 200k 12.5 FSQ, Q = 8, V = 3

3) Challenges: While noise and speaker-invariance have
emerged as promising approaches in semantic tokens, they
currently rely on content-preserving perturbations that are
typically hand-crafted. Most existing methods have only been
evaluated on small-scale data and models. It also remains un-
clear how these methods will generally benefit generative tasks
such as speech generation and spoken language modeling.

C. Semantic Tokens from Supervised Models

As representing semantic or phonetic information is the
major purpose of semantic tokens, a more direct way to
achieve this is through supervised learning. A famous ex-
ample shown at the bottom of Fig.7 is the S3 Tokenizer
from CosyVoice [40]. It places a single-codebook VQ layer
between two Transformer encoder modules and optimizes the
network through an ASR next token prediction loss, similar
to Whisper [39]. The same method is adopted in [161], [163]
where the frame rate is further reduced to 12.5Hz. CosyVoice
2 [162] improves S3 Tokenizer by replacing plain VQ with
FSQ for better codebook utilization. Note that in this kind
of supervised semantic tokens, it is the output of the VQ
layer that serves as tokens. This allows for more preservation
of paralinguistic information than directly transcribing speech
into text. These supervised tokenizers are trained on massive
paired speech-text data, and have demonstrated rich speech
content understanding capabilities [40], [164].

However, training these models is highly costly due to
the heavy data demands. Training with only the ASR task
may still result in the loss of some prosody information.
Although [162] has demonstrated that its supervised tokenizer
trained on Chinese and English can also work in Japanese
and Korean, it remains unclear how well these supervised
tokenizers generalize to more unseen languages.
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D. Length Reduction by Deduplication and Acoustic BPE

In most cases, discrete speech tokens have a frame rate
ranging from 25 to 100Hz, as can be found in Table I and Table
II. This leads to a large discrepancy in lengths between speech
representations and the underlying text modality. Most token
sequences are tens of times longer than their corresponding
phoneme sequences, not to mention the inner semantics. This
discrepancy has been a critical issue in building decoder-
only TTS and other LM-based speech generation tasks, since
longer sequences result in harder training and more unstable
inference. Therefore, length reduction techniques have been
proposed to address this issue. These methods are inspired
by language processing techniques and are thus more closely
related to semantic tokens. It is important to note that, al-
though these length reduction methods are universal across
token types, they are less frequently applied in the context
of acoustic tokens. This is because acoustic tokens usually
involve multiple VQ streams that complicate the token-level
operations.

A common approach to reduce token sequence lengths is
deduplication [135], [165], i.e. removing the repeated con-
secutive tokens in a sequence. Since the encoded continuous
features are often close in consecutive frames where the speech
dynamics do not change rapidly , they are likely to be quan-
tized to the same unit. Therefore, removing these redundant
tokens can yield a more phonetic representation. Consider an
original token stream [a, a, a, b, b, a, c]. After deduplication,
the sequence becomes [a, b, a, c], with corresponding durations
[3, 2, 1, 1]. In downstream generation tasks, the deduplicated
tokens are used for generative modeling, and a unit-to-speech
model (similar to TTS) is employed to convert the tokens back
to acoustic signals [4].

In addition to deduplication, another popular approach to
reducing the length of speech token sequences is acoustic byte-
pair encoding (BPE)6 or so-called subword modeling [135],
[166]–[169]. Similar to text BPE [170], acoustic BPE itera-
tively merges the two most frequent consecutive tokens and
adds the merged token to the vocabulary. After training on a
corpus, a deterministic BPE mapping is established between
original token combinations and the new vocabulary. This
mapping enables a lossless compression algorithm, allowing
tokens to be perfectly reconstructed after BPE encoding and
decoding. This operation identifies certain morphological pat-
terns in token sequences and offers a powerful way to remove
redundant tokens. The encoded BPE tokens are used for down-
stream generation tasks, and original tokens are recovered by
the deterministic BPE mapping before converting to signals.
The application of acoustic BPEs on HuBERT semantic tokens
has been reported to yield a significant speed and performance
gain in ASR [135], [165], spoken language modeling [168],
[169] and TTS [137], [171].

Although deduplication is a simple and training-free
method, acoustic BPE offers unique advantages. Acoustic BPE
can identify redundant patterns that are not simply repetitions.
Also, deduplication discards the duration information of every

6The term “acoustic” here is used to distinguish it from traditional BPE
applied to text tokens, rather than referring to “acoustic tokens”.

token in the resulting sequence. This might be a concern
for downstream tasks, as certain rhythmic information could
reside in such token repetitions. In contrast, acoustic BPE
preserves duration by encoding repetition in different lengths
into distinct new tokens. Acoustic BPE is also flexible in terms
of target vocabulary size, which can be adjusted based on the
desired length reduction ratio and downstream performance.

We visualize the length reduction effect of BPE on different
speech tokens in Fig.8. In addition to semantic tokens from
various models and different k-means clusters in HuBERT, we
also experiment with acoustic tokens. For acoustic tokens with
multiple codebooks, we apply BPE only to the first quantizer.
This approach has the greatest potential in the current speech
generation paradigm [6]. From Fig.8, it is evident that dif-
ferent types of tokens exhibit very distinct patterns. Seman-
tic tokens generally show significant length reduction when
applying BPE, especially for HuBERT models with fewer k-
means clusters. For single-codebook acoustic tokens, speaker-
decoupled LSCodec demonstrates more reduction, whereas
WavTokenizer and BigCodec are almost unaffected by BPE.
For a single RVQ layer among multiple-codebook acoustic
tokens, the reduction effect is also significant. These findings
suggest that the effect of BPE is negatively correlated with the
information density in the speech tokens: the less information,
the more length reduction achieved by BPE.

E. Variable Frame Rate Tokens and Unit Discovery

Information in speech is not uniformly distributed along the
time axis [172]. In segments such as silence or long vowels,
information density is low, whereas in segments with explosive
consonants, speech events occur much more frequently. This
inherent non-uniformity suggests that it might be more natural
to allocate more tokenized bits to regions with dense informa-
tion and higher variance, and fewer bits to regions with less
uncertainty. This kind of discrete speech tokens is referred to
as variable frame rate (VFR) tokens in this review. Note that
while multi-resolution and variable-bitrate tokens have been
introduced previously, the concept of VFR is still distinct. In
multi-resolution tokens [22], [73], each quantizer operates at
a fixed frame rate. In variable-bitrate tokens [23], the frame
rate remains fixed, while the variability lies in the number
of quantizers per frame. Instead, VFR tokens should directly
allocate different granularities on the temporal axis.

VFR tokens are closely related to acoustic unit discovery. As
speech lacks a natural boundary of phonetic units [8], there
are much research efforts to find and locate the underlying
acoustic units behind speech utterances in an unsupervised
manner [173]–[176]. This is particularly of interest for low-
resource languages. These discovered units can guide the
boundary segmentation of VFR tokens. To this end, VFR
tokens can be interesting not only because it might reduce the
necessary bitrate, but also it can introduce a strong inductive
bias that linguistic knowledge is encoded [172].

A recent direction of VFR tokens is to discover acoustic
units from an SSL model. Deduplicated tokens and acoustic
BPE themselves can be regarded as VFR tokens. Sylber [177]
and SyllableLM [44] take similar approaches that first locate
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Fig. 8: BPE effect comparison of multiple tokens. The starting point of each line represents the original vocabulary size.

acoustic boundaries from existing HuBERT models, and then
train another HuBERT student with segment-level pooled
targets between boundaries. The final HuBERT embeddings
undergo the same segment-level pooling and kmeans clustering
procedure to produce tokens at a very low frame rate (≤ 5Hz)
that align well with syllables.

Boundary prediction can be involved to achieve frame rate
variability in the training process, where a specific model
predicts frame-level boundaries and is trained together with
other network modules. Cuervo et al. [178] applies a hard
boundary predictor into a contrastive speech SSL model for
variable-rate downsampling and trains it using reinforcement
learning. Hwang et al. [157] uses a soft predictor instead and
performs downsampling through a soft pooling mechanism.
Different from boundary prediction, a slowness constraint is
imposed into a VQ-VAE in [172] that forces the latent features
to vary slowly along time, after which run-length encoding (i.e.
deduplication with duration saved) is applied on the quantized
codes. However, these approaches are rarely adopted in the
context of discrete speech tokens today, and there have barely
been a VFR acoustic token till now.

F. Speech Token Vocoders

Acoustic tokens are designed naturally with a decoder that
outputs waveforms or spectrograms given tokens, but semantic
tokens are not. A necessary component for building a discrete
token-based speech generation system with semantic tokens
is the speech resynthesis model, or speech token vocoders.
Unlike traditional spectrogram-based vocoders [179], these
vocoders receive discrete speech tokens as an input and
reconstruct speech signals.

Polyak et al. [152] first explores speech resynthesis from
discrete speech units by a HifiGAN [179] augmented with
discretized pitch units and speaker embedding inputs. The
vec2wav model in VQTTS [136], [180]–[182] improves
this vocoder by a Conformer [92] frontend module be-
fore HifiGAN generator. The CTX-vec2wav vocoder in
UniCATS [119] proposes a position-agnostic cross-attention
mechanism that effectively integrates timbre information from
surrounding acoustic contexts without the need for pretrained
speaker embeddings. This makes it more timbre-controllable
and suitable for zero-shot TTS and VC [120]. Its descendant
vec2wav 2.0 [183] further advances the timbre controllability
by SSL timbre features and adaptive Snake activations, which
is demonstrated by a strong VC performance.

It is also feasible to apply diffusion or flow matching
algorithms in token vocoders [40], [184], [185]. There, the
discrete tokens are treated as a condition for diffusion or flow
matching to generate mel-spectrograms, and further converted
to waveform by a pretrained mel vocoder. Compared to train-
ing a token-to-wav vocoder in an end-to-end fashion, training
a token-to-mel model is more convenient and does not need
adversarial training. To control timbre better, a mask strategy
is introduced into the training process where the model only
computes diffusion or flow matching loss on the un-masked
part of spectrograms [40]. During inference, spectrogram from
speaker prompt conditions the generative process, which can
be regarded as a form of “in-context learning”. However,
inference efficiency may be compromised for better generation
quality with more than one inference steps, and this method
is only validated on massive amount of data currently.

V. ANALYSIS OF DISCRETE SPEECH TOKENS

A. Metrics and Existing Benchmarks
Discrete speech tokens can be evaluated from various as-

pects besides bitrate and codebook utilization:
• Signal-level reconstruction metrics: Discrete tokens,

especially neural speech codecs, can be evaluated using
the same signal-level metrics as in vocoder research.
Typical reconstruction metrics include PESQ, STOI, mel
distance, STFT distance, GPE, etc.

• Perceptual reconstruction metrics: Apart from the sig-
nal level, there can also be perceptual evaluations of
reconstruction performance. This includes intelligibility
(often measured by WER, CER, or phone error rates),
speaker similarity, subjective or proxy MOS tests, etc.

• Performance on downstream tasks: Probing tasks can
be used to measure the preservation or prominence of
certain information in tokens, like ASR, ASV, emotion
recognition, and spoken language modeling [176]. Note
that this is different from perceptual reconstruction met-
rics since it operates directly on tokens. Also, as discrete
tokens can be applied to more generative speech process-
ing tasks like TTS and VC, it is feasible to compare the
performance of these tasks.

• Semantic/phonetic relevance: If the tokens are ex-
pected to align with texts (e.g. for semantic tokens and
semantic-distilled acoustic tokens), metrics like phone
discrminability [176], phone purity, phone-normalized
mutual information [32] can be computed.
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• Invariance and robustness: If the tokens are expected to
be invariant to perturbations, unit edit distance [38] can
be considered.

There are several existing benchmarks on discrete speech
tokens. Codec-SUPERB7 [186] evaluates both signal-level
reconstruction metrics and downstream application perfor-
mances of acoustic tokens. ESPnet-Codec [187] integrates
multiple codecs into a unified training and evaluation frame-
work (named VERSA8) and extends evaluation to some gen-
erative tasks such as TTS and SVS. DASB9 [153] performs
more downstream probing tasks, and includes generative tasks
as well as semantic tokens. STAB [188] takes a different
perspective that measures the invariance, robustness, com-
pressibility, and vocabulary utilization of speech tokens. This
emphasizes the application of discrete speech tokens in spoken
language models instead of reconstruction. Expresso [189]
introduces an expressive speech dataset and evaluates the
resynthesis quality of HuBERT and EnCodec tokens, finding
that HuBERT struggles to preserve source speech expressivity
while EnCodec performs better.

B. Existing Analyses

There are theoretical or experimental analyses of the ad-
vantages of discrete speech tokens. Nguyen et al. [190]
demonstrate by an encoder-only language model that dis-
crete semantic SSL tokens are favorable for spoken language
modeling, due to their removal of linguistically irrelevant
information. Sicherman et al. [123] support this claim by
showing a strong correlation of semantic units to phonemes but
weaker to speakers. Abdullah et al. [191] refine the correlation
between semantic SSL tokens and linguistic content to the
“sub-phonemic” level instead of high-level phonemes due
to contextual variability. Chang et al. [135] explores the
use of WavLM tokens for end-to-end ASR together with
deduplication and BPE. Although these tokens underperform
continuous SSL features, they still show competitive perfor-
mance. Similar findings are reported on contextual ASR [192],
multilingual ASR [193], end-to-end speech translation, under-
standing [165], and more LLM-based semantic related tasks
with discrete units as inputs [194].

The downside of speech tokens is also researched. Yeh
et al. [124] investigates the information completeness (how
much information is present) and accessibility (how prominent
the information is) of HuBERT tokens. It suggests that VQ
on HuBERT representations cannot achieve perfect disentan-
glement of speaker and phonetic content. EMO-Codec [195]
compares the emotion recognition performance of the recon-
structed speech from various acoustic tokens, showing that
reconstruction of these tokens still sometimes degrades the
emotion information. O’Reilly et al. [196] shows that neural
audio codecs often lack stability after multiple rounds of
encoding and decoding, i.e. not idempotent.

Therefore, the reconstruction quality of acoustic tokens and
the performance on discriminative downstream tasks of both

7https://codecsuperb.com/
8https://github.com/shinjiwlab/versa
9https://github.com/speechbrain/benchmarks/tree/main/benchmarks/DASB

acoustic and semantic tokens have been well benchmarked.
However, the reconstruction performance of semantic tokens
still requires a more thorough comparison. Hence, we adopt
a reconstruction approach to compare different types of to-
kens. Specifically, we use a timbre-controllable speech token
vocoder to resynthesize semantic tokens into waveforms and
measure the preservation of content, prosody, speaker identity,
and acoustic details, respectively. The details and results of
these experiments will be elaborated in the rest of this chapter.

C. Reconstruction Analysis

To enable a fair comparison between acoustic and semantic
tokens from a reconstruction perspective, we train a CTX-
vec2wavα vocoder [28] for different semantic tokens on Lib-
riTTS [197]. As semantic tokens usually lose much speaker
timbre information, this vocoder supplements this information
using continuous WavLM features extracted from the reference
prompts. This approach enables semantic tokens to perform
voice conversion (VC) by switching reference prompts conve-
niently. The training details follow [119]. We compute several
metrics for reconstruction ability:

• WER (word error rate, in percentage) measures the con-
tent intelligibility of reconstructed speech. It is computed
between ground truth texts and ASR-decoded transcrip-
tions. We use NeMo-ASR10 here.

• GPE (gross pitch error, in percentage) measures the
relative error percentage of pitch contours of the recon-
structed speech compared to ground truth.

• PESQ (perceptual evaluation of speech quality) and
STOI (short-time objective intelligibility) measure the
speech quality from a signal perspective.

• SECS (speaker embedding cosine similarity) computes
the cosine similarity of speaker embeddings outputted
from a speaker verification model11.

We use LibriTTS testset-B proposed in [119] as the test
set for evaluations. It contains 500 utterances from unseen
speakers that sum up to about 1 hour. We use the original
utterance to provide timbre information when necessary, i.e.
TiCodec, FACodec, LSCodec and all semantic tokens12. All
evaluation metrics are computed on 16kHz waveform for a
fair comparison, and reconstructed waveforms with higher
sampling rates are downsampled before evaluation.

We take representative works in each token category. For
conciseness, when there are multiple feasible configurations
for an acoustic token, we choose one typical configuration
that balances bitrate and performance. Note that different
variants (especially on frame rate and number of quantizers)
within the same model can lead to significant differences in
reported metrics. For SSL models like wav2vec 2.0, HuBERT

10https://huggingface.co/nvidia/stt en fastconformer transducer large
11https://github.com/resemble-ai/Resemblyzer
12Note that there is potential of information leakage in this situation. An

alternative strategy is to use a reference prompt from the same speaker
to provide timbre information for every utterance, then compute similarity
between the generated utterance and the reference. However, this is rather
“same-speaker conversion” instead of reconstruction, and the SECS values
are not comparable to ordinary acoustic tokens that don’t require additional
speaker input.

https://codecsuperb.com/
https://github.com/shinjiwlab/versa
https://github.com/speechbrain/benchmarks/tree/main/benchmarks/DASB
https://huggingface.co/nvidia/stt_en_fastconformer_transducer_large
https://github.com/resemble-ai/Resemblyzer
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TABLE III: Reconstruction and voice conversion comparisons of tokens in different categories. For all semantic tokens, we
train a specific CTX-vec2wavα as a vocoder. All vocoders are trained on LibriTTS [197], and evaluations are done on LibriTTS
testset-B [119]. “L” means a certain layer in the SSL Transformer block, and “km” means manual k-means clustering. Settings
in parentheses denote model versions.

Type Token
Model (version)

Bitrate↓
(kbps)

Reconstruction Voice Conversion

WER↓ GPE↓ PESQ↑ STOI↑ SECS↑ WER↓ SECS↑ P.Corr↑

Continuous Baselines Ground Truth Recording - 1.16 0.00 4.50 1.000 1.000 - - -
Mel + BigVGAN (100 band) - 1.18 0.88 4.30 0.995 0.997 - - -

Acoustic Token (Reconstruction Only)

EnCodec (Q = 8) 6.00 1.53 1.33 2.83 0.946 0.979 - - -
DAC (24kHz, Q = 8) 6.00 1.34 0.93 3.52 0.958 0.982 - - -
TiCodec (Q = 2) 1.50 3.31 1.51 2.00 0.898 0.905 2.62 0.642 0.886
SNAC (24kHz) 0.98 2.25 1.48 2.23 0.914 0.952 - - -
WavTokenizer (Small, F = 75Hz) 0.90 2.45 1.63 2.47 0.925 0.960 - - -
Stable-Codec (Q = 12) 0.70 4.94 1.73 2.16 0.917 0.889 - - -

Acoustic Token (Semantic Distillation)

SpeechTokenizer 4.00 1.47 1.20 2.60 0.930 0.972 - - -
X-Codec (HuBERT LibriSpeech) 4.00 1.27 1.49 2.82 0.905 0.971 - - -
Mimi 1.10 2.44 1.68 2.27 0.917 0.938 - - -
LLM-Codec 0.85 6.25 1.86 1.82 0.879 0.919 - - -
SemantiCodec (F=25Hz, V =213+215) 0.70 3.44 2.28 1.75 0.866 0.930 - - -

Acoustic Token (Disentanglement) FACodec (with detail codes) 4.80 1.37 1.02 2.91 0.954 0.971 1.57 0.773 0.583
LSCodec (F = 50Hz) 0.45 3.33 2.42 1.77 0.688 0.954 4.04 0.852 0.697

Semantic Token (SSL)

vq-wav2vec (k-means) 1.80 2.81 2.73 1.49 0.795 0.940 3.27 0.857 0.718
wav2vec 2.0 (Large, inner quantizer) 0.90 3.24 2.92 1.52 0.680 0.947 4.40 0.814 0.759
wav2vec 2.0 (Large, L14+km2048) 0.55 2.51 9.57 1.20 0.630 0.933 2.81 0.880 0.492
HuBERT (Large, L24+km2048) 0.55 1.86 15.65 1.17 0.625 0.934 1.97 0.876 0.375
WavLM (Large, L24+km2048) 0.55 1.67 17.94 1.16 0.621 0.934 1.92 0.872 0.374

Semantic Token (SSL+Perturb Invariance) ContentVec (L12+km2048) 0.55 2.09 18.88 1.15 0.613 0.921 2.21 0.869 0.348

Semantic Token (Supervised) S3 Tokenizer (F = 50Hz) 0.60 2.12 4.25 1.37 0.673 0.944 2.52 0.868 0.687

and WavLM, we take the official “Large” model variant. For
wav2vec 2.0, we experiment with both its inner quantizer
before the Transformer blocks and k-means clustering results
on a specific Transformer layer.

The results are shown in Table III. It is evident that
acoustic tokens designed only for reconstruction can achieve
decent speech quality, but still far from perfect compared
to traditional spectrogram-based vocoders because of higher
compression rates. Retaining good speech intelligibility (i.e.
low WER) becomes particularly challenging when the frame
rate is low. Acoustic tokens with semantic distillation can also
achieve strong reconstruction quality. Explicitly disentangled
acoustic tokens may sacrifice some reconstruction performance
metrics when the bitrate is extremely low (e.g. LSCodec).
Semantic tokens generally struggle to achieve the same level
of acoustic reconstruction as acoustic tokens, as evidenced by
lower GPE, PESQ, and STOI scores. Notably, most semantic
tokens included exhibit significant information loss in prosody
as reflected by their GPE scores. However, their WER scores
remain comparable to acoustic tokens, despite having much
lower bitrates. This highlights the property that semantic
tokens primarily retain content-related information rather than
acoustic details.

D. Voice Conversion Analysis
Despite the loss of acoustic information, a prominent ad-

vantage of semantic tokens over most acoustic tokens is their
inherent timbre controllability. Some acoustic tokens also have
this ability, such as those with a global encoder like TiCodec
and disentangled acoustic tokens, also possess this ability
To compare this ability across different tokens, we conduct
voice conversion (VC) experiments using these tokens as the
content from the source speech. We use the same source
utterances in Section V-C, but assign a different target speaker

for each source utterance as the prompt. Then, we perform
VC experiments on the 500 VC pairs. In addition to WER
and SECS, we also measure P.Corr as an objective metric for
prosody preservation. This calculates the Pearson correlation
coefficient between the pitch contours of the converted and
source utterances. Note that this metric will be meaninglessly
high if the VC similarity is low, i.e., when the source timbre
is barely changed. As the source utterances are the same as
Section V-C, the WER numbers are directly comparable to
those in the reconstruction experiments.

The results presented in Table III indicate that semantic
tokens often achieve much higher VC similarity compared
to acoustic tokens. However, due to the substantial loss of
prosody information, semantic tokens tend to have lower
P.Corr scores than acoustic tokens. Among the acoustic to-
kens capable of performing VC, explicit disentanglement
methods, such as FACodec and LSCodec, outperform the
implicit criterion employed in TiCodec. It is also noteworthy
that different tokenization settings in wav2vec 2.0 lead to
drastically different outcomes. Tokens generated from its inner
quantizer preserve prosody well but also retain much speaker
information, whereas clusters derived from its Transformer
hidden embeddings exhibit the opposite characteristics.

Supervised semantic tokens from S3 Tokenizer also exhibit
good intelligibility and VC ability. Unlike HuBERT-style SSL
models, this supervised tokenizer demonstrates better preser-
vation of prosody both in reconstruction and VC settings.
Given that prosody and intonation are a crucial factors for
ASR, it is reasonable to assume that the tokenizer’s VQ
module encodes some prosody information. In contrast, while
HuBERT-style SSL models do contain rich prosody informa-
tion in their continuous features (e.g., as evidenced by good
emotion recognition results [117]), phonetic information is
likely the primary component. Therefore, offline clustering is
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prone to discard these prosody characteristics.

VI. DISCRETE SPEECH TOKEN-BASED APPLICATION
PARADIGMS

A. Spoken Language Understanding

1) Motivation: Spoken language understanding (SLU)
tasks, including automatic speech recognition (ASR), speech
translation, slot filling, intent classification (IC), emotion
recognition (ER) and others, aim to extract meaningful
domain-specific information from speech. Most of these tasks
follow a speech-in text-out framework, except S2ST which
also involves speech generation. The adoption of discrete
tokens in SLU offers some benefits. Discrete tokens may
naturally exhibit a certain degree of robustness against noise,
which can enhance the reliability of the system. Also, since
semantic tokens often remove much speaker information,
they enable downstream models to focus more effectively on
content-related information, particularly on speaker-irrelevant
tasks. On a broader scale, discrete tokens provide a promising
approach to jointly learning speech understanding and gener-
ation in spoken language models.

As an alternative input to an SLU model instead of continu-
ous features, discrete speech tokens are typically deduplicated
or BPE-encoded, before feeding to the subsequent modules.
Semantic tokens have been better explored than acoustic ones
in this context.

2) Speech Translation: Among the various SLU tasks,
discrete speech tokens are mostly adopted in speech transla-
tion. Speech translation involves two primary tasks: speech-
to-text translation (S2TT) and speech-to-speech translation
(S2ST). Since semantic tokens are shown to correlate well
with phonetics, they can serve as a universal pseudo-label for
untranscribed languages. As a result, in low-resource settings,
leveraging discrete tokens has demonstrated significant poten-
tial for improving S2TT performance [198].

Direct S2ST using discrete tokens has garnered more atten-
tion on the generation side, which will also be explained in
Section VI-B. Early approaches primarily rely on extracting
discrete tokens using VQ-VAE models, particularly for speech
translation involving unwritten languages [199], [200]. With
the growing adoption of SSL models, research in this area
has expanded to include semantic tokens [201], [202]. Sub-
sequent studies have focused on enhancing translation quality
and efficiency through various methods, such as introducing
two-pass architectures [203], [204], employing acoustic to-
kens [205]–[207], and developing non-autoregressive (NAR)
frameworks [208]. These efforts collectively contribute to
advancing the performance and applicability of discrete-token-
based speech translation systems.

3) Unified Speech Understanding: Since the SpeechPrompt
series of work [209]–[211] first explored the SLU capabilities
of the spoken language modeling framework through prompt
tuning, discrete tokens have been explored for constructing
spoken language models with SLU functionality. These models
leverage discrete tokens to improve efficiency and adaptability
across various tasks. AudioPaLM [212] extends the PaLM
architecture [213] by incorporating audio embeddings and

jointly modeling text and audio tokens, demonstrating abilities
in ASR and S2TT by leveraging a shared vocabulary for both
modalities. VioLA [7] adapts the VALL-E [6] framework by
interleaving speech and text tokens and employing autore-
gressive modeling across both modalities. This design enables
VioLA to handle various SLU tasks, including ASR, S2TT,
and S2ST LauraGPT [214] also shows notable capabilities
in generative tasks besides understanding, such as TTS and
speech enhancement. These efforts highlight the potential of
discrete tokens in enhancing the performance and versatility
of universal SLU models.

4) Limitations: Despite the advantages of reduced transmis-
sion cost and growing popularity in S2ST tasks, discrete tokens
still underperform in many SLU tasks. Lots of studies on
discrete token-based SLU models [165], [192], [193], [215],
[216] only verify that discrete tokens can surpass continuous
mel-spectrogram features in certain tasks such as ASR. Other
continuous features, particularly SSL features, continue to
provide superior performance especially when integrated with
language models [194]. The majority of current LLM-based
SLU models rely predominantly on continuous inputs, such
as Whisper features [217]–[222]. Moreover, the performance
of discrete tokens in speaker-related tasks is generally inferior
to that of continuous features by a large margin [153], [215].
Compared to continuous features, a significant limitation of
discrete tokens for SLU is the inevitable information loss
during the quantization process. Although acoustic tokens with
sufficient decompression ability will mitigate such loss, they
may also hinder the accessibility of semantic information
which is crucial for SLU. Therefore, the full potential of
leveraging discrete tokens for SLU remains largely untapped
and warrants further exploration.

B. Speech Generation

1) Motivation: Discrete tokens have catalyzed a paradigm
shift in speech generation, with TTS being the most represen-
tative application. In TTS systems, discrete tokens are usually
used as intermediate features that bridge the acoustic model
(text-to-token) and the vocoder or codec decoder (token-to-
wav). The utilization of discrete speech tokens has driven
the evolution of TTS models towards high-fidelity, zero-shot
and controllable synthesis. There are two major advantages of
applying discrete tokens in TTS:

• Easier training objectives. Discrete tokens replace the
original spectrogram-based regression task with a clas-
sification task [136]. As the discrete tokens take values
from a finite set, predicting them is easier for acoustic
models than continuous features which can be infinitely
precise. In traditional TTS paradigms [223], [224], the
vocoder takes a relatively easy task to convert frequency-
domain features into waveforms, while the acoustic model
transforms text into a largely different domain. Discrete
tokens help to better balance the modeling burden be-
tween the two processes, thus makes the prediction task
of the acoustic model more manageable.

• Better use of decoder-only language models. Decoder-
only language models have shown remarkable success in



18

natural language generation. After discretization, speech
can also be autoregressively generated under the same
paradigm. This offers huge potential in leveraging the
in-context learning capabilities of language models to
achieve zero-shot controllable TTS [6]. Moreover, such
TTS models can achieve considerable performance im-
provements after scaling the data and model size, leading
to high-fidelity synthesis [112], [185].

Other generative tasks, such as singing voice synthesis and
speech editing, can similarly benefit from the advantages of
discrete tokens observed in TTS. For voice conversion (VC),
using discrete tokens as content representations can simplify
the process to a token vocoder [183],when timbre information
is effectively removed from the tokens. Tasks like speech to
speech translation [200], [201], speech enhancement [225],
[226] and target speaker extraction [227] can also be enhanced
through language modeling on discrete tokens.

2) Autoregressive TTS: Autoregressively predicting the
next VQ index of discrete speech tokens is first proposed in
VQTTS [136], which is modeled by an LSTM conditioned on
duration-upsampled phone representations and previous token
outputs. A discrete token vocoder trained on a single-speaker
corpus converts the tokens to waveforms with the assistance
of handcrafted prosody features. This system uses vq-wav2vec
tokens. VQTTS achieves state-of-the-art TTS quality at that
time, and shows promising performance in speaker-adaptive
TTS [180]–[182], expressive TTS [228] and TTS with low-
bitrate tokens [229].

Subsequently, decoder-only TTS models using neural au-
dio codecs have made tremendous success in zero-shot TTS
starting from VALL-E [6]. VALL-E contains an autoregressive
(AR) model and non-autoregressive (NAR) model. The AR
model performs next-token prediction on the sequence of text
and the first RVQ layer from EnCodec. The NAR model
receives the text, all EnCodec codes from the speaker reference
and the previous k EnCodec RVQ levels to predict the codes at
k+ 1-th level together. VALL-E operates under a concise de-
sign where the text and speaker reference are both considered
“prompts” of a language model. It achieves remarkable zero-
shot TTS performance when trained on 60k hours of speech.
Later, methods have been proposed to improve generation
robustness [230]–[235], efficiency [236], style control [237]–
[239], and to incorporate LLMs [240], [241].

Besides using an NAR model to predict the rest RVQ
layers, alternate modeling strategies have been proposed.
UniAudio [242] uses hierarachical Transformers to autore-
gressively predict fine-grained RVQ codes in each frame.
Token interleaving patterns [243], [244] can further simplify
the model architecture to only one AR Transformer with
multiple prediction heads. Semantic tokens are also introduced
to cooperate with acoustic codecs [14], [137], [241], which
might decrease the modeling difficulty since they bridge the
gap between texts and acoustics and usually require only a
single token stream. Such simplification can provide better
streaming ability by speech-text interleaving [245]. Numerous
industry-level large-scale TTS systems have been produced
in this autoregressive TTS paradigm, such as XTTS [246],

BASE-TTS [112], Seed-TTS [185], CosyVoice [40], [162],
Fish-Speech [247], etc.

3) Non-Autoregressive TTS: While autoregressive modeling
is the current mainstream of TTS with discrete tokens, non-
autoregressive models also exist. A convenient way is to treat
the code-vectors of discrete tokens as continuous features and
use the well-established regression objective to model these
vectors. An example is NaturalSpeech 2 [248] which uses
diffusion model to generate the sum of SoundStream code-
vectors per frame, with duration-upsampled phone representa-
tions as conditions. As tokens are inherently discrete, discrete
diffusion models [249] are also applied. UniCATS [119] and
NaturalSpeech 3 [27] use discrete diffusion to model semantic
and disentangled acoustic tokens respectively. Similarly, the
masked prediction of tokens proposed by MaskGIT [51] is also
incorporated into TTS [143], [250]. These non-autoregressive
methods are naturally more robust than autoregressive methods
in inference, and also supports speech editing.

4) Unified Speech Generation: The language modeling
approach of discrete tokens allows a unified generation frame-
work for multiple tasks. It suffices to use a task identifier
to condition the unified language model. VALL-E X [251]
uses VALL-E to combine cross-lingual TTS and speech-to-
speech translation. Make-A-Voice [252] uses a hierarchical
Transformer architecture, and supports TTS, VC and SVS
and singing VC. SpeechX [253] includes more tasks such
as speech editing and noise suppression with an AR+NAR
codec language model like VALL-E. UniAudio [242] designs a
hierarchical Transformer to form a single-stage autoregressive
generation process of acoustic tokens only. UniAudio supports
11 speech and audio generation tasks within a single model. It
achieves comparable or even better performance than special-
purpose in most tasks, demonstrating the potential of a large-
scale foundation model.

5) Limitations: In addition to discrete tokens, another
rapidly emerging framework for speech generation is diffusion
or flow matching-based models. Notable examples include
VoiceBox [254], HierSpeech++ [255], E1-TTS [256] and
F5-TTS [257]. These models typically generate continuous
features in a non-autoregressive way, and some even eliminate
the need for forced alignments. Owing to the strong capability
of diffusion and flow matching algorithms, they also have
remarkable generation quality, diversity and controllability.
Compared to this paradigm, autoregressive discrete token-
based speech generation models usually fall short in terms of
generation robustness and, in many cases, efficiency. Addition-
ally, diffusion-based autoregressive speech generation using
continuous features is an emerging area of interest [258]–
[261]. These approaches with continuous features have a
higher upper bound for speech quality and intelligibility, as
they inherently avoid quantization errors. Therefore, there is
an ongoing debate between discrete and continuous represen-
tations for speech generation.

C. Text-Free Spoken Language Models

1) Motivation: End-to-end speech generation is one of the
most critical goals in the field of speech. Discrete tokens are a
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core component of existing spoken language models, as they
enable the language modeling technique to be applied directly
on speech. The models discussed in this subsection are text-
free spoken language models (TF-SLMs). We anticipate that
a well-trained TF-SLM will be capable of autoregressively
generating semantically coherent speech without the need for
text transcription guidance.

2) Existing Efforts: Ever since GSLM [4] and AudioLM [5]
proposed the vision of TF-SLMs, building such models re-
mains a significant challenge as of today. This difficulty
primarily arises from the lower language modeling efficiency
of speech token sequences compared to text, due to their
lower semantic information density, longer sequence lengths,
and the presence of paralinguistic information [262]. Current
advancements in TF-SLMs mainly focus on two strategies: (1)
reducing token frame rates and (2) aligning speech with text.

The first approach aims to shorten speech sequences and
enhance semantic density by lowering frame rates to 25Hz [4],
[138], 20Hz [168] or even ≈5Hz [44], [177]. While mitigating
sequence length issues to different degrees, they still encounter
scalability limitations [263] and compromise reconstruction
quality. The second strategy involves aligning speech with
text through methods like initializing pre-training with text
LLMs [138], reinforcement learning using ASR and text LLM
feedback [264], text-speech token interleaving [265], adopting
novel architectures applied in text language modeling [266],
etc [267], [268]. However, despite incorporating text-related
supervisory signals or training techniques during training,
these models still struggle to generate semantically reliable
long speech during inference due to the lack of explicit
transcription guidance. Meanwhile, full duplex modeling has
been proposed [269] to enable users to interrupt the generation
process and start new dialogue turns at will.

3) Limitations: Although these methods show promise,
achieving semantic coherence is still a challenging goal,
leaving significant progress to be made toward the goal of truly
end-to-end speech generation. Improving the semantic density
and expressiveness of discrete speech representations, making
it easier to align text and speech during TF-SLM training, is
a promising direction for future exploration.

D. Text-Guided Spoken Language Models

1) Motivation: Since TF-SLM remains an open problem,
the prevalent successful speech dialogue systems settle for an
alternative choice that uses text as explicit guidance. Recent re-
searches, especially following work like OpenAI’s GPT-4o13,
have focused on spoken language models that combine three
key capabilities: strong understanding of speech semantics,
high-quality speech output, and low latency [10], [163], [164],
[270]–[282]. We refer to them as text-guided spoken language
models (TG-SLMs). Unlike TF-SLMs, while TG-SLMs utilize
a unified LLM for seamless processing of user’s speech input
and system’s speech output, they internally decompose the
end-to-end speech dialogue process into two well-established
sub-procedures: spoken language understanding powered by
LLMs (SLU), and real-time speech generation (TTS). The

13https://openai.com/index/hello-gpt-4o/

two sub-procedures are connected via text as an intermediary
to stabilize the semantic coherency of the final output. The
LLM first generates a textual response to the audio input, then
synthesizes the speech token sequence of the generated text
in a streaming fashion. In a TG-SLM, the SLU sub-procedure
usually uses continuous speech features as input since they
preserve more acoustic details that facilitate understanding,
while the TTS sub-procedure typically uses discrete speech
tokens as output to better fit the nature of LLM autoregressive
generation.

2) Speech Generation in TG-SLMs: To reduce modeling
complexity and better align with the autoregressive generation
paradigm of LLMs, TG-SLMs favor single-layer discrete
speech tokens as direct LLM outputs. SpeechGPT-Gen [270]
applies a chain-of-modality approach, which utilizes the tokens
of the first RVQ layer of SpeechTokenizer [9] as the output of
LLM (i.e., TTS sub-procedure output), and uses a separate
flow matching model to infer the rest RVQ layers after
finishing generating the first RVQ layer. GLM-4-Voice [163]
uses 12.5Hz supervised semantic tokens as both the speech
input and speech output of the LLM. To lower latency and
preserve the intelligence of the LLM, it employs an interleav-
ing manner to generate text and corresponding speech token
sequences in turn. VITA-1.5 [280] leverages TiCodec [21] as
the output tokens and employs a two-stage decoding process:
a non-autoregressive decoder for initial semantic processing,
followed by an autoregressive decoder for refined speech token
generation. OpenOmni [281] deploys the S3 Tokenizer [40] as
output and adds a streaming speech decoder to simultaneously
generate text and speech responses.

To better rebuild the speech information with the help
of pretrained LLMs, several TG-SLM works use multi-layer
speech tokens as LLM output. Moshi [10] uses its own Mimi
codec with 8 RVQ layers. The text response and Mimi’s
first RVQ layer (semantic layer) are generated in parallel
through separate output heads. After a brief delay, the remain-
ing layers (acoustic layers) begin parallel generation. Mini-
Onmi [272] and Mini-Omni2 [273] utilize multi-layer multi-
resolution codec SNAC [22] as the speech output. Different
from Moshi, they decode text tokens and each layer of speech
tokens in different output heads in parallel to reduce latency.
They further employ a parallel decoding strategy similar to
MusicGen [243] for fast and high-quality multi-layer speech
token generation.

Mainstream TG-SLMs which use discrete tokens as LLM
outputs need an additional decoder (whether the decoder of the
employed codec [10], [270], [272], [273], [280] or a separately
trained one [163], [164], [277], [281], [282]) to synthesize con-
tinuous speech signals. Recently, SALMONN-Omni [274] and
MinMo [282] propose to streamingly synthesize speech signals
directly based on the LLM hidden embedding, eliminating the
need for discrete tokens, additional decoders, or even explicit
text tokens, hence further improving the real-time ability.

3) Limitations: Overall, TG-SLMs’ task decomposition is
effective and flexible. The SLU sub-procedure can handle
both continuous and discrete representations, and single-layer
discrete tokens simplify the training and inference of the
TTS sub-procedure. However, unlike TF-SLMs, TG-SLMs
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rely heavily on text as an intermediary in the TTS sub-
procedure, which may overlook paralinguistic information
such as emotion, prosody, and environmental context from the
previous input, resulting in less coherent and natural response.
Additionally, the lack of high-quality annotated conversational
data and concerns over security pose significant challenges for
the future development of TG-SLMs.

VII. CHALLENGES AND FUTURE DIRECTIONS

As highlighted in the preceding sections of this review,
discrete speech tokens have emerged as a thriving and central
research direction in the era of speech LLMs. However, the
current types of discrete speech tokens still exhibit certain
limitations and challenges that need to be addressed. In this
section, we summarize the existing challenges in this field and
outline the corresponding future directions.

1) Low-Bitrate Tokens: Not only is reducing the bitrate de-
sirable for compression and transmission, but it also eases the
downstream modeling burden. For bitrates, factors Q (number
of quantizers) and F (frame rate) play a more important role
than V (vocabulary size). For Q, there have been efforts to
construct single-codebook acoustic tokens [19], [71], [76], [77]
and lower the bitrate to ≤ 0.3kbps [17], [28], [71]. Using
only a single codebook is very beneficial for downstream
models since speech can be truly regarded as another “natural
language” then. However, there is usually a noticeable degra-
dation in reconstruction performance in these tokens. A critical
problem lies in how to better utilize the highly-compact dis-
crete VQ representation space. For F , the frame rates of most
tokens are still much greater than text sequences, even if some
attempt to lower the frame rate down to ≤ 12.5Hz [10], [161].
As pointed out in [262], the difference in sequence lengths
between phoneme and speech tokens significantly influences
the syntactic and semantic modeling capabilities of language
models trained on these two modalities. It is thus important to
further shorten the sequence length of speech tokens. However,
reducing the frame rate of tokens may also lead to decreased
intelligibility in reconstructed speech, a challenge that needs
to be better addressed. As for the vocabulary size V , it will
not significantly impact the bitrate or downstream modeling
generally, provided that it is not excessively large.

For acoustic tokens, it remains an open problem what the
lower bound of bitrate and the frame rate F are, and how to
reach them. More powerful network architectures or advanced
VQ schemes should be helpful, and reducing the temporal
redundancy by disentangling global information is also a
possible solution.

2) Streaming Ability and Efficiency: Real-time applications
require tokens to be streamable. Streaming ability means
encoding or decoding tokens in real time, or with minimal
latency, once sufficient data is received. This requirement
means the token encoder and decoder must generate outputs
using only prior inputs or within a fixed chunk size. For most
acoustic tokens using CNN blocks, achieving this is easy due
to their fixed receptive field. For acoustic tokens with Trans-
former blocks, an attention mask is essential. However, most
SSL models employ a non-causal Transformer architecture,

which renders most semantic tokens derived from these models
unsuitable for real-time tokenization. Given that these tokens
are frequently designed as targets for language models, the
token vocoder for them should also support streaming [162].
It remains unclear how much performance degradation would
result from transitioning to non-causal architectures in both
SSL models and token vocoders.

Streaming ability also poses a requirement for model effi-
ciency. Currently, larger acoustic token models are reported to
achieve better performance with lower bitrates [77], [80], but
at a cost of efficiency. In addition to reducing the bitrate of
the tokenized codes, the efficiency of tokenizers must also be
balanced for real-time applications.

3) Disentanglement in Acoustic Tokens: Whether disentan-
glement should be incorporated into acoustic tokens depends
on the specific application. If reconstruction is the major objec-
tive, disentangling speaker or prosody information from acous-
tic tokens may not be necessary. However, disentanglement
can help reduce the bitrate in time-varying tokens and ensure
anonymity during transmission, which is particularly important
when privacy is a concern. For downstream modeling tasks,
factorizing the information encoded into tokens is desirable
for reducing modeling complexity and achieving independent
control of different voice properties in generative tasks. There
are currently only limited efforts on decoupled acoustic to-
kens, and the decoupling effect is still suboptimal, e.g. VC
performance is lower than state-of-the-art VC models, or a
negative impact on reconstruction quality is witnessed [28].
Future work should consider more advanced techniques for
information decoupling.

4) Variable Frame Rate Tokens: Current speech tokens are
usually designed at a fixed temporal rate, while the underlying
linguistic units in speech are highly variable-rate. This can
be an important insight, as discrete tokens will have a better
alignment and relation with texts then. This offers the potential
of further reducing the bitrate, and more importantly, helping
downstream tasks utilize the inductive bias in tokens that
more resembles units in a natural language. So far, only
semantic tokens have explored varying temporal rates, but
with a complicated algorithm or iterative training process [44],
[177]. More efforts need to be taken on whether it is possible
for acoustic tokens to vary the frame rate, and what benefit in
practice will these variable frame rate tokens bring.

5) Combining Acoustic and Semantic Tokens: It is widely
acknowledged, and also shown in this review, that acoustic
tokens emphasize preserving the acoustic details of speech,
whereas semantic tokens often discard them. A natural ques-
tion arises: Does there exist a representation space that is both
acoustic and semantic? In other words, can a representation
space contain rich speech understanding capabilities while
also reconstructing acoustic details at a decent level? It has
been proven that incorporating semantic information from SSL
models enhances the reconstruction and downstream modeling
performance of acoustic tokens [9], [17], [25]. This approach
shows promise and should be further optimized to achieve
lower bitrates and even a single codebook.
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6) Paralinguistics in Semantic Tokens: Although speaker
information is generally considered irrelevant for semantic
content, prosody serves as a crucial component of paralinguis-
tic information. Semantic tokens derived through simple clus-
tering methods are likely to discard both speaker information
and prosody, which can be detrimental to downstream models’
ability to perceive and generate rich emotions, tones, singing
voices, and non-verbal vocalizations that convey semantic
meaning. This problem can be partially mitigated by certain
quantization approaches that encode more information from
SSL features [140]–[142]. However, these methods typically
require more codebooks and a higher bitrate. Supervised
tokenization could also be considered for directly guiding
tokens toward paralinguistic information. However, current
supervised tokenization methods rely solely on ASR, which
is insufficient for preserving prosody.

7) Noise Preservation vs. Noise Robustness: Similar to
disentanglement in acoustic tokens, the inclusion or exclusion
of background noise and channel effects in the tokens also
depends on the specific application. Most acoustic tokens are
designed to capture noise, but their performance across various
types of noise and channel effects remains unclear. This issue
extends beyond speech and relates to the broader scope of
neural audio codecs. On the other hand, denoising [61] is also
an interesting application of acoustic tokens that leverages the
limited VQ space. If noise is considered undesirable in tokens,
such as semantic tokens, then the robustness against various
types of signal perturbations needs to be investigated.

8) Timbre Control in Token Vocoders: For speaker-
decoupled acoustic tokens and semantic tokens, the token
vocoder should be responsible for controlling speaker timbre.
Currently, both end-to-end GAN-based token-to-wav mod-
els [183] and flow matching-based token-to-mel models [40]
have demonstrated strong timbre control capabilities. It re-
mains an open question whether the upper bound of the former
method can be improved by training on large-scale datasets,
as is done with the latter. Also, the timbre controllability of
in-the-wild reference prompts with various acoustic conditions
should be further investigated.

9) Adaptivity: The application scenarios of discrete speech
tokens are diverse, ranging from transmission and compression
to various speech processing tasks and speech LLMs. It is
challenging to develop a single speech tokenizer that can
meet all the distinct requirements of these diverse scenarios.
However, adaptivity remains a desirable property, where the
tokenizer is expected to adapt to different scenarios given
a task prompt or a few examples of data. For example, an
adaptive tokenizer is allowed to underperform on speech with
unseen accents, languages, or acoustic backgrounds, but it
should have the capability to quickly adapt to these new
scenarios. Another example is that an acoustic tokenizer can
determine whether to preserve or remove speaker timbre, or
adjust the temporal rate and granularity, based on an external
control signal. If such tokens exist and the aforementioned
challenges are well addressed, then we may be close to
achieving a universal speech tokenizer.

VIII. CONCLUSION

Recently, discrete speech tokens have emerged as a rapidly
evolving field and a core research direction in the speech LLM
era. These tokens encode acoustic or semantic information
into a compact discrete representation space, catalyzing the
fusion of LLMs and speech processing, particularly speech
generation and spoken language modeling. Existing discrete
speech tokens show rich diversity in model architecture and
optimization objectives. In this review, we provide a compre-
hensive introduction to representative categories of discrete
speech tokens, summarizing their motivations and limitations.
We conduct a unified analysis of reconstruction and voice
conversion across different token types to highlight their
unique characteristics. We also review efforts to apply discrete
tokens to speech processing tasks, including spoken language
understanding, speech generation, and spoken language mod-
eling. Finally, we explore future directions for discrete speech
tokenization methods. Despite significant progress, substantial
development remains ahead. We hope this review lays a solid
foundation for future research in speech technology.
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