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Abstract—Neural speech codecs have achieved strong perfor-
mance in low-bitrate compression, but residual vector quan-
tization (RVQ) often suffers from unstable training and inef-
fective decomposition, limiting reconstruction quality and ef-
ficiency. We propose PURE Codec (Progressive Unfolding of
Residual Entropy), a novel framework that guides multi-stage
quantization using a pre-trained speech enhancement model.
The first quantization stage reconstructs low-entropy, denoised
speech embeddings, while subsequent stages encode residual
high-entropy components. This design improves training stability
significantly. Experiments demonstrate that PURE consistently
outperforms conventional RVQ-based codecs in reconstruction
and downstream speech language model-based text-to-speech,
particularly under noisy training conditions.

Index Terms—Neural Speech Codec, Residual Vector Quanti-
zation, Speech Enhancement, Entropy Decomposition

I. INTRODUCTION

Efficient and high-quality speech coding is critical for a
broad range of applications, from real-time communication
and mobile telephony to on-device assistants and speech-
driven generative models [1]–[3]. Classical codecs like AMR
and Opus [4]–[6] rely on hand-engineered features and struc-
tured pipelines tailored to speech properties. In contrast, neural
speech codecs have emerged as a promising alternative, offer-
ing end-to-end learnability, strong rate-distortion performance,
and adaptability across conditions [7]–[9].

More recently, neural codecs have also played a founda-
tional role in speech language modeling and generative audio
synthesis. By producing compact, discrete, and perceptually
aligned representations of audio, they support efficient training
of large-scale multimodal and multilingual models for speech
understanding and generation [10]–[12]. As such, codec design
has become an integral component in the broader landscape
of speech and audio foundation models.

Neural codecs typically adopt either single-stream or multi-
stream structures. Single-stream approaches compress all
speech information into a unified latent space [13]–[22], offer-
ing simplicity but limited flexibility under varying audio con-
ditions. In contrast, multi-stream codecs, often implemented
using residual vector quantization (RVQ), employ hierarchical
quantization layers to represent different components of the
signal [7], [23]–[38]. These methods excel in challenging
scenarios such as noisy environments, expressive speech, and
low-bitrate settings.

RVQ enables a progressive encoding of residual errors,
with each quantization stage refining the approximation left
by previous stages [39]. Recent works have proposed various

improvements to RVQ [28], [31], [37], yet core challenges
remain: Training instability: Late-stage quantizers often fail
to learn meaningful representations due to poor residual de-
composition. Redundancy: Without strong inductive guidance,
codebooks may encode overlapping information, undermining
compression efficiency.

To overcome these challenges, we propose PURE Codec,
a new codec architecture that introduces enhancement-aware
supervision into the RVQ pipeline. By leveraging a pre-
trained denoising model, the first quantization stage is trained
to reconstruct clean, low-entropy representations of speech.
Subsequent layers are then progressively tasked with encoding
residual entropy.1 This design improves decomposition quality
and stabilizes training.2

The key contributions of this work are: (1) A novel RVQ-
based codec guided by a speech enhancement model to anchor
low-entropy reconstruction in the early quantization stage.
(2) A progressive entropy decomposition scheme that yields
efficient representations across varying bitrate regimes. The
training is stabilized by combining a variational auto-encoder
(VAE) initialization and a stochastic enhancement scheduler
to balance structure and diversity during optimization. (3)
Empirical evidence demonstrating superior performance in
terms of reconstruction fidelity, robustness, and flexibility
compared to existing neural codecs.

II. BACKGROUND

A. Quantization and Residual Vector Quantization

Neural speech codecs aim to convert continuous acoustic
signals into compact, discrete representations for efficient
transmission and storage. A typical codec architecture com-
prises an encoder Enc(·), a quantizer Quant(·), and a decoder
Dec(·). Given an input waveform S ∈ R1×TS with the speech
length as TS , the encoder produces a sequence of frame-level
embeddings Q = Enc(S) ∈ RD×T , where D is the feature
dimension and T is the number of frames.

To discretize these embeddings, many neural codecs employ
RVQ as the quantizer, which encodes the signal progressively
through a sequence of quantization stages. Specifically, RVQ
uses L codebooks {B1, . . . ,BL}, each containing B vectors

1While enhancement supervision is applied only to the first stage, the
residual vector quantization process itself unfolds progressively across the
RVQ. The enhanced signal serves to anchor this unfolding in a structured and
perceptually informed manner.

2The codebase is shared at https://github.com/ftshijt/espnet/tree/se dac and
model checkpoints are released at https://huggingface.co/collections/espnet/neural-
codecs-67cb8c96859c53a6131a85ec.
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in RD. Here, the frame-level embedding sequence Q can be
elaborated into a sequence of embedding states [q1, . . . , qT ].
At each frame t, quantization begins with the raw embedding
r0t = qt and iteratively selects the nearest codeword embed-
ding from each codebook to reduce the residual error:

clt = argmin
j

∥rl−1
t − blj∥22 ∈ {1, ..., B}, (1)

q̂
(l)
t = blclt

, (2)

rlt = rl−1
t − blclt

, (3)

where clt is the selected index at the stream l and bl
clt

is the
corresponding codeword embedding. The quantized embed-
ding q̂t for frame t is the sum of selected vectors across all
streams:

q̂t =

L∑
l=1

q̂
(l)
t =

L∑
l=1

blclt
. (4)

The decoder reconstructs the waveform from the sequence
Q̂ = [q̂1, . . . , q̂T ] via Ŝ = Dec(Q̂). The whole quantization
process can be defined as(

Q̂, {clt}
T, L
t=1, l=1

)
= Quant(Q), (5)

B. Extensions and Challenges of RVQ in Neural Codecs

While RVQ offers a natural multi-stage structure for neural
quantization, its performance in practice is often limited by
training instability and poor decomposition of information
across layers. Recent studies have proposed various exten-
sions to enhance RVQ, such as cross-scale RVQ [28], group
RVQ [31], and multi-scale RVQ [37]. These methods aim to
improve both the representational capacity and optimization
behavior of RVQ-based codecs.

While these approaches have led to improvements in ex-
pressivity and bitrate flexibility, they often rely on architectural
modifications or complex training heuristics without explicitly
aligning quantization stages with the underlying entropy struc-
ture of the speech signal. As a result, stage-level redundancy
and training instability remain open challenges, especially
in low-bitrate or noisy training conditions. These challenges
motivate a reformulation of RVQ that directly guides the
decomposition process using signal structure cues, a gap we
address in our proposed PURE Codec framework.

C. Motivation for Enhancement-Guided Quantization

To address these limitations, we propose a reformulation
of residual vector quantization (RVQ) that explicitly aligns
the quantization stages with the natural information structure
of speech. Our key insight is that enhanced (denoised) speech
signals, produced by high-quality speech enhancement models,
exhibit lower entropy than their original noisy counterparts.3

These enhanced signals effectively suppress stochastic noise
and background interference while preserving the underlying

3In our hypothesis, the clean signal is more informative compared to the
noisy signal and can be regarded as lower entropy, which is further confirmed
in the following perceptual entropy analysis.
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Fig. 1. PURE Codec framework. The input waveform S is optionally
enhanced to produce Senh, guiding the first quantization stage via low-entropy
embeddings. The encoder output is refined through multiple quantization
streams and decoded to reconstruct Ŝ. L1 losses and adversarial losses from
discriminators supervise training. Refer to Sec. III for details.

phonetic and prosodic structure, resulting in more regular, less
variable, and inherently more compressible representations.

By guiding the first quantization stage to reconstruct these
low-entropy embeddings, we encourage the early codebooks
to focus on structured, perceptually salient components of the
signal. This design allows subsequent stages to naturally refine
the residual, higher-entropy content. The resulting quantization
hierarchy progressively unfolds the residual entropy of speech,
stabilizing training, reducing redundancy, and yielding a more
modular codec architecture.

This design principle is further supported by our analysis of
perceptual entropy (PE), a psychoacoustic measure estimating
the theoretical lower bound of perceptual coding rate [4],
[40], [41]. Using 5,000 randomly sampled utterances from the
URGENT Challenge training set [42], we compute PE for both
noisy and enhanced speech.4 Results show that enhancement
reduces PE by 57.80% on average, confirming that enhanced
speech is substantially more compressible from a perceptual
standpoint. This observation underscores the utility of using
enhancement-guided targets in the quantization process.

This principle forms the foundation of our proposed frame-
work, PURE Codec, which integrates enhancement-aware
supervision into RVQ and decomposes speech entropy in a
structured, progressive manner. In the following section, we
detail the architecture and training methodology of PURE
Codec, and demonstrate how this design enables efficient,
scalable, and robust speech compression.

III. PURE CODEC

A. General Framework

PURE Codec is a multi-stage, vector-quantized neural
speech codec that introduces a residual decomposition aligned
with the entropy profile of the input signal. Building on the
RVQ framework, PURE incorporates a novel enhancement-
guided hierarchy, where early stages (Stream 1) encode en-

4We use the implementation of [41] for PE calculation.



hanced (low-entropy) content, and later stages (up to Stream
L) progressively capture noisier (higher-entropy) residuals.

As illustrated in Figure 1, the codec follows the basic design
of the RVQ-based codec discussed in Sec. II. In parallel with
the basic encoder-decoder design, an optional enhancement
module processes S to produce a denoised waveform Senh =
Enh(S), which is then encoded to produce an enhanced
embedding Q̃ = Enc(Senh). This enhanced embedding serves
as a low-entropy anchor for supervising the first quantization
stream. Each stream in the quantizer sequentially refines the
approximation of Q using residual codebook lookups. The
first stream is explicitly trained to approximate Q̃, while the
following streams (2 to L) model the residuals.5 The quantized
embedding Q̂ = [q̂1, . . . , q̂T ] is then passed through the
decoder to reconstruct the waveform Ŝ = Dec(E).

B. Progressive Unfolding of Residual Entropy

We formalize the PURE Codec’s entropy-guided quanti-
zation as follows. Let q̃t = Enc(Senh)t be the enhanced
embedding at frame t, and qt = Enc(S)t the original em-
bedding (following the same formulation as Sec. II). The first
quantization stage minimizes the error between q̃t and its
closest codebook entry:

c1t = argmin
j

|q̃t − b1j |22 ∈ {1, . . . B}, (6)

q̂
(1)
t = b1c1t

, (7)

r1t = qt − q̂
(1)
t . (8)

We denote Q̂(1) = [q̂
(1)
1 , . . . , q̂

(1)
T ], corresponding to the

quantized embedding shown in Figure 1. The residual r1t
is then passed to higher stages, each iteratively refining the
approximation following the same mechanism as Eq. (1)-(3).
The final quantized embedding is the sum over all stages:

q̂t =

L∑
l=1

q̂
(l)
t , (9)

where the sequence Q̂ is defined as [q̂1, ..., q̂T ].
This progressive unfolding of residual entropy aligns each

quantization stage with a specific portion of the signal’s
information structure. As a result, the system produces more
controllable representations, and it can gracefully adapt to
varying bitrate constraints through early stopping of the quan-
tization hierarchy.

C. Training Strategy

PURE Codec is trained in two stages. First, we pretrain
the encoder-decoder pair as a VAE to ensure that they learn
a smooth and expressive latent space. Then, we introduce
quantization and enhancement-guided supervision.

In the VAE pretraining stage, the encoder and decoder are
trained to minimize a combination of waveform reconstruction
loss and a KL divergence regularization term. Specifically, the

5Please refer Sec. III-B for more details.

loss includes an ℓ1 waveform loss, a multi-resolution mel loss,
and a KL divergence penalty (i.e., DKL):

LVAE = ∥S− Ŝ∥1+MelLoss(S, Ŝ)+λKL DKL(q(z|S)∥p(z)),
(10)

where z is the latent variable drawn from the approximate
posterior, and p(z) is the standard Gaussian prior, λKL is a
hyperparameter to control the KL loss. This step allows the
model to learn the underlying structure of speech without
discrete bottlenecks, which facilitates stable convergence in
the subsequent stage.

After VAE pretraining, we introduce the quantization layers
and incorporate enhancement supervision. The key design here
is a stochastic scheduling mechanism that determines whether
the first quantization stage should align with the enhanced
embedding or the original embedding. Specifically, with a
fixed probability penh, we use the enhanced embedding Q̃ =
Enc(Enh(S)) as the target for the first-stage quantization;
otherwise, we use Q = Enc(S). This stochastic scheduling
helps balance robustness and flexibility during training. The
corresponding loss is:

Lenh = EBernoulli(penh)

[
∥Q̂(1) − Q̃∥22

]
. (11)

The full training of PURE Codec is framed within a GAN-
based modeling paradigm, where the codec acts as the genera-
tor G, comprising the encoder, quantizer, and decoder modules.
A multi-scale discriminator D is trained to distinguish real
waveforms from those synthesized by G.

The reconstruction loss promotes fidelity at both waveform
and perceptual levels:

Lrec = ∥S−Ŝ∥1+MelLoss(S, Ŝ)+MelLoss(Dec(Enc(S)), S),
(12)

where MelLoss denotes a multi-resolution mel-spectrogram
loss. The vector quantization loss [43] is defined as:

Lvq =

L∑
l=1

(
∥sg[Q]−M l∥22 + β∥Q− sg[M l]∥22

)
, (13)

with stop-gradient operator sg[·], codebook output M l =

[
∑l

k=1 q̂
(
1k), . . . ,

∑l
k=1 q̂

(
T k)] at stage l, and a hyperparameter

β. The adversarial generator loss follows the basic GAN
formulation:

LG
adv = EŜ

[
(D(Ŝ)− 1)2

]
, (14)

which encourages the synthesized waveform Ŝ to be indistin-
guishable from the real waveform under the discriminator’s
judgment. The generator G is optimized using a composite
loss:

LG = λenhLenh + λrecLrec + λvqLvq + λadvLG
adv, (15)

where λenh, λrec, λvq, and λadv are hyperparameters for losses.
Concurrently, the discriminator D is trained to distinguish

real and generated samples:

LD = ES

[
(D(S)− 1)2

]
+EŜ

[
(D(Ŝ))2

]
+Lfeat(S, Ŝ), (16)



TABLE I
OVERVIEW OF PURE CODEC VARIANT CONFIGURATIONS DESCRIBED IN SECTION IV-B. EACH MODEL EXPLORES DIFFERENT ENHANCEMENT SETUPS.

ENHANCEMENT MODEL REFERS TO THE PRE-TRAINED MODEL FROM HUGGING FACE. DELAYED INTRO INDICATES IF THE ENHANCEMENT IS
INTRODUCED LATER IN TRAINING. MULTI-STREAM ENABLES AN ADDITIONAL STREAM FOR ENHANCED SPEECH RECONSTRUCTION. pENH IS THE

PROBABILITY OF USING ENHANCEMENT DEFINED IN EQ. (11). ENCODER FINE-TUNE SPECIFIES WHETHER THE ENCODER IS FINE-TUNED.
Model Tag Enhancement Model (HF Tag) #Param Training data Delayed Intro Multi-stream penh Encoder Fine-tune

PURE wyz/tfgridnet for urgent24 8.5 M >1000 h

✗ ✗ 0.50 ✗
Abl.A wyz/vctk dns2020 whamr bsrnn large noncausal 63.1 M 157 h
Abl.B wyz/vctk dns2020 whamr bsrnn medium noncausal 16.9 M 157 h
Abl.C wyz/vctk dns2020 whamr bsrnn small noncausal 4.8 M 157 h

Abl.D

wyz/tfgridnet for urgent24 8.5 M >1000 h

✓ ✗ 0.50 ✗
Abl.E ✗ ✓ 0.50 ✗
Abl.F ✗ ✗ 0.25 ✗
Abl.G ✗ ✗ 0.75 ✗
Abl.H ✗ ✗ 0.50 ✓

where Lfeat(S, Ŝ) is the feature matching loss.
The full training process of PURE Codec can be expressed

as the following min-max optimization:

min
G

max
D

LPURE(G,D) = LG − λadv · LD. (17)

IV. EXPERIMENTS

A. Dataset

We evaluate PURE Codec across three representative
datasets to cover a wide range of speech conditions. The first
dataset, OWSM-v3.2 [44], is used for training and represents
a general-purpose, multi-domain speech corpus that includes
diverse speaking styles, accents, and acoustic environments.
The second dataset, CommonVoice (V13) [45],6 consists of
crowdsourced recordings that exhibit a wider range of speaker
variability and lower recording quality, serving as a benchmark
for low-quality input scenarios. Finally, we include URGENT
2024 training set [42],7 a simulated dataset with artificially in-
jected environmental noise and reverberation, to test robustness
under extremely noisy training conditions. All three training
sets are finally downsampled to a 16 kHz sampling rate. The
final data sizes are 150k hours, 16k hours, and 2k hours for
the three training sets.8

B. Experimental Setup

We use ESPnet-Codec as the training framework [9].
Baseline Setup. As a baseline for comparison, we adopt a
DAC-style codec [25]. The generator G consists of an encoder,
a multi-stage quantizer, and a decoder, with a D = 512-
dimensional hidden state and codebook size. We use L = 8
vector quantizers with B = 1024 bins, initialized using
K-means. Quantization dropout is used to simulate various
target bitrates (0.5, 1, 2, and 4 kbps). The discriminator D,

6We combine training subsets in CommonVoice that have at least an hour.
7The URGENT dataset is a simulated noisy corpus derived from five

public English sources: DNS5 LibriVox [46], LibriTTS [47], CommonVoice
11.0 [45], VCTK, and WSJ [48]. Noise sources are drawn from DNS5 chal-
lenge data, originally collected from Audioset [49] and Freesound [50], and
from WHAM! [51]. Reverberation is simulated using room impulse responses
generated by the image method [46]. We follow the same configuration as
in [42]: signal-to-noise ratios are sampled from U(−5, 20) dB; reverberation
and clipping are applied with 25% probability; and bandwidth limitations are
randomly selected from {8, 16, 22.05, 24, 32} kHz.

8Due to chunk-based training with fixed batch size and step count, the ef-
fective training exposure is approximately 40k hours. To match this constraint,
we randomly subsample the OWSM-v3.2 corpus to 40k hours.

defined in Eq. (16), follows a multi-scale, multi-period, and
multi-band design, combining fast Fourier transform (FFT)
based and periodic modules to provide fine-grained adversarial
supervision across both time and frequency domains.

The model is optimized with a combination of waveform re-
construction, adversarial, and vector quantization losses. Each
loss is weighted by hyperparameters: λrec = 1.0, λvq = 0.25,
and λadv = 1.0 as defined in Eq (15). Optimization uses
AdamW with a learning rate of 2 × 10−4 and exponential
decay (γ = 0.999875). Training runs for 360 epochs (3k steps
per epoch) using a batch size of 64 and chunked waveform
segments of 32,000 samples. The best-performing checkpoints
are selected based on validation metrics.9

In addition to our retrained DAC baselines on each training
set, we also report results from the original DAC model
using publicly available weights. These results are provided
for reference only, as the original DAC was trained on a
different dataset and operates at a higher bitrate (6 kbps)
compared to the 4 kbps setting used in our experiments. This
mismatch in training data and bitrate should be considered
when interpreting performance comparisons.
PURE Codec Setups. To ensure a fair comparison, PURE
Codec adopts the same backbone architecture as the DAC
baseline. The training is performed in two stages. In the first
stage, we pre-train the encoder-decoder pair as a variational
autoencoder (VAE) for 180 epochs (3,000 steps per epoch)
using a batch size of 64. In the second stage, we incorporate
enhancement-guided supervision using a pre-trained TFGrid-
Net model, originally developed for the URGENT 2024 Chal-
lenge [42], [52].10 The enhancement sampling probability penh
is set to 0.5 in Eq. (11). During this stage, we use a batch size
of 32 and freeze the encoder to stabilize training.

To further investigate the effects of different design choices,
we explore several PURE Codec variants by modifying the
enhancement model [53], introducing the enhancement mod-
ule at different training stages, enabling joint fine-tuning of
the encoder, employing multi-stream modeling for enhanced
speech, and varying the value of penh. Detailed configurations
of each variant are summarized in Table I.

To further investigate the impact of key design decisions
in PURE Codec, we conduct ablation studies across sev-

9For more detailed hyperparameters that are not specified, we follow the
same DAC setting as the ESPnet AMUSE recipe [9].

10https://huggingface.co/wyz/tfgridnet for urgent24



TABLE II
TRAINING STABILITY ANALYSIS WITH DIFFERENT TRAINING DATASETS. EVALUATION RESULTS ON RESYNTHESIZED LIBRISPEECH-TEST-CLEAN

SPEECH ACROSS RECONSTRUCTION METRICS. NOTE THAT THE ORIGINAL DAC, CORRESPONDING TO THE OPEN-SOURCE DAC MODEL IN ITS ORIGINAL
WORK, IS SHOWN FOR REFERENCE ONLY DUE TO SUBSTANTIAL DIFFERENCES IN TRAINING SETUP AND DATA.

Training Data Model SDR ↑ PESQ ↑ UTMOS ↑ DNSMOS ↑ VISQOL ↑ WER ↓ SPK-SIM ↑

– Ground Truth – – 4.09 3.18 – 2.73 –
– Original DAC 1.79 3.40 3.60 3.16 4.49 2.68 0.73

OWSM-v3.2 (150k hours) Baseline DAC 4.01 2.37 3.42 3.17 4.34 2.26 0.64
PURE Codec 2.17 2.62 3.64 3.21 4.41 2.05 0.71

Commonvoice (16k hours) Baseline DAC -5.21 1.36 1.45 2.13 4.07 3.00 0.31
PURE Codec 2.70 2.70 3.65 3.18 4.39 2.14 0.76

URGENT (2k hours) Baseline DAC -6.79 1.32 1.31 1.97 4.12 3.67 0.38
PURE Codec 1.35 2.50 3.41 3.09 4.36 2.07 0.54

TABLE III
TRAINING SET: OWSM-V3.2. EVALUATION RESULTS ON RESYNTHESIZED LIBRISPEECH-TEST-CLEAN SPEECH ACROSS RECONSTRUCTION METRICS.

Model SDR ↑ PESQ ↑ UTMOS ↑ DNSMOS ↑ VISQOL ↑ WER ↓ SPK-SIM ↑

Ground Truth – – 4.09 3.18 – 2.73 –

Baseline DAC 4.01 2.37 3.42 3.17 4.34 2.26 0.64

PURE Codec 2.17 2.62 3.64 3.21 4.41 2.05 0.71
Abl.A 2.35 2.64 3.66 3.19 4.42 2.10 0.73
Abl.B 2.81 2.63 3.66 3.20 4.35 2.42 0.73
Abl.C 2.86 2.66 3.62 3.20 4.36 2.21 0.72
Abl.D 2.59 2.69 3.66 3.19 4.32 2.09 0.72
Abl.E 2.80 2.35 3.32 3.12 4.26 2.24 0.70
Abl.F 3.00 2.85 3.79 3.24 4.26 2.21 0.77
Abl.G 2.48 2.66 3.65 3.18 4.41 2.13 0.78
Abl.H 0.74 2.23 3.23 3.16 4.25 2.56 0.59

eral controlled variants. These variants differ in terms of
enhancement model architecture, training schedule, encoder
update strategy, and enhancement supervision probability. The
detailed configurations for each variant are summarized in
Table I. (1) Enhancement Model Scaling (Abl.A–Abl.C). We
vary the enhancement frontend by replacing the default TF-
GridNet [53] with an alternative model, BSRNN, and its
smaller and larger variants. This allows us to assess how
model capacity and architecture influence quantization be-
havior and reconstruction quality. (2) Enhancement Injection
Timing (Abl.D). We investigate when to introduce enhance-
ment supervision during training. Starting with a VAE, we
first add quantization, then enable enhancement at different
points after 50k steps to evaluate the effect of supervision
timing on training dynamics and entropy decomposition. (3)
Multi-stream enhancement supervision (Abl. E). In the default
setting, the first quantization stream is guided by enhancement
supervision. In this variant, we instead apply supervision to
the second stream, aiming to evaluate whether shifting en-
hancement guidance to a later stream can better capture high-
fidelity enhanced features. (3) Encoder Fine-tuning (Abl.H).
By default, the encoder is frozen after VAE pretraining. We test
a variant that allows joint fine-tuning of the encoder, quantizer,
and decoder to study the trade-off between stability and
adaptability. (4) Enhancement Supervision Probability (Abl.F–
Abl.G). We vary the probability penh of applying enhancement
supervision during training. Beyond the default setting of 0.5,
we evaluate 0.25 and 0.75 to examine how frequent guidance

affects entropy regularization and overall performance.

C. Evaluation
The evaluation is conducted using the VERSA toolkit [54].

We report the following metrics: signal-to-distortion ra-
tio (SDR) is used to assess waveform-level reconstruction
quality. For perceptual quality evaluation, we include the
Perceptual Evaluation of Speech Quality (PESQ) [55]; UT-
MOS from VoiceMOS2022 challenge [56], a neural mean
opinion score (MOS) estimator trained on human ratings;
and the deep noise suppression MOS following ITU-T
P.835 (DNSMOS) [57], which estimates overall quality in
noisy conditions. We also report the virtual speech quality
objective listener (VISQOL) [58], which captures spectral
and perceptual similarity based on frequency-domain analy-
sis. For application-level evaluation, we compute word error
rate (WER) using Whisper-large-V3 [59] to assess linguis-
tic intelligibility, and speaker similarity (SPK-SIM), which
measures cosine similarity between speaker embeddings ex-
tracted from reference and resynthesized audio to quantify
speaker identity preservation.11 All metrics are evaluated on
the Librispeech-test-clean set [61]. Higher values indicate
better performance for all metrics except WER.

D. Main Results and Training Stability
We first compare the PURE Codec with the DAC-style

baseline under multiple training datasets (OWSM-v3.2, Com-

11We use the RawNet3-based speaker embedding extractor based on
ESPnet-SPK [60].



monVoice, and URGENT), as shown in Tables II. Across all
conditions, PURE Codec demonstrates consistently improved
reconstruction and application-level performance, implying
that our method is general and non-sensitive across datasets.

On the OWSM-v3.2 setting, PURE improves WER from
2.26% to 2.05%, UTMOS from 3.42 to 3.64, and speaker
similarity from 0.64 to 0.71. These results indicate that PURE
enhances both intelligibility and perceptual quality, even when
the SDR is lower, likely due to codec-induced amplitude shifts
that do not significantly affect perceptual metrics.

More importantly, we observe that training instability, a
common issue in RVQ-based codecs, is substantially reduced
in PURE. When training the DAC baseline on more chal-
lenging corpora such as CommonVoice and URGENT, we
find significant degradation or even collapse, with SDR values
dropping to as low as -6.79 and PESQ below 1.4. In contrast,
PURE remains stable across all datasets, achieving SDR over
1.3 and PESQ over 2.5 even under highly noisy training
conditions. This confirms the hypothesis that entropy-guided
quantization anchored by enhancement supervision stabilizes
training and improves robustness.

E. Ablation Study

We conduct a comprehensive ablation study (Table III) to
examine the design choices underlying PURE Codec. The
results highlight several key insights:

(1) Enhancement Model Scaling (Abl.A–C). Replacing the
default TF-GridNet with smaller or alternative enhancement
frontends (e.g., BSRNN) shows modest differences. Larger
models (Abl.C) slightly improve PESQ and SDR, suggesting
that while enhancement quality helps, the core benefits of
PURE come from the structural alignment rather than the
specific enhancement model. (2) Enhancement Injection Tim-
ing (Abl.D). Delayed introduction of enhancement guidance
stabilizes early optimization but results in a slight trade-off
between perceptual quality and intelligibility. This indicates
the importance of timely supervision to shape early-stage
quantizer behavior. (3) Enhancement Supervision Frequency
(Abl.F/G). The sampling probability penh in Eq. (11) plays a
critical role. Abl.F, with penh = 0.25, achieves the best perfor-
mance overall (e.g., PESQ = 2.85, UTMOS = 3.79), suggesting
that sparse but consistent guidance helps balance compression
flexibility and entropy control. (4) Multi-stream Extension
(Abl.E). Adding a separate stream for enhanced speech re-
construction does not improve performance and slightly hurts
perceptual metrics, likely due to optimization interference
between streams. (5) Encoder Fine-tuning (Abl.H). Allowing
encoder updates after VAE pretraining leads to catastrophic
degradation (e.g., SDR drops to 0.74), reaffirming that encoder
freezing is essential for training stability in PURE.

F. Performance in SpeechLM-based TTS

To assess downstream usability in generation tasks, we
integrate the proposed codec into a SpeechLM-based text-to-
speech (TTS) system. Specifically, we train a decoder-only
conditional SpeechLM on LibriSpeech-960h, where the codec

TABLE IV
SPEECHLM-BASED TTS PERFORMANCE ON LIBRISPEECH. UTMOS

REFLECTS PERCEPTUAL QUALITY, WER MEASURES INTELLIGIBILITY,
AND SPK-SIM QUANTIFIES SPEAKER SIMILARITY.

Codec WER ↓ SPK-SIM ↑ UTMOS ↑

Baseline DAC 10.8 0.70 3.68

PURE Codec 10.5 0.68 3.95
Abl.A 14.0 0.70 3.92
Abl.B 11.1 0.71 3.99
Abl.C 11.6 0.69 3.96

tokens serve as the input speaker prompt and the target for
synthesis. We use the delay-interleave pattern to shift each
token stream [12] for better acoustic modelling. All models
are trained for 400K steps, while inference is performed with
top-k sampling, with k = 30 and a sampling temperature of
0.7. Generated samples are evaluated using 3 proxy metrics:
WER for intelligibility, UTMOS for audio, and embedding
distance for SPK-SIM, with the implementations described in
Section IV-C. Table IV summarizes the results for Baseline
DAC, PURE Codec, and Ablation variants A–C.

We observe that the PURE Codec consistently improves
downstream generation across all metrics. Compared to DAC,
PURE reduces WER from 2.91% to 2.46%, indicating bet-
ter linguistic consistency. UTMOS increases to 3.78, and
SPK-SIM reaches 0.76, reflecting improved perceptual and
speaker quality. Ablation results suggest that the benefits of
enhancement-guided quantization hold across different en-
hancement backbones, with Abl.C performing comparably to
the full PURE model. These findings highlight the importance
of entropy-aware quantization for speech LM-based genera-
tion, which lead to more reliable synthesis.

V. CONCLUSION

We presented PURE Codec, a speech coding framework
that improves RVQ by progressively unfolding residual en-
tropy through enhancement-guided supervision. By anchoring
the first quantization stage to low-entropy, denoised embed-
dings, PURE achieves more stable training quantization. Our
two-stage training strategy, combining variational pretraining
and stochastic enhancement scheduling, leads to consistent
improvements over baselines across clean, noisy, and low-
quality speech conditions.

A current limitation is that PURE relies on speech-specific
enhancement models and is not directly applicable to general
audio. Future work will explore extending this entropy-guided
quantization paradigm to broader audio domains.
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