arXiv:2509.22942v1 [eess AS] 26 Sep 2025

UNSUPERVISED SPEECH ENHANCEMENT USING DATA-DEFINED PRIORS

Dominik Klement', Matthew Maciejewski®, Sanjeev Khudanpur®®, Jan Cernocky", Lukds Burget*

1Speech@FIT, Brno University of Technology, Czech Republic,
2CLSP & *HLTCOE, Johns Hopkins University, USA

ABSTRACT

The majority of deep learning-based speech enhancement methods
require paired clean-noisy speech data. Collecting such data at scale
in real-world conditions is infeasible, which has led the community
to rely on synthetically generated noisy speech. However, this intro-
duces a gap between the training and testing phases. In this work,
we propose a novel dual-branch encoder-decoder architecture for un-
supervised speech enhancement that separates the input into clean
speech and residual noise. Adversarial training is employed to im-
pose priors on each branch, defined by unpaired datasets of clean
speech and, optionally, noise. Experimental results show that our
method achieves performance comparable to leading unsupervised
speech enhancement approaches. Furthermore, we demonstrate the
critical impact of clean speech data selection on enhancement perfor-
mance. In particular, our findings reveal that performance may ap-
pear overly optimistic when in-domain clean speech data are used for
prior definition—a practice adopted in previous unsupervised speech
enhancement studies.

Index Terms— Speech Enhancement, Unsupervised Learning,
Deep Learning, Generative Adversarial Networks

1. INTRODUCTION

Speech Enhancement (SE) seeks to recover the underlying clean
speech given an observed noisy signal, corrupted by environmental
noise, reverberation or transmission, by suppressing the noise and
preserving as much speech information as possible. With the advent
of deep learning, the community has focused on building SE systems
based on deep neural networks (DNN) [I1} 23} 4]. These models are
trained in a supervised fashion, requiring paired corpora of noisy
and clean speech. However, collecting such data in reality is imprac-
tical at scale . Hence, the community has been utilizing artificially
simulated dateﬂ This approach, however, introduces a mismatch be-
tween the training and test phase, as the model never sees the real
noisy recordings during training.

To address it, unsupervised approaches have been recently stud-
ied. Fujimura et al. [5] introduced noisy-target training (NyTT)
paradigm, consisting of adding one more source of noise to already
noisy recording. Albeit allowing the use of real noisy data, the input
is still artificial, not addressing the aforementioned mismatch be-
tween train and test time. Furthermore, MetricGAN-U [6] was pro-
posed as an extension to the previously introduced MetricGAN [3]
approach, where discriminator output is forced to correlate with a
black-box non-intrusive metric DNSMOS [7], which was recently
extended in MOS-GAN [8]. On one hand, this family of meth-
ods does not require any clean speech data, on the other hand, the
model performance is tied to the performance of the external models

! Clean speech summed with noise and reverberated

(e.g., DNSMOS) used to guide the training. To achieve better per-
formance, one would need to re-train DNSMOS-like models, which
is costly.

In contrast, unsupervised SE methods that require clean speech
but do not require paired clean and noisy speech overcome these lim-
itations. These methods usually use clean speech data as priors —
i.e., defining how the clean speech sounds like. Jiang et al. intro-
duced unSE [9]] and unSE+ [[10], a method that uses a discriminator
to enforce the clean speech prior and computes reconstruction losses
between the generated clean speech and the input noisy speech to
ensure consistency. Despite the impressive results, optimizing a re-
construction loss between the generated clean speech and the input
noisy speech requires careful tuning to prevent the model from re-
constructing the input.

In this work, we propose a novel dual-branch encoder-decoder
architecture for unsupervised SE. Our architecture consists of two
branches, which output clean speech and noise. We use adversarial
training to impose branch-specific priors, and reconstruction losses
between the noisy input and the combination of the two branches
to ensure clean speech consistency. Therefore, there is less tension
between the reconstruction and the adversarial training. Also, com-
pared to the previous approaches, parallel branches allow general
source separation of more than two distinct sources by adding more
branches and utilizing source-specific data (e.g., piano music for in-
strument separation), which is left as a future work.

We perform experiments to show how our method compares to
the prior work and to show the importance of the discriminators.
Furthermore, we show that initializing the model from a pre-trained
neural audio codec (NAC) [11] not only improves the convergence
rate but also the performance of the enhancement model. Lastly, we
show how important is the choice of the clean speech data and how
one needs to be careful when selecting it in order to achieve the best
performance. The codebase is released on GitHubEl

2. PROPOSED METHOD

The proposed method is illustrated in Figure[T} It is an adversarially-
trained model consisting of a generator and a set of discriminators.
The generator is an encoder-decoder architecture that performs audio
reconstruction task, similar to NAC. Internally, the proposed method
consists of two branches that output clean speech and noise audio.
The combination of the two audio signals is forced to reconstruct
the input. To force the model to separate the input into two distinct
source signals, we use adversarial training with source-specific dis-
criminators to impose prior distributions on each branch. To train
each discriminator, we use two independent corpora — clean speech
and noise, defining how branch-specific outputs should sound.

Zhttps://github.com/BUTSpeechFIT/USE_DDP
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Fig. 1. Diagram of the proposed dual-brach architecture.

2.1. Generator Architecture

Let xns € R” be a noisy input audio of length T' samples. First,
a convolutional encoder FE is applied to map the noisy input to
a latent representation zys = E(xys) € RE*M where L
is the latent sequence length and M is the latent space dimen-
sionality. Subsequently, the latent representation is split into two
parallel branches and transformer with rotary positional embed-
dings (RoFormerﬂ is applied, enabling each branch to cap-
ture distinct information. As a result, we obtain latent sequences
zn = Rn(zns), 2os = Ros(zns) € RE*M representing noise
and clean latent representations respectively. Next, each branch is
decoded back to the time domain using a single shared decoder Dec,
resulting in Xy = Dec(zn),Xcs = Dec(zcs) € RT. Finally, the
reconstructed noisy input is a combination of the two audio signals:

Xns = a"%ky + B Xcs, (D

o, 8" = argmin ||xns — (aXn + ,B)Ecs)Hg ?2)

o,

where o, 3" € R are scalar weights accounting for errorneous
amplitude estimatio The optimal values are obtained from a
closed-from solution to the convex optimization problem defined
above. In the following text, we will use Xcs = Ges(Xns), XN =
Gn(xns),Xns = Gns(xns) € RT to denote the generated
clean speech, noise, and noisy input signal, respectively.

2.2. Adversarial Training

Let Pcs and P be the prior distributions of real clean speech and
noise, respectively, and Pns be the distribution of the noisy in-
put. Our goal is to train the model such that p(Xcs) ~ Pcs and
p(xn) &~ Pn. It has been shown by Goodfellow et al. that if
the generator and the discriminator have enough capacity, the distri-
bution of the generated samples converges to the distribution of the
real data. In our setup, we use three discriminators Dcs, Dy, Dns,

3Positional information is important for model convergence.
#We do not want to penalize the model for incorrectly estimating the am-
plitude, as it does not change the audio itself.

for clean speech, noise, and noisy speech, respectively. Each dis-
criminator is an ensamble of multiple sub-discriminators (described
in Section |3:1'|); however, we omit the summation of losses across
the particular sub-discriminators for clarity. While the first two dis-
criminators impose priors on the distributions of branch-wise output
signals, the noisy speech one has the same role as in NACs — i.e.,
improve fidelity of the reconstructed audio. Instead of the vanilla
GAN setup [13]], we use LS-GAN loss [[14]]. The discriminators are
trained using the following loss function:

Lpes = Excg~Pos,xys~Pys [DCS(GCS(XNS))2

+(1- Dcs(Xcs))Z]. ©)

Lpy is defined analogously using Dy and Pny. For input recon-
struction, we train the noisy speech discriminator Dy s using the
same loss function but only one data distribution:

Lpys =Exyg~Pnsg [Dz\fs(f(Ns)2 +(1- DNS(XNS))Q]- 4
2.3. Generator Losses

We follow the general NAC training to train the genera-
tor for audio reconstruction task. We use multi-scale mel spectro-
gram loss [11]] and SI-SDR loss [16], and denote their combination
as Lrec(xns) in the following text. In addition to reconstruction
losses, we use adversarial loss and feature matching loss [13] to in-
crease the fidelity of the generated noisy speech audio:
Kp Mj—1
Lteat(XNs,XNS) = Z Z | Fri(xns) = Fri(Xns)lly s (5)

k=1 I=1

where Kp is the number of sub-discriminators, M}, is the number
of convolutional layers in k-th sub-discriminator, and F}, ; denotes a
convolutional feature map.

As we do not have reference for the corresponding clean speech
and noise, we only use adversarial losses to learn the source separa-
tion, defined as:

Laos(Xns) = Exysnpysl(1 = Dos(Gos(xns)))’],  (6)

where La,, and Lg 4 are defined analogously.



To stabilize the training and avoid trivial mode collapseﬂ we
add a regularization loss that maximizes the energy of the generated
clean speech audio signal, defined as:

Lemas(xxs) = —log (; 3 Gcs<st)[z'F) NG

=1

where Gcs(xns)[i] denotes i-th clean speech signal sample.

The overall generator loss function is a weighted sum of the
noisy reconstruction and adversarial losses, and branch-specific ad-
versarial losses, defined as:

£G = )\QCS‘CGCS + )\gnEGN + >\gns£GNS + Afen.tl:feat

8
+ >\7‘ec£7‘ec + Ae’rna,z‘ce’r‘n,a,z- ( )

2.4. Why does it work?

Adversarial training with branch-specific discriminators constrains
each branch to follow the distribution defined by the corresponding
data, i.e., p(X¢s) = Pcs and p(Xn) =~ Py. Simultaneously, the
combination of the two outputs must reconstruct the original noisy
input. This dual constraint prevents the clean speech branch from
generating arbitrary clean speech solely to satisfy the adversarial ob-
jective, as such signal would increase the reconstruction loss. Conse-
quently, the clean branch is compelled to generate an enhanced ver-
sion of the noisy input—one that both aligns with the clean speech
prior and contributes to accurate input reconstruction.

3. EXPERIMENTAL SETUP
3.1. Model

We built the model architecture on top of the Descript Audio Codec
(DAC) [15]]. The encoder contains four residual blocks with down-
sampling factors [2,4,5, 8], resulting in 320 downsampling ratio
(50Hz for 16kHz input) and 1024-dimensional embeddings. The
decoder mirrors the encoder. Furthermore, each branch contains a
transformer with 8 layers, 8 attention heads, and feed-forward di-
mensionality of 1536. If not specified otherwise, we initialize the
encoder and decoder weights from a pre-trained DAC.

We use three discriminator ensembles. The noisy input re-
construction one, Dyg, exactly follows the DAC setup [15]—
multi-period (MPD) with periods [2,3,5,7,11] and multi-band
multi-scale STFT (MS-STFT) discriminator with 5 bands, STFT
window sizes [2048, 1024, 512], hop length 1 of the window size,
and 32 convolution filters . For the branch-specific discriminators
that define speech and noise priors, we use a single-band MS-STFT
discriminator, as we observed that using MPD did not improve the
performance, with STFT window sizes [2048, 1024, 512, 256, 128]
and 128 convolution filters.

3.2. Training

We optimize our models using AdamW [17] with weight decay of
0.02.. We train all models for up to 50k iterations, each consisting of
first updating the discriminator and then the generator. The learning
rate (LR) is linearly warmed up for 5k iterations, achieving peak LR
2e-4, and then decayed according to the cosine scheduler throughout
the rest of the training. We use gradient clipping of 1.0 and mixed
precision training in bfloat16. The best-performing model is selected
based on the validation set.

3 A scenario where clean speech becomes silence and the entire noisy in-
put is reconstructed through the noise branch.

3.3. Data

We focus on 16kHz sampling rate and all the datasets are resam-
pled before processing. For the comparison with prior work and
clean speech prior selection experiments, we use VCTK+Demand
(VD) [I18] subset containing 28 speakers for training (out of which
two speakers are reserved for validation), and the standard 2 speakers
test set. For the ablations, in order to not base our architectural deci-
sions on a small dataset, we utilize URGENT challenge Task1 [[19]
data setup consisting of multiple speech and noise corpora, where
we randomly select 1000 utterances for validation. The test set con-
sists of 2368 recordings simulated from per-corpora test setsﬂ To
show the performance on real noisy data and to further explore the
clean speech prior data selection, we use CHIME-3 [20] dataset,
comprised of pre-defined train, validation, and test splits.

During training, we always use the noise corpora defined by the
URGENT challenge. For clean speech, we use the VD clean train set
to be comparable with prior work, even though it does not resemble
the conditions the model is going to be exposed to during real noisy
data training (i.e., prior mismatch between the clean speech data and
the underlying clean speech the model is trained to estimate). To ad-
dress this problem, we explore the clean speech prior data selection,
where we use the URGENT clean speech data setup without VCTK
to simulate out-of-domain clean speech data.

3.4. Metrics

To evaluate the model performance and compare to prior works, we
follow the setups defined in [6} 9] and use DNSMOS [7] to judge
the quality of the enhanced speech (cleanliness), PESQ [21] to eval-
uate perceptual speech quality, and CSIG, CBAK, COVL (based on
PESQ) [22] to obtain a predicted MOS for: speech, background
noise, and overall speech quality. For real noisy data evaluations and
clean speech prior data selection experiments, we use DNSMOS [7]
and UTMOS [23]].

4. RESULTS

4.1. Comparison to Prior Work

We compare our method to previously published methods using the
VD dataset and use the VCTK clean speech for adversarial training
to be comparable to the prior approaches. We acknowledge that this
setup leads to over-optimistic results; therefore, we explore on out-
of-domain clean speech data later in Section[4.4]

Table 1. Comparison of our unsupervised models with prior work.

Model DNSMOST PESQt CSIGT CBAK?T COVL?T
Input Speech 2.54 197 335 244 2.63

NyTT [24] - 230 319 3.01 2.72
MGAN-U (half) [6] 2.89 245 347  2.63 291
MGAN-U (full) [6] 3.15 213 322 242 2.63

MOS-GAN [8] 291 240 - . -
unSE [9] 2.92 245 369 305 3.5
unSE+ [10] 2.94 248 331 307 285
Ours 3.03 247 354 235 299

Table (1| shows that all methods outperform the input noisy
speech, suggesting they are capable of enhancing the noisy speech.
Our method outperforms all but MetricGAN-U (full) in terms of

SWe only use reverberation and noise, compared to the URGENT chal-
lenge where other types of distortions were used.



DNSMOS; however, the full model used DNSMOS during training,
which strenghtens its DNSMOS performance. Furthermore, our
method achieves the second best results in PESQ, CSIG and COVL,
suggesting the quality of the enhanced speech is similar or better
than unSE—a method our model is the most comparable to. Lastly,
despite the good enhancement performance, the audio sometimes
contains some noise or noisy artifact, which is reflected in lower
CBAK. Overall, the fairest baselines are unSE and unSE+, which
our method performs on par with.

4.2. Initialization

Table|Z|compares the performance of our method when the encoder
and the decoder are initialized from a pre-trained NAC and when
trained from scratch. It can be seen that initializing from a pre-
trained NAC improves the performance as the encoder already pro-
duces meaningful general audio latent representations that branch-
wise transformers learn early to separate. Also, the model converges
faster, requiring around 3x less training iterations.

Table 2. Comparison of encoder and decoder initialization methods.

Init Method DNSMOS 1 PESQ 1 CSIG 1+ CBAK 1 COVL 1

From scratch 2.28 1.41 2.08 1.44 1.66
Pretrained (NAC) 2.60 1.45 2.13 1.79 1.70

4.3. Discriminator Ablations

We investigate whether all three discriminators are required for op-
timal performance. The results are reported in Table 3] When all
discriminators are employed, the model achieves the highest scores
in DNSMOS, CSIG, and CBAK. However, performance in PESQ
and COVL is slightly lower compared to the model without the noise
discriminator. This indicates that using all discriminators generally
yields cleaner audio, but in some cases leads to excessive suppres-
sion. The underlying reason is that the noise discriminator enables
the system to estimate noise more accurately, particularly in non-
speech segments. Consequently, the clean speech branch is encour-
aged, through the reconstruction loss, to attenuate noise more ag-
gressively in these regions, which occasionally results in partial sup-
pression of the speech signal.

Furthermore, removing the noisy speech discriminator slightly
reduces the perceptual quality of the enhanced speech. This discrim-
inator plays an important role in ensuring that the reconstructed in-
put audio maintains naturalness and fidelity, which impacts the clean
speech branch as well. Without it, the enhanced speech often lacks
high-frequency details, making the audio sound less natural and de-
graded.

Table 3. Comparison of discriminators employed during training.
The first row shows the model with all discriminators, the second
one without the noise discriminator, and the last one only with the
clean speech discriminator.

Discriminators DNSMOS 1 PESQ 1+ CSIG 1+ CBAK 1 COVL 1

all 2.60 1.45 2.13 1.79 1.70
-noise 2.46 1.48 2.13 1.73 1.72
-noise & noisy 2.52 1.43 2.05 1.72 1.66

4.4. Prior Selection

The clean speech data pool dictates how clean speech sounds. In
this section, we explore how the data choice affects the model per-

formance and how over-promising the performance may seem if in-
domain clean speech data are used. In our experiments, we refer to
data that either match the underlying clean speech data the model
is trained to estimate (in the case of simulated data) or significantly
correlate with the noisy speech data (e.g., close talk microphone) as
in-domain.

Table 4. Comparison of indomain and out-of-domain clean speech
data when trained on VCTK+Demand dataset.

CS Prior DNSMOS 1 PESQ 1 CSIG 1 CBAK + COVL 1
in-domain 3.03 247 354 235 299
out-of-domain  2.86 204 260 206 227

Table ] shows the clean speech prior comparison on VD. It can
be seen that using an in-domain clean speech prior VCTK clean train
set significantly outperforms the out-of-domain prior constructed
from the URGENT clean speech pool not containing VCTK. This
is mainly due to the distribution mismatch, allowing noise to leak
into the clean speech branch. Since we do not have the ground-truth
clean speech available when training on real noisy data, we con-
sider using the in-domain prior for data-driven SE as unfair, as it
significantly biases the model performance compared to the training
scenario where in-domain clean speech data are unavailable.

Table 5. Comparison of in-domain and out-of-domain clean speech
data when trained on CHiME-3 dataset.

CS Prior Dev Test
DNSMOS 1 UTMOS 1 DNSMOS 1 UTMOS 1

in-domain 2.13 1.79 2.01 1.50

out-of-domain 2.98 2.43 2.79 1.85

Furthermore, Table |§| performs similar comparison on CHiME-3
real data, where we use channel O (close talk microphone) as the in-
domain clean speech and the URGENT clean speech as the out-of-
domain one. We can see the opposite effect compared to TableEL as
the in-domain data are recorded in noisy environment using a close-
talk microphone, resulting in a noisy “clean speech® prior. There-
fore, the model leaks more noise to the signal compared to the out-
of-domain prior, which contains only clean speech (see Figure [2).
However, due to the prior mismatch, the model tends to oversupress
the noise at the expense of intelligibiliy.

Fig. 2. CHIiME-3 noisy, enhanced using in-domain and out-of-
domain clean speech priors, respectively.

5. CONCLUSION

This work introduced a novel dual-branch encoder-decoder architec-
ture for unsupervised speech enhancement, able to be trained on real
noisy data. Compared to the MOS-based approaches, our approach
relies solely on data and does not require any external model to guide
the training. Our experiments show that the method is comparable
to the top-performing prior unsupervised SE works. Furthermore,
we pointed out the importance of the clean speech data selection
and how it might mislead the performance evaluation. In the future,
we plan to extend the method to unsupervised multi-source separa-
tion and investigate discriminator architecture to strengthen the pri-
ors and improve the robustness.
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