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ABSTRACT

We have developed a diffusion-based speech refiner that improves
the reference-free perceptual quality of the audio predicted by pre-
ceding single-channel speech separation models. Although modern
deep neural network-based speech separation models have shown
high performance in reference-based metrics, they often produce
perceptually unnatural artifacts. The recent advancements made to
diffusion models motivated us to tackle this problem by restoring
the degraded parts of initial separations with a generative approach.
Utilizing the denoising diffusion restoration model (DDRM) as a
basis, we propose a shared DDRM-based refiner that generates
samples conditioned on the global information of preceding out-
puts from arbitrary speech separation models. We experimentally
show that our refiner can provide a clearer harmonic structure of
speech and improves the reference-free metric of perceptual quality
for arbitrary preceding model architectures. Furthermore, we tune
the variance of the measurement noise based on preceding outputs,
which results in higher scores in both reference-free and reference-
based metrics. The separation quality can also be further improved
by blending the discriminative and generative outputs.

Index Terms— speech separation, diffusion models, linear in-
verse problem

1. INTRODUCTION

Single-channel speech separation [1] is one of the most fundamental
acoustic signal processing tasks and has been extensively studied as
a front-end module for various downstream tasks such as speech
recognition [2] and speaker verification [3]. It is widely known as
a cocktail party problem that aims to extract each individual speech
from a mixture of multiple speakers.

To solve this highly underdetermined problem, data-driven
speech separation methods based on deep neural network models
have been proposed [4, 5, 6] and performed well on reference-based
metrics that require the ground truth signal, e.g., signal-to-noise ra-
tio (SNR) [7], perceptual evaluation of speech quality (PESQ) [8],
and short-time objective intelligibility (STOI) [9]. However, these
metrics are still not a perfect to match human listening, as the mod-
els trained with them often introduce perceptually unnatural distor-
tions that can be harmful for the downstream tasks [10].

Over the last few years, deep generative models such as vari-
ational auto-encoders (VAEs) [11, 12], generative adversarial net-
works (GANs) [13], and diffusion models [14] have been estab-
lished as part of an unsupervised approach for providing extremely
natural and high-quality samples. In particular, the relatively sta-
ble learning property of diffusion models has attracted many re-
searchers in the vision field [15, 16]. Although their application
to acoustic signal processing is not yet widespread (e.g., speech
enhancement [17, 18, 19], dereverberation [20], and separation

[21, 22, 23]), these outcomes show the effectiveness of diffusion
models and are worth further investigation. Thus motivated, we ap-
ply a diffusion model to the speech separation task to improve the
perceptual quality of the audio.

The application of diffusion models for speech separation can
be classified into two major approaches. In the first, diffusion mod-
els are utilized to achieve separation and generation simultaneously
[21, 22]. However, since multiple heavy tasks are required for a
single model, the performance degrades compared to conventional
discriminative models. The second approach refines the outputs of
preceding discriminative models by using the diffusion model as a
vocoder [23], which results in a better performance than the preced-
ing estimates. The concept of the stochastic regeneration model
(StoRM) [18], which was designed for speech enhancement and
dereverberation tasks, is also close to this type. However, both of
these approaches have their respective drawbacks. In [23], the sep-
aration quality is refined by summing up discriminative and gener-
ative outputs, where the weight coefficient is predicted by an addi-
tional alignment network. The generation, however, is conditioned
only on the corresponding preceding estimate of the source and has
not been fully investigated for a more flexible design, e.g., a gen-
eration with global information of all separated sources from the
discriminative model. In [18], the preceding discriminative model
and the diffusion-based regenerator are simultaneously trained in
an end-to-end manner, which requires the diffusion model to be re-
trained whenever the preceding model or target dataset is changed.

In this paper, we propose a diffusion-based refiner for speech
separation using the denoising diffusion restoration model (DDRM)
[24]. DDRM is a conditional generative model that controls the
generative output by solving an arbitrary linear inverse problem.
Since the evidence lower bound (ELBO) [25] objective of DDRM
is rewritten in the same form as that of the denoising diffusion prob-
abilistic model (DDPM) [14], i.e., DDRM and DDPM have a com-
mon optimal solution, the proposed method can utilize a pretrained
DDPM for the arbitrary preceding speech separation model. An-
other advantage of DDRM is that it can control the generation by
changing the formulation of the linear inverse problem. This makes
it possible to design more flexible systems, e.g., we can use a model
that compensates by generation only for the area that is not confi-
dent in the preceding discriminative output while keeping the orig-
inal signal for the area of high confidence.

2. BACKGROUND

As stated above, DDRM features a carefully designed factorized
variational distribution conditioned on the user-defined linear in-
verse problem and is ensured to have the same ELBO optimal value
as DDPM [14]. Here, we briefly go through the mathematical for-
mulation of DDPM and explain the powerful traits of DDRM that
enable it to handle an arbitrary linear inverse problem with a single
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diffusion model.

2.1. Learning the data distribution using DDPM

DDPM is a deep generative model that aims to learn the model dis-
tributions pθ(x) of data x ∈ Rn that approximate an unknown data
distribution q(x). It generates a sample x0 ∼ q(x) by following
a Markov chain structure xT , · · · ,x0 whose joint distribution is
defined by the following reverse process:

pθ(x0:T ) ≡ pθ(xT )

T−1∏
t=0

pθ(xt|xt+1). (1)

To train the diffusion model, the forward process is defined as the
factorized variational inference distribution

q(x1:T |x0) ≡ q(xT |x0)

T−1∏
t=0

q(xt|xt+1,x0), (2)

which is followed by an ELBO objective on the negative log like-
lihood. In practice, the distributions of pθ and q are assumed to be
conditional Gaussian for all t < T , and q(xt|x0) also follows a
Gaussian distribution with variance σt. This leads to a reduction of
the ELBO objective into the denoising autoencoder objective

T∑
t=1

γtE(x0,xt∼q(x0)q(xt|x0))

[
‖x0 − f (t)

θ (xt)‖22
]
, (3)

where f (t)
θ is a neural network to estimate x0 given xt and γ1:T is

a series of tunable parameters.

2.2. Conditional generation with DDRM

DDRM is a diffusion model with a Markov chain structure condi-
tioned on y ∈ Rm, where the joint distribution is defined as

pθ(x0:T |y) = pθ(xT |y)

T−1∏
t=0

pθ(xt|xt+1,y). (4)

The likelihood p(y|x) is characterized by the following linear in-
verse problem:

y = Hx+ z, (5)

where H ∈ Rm×n is a known degradation matrix and z ∼
N (0, σ2

yI) is an i.i.d. additive Gaussian noise with known vari-
ance σ2

y . The corresponding factorized variational distribution to
(4) is defined in the same manner as DDPM, after which the ELBO
objective is optimized (see detailed derivations in [24]).

DDRM can handle various linear inverse problem designs by
switching a couple of variational distributions. The update of
DDRM is conducted in a spectral space of the singular value de-
composition (SVD) of H . The measurements with zero singular
value are likely to have no information of the index, so the update
formula becomes similar to the regular unconditional generation.
In contrast, components with non-zero singular values are further
classified by the noise level of measurements in the spectral space
σy/si compared to that of the diffusion model σt. The unique prop-
erty of DDRM is that the ELBO optimal value also corresponds to
that of DDPM under a couple of assumptions [14]. This enables us
to inherit the pretrained unconditional DDPM as a good approxi-
mation to DDRM without having to re-train the diffusion model for
different linear inverse problems each time.

Preceding 
Speech Separation

Denoiser

Shared
DDRM 
update

… … …
Separated 

Individual Sources

Parallel forward process Reverse process

Figure 1: Overall architecture of proposed refiner. N tracks are
perturbed in parallel by Gaussian noise in the forward process (left).
The learned denoiser then iteratively generates the sample in the
reverse process (right). The discriminative outputs of the preceding
separation are used for conditioning (upper), where the generation
of each source is integrally guided over the shared DDRM update.

3. SPEECH REFINER WITH SHARED DDRM UPDATE

We propose a novel signal refiner for the N -speaker separation
problem based on the DDRM update that aims to improve the
reference-free perceptual metrics while maintaining the perfor-
mance of the reference-based metrics of discriminative models.

The overall framework consists of two main modules: a preced-
ing speech separation model and a DDRM-based refiner, as shown
in Fig. 1. At inference time, given mixture speech as an input, the
first discriminative model separates the signal into N tracks of in-
dividual speech. The outputs are then fed into the proposed refiner
as measurements in the linear observation model, where each gen-
erated sample x(i)

t , i ∈ {1, . . . , N} at diffusion step t is updated
integrally (we call this a shared DDRM update).

3.1. Observation design of refiner

Given the outputs of the preceding model x̂(i), i ∈ {1, . . . , N},
DDRM can simply refine each signal one by one with a linear ob-
servation, as

x̂(i) = x(i) + z(i), ∀i ∈ {1, . . . , N}, (6)

where z(i) ∼ N (0, σ
(i)
y ) is an additive Gaussian noise with known

variance σ(i)
y . However, this observation design, which we call iso-

lated, gets rid of other speakers’ preceding outputs. This leads to
poor refinement of the missing part of the target speech because
the preceding models are not always perfect enough to separate out
target speech components into a single output channel.

To fully leverage the available information and generate a faith-
ful sample to the reference signal, a shared refiner is contrived with
mixture signalm as an additional measurement. Here, the observa-
tion of the mixture is given by

m =

N∑
i=1

x(i) + z(0). (7)

For example, if N = 2, the observation equation in (5) becomes mx̂(1)

x̂(2)

 =

1 1
1 0
0 1

[x(1)

x(2)

]
+

z(0)

z(1)

z(2)

 . (8)
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Algorithm 1 Shared DDRM update for speech separation

Input: observations y and noise variance σ2
y

Output: refined separations x
1: Project onto spectral space ȳ = Σ†U>y

2: Initialize pθ(x̄
(i)
T |ȳ) = N (ȳ(i), σ2

T − σ2
y/s

2
i )

3: for t = T − 1 to 0 do
4: Project onto original space xt+1 = V x̄t+1

5: Predict denoised signal xθ,t = fθ(xt+1, t+ 1)
6: Project onto spectral space x̄θ,t = V >xθ,t
7: For i ∈ {1, · · · , N}, get sample according to the process

pθ(x̄
(i)
t |xt+1,y) =
N (x̄

(i)
θ,t +

√
1− η2σt

ȳ(i) − x̄(i)
θ,t

σy/si
, η2σ2

t ) if σt <
σy

si

N ((1− ηb)x̄
(i)
θ,t + ηbȳ

(i), σ2
t −

σ2
y

s2i
η2b ) if σt ≥

σy

si

8: end for
9: Refined signals x = x0 = V x̄0

Let the SVD of H be H = UΣV >, where U ∈
RM×M , V ∈ RN×N are orthogonal matrices and Σ ∈ RM×N
is a rectangular diagonal matrix containing the singular values s1 ≥
s2 ≥ · · · ≥ sN of the degradation matrixH in whichM = N +1.
The proposed update is then summarized as Algorithm 1.

3.2. Discussion

Comparison with BASIS separation. The proposed method
was inspired by Bayesian annealed signal source (BASIS) sepa-
ration [21], which was originally designed for an image separa-
tion task based on Langevin dynamics. With only a mixture sig-
nal observed, both separation and generation are performed si-
multaneously. Since the source separation is a highly underdeter-
mined problem, the result under non-stochastic conditions is re-
portedly subpar with no separation, and reasonable separation can
be achieved by performing stochastic noise conditioning and un-
balanced user-defined weighting of each source. However, in our
preliminary experiments, mixture signal alone seemed insufficient
for the separation since each source is equally weighted in the
speech separation scenario. Our proposed refiner avoids this in-
nately underdetermined condition by using the outputs of the pre-
ceding model as additional measurements, which results in a deter-
mined problem.

Task-independent learning of diffusion model StoRM [18] is
a recently proposed speech enhancement (SE) technique that takes
a stochastic regeneration approach in which forward and backward
processes are applied to the output of a preceding model. How-
ever, since the preceding discriminative model and the subsequent
diffusion-based regenerator in StoRM are simultaneously trained in
an end-to-end manner, we need to retrain the diffusion model when-
ever the preceding models are changed. In contrast, the diffusion
model used in the proposed refiner is preceding-model-agnostic and
is theoretically applicable for arbitrary inverse problems, which en-
ables us to inherit the same diffusion model for various designs of
linear observation models without retraining.

(a) Sepformer (b) Refined

Figure 2: Magnitude short-time Fourier transform of separated ex-
amples of WSJ0-2mix. (a) Output of Sepformer. (b) Refined result.

4. EXPERIMENTS

In this section, we verify the effectiveness of the proposed method
on two-speaker speech separation from three perspectives. First,
we compare the separation performance of both discriminative and
generative refined results. Second, we evaluate the separation per-
formance from the viewpoint of the design of measurement noise
σy in (8). Finally, we investigate the blending of both discrimina-
tive and generative outputs to further improve audio quality.

4.1. Settings

Datasets and evaluation metrics In this experiment, we used the
single speaker subsets of WSJ0-2mix [26] for training. All samples
were resampled to 8 kHz. The separation performance was evalu-
ated by both reference-based metrics (SI-SDR [7], PESQ [8], and
ESTOI [9]) and a reference-free metric (non-intrusive speech qual-
ity assessment (NISQA) 1 [27]). NISQA is a deep neural network
utilized to estimate the mean opinion score (MOS) of a target signal
without any reference signal. Since the outputs of our generative
refiner do not necessarily match the corresponding target reference,
NISQA is an appropriate approximation of the perceptual quality of
generated speech.

Pretrained separation models and generative refiners Three
pretrained speech separation models were taken from public reposi-
tories: Conv-TasNet2 [4], Dual-Path RNN (DPRNN)3 [5], and Sep-
former4 [6]. All models were trained with the WSJ0-2mix dataset
at 8 kHz. As described in Sec.3, isolated and shared refiners were
applied for the outputs of those models. The variance σy of the
measurement noise in both refiners was fixed to 0.5.

Implementation details The refiner adopted the U-Net archi-
tecture used in openAI guided-diffusion5. The input feature was
a complex STFT with the window size, hop size, and number of
time frames set to 512, 256, and 256, respectively. The model was
trained on a single NVIDIA A6000 for 3.5 × 105 steps. An Adam
optimizer with a learning rate of 1.0×10−4 was used and the batch
size was 4. An exponential moving average of the model weights
was utilized in the evaluation with a weight decay of 0.9999.
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Table 1: Results of separation performance of both discriminative
and generative methods.

Method SI-SDR↑ PESQ↑ ESTOI↑ NISQA↑
Clean – – – 3.53

Mixture 2.52 1.22 0.67 2.46
Conv-TasNet 17.5 2.93 0.92 3.20

w/ isolated refiner 16.8 1.97 0.92 3.76
w/ shared refiner 16.9 2.14 0.92 3.70

DPRNN 19.5 3.32 0.95 3.39
w/ isolated refiner 18.2 2.11 0.93 3.78

w/ shared refiner 18.6 2.36 0.94 3.73
Sepformer (i) 23.0 3.86 0.97 3.53

w/ isolated refiner 20.9 2.51 0.95 3.82
w/ shared refiner (ii) 22.0 2.94 0.96 3.76

(i)+(ii) blended
at ξ = 0.8 23.1 3.87 0.97 3.63

4.2. Results and analysis

Table 1 lists the separation performance results of each method.
As we can see, both the isolated and shared refiners exhibited a
significant improvement of the reference-free NISQA, while the
reference-based metrics were generally degraded as expected, since
the output of the generative model did not necessarily match the
ground truth. The shared refiner, however, could recover the per-
formance of the reference-based metrics with a small decrease in
NISQA, which corresponds to the hypothesis given in Sec.3 that
the isolated refiner may cause a less faithful result to the ground
truth. The processed examples are shown in Fig. 2. Thanks to us-
ing the proposed refiner, the clearness of the harmonics structure
was improved and the non-speech ambient noise was sufficiently
suppressed compared to the original output of the Sepformer.

Table 2 summarizes the performance change when different
amounts of measurement noise were applied. Since the variance
of measurement noise is a tunable parameter for each frequency bin
and time frame, users can try a realistic scenario when designing
the parameter. For example, since speech separation is basically
difficult in areas where the interfering speech is loud, we consider a
sigmoid design in which the variance of measurement noise is deter-
mined by the target-to-interference ratio of the signal. Specifically,
let the variance for all frequency and time indices k, l be

σ̂
(i)
k,l =

(
α

1 + exp(−β|mk,l − x̂(i)k,l|)
− γ

)
, i = 1, 2. (9)

Here, we set α, β, and γ to 2.0, 2.0, and 0.8, respectively, and
set the variance for mixture measurement σ̂(0)

k,l to 0.5 (same as
in the first experiment). All results showed improvement in both
reference-based and reference-free metrics, which indicates that
choosing an appropriate value for σ̂(i)

k,l improves the performance.
We hypothesize that even larger gains are possible with other
choices of σ̂(i)

k,l.
Finally, we can observe that the discriminative and generative

outputs each have their own strengths: namely, discriminative out-
puts are better in the reference-based metrics while generative ones

1https://github.com/gabrielmittag/NISQA
2https://zenodo.org/record/3862942#.ZDSjY3bP02w
3https://zenodo.org/record/3903795#.ZDSjfXbP02w
4https://huggingface.co/speechbrain/sepformer-wsj02mix
5https://github.com/openai/guided-diffusion

Table 2: Results by changing variance of additive Gaussian in the
linear inverse problem. Here, we implemented a sigmoid-based de-
sign of the variable variance. Shared refining was applied on each
method.

Method σy SI-SDR ↑ PESQ↑ NISQA↑
Conv-TasNet Fixed 16.9 2.14 3.70

Sigmoid 17.0 2.26 3.77
DPRNN Fixed 18.6 2.36 3.73

Sigmoid 18.7 2.49 3.80
Sepformer Fixed 22.0 2.94 3.76

Sigmoid 22.0 3.07 3.80

Figure 3: Results of separation performance by mixing both dis-
criminative and generative outputs. Blue line shows SI-SDR score
and red line shows NISQA score.

are better in the reference-free ones. This inspires a new hypoth-
esis: i.e., that we can obtain further improved outputs by blend-
ing the discriminative output x̂ with the generative output x0 by
x̃ = ξx̂+ (1− ξ)x0, where ξ is a mixing weight. Fig. 3 shows the
results when ξ was changed in [0, 1] by the factor of 0.1. Here, we
used the separations of Sepformer as a discriminative output and the
shared refined outputs as a generative one. The blue and red lines
respectively show the scores for SI-SDR and for NISQA. As we can
see, there is a clear trade-off with these metrics: the highest SI-SDR
was 23.1 dB achieved at ξ = 0.8, and the highest NISQA was 3.79
at ξ = 0.2. Both are higher than solely using either discrimina-
tive or generative output alone, which proves the effectiveness of
the blending technique. One of the best blended results, ξ = 0.8
(shown in Table 1), was superior to the original Sepformer in both
reference-based and reference-free metrics.

5. CONCLUSION

In this paper, we proposed a shared DDRM-based refiner and
showed that the performance of preceding models can be improved
in terms of the reference-free metric. We also demonstrated that
both reference-based and reference-free scores were improved by
changing the design of the measurement noise in the DDRM up-
date. Finally, we showed that simple mixing of the discriminative
and generative outputs can further improve the separation quality.

In future work, we plan to investigate the design framework of
the linear inverse problem. For example, we may consider using the
uncertainty of the estimation of the discriminative model to choose
the variance of the observation noise.
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