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Abstract—In this paper, we propose a variance-preserving
interpolation framework to improve diffusion models for single-
channel speech enhancement (SE) and automatic speech recog-
nition (ASR). This new variance-preserving interpolation diffu-
sion model (VPIDM) approach requires only 25 iterative steps
and obviates the need for a corrector, an essential element
in the existing variance-exploding interpolation diffusion model
(VEIDM). Two notable distinctions between VPIDM and VEIDM
are the scaling function of the mean of state variables and
the constraint imposed on the variance relative to the mean’s
scale. We conduct a systematic exploration of the theoretical
mechanism underlying VPIDM, and develop insights regarding
VPIDM’s applications in SE and ASR using VPIDM as a
frontend. Our proposed approach, evaluated on two distinct data
sets, demonstrates VPIDM’s superior performances over conven-
tional discriminative SE algorithms. Furthermore, we assess the
performance of the proposed model under varying signal-to-noise
ratio (SNR) levels. The investigation reveals VPIDM’s improved
robustness in target noise elimination when compared to VEIDM.
Furthermore, utilizing the mid-outputs of both VPIDM and
VEIDM results in enhanced ASR accuracies, thereby highlighting
the practical efficacy of our proposed approach. Code and audio
examples are available online 1.

Index Terms—Speech enhancement, speech denoising, diffu-
sion model, score-based, interpolating diffusion model.

I. INTRODUCTION

AMBIENT noises, such as machine sounds, animal noises,
and footsteps, are a common presence in our daily lives

[1], and can impact the performance of automatic speech
recognition (ASR) systems [2], [3] and spoken question an-
swering systems [4], [5], [6], [7], [8]. Speech enhancement
(SE) technique [9] aims to reduce noise while preserving the
clarity of the speech signal, often approached as a supervised
task [10], with deep learning (DL) methods being particularly
successful, although unsupervised approaches are also being
investigated [11], [12]. SE has Mask-based algorithms [10],
[13], similar to gain functions in traditional methods [14],
have been developed as learning targets. Another paradigm
is the mapping function [15], which transforms the noisy
speech spectrum into a clean one. Beyond focusing on input
and output targets, a wide variety of network architectures
has been designed, including multi-layer perception (MLP)
[15], long short-term memory (LSTM) [16], convolutional
neural network (CNN) [17], UNet [18], and Transformer
[19]. Additionally, multi-target learning [20] and multi-stage
models [21] have been employed in SE tasks. The concept of

1https://github.com/zelokuo/VPIDM

progressive learning (PL) has been proposed by researchers
[16], [22], involving a gradual noise removal process through
the deepening layers of LSTM or MLP. Moreover, regressive
losses, such as minimize mean square error (MMSE) or mini-
mum absolute error (MAE) [10], are crucial as cost functions
for the DL-based SE task, leading to these methods being
commonly referred to as regressive algorithms or discrimina-
tive algorithms.

Besides discriminative methods, generative models are also
utilized for SE to estimate the distribution of clean speech.
Generative models are proposed based on the claim that the
unconditional distribution of clean signals is too complex to be
directly represented by specific equations. However, this distri-
bution can be implicitly modeled by artificial neural networks
(ANNs). Variational autoencoders (VAE) [23] postulates that
complex data distributions can be projected into a hidden
state space via an encoder, where the hidden state variables
conform to a multivariate Gaussian distribution. The clean
data is then reconstructed by mapping this Gaussian state
representation back to the real distribution using a decoder.
Normalizing flows [24] employs a sequence of invertible func-
tions to transform a simple Gaussian distribution into the target
distribution. Generative adversarial networks (GAN) [25], [26]
use a discriminator to critique the generator, ensuring that
the predicted clean speech closely resembles the real one. If
the discriminator is omitted, the generator effectively becomes
akin to a discriminative SE model. Therefore, following the
study in [27], we still categorize GAN-based methods as
discriminative approaches.

Diffusion models (DMs) have recently generated a large
interest in SE [27], [28], [29], [30], [31], [32], [33], [34], [35],
[36], [37], [38], due to their success in various generative tasks,
such as image generation [39], [40], [41], speech synthesis
[42], and voice conversion [43]. Generative models seek a
pathway from random noise to clean speech. Considering
random noise and clean signal as starting and ending states,
respectively, there exist numerous potential paths between
them. Teaching an ANN to learn one of these paths can be
challenging. Intuitively, the diffusion process in DMs can be
seen as defining a series of states, guiding the reverse process
in learning the path from random noise to clean speech. In the
context of discrete DMs, where the evolution between states
is explicitly parameterized and the number of steps is finite,
the process is governed by a parameter-free Markov chain.
This ensures that each step is dependent on the immediate
previous state, conforming to the definition of a Markov chain.
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Specifically, in the diffusion process, each state variable in the
chain is derived by incrementally adding Gaussian noise to
the preceding state, starting from the clean data and gradually
transitioning to a Gaussian distribution. Conversely, the reverse
process involves progressively removing noise from each state
variable, starting from Gaussian noise and converging to the
clean signal. The authors in [44] introduced the concept that
state variables in discrete DMs are sampled from a continuous
state space. They have formulated a stochastic ordinary dif-
ferential equation (SODE) [45] framework to model this state
space, i.e., continuous DMs. Moreover, they pointed out that
DMs described in [40] and [39] represent two specific cases of
continuous DMs, termed variance-preserving diffusion model
(VPDM) and variance-exploding diffusion model (VEDM),
respectively. Furthermore, continuous DMs offer the advantage
of smaller estimation errors, which is highly beneficial to DMs
[46].

Adopting the conditional generation approach found in tasks
such as text-to-image and text-to-speech, noisy speech can
serve as a condition for generating clean speech in DMs
[28], but not achieving comparable results as discriminative
models. The condition extractor in [28] encodes noisy speech
into a coarse-grained, high-level embedding, which inevitably
discards significant fine-grained structures. However, this ap-
proach has not yet yielded top performances in SE, where
fine-grained features play a crucial role in waveform recon-
struction. Another potential reason why directly applying DMs
to SE tasks falls short is that original DMs are tailored for pre-
dicting distributions with greater flexibility than those required
for SE. In contrast, each noisy speech clip matches only one
clean clip, presenting a significant mismatch with the original
design intent of DMs. Consequently, adapting DMs for SE
tasks proves challenging and requires significant customization
to align with the unique requirements of SE. The study in [30]
introduces the concept of incorporating noisy speech into the
diffusion process to retain fine-grained information. Here, the
mean of the state variable is a linear combination of clean
and noisy speech, contrasting with the scaled clean speech
in traditional DMs [40], [39]. Building on VEDM, authors
in [31], [27] extended the discrete state space in [30] to a
continuum and presented an SODE formula to model this
space, leading to the development of a variance-exploding
interpolation diffusion model (VEIDM). While VEIDM has
achieved state-of-the-art (SOTA) performances, it may not ef-
ficiently enhance noisy speech in specific low Signal-to-Noise
Ratio (SNR) conditions. Furthermore, VEIDM uses a corrector
for improvement, it also doubles the number of the ANN’s
parameters, resulting in high computational costs. Moreover,
two-stage DMs have been proposed for SE [34], [36], wherein
a discriminative model initially obtains a pre-enhanced signal,
followed by a DM in the second stage to minimize the error
between this pre-enhanced and clean speech, two steps that
might lead to an increase in computational overheads.

These limitations of current DM-based SE algorithms have
inspired us to develop a new interpolating scheme [32]. Specif-
ically, the mean of the state variable in our DM is essentially
a linear interpolation of clean and noisy speech, scaled by
a scheduling factor, where the mean constrains the vari-

TABLE I
LIST OF NOTATIONS.

Symbol Definition

x,n,y Clean speech, target noise, and noisy speech (time domain)
X,N,Y Clean speech, target noise, and noisy speech spectra

τ State index, 0 denotes the initial state, T is the last state
V(τ) Linear interpolating process of X and N
λ(τ) Interpolating coefficient, manipulating the ratio of X in V(τ)

S(τ) The state variable of forward or reverse process
U(τ) Mean vector of S(τ), i.e., S(0) or V(τ)
Σ(τ) Covariance matrix of S(τ)
Z Complex-valued circular symmetric Gaussian variable
α(τ) Scale coefficient, controlling the ratio of U(τ) in S(τ)
G(τ) SD coefficient, controlling the ratio of Z in S(τ)
CN Complex standard norm distribution

W Complex-valued Brownian motion in the forward process
W̃ Complex-valued Brownian motion in the reverse process
d(·) Differential operation
g(τ) Diffusion coefficients, representing the change rate of Σ(τ)
f(S,Y, τ) Drift coefficient, representing the change rate of U(τ)
p(S|X,Y) Conditional probability density of S(τ) given X and Y pair
pe(X,Y) Empirical joint probability of X and Y pair in training set
Ψθ(S,Y, τ) Output of the ANN
d(·)
dX∗ Complex gradient operation for a real function of X [47]
Sq(τ) q-th S in a mini-batch, batch size is Q

ϵ Minimal state index (closest to the initial state in practice)
K Number of states in a discrete state space
∆ T−ϵ

K−1
τk τk = (k − 1)∆ + ϵ

Ŝ(τ) An estimation of S(τ)
V̂(τ) An estimation of V(τ)
Sk k-th state in a discrete state space sampled from S(τ)

Ŝk An estimation of Sk

αk α(τk)

ance. This proposed framework, termed variance-preserving
interpolation diffusion model (VPIDM), has achieved SOTA
performances among DM-based SE models. We believe we
have two key contributions. In theory, we first establish a
comprehensive principle, focusing on the methodology of the
newly introduced VPIDM. Next, we perform an analysis of the
impact of VPIDM on target noise reduction during the reverse
DM process and propose an early-stopping rule to improve
the robustness of ASR [2], [3] of DM-enhanced speech using
VPIDM as a frontend for ASR. In experiments, we evaluate
the effectiveness of our proposed VPIDM on a large-scale
data set, in contrast to previous DM-based SE studies, which
predominantly focused on small-scale data sets [30], [27].
Moreover, we carry out extensive experiments to analyze the
unique characteristics of VPIDM. For instance, we employ
a critical discriminative baseline that shares the architectural
backbone with both VPIDM and VEIDM, ensuring a fair
comparative analysis.

II. RELATED WORK

We first introduce the current SOTA DM-based SE algo-
rithm, known as VEIDM. Moreover, we will also present
VPDM, which primarily finds application in other fields.
Nonetheless, it serves as the foundational concept and is
essential for understanding our proposed VPIDM. We will use
notations commonly used in SE literature to describe the signal
models and related formulations which will be different from
notations used in DM literature so far (e.g., [28], [27], [31])
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and in our previous work [32]. For convenience, we summarize
in Table I the main notations used in this study.

A. Signal Model

In this study, we consider the single-channel additive-
noise signal model. Given a clip of clean speech x =
[x0, x1, · · · , xD−1]

⊺ in the time domain and the additive
noise n = [n0, n1, · · · , nD−1]

⊺, the resulting noisy speech
y = [y0, y1, · · · , yD−1]

⊺ is given by

y = x+ n. (1)

In this equation, the sets {x,n,y} ∈ RD, and the signals are
expressed in the time domain. Here, D represents the total
number of sample points, xd, nd, and yd represent the d-th
element in x, n, and y, respectively, 0 ≤ d ≤ D− 1, and [·]⊺
signifies the transpose of a vector or a matrix. To differentiate
from the Gaussian noise in DMs, the n is termed as target
noise in this article. Applying the short-time Fourier transform
(STFT) to both sides of Eq. (1), we get:

Ytf = Xtf +Ntf . (2)

Here, the superscript tf denotes the signals are processed
in the STFT domain, {Xtf ,Ntf ,Ytf} ∈ CL×M , Xtf =
[Xtf

l,m]L×M , Ntf = [N tf
l,m]L×M , and Ytf = [Y tf

l,m]L×M

correspond to the STFT representations of the clean speech,
target noise, and noisy speech, respectively. The Xtf

l,m, N tf
l,m,

and Y tf
l,m, are the l-th row and m-th column elements in Xtf ,

Ntf , and Ytf , respectively. The indices l and m also denote
the frame and frequency indices, with l ranging from 0 to
L−1 and m from 0 to M−1. To compensate for the typically
heavy-tailed distribution of speech signal’s STFT, authors in
[31], [27] introduce a transformation that compresses the STFT
spectrum into an amenable form for DM. It attempts to reduce
the dynamic range of the spectrum‘s complex value without
changing the phase spectrum of the original signal. The signal
model is now represented by

Y = F(Ytf ) = a|Ytf |cej∠Ytf

; (3)
Y ≈ X+N, (4)

where X = F(Xtf ), N = F(Ntf ), F denotes the transforma-
tion function operating element-wise, X, N, and Y correspond
to the transformed representations of the clean speech, target
noise, and noisy speech, respectively. j is the imaginary unit,
c ∈ (0, 1] is the transformed factor, a ∈ (0, 1] manipulates the
scale of the transformed signal, and |·| represents the operation
of computing the norm of a complex matrix element-wise, [·]c
represents all elements in the matrix to the c-th power, while
∠· signifies the phase of a complex matrix also computed
element-wise. The approximation in Eq. (4) is akin to the
assumption made in [9] that the magnitude of noisy speech is
approximately equal to the sum of the magnitudes of the clean
speech and the additive noise. Moreover, the STFT operations
described in the remainder of this paper will inherently include
the transformation function as outlined in Eq. (3). Similarly,
when conducting the inverse STFT (iSTFT), the procedure
will commence with the application of the inverse function of

S(𝑇)S(𝜏1)S(0) S(𝜏2)

෠𝐒(0)S(𝑇) ෠S(𝜏1) ෠𝐒(𝜏2)

(a) Illustration of the forward process of the VEIDM

(b) Illustration of the reverse process of the VEIDM

Fig. 1. An illustration of the forward and reverse processes of VEIDM.

F(·). Following the inverse function, the iSTFT is then per-
formed to convert the frequency-domain signals back into their
time-domain representations. Both VEIDM and our proposed
VPIDM utilize the transformed representations as features.

B. VEIDM for Speech Enhancement

VEIDM [27] consists of two processes: the forward process
and the reverse diffusion process, as illustrated in Fig. 1.
For SE tasks, the two processes can be likened to analysis-
synthesis methods [48]. The forward process resembles the
analysis phase but lacks learnable parameters, which serve
dual purposes: contributing to training the ANN and guiding
the reverse process. The reverse process parallels the synthesis
stage, albeit in a recursive fashion. It is important to note that,
unlike the forward process, the reverse process does not require
clean speech to reconstruct the waveform. VEIDM defines
a bidirectional mapping from clean speech (starting state) to
speech submerged in noises (ending state). During the forward,
following the study [44], VEIDM employs a continuous state
space to present the process, which means there are countless
middle states between the starting and ending states within
the continum. The states closer to the ending state are with
more Gaussian noise and target noise. The reverse process
learns to gradually remove a small portion of both noises in the
guidance of the forward process until obtaining clean speech
estimation. In addition, there are innumerable states between
the starting and ending states, so we randomly select two
states between the starting and ending to illustrate the forward
process in Fig. 1 (a). We observe that the forward process is
characterized by two key processes: the deterministic process
and the stochastic process of gradually adding Gaussian noise.
The deterministic process is the linear interpolation of clean
speech and noisy speech. During the deterministic process
which is indicated by the red rectangular in Fig. 1 (a), noisy
speech is incrementally merged with clean speech, leading
to a gradual increase in the scale of the target noise. This
process commences with clean speech and concludes when
the noise scale closely matches that of the noisy speech.
Concurrently, in the stochastic process, Gaussian noise is
incrementally introduced, leading to the deterministic part
becoming submerged within the Gaussian noise.

In this study, we encapsulate the interpolation method [27],
[28], [30], [31] within a deterministic process represented
by a state variable V(τ) to provide a deeper understanding.
To facilitate the definition of state variables in VEIDM, the
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Fig. 2. Two curves of η(τ) and α(τ). η(τ) is the monotonically increasing
function w.r.t. τ , and α(τ) is the monotonically decreasing function.

three matrices X,N and Y are typically treated as three
complex vectors, each belonging to the LM dimension, i.e.,
{X,N,Y} ∈ CLM [40], [44], [27]. This process assumes
the target noise N is incrementally added to the clean speech
X as the state index increases, resulting in the final state
having a target-noise scale close to that of noisy speech. The
deterministic process is defined by

V(τ) = X+ η(τ)N (5)
= λ(τ)X+ (1− λ(τ))Y, (6)

here V(0) = X denotes the initial state (clean speech),
η(·) : R 7→ R is a monotonically increasing function, termed
the interpolating coefficient, η(0) = 0, and λ(τ) = 1 − η(τ).
An example curve of η(τ) is depicted in Fig. 2. When τ is
from 0 to T , the target-noise scale is gradually increased.
Consequently, this process is termed the adding-target-noise
process (ATNP). Alternatively, V(τ) can be the linear inter-
polation between clean and noisy speech shown in Eq. (6).
During the reverse process, as τ decreases from T to 0, the
intensity of the target noise diminishes, a phase we term the
reducing-target-noise process (RTNP). During this process,
the target noise in V(T ) is gradually removed until V(τ)
degenerates to clean speech. The stochastic process where
the Gaussian noise is gradually added to the V(τ) can be
represented by

S(τ) = V(τ) +G(τ)Z, (7)

where S(τ) is the state variable in the continuous state space
given state index τ (it is defined as a state variable in our study
not solely based on its involvement in recursive updates, but
also due to its fundamental role in representing the state space
at any index τ ), S(0) = X denotes the initial state (clean
speech), τ (0 ≤ τ ≤ T ) represents the state index, T indicates
the last state, Σ(τ) = G2(τ)I is the covariance matrix of S(τ),
I ∈ RLM×LM is the unit diagonal matrix which means each
element in S(τ) is statistically independent, G(·) : R 7→ R is
called the standard deviation (SD) coefficient, and Z ∈ CLM

presents the complex-valued, circular symmetric Gaussian
noise sampled from the complex standard norm distribution

Z ∼ CN (0, I), (8)

here 0 ∈ RLM is a zero vector, and CN denotes the complex
standard norm distribution. The reverse is illustrated in Fig.
1 (b), which starts with the state in which both energies of
Gaussian noise and target noise are high. Consequently, the

Gaussian noise and target noise are gradually removed, until
we get the estimation of clean speech. In addition, the goal of
the reverse is to estimate the clean speech, thus we can not
resort to the state equation to predict the current state which
is a function of the clean speech. In practice, the current state
is recursively obtained from the previous state.

C. VPDM for Generative Tasks

VPDM was introduced in [44] for both unconditional and
conditional image generation tasks. Here, to better understand
our proposed VPIDM, we intend to modify VPDM [44] for
SE by using noisy speech as a condition, aiming to estimate
the distribution of clean speech. In VPDM, the state evolution
equation is represented by

S(τ) = α(τ)S(0) +
√

1− α2(τ)Z. (9)

Here, the scale coefficient α(·) : R 7→ R is a monotonically
decreasing function, with α(0) = 1, 0 < α(T ) < 1. An illus-
trative curve of α(τ) can be seen in Fig. 2. Moreover, the SD
coefficient of Gaussian is constrained by the scale coefficient
α(τ). The “variance-preserving” (VP) property in VPDM [44]
states that the magnitude of the state variable is approximately
unchanged during the whole forward process. Further detail
of SODE for VPDM can be found in [44]. While VPDM
has demonstrated its superiority in other generative tasks, only
few studies have achieved competitive performances in SE by
directly using VPDM. Thus, we are encouraged to explore the
possibility of enhancing VPDM.

III. PROPOSED VPIDM FOR SPEECH ENHANCEMENT

In this section, we first present our motivation. In addition,
we will provide a detailed exposition of the state equation,
drawing parallels to the formulations seen in Eqs. (7) and (9)
and also introduce SODE which is pivotal for understanding
the reverse process. Accordingly, we will articulate the training
process, and define the training target. We next delve into the
reverse process to showcase the procedure of enhancing a clip
of noisy speech. We finally present an interpretation of our
proposed VPIDM, offering some insights and analytical per-
spectives into comprehending the implications of the proposed
approach in sub-sections (III-C), (III-D), and (III-E).

A. Motivation

The current VEIDM [27] has achieved SOTA performance
for SE by utilizing a powerful ANN model. However, during
the reverse process, the ANN’s estimation at every step is
not so accurate and needs to be enhanced by a corrector
[44], [27]. The corrector also re-implements the ANN as the
backbone. Consequently, it leads to the total inferring time
doubling. Moreover, we find that the performance of VEIDM
can not transcend the discriminative model which uses the
same ANN model as the backbone when the corrector is
muted. Furthermore, for the initial state S(T ) (in Eq. (7)) of
the reverse process, the clean speech is unavailable, thus an
approximate S(T ) is obtained by replacing the clean speech
with the noisy speech in practice. Therefore, it is inevitable
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Fig. 3. A comparison of forward processes of VEIDM and VPIDM, with
four logarithmic spectra sampled from the respective processes.

to cause the error, termed the initial error. Notably, we can
add more Gaussian noise to each state for VEIDM to obtain a
relatively small initial error. However, this strategy will cause
the scale range of S(τ) to increase which is detrimental for
the ANN to learn the training target. It is reported that the
corrector is not necessary for the VPDM [44]. Besides, the
VP strategy could reduce the initial error as we point out in
our previous paper [32]. Therefore, it is encouraged for us to
apply the VP strategy to VEIDM or adopt the interpolation
method for VPDM in the context of SE. Consequently, we
tailor the VEIDM to the proposed VPIDM. As depicted in Fig.
3 (a), the deterministic components account for a considerable
portion compared to the stochastic Gaussian noise in S(T )
for VEIDM, thus the initial error could have detrimental
impacts on the reverse process. In Fig. 3 (b), we illustrate
the diffusion process of the proposed VPIDM. We observe that
the deterministic components are submerged into the Gaussian
noise which thereby could cause less initial error.

B. Extending VPDM to VPIDM for Speech Enhancement

In line with the methodologies discussed in [40], [44],
we assume that the state equation in the forward diffusion
process is an affine function, composed of a deterministic
and a stochastic Gaussian component. Furthermore, drawing
inspiration from [31], [27], [44], we propose that the mean
itself is an affine function of both clean and noisy speech, as
defined in Eq. (6). On top of the new state equation, we also
express SODE in a closed form for VPIDM in this sub-section.

1) The Forward Process: The forward process comprises
two crucial equations: the state equation, which establishes
the connection with the initial state (clean speech), and the
SODE, which serves as the crucial foundation for the reverse
process. The state equation is crucial for sampling at any given
state index τ ∈ [0, T ], relative to the clean-noisy speech pair.
The state equation of VPIDM is represented by

S(τ) ≜ α(τ) [λ(τ)X+ (1− λ(τ))Y] +
√

1− α2(τ)Z

= α(τ)V(τ) +
√

1− α2(τ)Z, (10)

here the scale coefficient α(τ) has a similar form to that in
Eq. (9), and λ(τ) = 1 − η(τ) is the same as that in Eq. (6).
The state variable S(τ) and V(τ) as defined in Eq. (10), are
central to this model. The initial state of the model is set as
S(0) = V(0) = X, the clean signal. The forward SODE of

VPIDM (and also VEIDM detailed in [27]) is given by the
unified framework proposed in [44]:

dS(τ) = f(S,Y, τ)dτ + g(τ)dW, (11)

where f(·,Y, τ) : CLM 7→ CLM , and g(·) : R 7→ R are
the drift and diffusion coefficients, respectively, and W is the
complex-valued Brownian motion. Suppose the increment of
τ is ∆(→ 0), then ∆W ∼ CN (0,∆I). Notably, VEIDM
and VPIDM follow the same unified SODE as presented in
Eq. (11), but with discrepant coefficients. According to Eqs.
(5-50) and (5-51) in [45], the two coefficients in VPIDM are:

f(S,Y, τ) =
d ln [α(τ)λ(τ)]

dτ
S(τ)− α(τ)

d lnλ(τ)
dτ

Y; (12)

g(τ) =

√
dG2(τ)

dτ
− 2G2(τ)

d ln [α(τ)λ(τ)]
dτ

. (13)

A detailed derivation of the two above coefficients is formu-
lated in Eqs. (35) and (36) shown in Appendix. We follow
[31], [27], and express λ(τ) in an exponential form and set
the scale coefficient α(τ) in an identical form to that in [44],
but with customized hyper-parameters for SE:

λ(τ) = e−γτ ; (14)

α(τ) = e−0.5
∫ τ
0

β(s)ds; (15)

G(τ) =
√
1− α2(τ), (16)

where the non-negative hyper-parameter γ manipulates the
speed of infusing noisy speech, and β(τ) = (βmax − βmin)τ +
βmin, with two non-negative constant hyper-parameters, βmax
and βmin, controls the rate of change from S(0) to S(T ).

2) Training Target and Loss: Training is illustrated in Fig.
4. By inputting clean and noisy speech to evaluate STFT, we
get clean and noisy speech spectra. In addition, we randomly
select τ and sample Z from Eq. (8). We now obtain the
state variable S(τ) from Eq. (10) and then input the state
variable, noisy spectrum, and the state index to NCSN++
(introduced in Section IV-A2). The loss is computed by Eq.
(22) to be presented later. It is worth noting that S(τ) requires
a pair of clean and noisy speech for supervision. The ANN
output, Ψθ(S,Y, τ) ∈ CLM where the subscript θ denotes
the parameters of the ANN, is to predict the score [49], [39],
[44] which is represented in the complex domain in this paper.
It is denoted as d ln p(X|Y)

dX∗ , where superscript ∗ signifies the
conjugate operation, p(X|Y) represents the conditional prob-
ability density function of clean speech given noisy speech.

Encoder

Decoder
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Module
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𝐲 Noisy Wave
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ss

𝐙 Gaussian Noise

Fig. 4. An illustration of the training stage. The spectrum of S(τ), the noisy
spectrum, and the state index are injected into the ANN to predict the weighted
Gaussian noise in S(τ). The L2 loss is utilized as the cost function.
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Fig. 5. A diagram of the reverse process. The initial state variable SK sampled from Eq. (31) with the noisy spectrum and the state index is fed into the
Reverse Block to get an estimation of the next state SK−1. Re-utilize the Reverse Block K times, we finally get an estimation of the clean speech spectrum,
then transform it to the clean waveform via iSTFT. The Reverse Block consists of two modules: ANN and DR-SODE denoted in Eq. (25).

Unlike VAEs which seek to predict the conditional probability
p(X|Y), DMs attempt to estimate the score, i.e., gradient of
the conditional probability, to avoid the problem of intractable
normalization term [39]. The training objective is to minimize
MMSE of Ψθ and the score d ln p(X|Y)

dX∗ as follows,

arg min
θ

Ep(X|Y)

∣∣∣∣∣∣∣∣Ψθ(S,Y, τ)−
d ln p(X|Y)

dX∗

∣∣∣∣∣∣∣∣2
2

, (17)

where ||·||22 denotes the square of the L2 norm, and E signifies
the mathematical expectation. However, the unavailable con-
ditional probability makes the score in Eq. (17) inaccessible,
causing the expectation in Eq. (17) impracticable. According
to denoising score-matching in [3], [44], the optimization
problem presented in Eq. (17) becomes:

arg min
θ

Ep(S|X,Y)pe(X,Y)

∣∣∣∣∣∣∣∣Ψθ(S,Y, τ)−
d ln p(S|X,Y)

dS∗

∣∣∣∣∣∣∣∣2
2

= arg min
θ

Ep(S|X,Y)pe(X,Y)

∣∣∣∣∣∣∣∣Ψθ(S,Y, τ) +
Z

G(τ)

∣∣∣∣∣∣∣∣2
2

(18)

where p(S|X,Y) represents the conditional density of S(τ)
given clean and noisy speech, pe(X,Y) denotes the empirical
joint density of clean and noisy speech given the training set.
The conditional density p(S|X,Y) and its gradient are:

U(τ) = ES [S] = α(τ) [λ(τ)X+ (1− λ(τ))Y] ; (19)

p(S|X,Y) =
1

(π)LM det(Σ)
e−(S−U)HΣ−1(S−U); (20)

d ln p(S|X,Y)

dS∗ = − (S−U)

G2(τ)
= − Z

G(τ)
. (21)

Here det(Σ) is the determinant of the covariance matrix Σ(τ),
the superscript H denotes conjugate (or Hermitian) transpose.
In practice, using a Monte Carlo method [46] to approximate
the expectation in Eq. (18) in a mini-batch, and weighting it
with the SD coefficient G(τ) to keep training stable [39], [44],
the cost function is now represented as:

L =

Q∑
q=1

||G (τ q)Ψθ [S
q,Yq, τ q] + Zq||22
QLM

, (22)

where Q is the batch size, the superscript q denotes the q-
th signal in the batch, τ is uniformly sampled from (ϵ, T ]. ϵ
presents the minimal state index indicating the first state after
the clean signal during the diffusion process, an important
hyper-parameter impacting the training stability [44], [32].

3) The Reverse Process: Fig. 5 shows an illustration of the
reverse process where we reuse the Reverse Block K times
but input different state variables and indices into the block
to obtain the estimated clean spectrum recursively. We first
sample an initial state SK and input it with the noisy spectrum
and the state index to get an estimate of the next state. By
repeating this step K times, we finally get the enhanced speech
spectrum. Then, we apply iSTFT to get enhanced speech.
Next, we will provide a detailed explanation of the meanings
of SK , K, and the reverse process. The reverse SODE of our
proposed VPIDM akin to those [49], [44] is defined as:

dS(τ)=
[
−f(S,Y,τ)+g2(τ)

d ln p(X|Y)

dX∗

]
dτ+g(τ)dW̃ (23)

where W̃ is another complex-valued Brownian motion inde-
pendent from W, f(S,Y, τ) and g(τ) are the drift and dif-
fusion coefficients defined in Eqs. (12) and (13), respectively.
Replacing d ln p(X|Y)

dX∗ with the ANN output, we get:

dS(τ)=
[
−f(S,Y,τ)+g2(τ)Ψθ(S,Y,τ)

]
dτ+g(τ)dW̃. (24)

In utilizing R-SODE in Eq. (24) to obtain an estimate of the
clean speech spectrum, we have to calculate the entire reverse
process which is computationally demanding. Therefore, a
discrete R-SODE (DR-SODE) is adopted in practice as shown
in Eq. (25). Dividing [ϵ, T ] evenly into K − 1 equal parts, K
is the total sampling steps, ∆ = T−ϵ

K−1 . R-SODE and discrete
functions within R-SODE are defined by

Sk−1 = Sk−[fk(Sk,Y)−g2kΨθ,k(Sk,Y)]∆ + gk
√
∆Z (25)

fk(Sk,Y) = f(S(τk),Y, τk); (26)
Ψθ,k(Sk,Y) = Ψθ (S(τk),Y, τk) ; (27)

ψk = ψ(τk), for ψ ∈ {S,V,U}; (28)
ρk = ρ(τk), for ρ ∈ {α, η, λ,G, g}; (29)

τk = (k − 1)∆ + ϵ, for k ∈ {1, 2, 3, · · · ,K}. (30)

During the reverse diffusion process, starting with SK sampled
from Eq. (10) is impracticable, because the clean signal is also
required. In practice, we replace the clean signal with the noisy
spectrum [30], [27] when k = K and hence sample SK

SK ∼ CN
(
αKY, G2

KI
)
. (31)
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TABLE II
A COMPARISON OF STATE EQUATIONS FOR VEIDM/VPDM/VPIDM.

Diffusion
Models

Scale
Coefficients

SD
Coefficients

Interpolating
Coefficients

VEIDM [27] 1 G(τ) 1− λ(τ)

VPDM α(τ)
√

1− α2(τ) 0

VPIDM α(τ)
√

1− α2(τ) 1− λ(τ)

C. VPIDM in Contrast to VEIDM and VPDM

The general state equation related to VEIDM and VPIDM
can be expressed as:

S(τ) = α(τ)V(τ) +G(τ)Z. (32)

This framework states that the deterministic process is con-
strained by the scale coefficient α(τ) and the interpolating
factor 1 − λ(τ) in V(τ). They might operate independently
of the stochastic Gaussian process which is controlled by the
SD coefficient G(τ). We list the similarities and differences
between VEIDM and VPIDM in Table II. It’s clear that
VEIDM and VPIDM are two distinct variants of Eq. (32).
In VEIDM, the value of α(τ) is consistently set to 1, whereas
VPIDM constrains the variance of the Gaussian process to be
related to the scale coefficient α(τ).

According to Section III-B, different state equations induce
discrepant reverse processes. From state equations in Eqs.
(10) and (7), we observe that speech components gradually
diminish in VPIDM, and keep unchanged in VEIDM during
the forward process. As a result, during the reverse process,
VPIDM reconstructs clean speech’s amplitude progressively,
whereas VEIDM argues that the amplitude is unchanged
during the whole reverse process because α(τ) constantly
equals 1 (we will also present the analysis in Section III-D).
Reconstructing clean speech’s amplitude progressively renders
the ANN to learn the small changes between two states,
providing more rich information than VEIDM.

We now discuss the possible reason why directly employing
the VPDM in other tasks for SE fails, and then present a
customized VPDM as a baseline for our proposed VPIDM.
In SE, which essentially involves reconstructing audio, noisy
speech serves as a significant prior. While high-level features
like the Mel spectrum [28], [30] can be used as input, they
often omit crucial low-level features valuable for SE. There-
fore, such methods might not yield optimal results. Studies in
[31], [27] employ low-level features of the raw noisy speech
spectrum as input, maintaining the same dimensionality as
clean speech for effective SE. We find this strategy also works
well for VPDM, namely, the state variable is concatenated on
noisy speech and then fed into ANN. For a given state index
τ , ANN in VPDM aims to estimate Gaussian noise within
the state variable S(τ) [40], [39]. However, in this context,
ANN can predict the clean signal directly from noisy speech
and infer Gaussian noise implicitly [46]. Typically, Gaussian
noise in S(τ) has a higher average energy than the target
noise in noisy speech. When processing raw noisy speech,
ANN tends to first estimate the clean signal from the noisy
one and then derive the Gaussian component. This approach,

while simpler, may lessen ANN’s ability to learn the entire
diffusion process effectively. VPIDM could be considered as
applying an interpolating scheme to VPDM. When there is no
target noise or the interpolating coefficient is zero, VPIDM
simplifies to VPDM, thus positioning VPDM as a special
case within the broader VPIDM framework. As one of our
baselines, we implemented a VPDM using the same data
set, hyper-parameters, and other experimental configurations
as those in VPIDM. The only difference is that we set the
interpolating coefficient 1− λ(τ) ≡ 0 for VPDM.

Compared to VPDM, VPIDM utilizes an interpolation
scheme that provides guidance to remove target noise during
the reverse process. Although the interpolation approach is
adopted in [30], [31], [27], none of them provide a theoretical
analysis of the mechanism. Inspired by this, we will present an
analysis of the mechanism behind our interpolation approach
in the next sub-section.

D. Role of Interpolation in Enhancing Speech
In the reverse process, the objective is to sample a clean

speech signal starting from the initial state S(T ). This process
reverses the deterministic process, denoted as U(τ), and the
stochastic process. The stochastic process involves reducing all
the Gaussian noise present in S(T ). Typically, this sampling
is carried out using R-SODE in Eq. (24), with the drift
coefficient f(S,Y, τ) specified in Eq. (12). Simultaneously,
the deterministic process incrementally removes the target
noise via R-SODE. However, understanding the underlying
mechanism of how VPIDM effectively eliminates the target
noise can be challenging. By referring to the RTNP defined in
Eq. (5), we can derive the drift function in another form, which
turns out to be equivalent to the drift coefficient described in
Eq. (12), representing the function for noise as:

f(S,N, τ) =
d lnα(τ)

dτ
S(τ) + α(τ)

dη(τ)
dτ

N. (33)

Although the target noise N is not practically accessible, the
drift function f(S,N, τ) provides valuable insights into the
mechanism. Combine Eqs. (33), (19) and (24), we get:

dU(τ)

dτ
=

dα(τ)
dτ

U(τ)

α(τ)︸ ︷︷ ︸
1⃝

+α(τ)
dη(τ)

dτ
N︸ ︷︷ ︸

2⃝

, (34)

where the first item 1⃝ contributes to iteratively building up
the complex value, consequently enhancing the clean signal
amplitude incrementally over τ from T to 0. The second item
2⃝ is to decrease the target noise component. Therefore, noisy

speech Y in the drift coefficient f(S,Y, τ) has two main
contributions, i.e., the clean components in noisy speech help
repair the amplitude of estimated clean speech, and the noise
part offsets the target noise gradually.

For VEIDM, α(τ) = 1, the first item 1⃝ is zero. So, noisy
speech has only one contribution during the reverse process:
providing the noise component to reduce the target noise.

E. VPIDM as a Frontend for Recognizing Noisy Speech
Studies [16], [22], [50] highlight that ASR systems exhibit

varying levels of sensitivity to noise compared to perceptual
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metrics. Furthermore, research [51] indicates that ASR sys-
tems are more susceptible to artificial interferences than to
noise. This sensitivity presents a challenge for SE algorithms:
while they can effectively remove target noise, they often
introduce artifacts that are detrimental to ASR applications.
This situation creates a trade-off between the intensity of noise
reduction and the generation of artifacts. Intense denoising
tends to produce more artifacts, which can adversely affect
recognition performance, and vice versa.

In our model, during the reverse process, an estimated clean
speech S(τ) is derived from the output of an ANN. This output
not only gradually eliminates the Gaussian noise through the
R-SODE in Eq. (24) but also provides an implicit estimation of
V(τ). As τ decreases from T to 0, the target noise in V(τ) is
progressively reduced. Both S(τ) and V(τ) offer mid-outputs
with varying noise reduction intensities. When τ → 0, the
target noise is almost entirely removed, but this often results
in distortion of the clean speech components, a.k.a, artifacts.

Previous studies [16], [22], [50] suggest that retaining some
noise can be beneficial for ASR systems, helping to avoid
artifacts. Therefore, we propose using the mid-outputs of S(τ)
and V(τ) for ASR. While S(τ) also provides mid-outputs with
moderate denoising intensity, it contains more Gaussian noise
than V(τ), especially when τ is close to T . Consequently, for
noise-robust ASR, we prefer the mid-outputs of V(τ), which
require fewer steps than the complete reverse process. We
determine the optimal number of sampling steps, K1(≤ K),
for obtaining these mid-outputs based on ASR performance
on a development dataset, where K is the total number of
steps in the discrete reverse process. In other words, during the
recursive sampling process, we utilize the estimated V̂K−K1

taking K1 steps for ASR, and Ŝ0 taking K steps for SE.

IV. EXPERIMENTS AND RESULT ANALYSIS

A. Experimental Settings

1) Speech Data Sets: Our models are trained on two well-
known datasets: the smaller Voice Bank + Demand (VBD)
dataset [52], and the larger-scale dataset from the third Deep
Noise Suppression Challenge (DNS) [53], to demonstrate our
methodology. For selecting the optimal model in the VPIDM
training, we randomly chose 20 clips from the validation
dataset. When training the discriminative model, all clips in the
validation dataset are used for validation to prevent overfitting.

• The VBD Corpus: VBD [52] is widely adopted for SE
tasks. The training set consists of 28 speakers (14 female
and 14 male) with 8 noises in five SNR levels. The
total duration is about 9 hours. The test set includes two
unseen speakers with two unseen noises at five unseen
SNR levels. Different from our previous paper [32] where
we use partial clips from the test set for validating, we
preserve clips of two speakers as a validation set, and
clips from other 26 speakers for training.

• The DNS Corpus: The clean DNS set [53] consists of
7 kinds of languages, i.e., English, Mandarin, German,
French, Italian, Russian, Spanish, and two kinds of un-
usual speech, i.e, singing voice, and emotional speech.
The total duration is about 660 hours. About 60000

noises are provided for simulation. We keep 200 kinds of
noises for making up the validation dataset. The 200 clips
of clean speech are randomly selected from the unseen
TIMIT 2 dataset for validation. In this study, we discuss
the problem based on additive noise. Therefore, the
blind dataset without the reverberation in the simulation
datasets provided by the challenge organizer is adopted
as the test set, denoted as “DNS Simu”.

• The 4th CHiME test data set (CHiME-4): The CHiME-
4 [3] test set includes two subsets, i.e., the simulated
one and the real one. Each subset consists of 1320 noisy
clips recorded in four real noisy environments, i.e., bus,
cafeteria, pedestrian, and street, which is detrimental for
the ASR. The real subset means that all clips are recorded
from the real noisy environments. To validate VPIDM for
the noise-robust ASR, we use the simulated subset as the
validation set to select the K1 and test the VPIDM on
the real subset trained on the large-scale DNS dataset. It
is worth pointing out that this data set is quite different
from our DNS training set. For example, both speakers
and noises in CHiME-4 are unseen for the trained model,
besides, we use the simulated data to get clean-noisy pairs
for training which have different distributions from the
real recorded data.

2) Neural Networks and Training Settings: In studies [44],
authors propose a UNet-like ANN architecture, a.k.a, Noise
Conditional Score Network ++ (NCSN++) for image genera-
tion. Literature [27] modified it for the SE task. In this study,
we utilize all the same ANN to validate our proposed method
fairly. More detailed settings can be found in [44], [27].
The two hyper-parameters, βmax and βmin, defining the scale
coefficient α(τ) in Eq. (15) are set to 2 and 0.1, respectively,
we set the γ in the λ(τ) to 1.5, and T = 1. The two constants,
a and c in the signal model in Eq. (3), are set to 0.15 and 0.5,
respectively. The Hann window is selected in STFT, with a
hop size of 128 and a window length of 510. All clips are
cut or padded to 256 frames, resulting in L = M = 256. We
set the effective batch size 4 × 8 = 32, learning rate 10−4.
We train the models for 120 and 200 epochs for the VBD and
DNS data sets, respectively.

3) Evaluation Metrics:

• CSIG, CBAK, COVL: Signal quality (CSIG), background
noise (CBAK), and the overall mean opinion score
(COVL) 3 in [56] are adopted to assess the speech quality,
extent of reducing noise, and the overall speech quality
compared to clean speech. All scales are in [0, 5].

• ESTOI and PESQ: Extended Short-Time Objective Intel-
ligibility (ESTOI) 4 [57] scaled in [0, 1] and wide-band
perceptual evaluation of speech quality (PESQ)5 scaled
in [1, 4.5] are adopted for evaluate the speech quality
and intelligibility. We re-express ESTOI in the percentage
form and always use wide-band PESQ here.

2https://catalog.ldc.upenn.edu/LDC93s1
3https://github.com/mkurop/composite-measure
4https://github.com/mpariente/pystoi
5https://github.com/ludlows/PESQ

https://catalog.ldc.upenn.edu/LDC93s1
https://github.com/mkurop/composite-measure
https://github.com/mpariente/pystoi
https://github.com/ludlows/PESQ
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TABLE III
THE OVERALL PERFORMANCE COMPARISON OF THE VPIDM AND FOUR BASELINES ON THE VBD DATASET. MODELS DENOTED WITH ASTERISKS (*)

INDICATE THAT WE HAVE REPRODUCED THEIR RESULTS FROM THE RESPECTIVE ARTICLES. WE HAVE REPLICATED THE REMAINING MODELS BASED ON
THE SETTINGS SPECIFIED IN THE CORRESPONDING PAPERS. THE “G” DENOTES THE GENERATIVE MODEL, AND THE “D” REPRESENTS THE

DISCRIMINATIVE MODEL. ALL EXPERIMENTAL RESULTS ARE PRESENTED IN THE FORM OF MEAN ± STANDARD DEVIATION.

Methods Type PESQ ↑ ESTOI (%) ↑ CSIG ↑ CBAK ↑ COVL ↑

Noisy - 1.97± 0.75 78.67± 14.94 3.35± 0.87 2.44± 0.67 2.63± 0.83
MP-SENet∗ [54] D 3.49± 0.61 89.11± 8.39 4.64± 0.72 3.72± 0.43 4.12± 0.59
MetricGAN+∗ [55] D 3.13± 0.55 83.15± 11.20 4.10± 0.68 2.89± 0.40 3.60± 0.64
NCSN++ [39] D 2.87± 0.74 87.26± 9.88 3.67± 0.97 3.45± 0.61 3.25± 0.88
VEIDM [27] G 2.93± 0.63 86.36± 9.82 4.12± 0.68 3.37± 0.36 3.51± 0.67
VPIDM (Ours) G 3.16± 0.69 87.44± 9.44 4.23± 0.66 3.53± 0.53 3.70± 0.71
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Fig. 6. The changing trends of two evaluation metrics PESQ/ESTOI concern-
ing the total sampling steps. The number of optimal sampling steps is 25.

• WER and ASR backend: We use word error rate (WER)
to measure VPIDM’s performance for ASR of noisy
speech. Although there are more sophisticated ASR
systems with possibly higher accuracy, it should be
noted that the primary objective of our paper is not
to showcase the best performance of ASR systems but
rather to highlight the relative improvements of early-
stopping strategy compared to the final result during the
reverse process. Therefore, we follow studies [58], [59],
[51], using the light-weighted ASR model 6 to unveil
the relative improvement. The model uses a time delay
neural network (TDNN) based on the lattice-free version
of maximum mutual information (LF-MMI) trained on
all training clips with data augmentation. The language
model is a 5-gram recurrent NN-based language model
(RNNLM).

B. Speech Enhancement Results on VBD

The results on the VBD set are presented in Table III.
Different from our previous paper [32] in which we adopt
partial speech segments from the test set for validation when
trained on VBD, here we randomly choose 20 clips from the
validation set. Although the results are slightly different, the
same conclusion in [32] can be drawn. We already demonstrate
that the optimal ϵ is 4 · 10−2 [32], so we still use this value
in this article.

The number of sampling steps in which the best perfor-
mance is achieved is denoted as the optimal sampling steps
(O.S.S.). To select the O.S.S., we investigate two metrics on
the validation set, i.e., PESQ and ESTOI. In Fig. (6), we give
the results of the two metrics changing with the total sampling

6https://github.com/kaldi-asr/kaldi/tree/master/egs/chime4/s5 1ch

steps. We can see that both metrics first improve and then
deteriorate as the number of sampling steps increases, and that
the best result is achieved when the O.S.S. is 25. In addition,
the two metric curves increase when the number is less than
25, this is because when there are too few sampling steps,
the discrete sampling algorithm in Eq. (25) leads to residual
Gaussian noise in the enhanced noise. In other words, fewer
steps result in more residual noise. Moreover, the two metrics
curves decrease when the number of sampling steps is greater
than 25, the reason is that when there are too many steps, the
discrete sampling algorithm in Eq. (25) could cause prediction
errors which uses the estimated state variable Sk as one of
input while using the ground-truth during the training stage.
The prediction errors will be accumulated with the sampling
steps and turn into the accumulation of errors. Consequently,
more steps result in more accumulative errors. Besides, the
falling speed is slower than the rising speed. We speculate
that the accumulative error is more minor than the residual
Gaussian noise.

Furthermore, we compare the proposed VPIDM to several
methods in Table III on the VBD. The results from discrim-
inative models are shown with a gray background in Table
III to emphasize that discriminative and generative algorithms
belong to distinct categories. We already demonstrated that
the VPIDM obtains the best results concerning all metrics
compared to the current DM-based method in our previous
paper [32]. Thus we only list partial results on the VBD in this
article. In addition, as demonstrated in [32], when maintaining
the same configuration (sample steps and ϵ) as VEIDM,
VPIDM still outperforms VEIDM, underscoring the benefits
of VP. Moreover, VEIDM [27] has already demonstrated its
superiority over a series of models. Therefore, in this article,
we only utilize the VEIDM and a new discriminative model
i.e., the NCSN++, as our main baselines. It is worth pointing
out that the VEIDM and VPIDM utilize almost the same ANN
architecture as that for NCSN++. C

Compared to the model architecture employed by the
VPIDM and VEIDM, the discriminative model NCSN++
means to remove all condition modules related to the state
index, parameters of which only account for a small portion
of those of the two DMs. In other words, the removed modules
almost do not impact the final performance. In our study,
we replicated the VEIDM using identical hyper-parameters
and configurations described in [27]. This approach involves
utilizing 30 sampling steps and a corrector, as proposed in

https://github.com/kaldi-asr/kaldi/tree/master/egs/chime4/s5_1ch
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TABLE IV
THE OVERALL PERFORMANCE COMPARISON OF THE VPIDM AND FOUR BASELINES ON THE DNS SIMU DATASET.

Methods Type PESQ ↑ ESTOI (%) ↑ CSIG ↑ CBAK ↑ COVL ↑

Noisy - 1.58± 0.46 80.99± 12.19 3.08± 0.74 2.53± 0.59 2.29± 0.60
NSNet2∗ [60] D 2.38± 0.56 88.21± 7.67 3.85± 0.57 3.19± 0.51 3.10± 0.58
FSubNet∗ [61] D 2.89± 0.67 91.96± 6.79 4.20± 0.68 2.94± 0.64 3.56± 0.70
NCSN++ [39] D 2.87± 0.75 94.15± 7.49 3.72± 0.97 3.78± 0.66 3.31± 0.88
VEIDM [27] G 2.93± 0.67 93.63± 5.83 4.34± 0.60 3.66± 0.67 3.67± 0.67
VPIDM (Ours) G 3.12± 0.66 94.24± 5.46 4.35± 0.61 3.89± 0.63 3.77± 0.68
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Fig. 7. Six box plots of two metrics, CBAK and PESQ, for VPIDM and four other baselines at three SNR levels on our simulated data set.

[44], [27], to refine the outcomes during the reverse process.
Consequently, this necessitates the model to perform inference
twice at each sampling step, leading to about 60 steps. In
this context, the corrector’s role is to rectify the estimation
errors of the Gaussian component in the state variable during
the reverse process of VEIDM. In contrast, the Gaussian
components in the state variables as estimated by our VPIDM
at each step are found to be relatively accurate when compared
to VEIDM. Therefore, VPIDM eliminates the need for a
corrector, streamlining the process and potentially enhancing
efficiency. Although in the shadow of the SOTA discriminative
models [19], [54], the proposed VPIDM achieves comparable
results and makes progress towards improving the DM-based
method.

C. Speech Enhancement Results on DNS

Next, we explore DM-based SE on large-scale data sets
which are not as often studied. We presume that the optimal
parameters for models trained on small datasets are also
effective on large datasets. Consequently, we train VPIDM and
VEIDM using identical model configurations as those used
for small-scale datasets, without engaging in hyperparameter
selection. Our experiments are conducted on the DNS set,
where we analyze the performance characteristics of our
proposed VPIDM in comparison with VEIDM and the dis-
criminative backbone NCSN++. For baselines, we employ two
renowned discriminative models, NSNet2 [60] and FSubNet
[40], trained on the DNS data set. NCSN++ serves as an
additional discriminative baseline in our study.

Our results shown in Table IV demonstrate that both
VEIDM and VPIDM outperform NCSN++ in three pivotal
metrics: PESQ, CSIG, and COVL, suggesting their efficacy in
reconstructing high-quality clean speech. In particular, VPIDM
exhibits slightly superior denoising capabilities over NCSN++
in the CBAK metric across both data sets, while VEIDM lags

slightly behind in the same metric, indicating less effective
noise removal under certain conditions. Despite this, VEIDM
maintains competitive signal quality as evidenced by the
CSIG metric. This could be attributed to interpolation in both
VEIDM and VPIDM in generating high-fidelity clean speech
estimates, although VEIDM occasionally misidentifies some
target noise as part of the speech component.

To assess the performance of VPIDM in low SNR scenarios,
we re-simulate the DNS Simu set to generate three subsets
with SNRs of −5 dB, 0 dB, and 5 dB. Take the data with 0
dB SNR for example, we use the original clean-noisy pairs in
DNS Simu and then modify the original SNR to 0 dB. We
utilize CBAK and PESQ to evaluate the residual background
noise and speech quality and present the results in Fig. 7. Our
evaluations reveal that at an input SNR of −5 dB, VPIDM
attains superior speech quality and lesser residual noise when
compared to VEIDM and NCSN++. At this SNR level,
VEIDM retains a larger amount of residual noise than that
for NCSN++, adversely affecting its PESQ score. At SNRs
of 0 dB and 5 dB, although VEIDM does not fully eliminate
noise like in NCSN++, it achieves better speech quality. In
summary, our proposed VPIDM algorithm outperforms the
baseline models in terms of both background noise reduction
and speech quality, underscoring its robustness, especially in
low SNR conditions.

We illustrate the robustness of our models by drawing
spectrograms at −5 dB in Fig. 8. The utterance of clean speech
is “clnsp51” with “baby cry” noise. The red rectangles in the
figure denote the residual target-noise components introduced
by the respective models. From Fig. 8(b), it is evident that
NCSN++ almost completely reduces all target noise but also
removes some speech components, a phenomenon known as
over-suppression [51]. In contrast, VEIDM (Fig. 8(c)) only
partially removes target noise, retaining many noise compo-
nents in enhanced speech. VPIDM (Fig. 8(d)), however, not
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Fig. 8. Visualization of five magnitude spectra, displayed in a logarithmic
scale, for clean speech, noisy speech, and three speech clips enhanced using
NCSN++, VEIDM, and VPIDM, respectively.

TABLE V
A COMPARISON OF VPIDM AND VPDM OVER FOUR METRICS, PESQ,

ESTOI, CBAK, AND COVL, ON THE DNS SIMU DATA SET.

Settings PESQ ↑ ESTOI (%) ↑ CBAK ↑ COVL ↑

VPDM 2.68 91.10 2.68 3.35
VEIDM 2.93 93.63 3.66 3.67
VPIDM 3.12 94.24 3.89 3.77

only reduces the target noise but also preserves a significant
amount of speech detail, making it closest to clean speech
(Fig. 8(e)) among the techniques tested. Furthermore, VEIDM
is reported to occasionally produce vocalizing artifacts devoid
of linguistic meanings [27], [36]. In our experiments, VPIDM
effectively mitigates this issue, even in low SNR conditions.
Since VEIDM and VPIDM utilize different interpolating
schemes, we believe that improving the scheme could further
alleviate these artifact noise issues.

Conducting a listening test on the mid-outputs of both
VEIDM and VPIDM, we find that the artifact noise problems
arise when the estimated state is close to clean speech. There-
fore, our future research direction will involve exploring inno-
vative modifications of the interpolating scheme, coupled with
the introduction of advanced techniques to enhance speech
quality in state variables as they converge to clean speech.
Currently, the network architectures yielding promising results
in SE tasks are predominantly adapted from those developed
for image generation. However, these models may not fully
exploit the characteristics of SE, leaving ample room for
improving the model architecture for SE. Recognizing this
trend, our future work will concentrate on investigating and
incorporating more advanced network structures specifically
tailored to speech enhancement applications.
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Fig. 9. The two PESQ curves are used to demonstrate the changes in speech
quality during the reverse processes of the VPIDM and VPDM.
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Fig. 10. The two CBAK curves illustrate variations in denoising intensity for
the RTNPs of the VPIDM and the ground truth (denoted as “Oracle”).

D. Analysis and Discussion

1) VPDM Versus VPIDM: A comparison of VPDM and
VPIDM is presented in Table V. We observe that VPIDM
always outperforms VPDM, which implies the interpolating
operation provides better guidance for the ANN to learn the
mapping from the initial state to the clean signal during
the reverse process. To further demonstrate the impacts, we
illustrate the PESQ curves of the deterministic means of
VPIDM and VPDM in Fig. 9. VPDM could predict clean
speech (implicitly) with only limited performance and keep
the performance almost unchanged after a few sampling steps.
VPIDM, on the other hand, exhibits a gradual performance
improvement as the number of sample steps increases.

2) Role of Interpolation in Reducing Target Noise: In
Section III-D, we present that the target noise is removed
gradually by infusing the noisy speech into the mean U(τ)
during the reverse process, where the mean could be obtained
by scaling the RTNP V(τ). Therefore, we investigate the V(τ)
to see how the intensity of the target noise changes. We draw
the CBAK of the ground truth V(τ) (denoted as Oracle) and
the estimated V̂(τ) from the model trained on the DNS dataset
to illustrate the process of removing target noise in Fig. 10.
As the sampling time changes, the noise level in the RTNP
is not always monotonically removed like in the Oracle. For
example, when the sampling steps are between 4 and 8, there
is a slight decrease in the curve of the VPIDM, indicating
a slight increase in the estimated noise level in V̂(τ). This
is because, during the entire reverse process, the estimated
Gaussian components of the VPIDM are not entirely accurate
at each step, which can result in residual Gaussian noise in
the estimated V(τ). The residual Gaussian noise causes slight
fluctuations in the local CBAK curve of the RTNP but does
not change the global trend. Therefore, from Fig. 10, the target
noise progressively reduces during the reverse process.
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Fig. 11. The WERs of the mid-outputs of the RTNP (denoted as “RTNP”)
and the reverse process (a.k.a “RP”) during the sampling stage.

E. ASR Results of Enhanced Speech on CHiME-4

To further evaluate the generalization capability of VPIDM,
which has been trained on the large-scale data set (DNS
corpus), we perform tests on the trained models using the
CHiME-4 test set for ASR. To demonstrate that the mid-
output V(τ) of RTNP is more conducive for ASR than the
mid-output S(τ) of the reverse process, we present the WER
performance curves of these two methods in Fig. 11 on the
CHiME-4 simulated test set. It is observed that the mid-outputs
necessitate a greater number of sampling steps to achieve a
competitive WER. This is attributed to the fact that S(τ) is
noisier than V(τ). Specifically, S(τ) encompasses not only
the target noise but also the Gaussian noise components,
while V(τ) contains solely the target noise. In addition,
the speech components in S(τ) are scaled down by α(τ),
resulting in a more detrimental condition. In a similar vein,
we implement this strategy for VEIDM trained on the DNS
data set. Fig. 12 presents the WERs for VEIDM (labeled
as “VEIDM E”) and VPIDM (“VPIDM E”), alongside the
WERs for the final outputs of VEIDM and VPIDM (“VEIDM
F” and “VPIDM F”), and the WERs from various baseline
models. When adopting the mid-output of V̂(τ), as depicted
in Fig. 11, optimal performance is observed around K/2. We
further conduct an ablation study to select the best K1 on the
same development dataset for VEIDM which is trained on the
DNS dataset. The best K1 for VEIDM is also approximately
K/2. Practically, we set K1 to approximately 12 for VPIDM
(with a total of 25 sampling steps) and 14 for the VEIDM
(comprising 30 sampling steps). Notably, the final outputs of
the two DMs demonstrate superior WERs relative to NCSN++,
yet they do not outperform raw noisy speech. This suggests
that while the two DMs can reconstruct cleaner speech than
the discriminative model, they may still compromise speech
naturalness, adversely affecting the ASR performances. Fig.
12 also indicates that the two DMs outperform all baselines
and noisy speech in terms of WERs, highlighting the enhanced
efficacy of the two DMs.

V. CONCLUSION

Building upon our prior work in [32], this study further
develops a new interpolating scheme within the DM frame-
work for single-channel SE. We perform rigorous theoretical
derivations and conduct extensive experimental validations
of the proposed VPIDM. We demonstrate that VPIDM is
suitable for SE when compared to the VPDM and obtains
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Fig. 12. A Comparison of WERs with several baselines. “F” in VPIDM F and
VEIDM F means the final output of the corresponding DM. “E” in VPIDM
E and VEIDM E denotes the mid-output of the RTNP.

superior performances over VEIDM when evaluated in both
small and large-scale data sets. It is particularly noteworthy to
mention VPIDM’s robustness in low SNR conditions, where
it effectively eliminates target noise and reconstructs clean
speech. VPIDM also alleviates issues, such as artificial noises,
as mentioned in [27], and mitigates the problem of over-
suppression of noise in SE. As an ASR frontend, VPIDM
generates estimated clean speech with enhanced spectral de-
tail and demonstrated effectiveness for robust ASR of noisy
speech. However, despite its improved sampling efficiency
over VEIDM, VPIDM’s computational cost remains high.
Future research will focus on reducing the number of sampling
steps in DMs to enhance speech more efficiently. Another
future work is to tailor the interpolating schemes to specific
application scenarios, such as reverberation, from both theo-
retical and experimental perspectives.

APPENDIX
DERIVATION OF DRIFT AND DIFFUSION COEFFICIENTS

Consider the drift f(S,Y, τ) is an affine function of S(τ),
according to Eq. (5-50) in [45], we get the drift coefficient:

dU
dτ

= ES [f(S,Y, τ)] = f(ES[S],Y, τ) = f(U,Y, τ)

=
d [α(τ)λ(τ)]

dτ
X+

d [α(τ)(1− λ(τ))]

dτ
Y

=
d [α(τ)λ(τ)]

dτ
U(τ)− α(τ)(1− λ(τ))Y

α(τ)λ(τ)

+
d [α(τ)(1− λ(τ))]

dτ
Y

=
d [α(τ)λ(τ)]

dτ
U(τ)

α(τ)λ(τ)
+

dλ(τ))
dτ

α(τ)

λ(τ)
Y

=
d ln [α(τ)λ(τ)]

dτ
U(τ)− α(τ)

d lnλ(τ)
dτ

Y. (35)

Substitute U(τ) in Eq. (35) with S(τ), we get the drift
presented in Eq. (12). Furthermore, according to Eq. (5-50)
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in [45], we get the diffusion coefficient shown in Eq.(13):
dΣ(τ)

dτ
= ES

[
f(S,Y, τ)(S−U)H]

+ ES

[
(S−U)fH(S,Y, τ)

]
+ g2(τ)I

= 2
d ln [α(τ)λ(τ)]

dτ
ES

[
(S−U)(S−U)H]+ g2(τ)I

= 2
d ln [α(τ)λ(τ)]

dτ
Σ(τ) + g2(τ)I

= 2
d ln [α(τ)λ(τ)]

dτ
G2(τ)I+ g2(τ)I. (36)
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