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Abstract—Most of the current deep learning-based approaches
for speech enhancement only operate in the spectrogram or wave-
form domain. Although a cross-domain transformer combining
waveform- and spectrogram-domain inputs has been proposed,
its performance can be further improved. In this paper, we
present a novel deep complex hybrid transformer that integrates
both spectrogram and waveform domains approaches to improve
the performance of speech enhancement. The proposed model
consists of two parts: a complex Swin-Unet in the spectro-
gram domain and a dual-path transformer network (DPTnet)
in the waveform domain. We first construct a complex Swin-
Unet network in the spectrogram domain and perform speech
enhancement in the complex audio spectrum. We then introduce
improved DPT by adding memory-compressed attention. Our
model is capable of learning multi-domain features to reduce
existing noise on different domains in a complementary way. The
experimental results on the BirdSoundsDenoising dataset and the
VCTK+DEMAND dataset indicate that our method can achieve
better performance compared to state-of-the-art methods.

Index Terms—complex deep neural network, speech enhance-
ment, hybrid transformer

I. INTRODUCTION

Speech enhancement (SE) is a challenging task in the field
of voice communication since it aims to recover enhanced
speech from speech interference with background noise in
life. Many voice communication systems may be influenced
by background noise, including automatic speech recogni-
tion, vehicles, and multi-party conferencing equipment [1].
In response to this issue, a variety of speech enhancement
algorithms have been proposed to somewhat minimize noise
interference. To address issues such as performance degrada-
tion or the challenge of modeling realistic and complicated
circumstances, these speech enhancement methods still need
to be improved.

Recently, deep neural networks (DNNs) have demonstrated
potential for speech enhancement. DNNs for speech enhance-
ment is a crucial front-end approach that takes noisy speech
as an input and creates an enhanced speech output for better
speech quality and intelligibility. In general, current methods
for speech enhancement can be classified into two main
categories based on the type of model input. The first category
utilizes raw time-domain waveforms, while the latter relies
on time-frequency (TF) domain representations. Time-domain
methods generally use an end-to-end model to directly esti-

mate and output a clean waveform by taking audio data in the
time domain as raw waveform input [2]. For TF domain meth-
ods, they first apply a short-time Fourier transform (STFT)
algorithm to transform the input mixed signal into a complex-
valued spectrogram, which is subsequently decomposed into
its magnitude and phase components. Conventional TF domain
techniques utilize the magnitude as a training target while
ignoring the phase. Estimated audio signals are then recon-
structed via the inverse short-time Fourier transform (ISTFT).
However, the frameworks of the time domain are unable to ac-
curately capture speech phonetics in the frequency domain due
to the absence of direct frequency representation [3]. Besides,
most TF-domain methods only take magnitude as input to
real-valued parametric models while ignoring complex-valued
phases due to the difficulty in estimation, which may limit
performance.

In this paper, we investigate the potential of fully end-to-
end speech enhancement systems that combine the fragmented
benefits of time-domain and TF-domain audio representations,
which specialize in tackling specific types of noise. We de-
sign a novel speech enhancement transformer framework that
involves two speech signal processing modules: a proposed
variant of Swin-Unet, named Deep Complex Swin-Unet (DC-
SUnet), in the time-frequency domain, and an improved dual-
path transformer network (DPTnet) in the time-domain. We
also introduce a novel cross-domain loss function combining
both time- and time-frequency domain losses. Our contribu-
tions are as follows:

• We propose a novel complex transformer architecture,
deep complex Swin-Unet, which combines the advan-
tages of both complex-valued networks and Swin-Net,
achieving state-of-the-art performance. We extend the
transformer network operator to the complex domain so
that it can efficiently model the correlation between the
elements of real and imaginary parts of the complex
sequence features for a potentially richer representation.

• We improve DPTnet by adding memory-compressed at-
tention and propose a hybrid network that combines
complex Swin-Net with improved DPTnet named DCHT.
The model has a new loss function and performs better
than other state-of-the-art audio denoising algorithms on
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the Voice Bank+DEMAND dataset and the BirdSounds-
Denoising dataset.

• Our model utilizes time- and TF-domain representation
as input to exploit multi-scale features and effectively
extract both time-domain and TF-domain information.
The model considers the noise phase information from
DCSUnet and extracts local and global audio informa-
tion from improved DPTnet to exploit the new research
techniques for speech enhancement.

II. RELATED WORK

Time-frequency Domain Speech Enhancement. Most
speech enhancement techniques operate in the time-frequency
domain. The complex-valued phase has mostly been ignored,
and the majority of methods only estimate the speech mag-
nitude spectrum with reused noisy phase data [4]. Recently,
applying complex spectrograms with complex-valued neural
network blocks has become popular because it offers a rich
representation. Deep complex U-Net was proposed by incorpo-
rating advanced U-Net structures and complex-valued blocks
to deal with complex-valued spectrograms [5]. Particularly,
the Deep Complex Convolution Recurrent Network (DCCRN)
was designed to simulate complex-valued operations using
complex networks [6]. Complex-valued transformers have also
been designed for speech enhancement. Tan et al. [7] presented
a complex transformer module with sparse attention to low-
SNR speech enhancement tasks. Zhang and Li [8] converted
the audio denoising problem into an image generation task
and proposed a complex image generation SwinTransformer
network for audio denoising.

Time Domain Speech Enhancement. The time-domain
speech enhancement approach is a method that operates
directly on the time-domain mixture speech waveform to
predict the clean speech waveform [9]. Dario et al. [10]
proposed an end-to-end learning method for speech denoising
based on Wavenet. Baby and Verhulst [11] introduced a
conditional generative adversarial network with a gradient
penalty for improved speech enhancement performance. With
the popularity of attention mechanisms, Kong et al. [12]
presented CleanUNet for speech enhancement, which utilized
an encoder-decoder architecture combined with self-attention
blocks to refine its bottleneck representations. Transformer
can now process input audio sequences in parallel, much
like natural language processing. Yu et al. [13] proposed a
speech enhancement transformer (SETransformer) that takes
advantage of Long Short Term Memory (LSTM) and multi-
head attention mechanisms to improve speech quality.

Hybrid Domain Speech Enhancement. Recently, there has
been a trend where speech enhancement models combine time
and TF domains. Kim et al. [14] proposed a two-steam neural
network with both TF domain and time-domain branches to
separate music stems. Using a bi-U-Net structure, Alexandre
et al. [15] refined the Demucs architecture and built an end-
to-end hybrid source separation model blending time and TF
domains to improve the quality of music source separation.
Furthermore, Simon et al. [16] introduced a transformer

architecture to model the hybrid transform Demucs network
for Music Source Separation (MSS) tasks based on Hybrid
Demucs.

III. METHOD

We first introduce hybrid transformer models, followed by
describing deep complex Swin-Unet and improved DPTNet,
respectively. Before getting into details, we assume that the
mixture of a speech signal y(t) is the linear sum of the clean
speech signal x(t) and the noise speech signal ε(t), so the
noisy speech y(t) can be expressed as:

y(t) = x(t) + ε(t), (1)

A sequence of a mixture signal and a clean signal is defined
as Y = {yi}Ni=1 and X = {xi}Ni=1, where N is the total
number of speech signals. Typically, each of the corresponding
time-frequency (k, f) noise reduction operates in the time-
frequency domain [17]:

Yk,f = Xk,f + ϵk,f , (2)

where Yk,f , Xk,f , ϵk,f is the STFT representation of the time
domain signal y(t), x(t), ε(t) and k, f are the time frame
index and frequency bins index. In polar coordinates, (2)
becomes:

|Yk,f |eiθYk,f = |Xk,f |eθXk,f + |Nk,f |eiθϵk,f , (3)

where | · | denotes the magnitude response and θ denotes the
phase response. The imaginary unit is represented by i.

A complex-valued convolutional filter is defined as W =
A + iB with real-valued matrices A and B, which represent
the real and imaginary part of a complex convolution kernel,
respectively. At the same time, we can get complex output
from the complex convolution operation on complex vector
h = x+iy with W : W×h = (A×x−B×y)+i(B×x+A×y).

A. Hybrid Transformer Model

In this section, we introduce the overall structure of the
DCHT model. The overall progress of the proposed model
is presented in Figure. 1. The proposed model, which ex-
tends transformer network architecture with multi-domain
representation, comprises two SE approaches: the complex
Swin-Unet and improved DPTnet. The complex Swin-Unet
module consists of an encoder, a bottleneck, a decoder, and
skip connections. The basic unit of Swin-Unet is the Swin
Transformer Block. The proposed complex Swin transformer
block is a refined transformer architecture applied in the TF
domain. The output of the spectral branch is transformed into a
waveform using ISTFT before summed with the output of the
temporal branch, giving the actual prediction of the model.
The improved DPTnet introduces direct context awareness
in the speech sequences modeling by combining memory
compression attention, which is efficient for long speech se-
quence modeling. It learns the order information of the speech
sequences without positional encoding by incorporating gated
recurrent units (GRU). The 1-D signal from the waveform
branch and the 2-D signal from the spectral branch are treated



simultaneously. With these modifications, we performed the
experiments in Section IV.

B. Complex Swin-Unet Module

The architecture of the original Swin-Unet is based on the
Swin Transformer, which exhibits outstanding performance
on computer vision tasks. The modifications made to the
original Swin transformer are as follows: The convolutional
layers of the Swin transformer blocks are replaced by com-
plex convolutional layers. Complex normalization, complex
dropout, and complex linear layers are also implemented to
the transformer. To accept complex input and output features,
we modified real-value Layernormalization (each token is in-
dependently normalized) and real-value softmax into complex
Layernormalization and complex softmax. For the activation
function, we modified the real-value GeLU into the complex-
value GeLU. We use the encoder to extract the hierarchical
feature representations from the transformed patch tokens
using complex Swin transformer blocks and patch merging
layers. The symmetric decoder reshapes each stage feature
map and restores the resolution of the feature maps to the input
resolution. Skip connections are used to combine multiscale
information from the encoder and context features from the
decoder to improve the reconstruction of the denoised images.

In practice, the target has to be estimated. Choosing an
appropriate training target is crucial for supervised learning
since it is directly related to the underlying computational
target. The target magnitude spectrum of clean speech is
a commonly used training target in typical mapping-based
approaches. We consider the complex short-time spectrogram
of the noisy speech Y , the noise N , and the clean speech
X , obtained via the discrete Fourier transform of windowed
frames of the raw signals. The estimated speech spectrogram
Ŷk,f is computed by multiplying the estimated mask M̂k,f

to the input spectrogram Xk,f as Eq. (4). More formally, we
need to train a prediction model F to predict the mask, and the
output is M̂k,f = F (Xk,f ). When the mask connection is not
applied, the network directly outputs the estimated complex
spectrum, i.e., Ŷk,f = Fk,f .

Ŷk,f = M̂k,f ·Xk,f = |M̂k,f | · |Xk,f | · e
i(θM̂k,f

+θXk,f
)
. (4)

By applying an additional bounding process, the proposed
complex-valued mask M̂k,f is expressed as follows:

M̂k,f = |M̂k,f | · eiθMk,f = M̂mag
k,f · M̂phase

k,f ,

M̂mag
k,f = tanh(|Fk,f |), M̂phase

k,f = Fk,f/|Fk,f |.
(5)

Complex Swin Transformer Block The complex Swin
transformer block (CSTB) is responsible for feature repre-
sentation learning. Unlike the conventional multi-head self-
attention-based transformer, the Swin Transformer [18] has
a hierarchical architecture whose representation is computed
using shifted-windows multi-head self-attention. In Figure. 2,
each CSTB mainly consists of two successive units: the
complex window multi-head self-attention (complex W-MSA)
unit and the complex shifted-window multi-head self-attention

(complex SW-MSA) unit. Each complex LayerNorm (complex
LN) is implemented before the complex MSA module, and
each complex 2-layer MLP with complex non-linearity GELU
and the remaining connections are implemented before and
after each module.

On the basis of the shifted window partitioning mechanism,
the whole sequential complex Swin transformer blocks are
computed as:

Ŷ L = complex W −MSA(cLN(Y L−1)) + Y L−1,

Y L = complex MLP (cLN(Ŷ L)) + Ŷ L,

Ŷ L+1 = complex SW −MSA(cLN(Y L)) + Y L,

Y L+1 = complex MLP (cLN(Ŷ L+1)) + Ŷ L+1.
(6)

C. Improve Dual-path Transformer module

In this section, we use the improve Dual-path transformer
neural network to train the raw speech waveform input [19].
This network is suggested for processing long-distance speech
sequences. It is inspired by the transformer’s ability to interpret
sequences and the dual-path network’s ability to gather con-
textual data [20]. DPTnet consists of an encoder, a DPTnet
module (DPTM), a mask module, and a decoder, as shown
in Figure 1. DPTM is composed of four stacked dual-path
transformer blocks to efficiently extract local and global
information. Due to its few trainable parameters, the model
complexity of DPTnet is significantly lower.

Dual-Path Transformer Block. In the DPTnet extrac-
tion module, we substitute the Dual-Path Transformer Block
(DPTB) for the traditional transformer block. As shown in
Figure 3(a), DPTB is between the encoder and decoder, which
has a local transformer and a global transformer to extract local
and global contextual information from long-range speech
sequences. The input is a 3-D tensor([C,N, F ′]), and in order
to process local information in parallel, the local transformer
is first applied to individual chunks. This process works on
the input tensor’s final dimension F ′. Subsequently, the global
transformer is employed to combine the data from the local
transformer’s output in order to ascertain global dependency,
which is applied to the tensor’s dimension N . For the DPTB
structure, the transformer only uses the encoder part since
the input mixtures and output-enhanced sequences have the
same length in speech denoising. Since the speech sequence
is time-dependent, the transformer structure in DPTB removes
the positional encoding part. As shown in Figure 3(b), the first
fully connected layers of feed-forward and linear normaliza-
tion are replaced with a GRU layer and layer normalization,
respectively. The procedures are defined as follows:

ẑi = LayerNorm(MSA(zi−1) + zi−1),

zi = LayerNorm(ẑi +ReLU(GRU(ẑi)W + b)).
(7)

D. Cross-domain Loss Function

In this study, our composite model integrates T-F and time
streams to extract a set of complementary audio features.
Therefore, our loss function consists of time-domain loss



Fig. 1. A overall progress of our proposed hybrid transformer architecture for speech enhancement.

Fig. 2. The architecture of Complex Swin Transformer block module.

(a) The Improve Dual-path transformer block.

(b) Transformer architecture

Fig. 3. (a) The Improve Dual-path transformer block module; (b) Transformer
architecture.

and TF-domain loss to fully utilize both feature information.
Inspired by the L1 norm of a complex number in [21], we
take the STFT of the audio and use L1 loss over the L1 norm
of the STFT coefficients. The frequency-domain loss is given
by:

lossL1,TF (y, ŷ) =
1

TF

T−1∑
t=0

F−1∑
t=0

[(|yr(t, f)| − |ŷr(t, f)|)

+ (|yi(t, f)| − |ŷi(t, f)|)],
(8)

where y and ŷ denote the spectrum of the clean speech and
the spectrum of the enhanced speech, respectively. r and i are
the real and imaginary parts of the complex spectrogram. T
and F are the number of frames and the number of frequency
bins, respectively.

The time-domain loss is based on the energy-conserving
loss function proposed, which simultaneously considers clean
speech and noise signals. The time-domain loss is defined as
follows:

lossL1,T (y, ŷ, x, n) = ∥y − ŷ∥1 + ∥n− n̂∥1, (9)

where y and ŷ are the samples of the clean speech and the
enhanced speech, respectively. n̂ = x − ŷ represents the
estimated noise and ∥ · ∥ denotes L1 norm.

To properly balance the contribution of these two loss terms
and address the scale insensitivity problem, we weigh (α) each
term proportionally to the energy of each speech. The final
form of the loss function is as follows:

lossTotal(y, ŷ) = αlossL1,TF + (1− α)lossL1,T . (10)

IV. EXPERIMENTS

A. Dataset

VCTK+DEMAND dataset. We validate the effectiveness
of our proposed model on a small-scale standard speech
dataset from [22]. In this widely used noisy speech database,
clean speech datasets are selected from the Voice Bank Cor-
pus [23], including a training set of 11,572 utterances from 28
speakers and a test set of 872 utterances from 2 speakers.

BirdSoundsDenoising. We also train our proposed model
on BirdSoundsDenoising. This dataset replaces the usual arti-
ficially added noise with natural noises, including wind, water-
falls, rain, etc. In particular, the dataset contains 14,120 audios
from one second to fifteen seconds and is a large-scale dataset
of bird sounds collected, containing 10,000/1,400/2,720 in
training, validation, and testing datasets, respectively [24].

B. Implementation details

Our model is an end-to-end trainable model without any pre-
trained networks and implemented by PyTorch with a single
NVIDIA GTX 3060 GPU. All the utterances are resampled
to 16 kHz. Each frame has a size of 512 samples (32ms)
with an overlap of 256 samples (16ms). Within a batch, the
smaller utterances are zero-padded to match the size of the
largest utterance. We select the best model using the validation
dataset.



TABLE I
COMPARISON RESULTS ON THE VOICEBANK-DEMAND DATASET. “−”

MEANS NOT APPLICABLE.

Methods Domain PESQ STOI CSIG CBAK COVL
CP-GAN [25] T 2.64 0.942 3.93 3.33 3.28
PGGAN [26] T 2.81 0.944 3.99 3.59 3.36
DCCRGAN [27] TF 2.82 0.949 4.01 3.48 3.40
S-DCCRN [28] TF 2.84 0.940 4.03 2.97 3.43
DCU-Net [5] TF 2.93 0.930 4.10 3.77 3.52
PHASEN [29] TF 2.99 − 4.18 3.45 3.50
MetricGAN+ [30] TF 3.15 0.927 4.14 3.12 3.52
TSTNN [19] T 2.96 0.950 4.33 3.53 3.67
MANNER [31] T 3.21 0.950 4.53 3.65 3.91
DCHT T+TF 3.41 0.954 4.78 3.82 4.22

TABLE II
RESULTS COMPARISONS OF DIFFERENT METHODS (F1, IoU , AND Dice

SCORES ARE MULTIPLIED BY 100. “−” MEANS NOT APPLICABLE.

Networks Validation Test

F1 IoU Dice SDR F1 IoU Dice SDR
U2-Net [33] 60.8 45.2 60.6 7.85 60.2 44.8 59.9 7.70
MTU-NeT [34] 69.1 56.5 69.0 8.17 68.3 55.7 68.3 7.96
Segmenter [35] 72.6 59.6 72.5 9.24 70.8 57.7 70.7 8.52
U-Net [36] 75.7 64.3 75.7 9.44 74.4 62.9 74.4 8.92
SegNet [37] 77.5 66.9 77.5 9.55 76.1 65.3 76.2 9.43
DVAD [24] 82.6 73.5 82.6 10.33 81.6 72.3 81.6 9.96
DCHT - - - 10.49 - - - 10.43

At the training stage, we train our model for 100 epochs
and optimize it using the Adam algorithm. We use gradient
clipping with a maximum of L2-norm of 5 to avoid gradient
explosion [19]. For learning rate, we use the dynamic strategies
during the training stage [32].

C. Evaluation metrics

We evaluate the proposed speech enhancement model on
the VCTK+DEMAND dataset using several objective metrics:
PESQ, STOI, CSIG, CBAK, and COVL, for overall quality
evaluation. A structure similarity is also used. For evalua-
tion on the Birdsoundsdenoising dataset, we apply signal-to-
distortion ratio (SDR) [24] to evaluate our model.

Fig. 4. Results comparison on VCTK+DEMAND dataset. Raw audio is the
original mixture of audio. Ground Truth is the clean audio.

TABLE III
ABLATION RESULTS.

Model Metric
ComplexSwinUnet-only 60.8
Improve DPTNET-only 69.1
Full Model 72.6

D. Results
We compare our proposed model with several state-of-the-

art baseline models. The results on the BirdSoundsDenoising
dataset are shown in Table II [38], with the best results in each
metric highlighted in boldface. The second to fifth columns
are the results of validation, and the latter results are of
testing. The results demonstrate that our model outperforms
other state-of-the-art methods in terms of SDR. Since these
metrics are employed for the audio image segmentation task,
the results of F1, IoU, and Dice are ignored [39].

We also conduct extra experiments on the
VCTK+DEMAND dataset. As shown in Table I, the
proposed method is compared with other methods in terms of
PESQ, STOL, CSIG, CBAK, COVL, and SSIM. The results
indicate that our proposed model outperforms other DNNs-
based models and achieves state-of-the-art performance in
metrics. The comparisons of raw bird audio, ground truth
labeled clean audio, and the estimation audio from several
models are displayed in Figure 4. Our model produces results
more similar to the labeled clean signal.

E. Ablation Studies
Experimental results in the previous subsection show that

our method improves SE performance. To further verify the
effectiveness of our proposed model and show the importance
of each component of our model, we perform an ablation
study by gradually replacing the components in our model. We
designed three experiments labeled the DPTnet-only model,
the DCSUnet-only model, and the full model. Table III
shows ablation results for the DPTnet-only model and the
CSwinUnet-only model, comparing to the full model. Note
that the model performance degrades significantly without the
CSwin-Unet module.

V. CONCLUSION

In this paper, we propose a deep complex hybrid transformer
for speech enhancement. The DCHT model combines two
types of methods: the deep complex Swin-Unet transformer
and the dual-path transformer neural network, performing in
parallel to exploit a complementary set of features for speech
enhancement. The deep complex Swin-Unet transformer im-
proves the Swin-Unet networks for complex-valued spectrum
modeling. Similarly, the improved DPTnet applies memory-
compress attention to reduce memory usage. The proposed
DCHT model is evaluated and compared with several current
mainstream deep learning-based SE methods using different
datasets. The experimental results show that our model can
better remove noise in speech and show significant improve-
ments in evaluation metrics.
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