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Abstract—Deep learning based end-to-end multi-channel speech en-
hancement methods have achieved impressive performance by leveraging
sub-band, cross-band, and spatial information. However, these methods
often demand substantial computational resources, limiting their prac-
ticality on terminal devices. This paper presents a lightweight multi-
channel speech enhancement network with decoupled fully connected
attention (LMFCA-Net). The proposed LMFCA-Net introduces time-axis
decoupled fully-connected attention (T-FCA) and frequency-axis decou-
pled fully-connected attention (F-FCA) mechanisms to effectively capture
long-range narrow-band and cross-band information without recurrent
units. Experimental results show that LMFCA-Net performs comparably
to state-of-the-art methods while significantly reducing computational
complexity and latency, making it a promising solution for practical
applications.

Index Terms—Multi-channel speech enhancement, decoupled fully
connected attention (FCA), deep learning, lightweight model.

I. INTRODUCTION

Speech enhancement aims to improve the clarity and intelligibility
of speech by suppressing noise and reverberation. It is widely
employed in applications such as teleconferencing, hearing aids, and
hands-free human-machine interfaces [1, 2]. Nowadays, most systems
are equipped with microphone arrays for sound signal acquisition,
and the strength of multi-channel speech enhancement lies in its
ability to exploit spatial information [3, 4]. Traditional approaches
are primarily based on signal processing, with common methods
including beamforming and multi-channel filtering [5–8].

Recent advances in deep learning have led to a shift in mi-
crophone arrays speech enhancement towards deep learning-based
approaches [9]. One strategy involves estimating beamforming pa-
rameters using deep neural networks (DNNs) [9, 10], while end-
to-end multi-channel speech enhancement directly processes input
speech signals using DNNs to leverage their nonlinear capabilities.
To effectively exploit spatial information, end-to-end multi-channel
speech enhancement methods often include modules that explicitly
capture narrow-band and cross-band information. For instance, the
FT-JNF employs long short-term memory (LSTM) units along the
time and frequency axes of the spectrogram [11], while McNet [12]
improves this approach by applying LSTM units across combined
adjacent frames or frequency bins to analyze spectral information.
More recently, the TF-GridNet [13] and SpatialNet [14] have incor-
porated self-attention mechanisms to model narrow-band and cross-
band information. This two-stage approach is advantageous because
spatial cues remain consistent over time for stationary sources, though
they tend to vary with frequency [15]. Cross-band information, in
turn, enhances the integration of these features [13]. However, current
DNN-based multi-channel speech enhancement methods are often
computationally intensive, making them challenging to implement
in terminal applications with limited processing capabilities [2]. The

sequential nature of recurrent units, such as LSTMs, limits paral-
lelization and hardware efficiency [16], while self-attention mech-
anisms impose a substantial computational burden due to extensive
matrix multiplications [17]. Existing lightweight speech enhancement
methods primarily focus on mono-channel designs. For instance,
PerceptNet [18] uses GRU recurrence as the DNN backbone, Deep-
FilterNet [19] and GTCRN [20] reduce computational complexity by
employing grouped GRUs. However, these methods still face issues
such as gradient vanishing and training instability [21].

Implementing an end-to-end multi-channel speech enhancement
network on terminal devices is worth exploring. According to pre-
vious studies [22], simply extending single-channel speech input to
multi-channel input and allowing the network to implicitly utilize spa-
tial information can improve the speech enhancement performance.
Currently, multi-channel speech enhancement networks, such as TF-
GridNet [13] and many others [12, 23] typically have a computational
cost of several to tens of billions of multiply-accumulate operations
per second (MACs). These complex model structures achieve superior
enhancement performance, but they are difficult to practically apply to
terminal devices. We summarize the current dilemma in the following
two points:

• Only a few multi-channel designs consider lightweight features,
for example, NICE-Beam [24] estimates statistical quantities
within the beamforming framework, focusing primarily on ef-
fectively estimating the covariance matrix for minimum variance
distortionless response (MVDR) filters.

• Modeling narrow-band and cross-band information is essential
for enhancing the use of spatial cues [13], a technique widely
used in multi-channel designs [12, 14, 15]. Previous methods
commonly rely on recurrent units or self-attention module to
achieve this, which limit computational efficiency and, in the
case of recurrent units, can result in training instability [16, 21].

In this work, we propose an approach that leverages long-range
narrow-band and cross-band information without relying on recurrent
units. This is achieved through the introduction of time-axis decou-
pled fully-connected attention (T-FCA) and frequency-axis decoupled
fully-connected attention (F-FCA) mechanisms, inspired by the work
of Tang et al. [17]. Building on these mechanisms, we introduce
the Lightweight Multi-channel speech enhancement network with
decoupled Fully Connected Attention, termed as LMFCA-Net, to
address these challenges. Experimental results demonstrate that the
two-stage modeling, based on T-FCA and F-FCA, is highly effec-
tive. Furthermore, LMFCA-Net strikes an excellent balance between
computational efficiency and enhancement performance.
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Fig. 1. Network architecture: (a) overview of the proposed LMFCA-Net, (b) T-FCA Block, (c) Sandglass Unit, and (d) T-FCA module.

II. PROBLEM DESCRIPTION

We consider a signal model where a microphone array consisting
of M sensors captures a convolved source signal within a noisy
environment. The signal received by the mth microphone, denoted
as xm(t) at discrete time index t, is expressed as:

xm(t) = hm(t) ∗ s(t) + vm(t), m = 1, 2, . . . ,M, (1)

where hm(t) represents the acoustic impulse response from the
unknown speech source, s(t), to the mth microphone, ∗ denotes the
linear convolution, and vm(t) is the additive noise at microphone m.
The objective of speech enhancement is to recover the target signal
s(t) from these microphone observations. In the short-time Fourier
transform (STFT) domain, the observed signal can be expressed as:

Xm(t, f) = Φm(t, f) + Vm(t, f), m = 1, 2, . . . ,M, (2)

where Xm(t, f), Φm(t, f), S(t, f), and Vm(t, f) are the STFTs of
xm(t), hm(t)∗s(t), and vm(t), respectively, with t being the discrete
time index. We conduct speech enhancement in the STFT domain.

III. PROPOSED METHOD

To address the aforementioned challenges, we propose LMFCA-
Net with the FCA mechanisms. The advantages of LMFCA-Net
are two folds: It is significantly more efficient than state-of-the-art
methods while maintaining comparable performance, as demonstrated
by its lower GFLOPs and GMACs. The novel T-FCA and F-FCA
mechanisms enhance the model’s ability to utilize narrow-band and
cross-band information through hardware-friendly operations, thereby
more effectively leveraging spatial cues from microphone arrays [13].

A. System Outline

This subsection provides an overview of the proposed system,
detailing the DNN’s input, output, and learning target. The input is
prepared by first normalizing Xm(t, f) using the magnitude mean of
the reference channel. Subsequently, the real and imaginary parts of
the normalized signal, X̃m(t, f), are stacked to form the input tensor
X ∈ RF×T×2M . The learning target for the DNN is a complex ideal
ratio mask (cIRM) [25].

The network outputs a tensor Ŷ ∈ RF×T×2, which contains
the real and imaginary components forming a complex ratio mask.
This tensor is designed to approximate the cIRM, denoted as Y ∈
RF×T×2, by stacking its real and imaginary parts. The approximation
is achieved by minimizing a loss function defined as:

L = αLmag + (1− α)Lspec + βLSISDR, (3)

where Lmag = MSE(|Y|, |Ŷ|) and Lspec = MSE(Y, Ŷ) represent
the mean squared error (MSE) losses between the magnitudes of
the target and estimated masks, and between the real and imagi-
nary parts [20], respectively. Here, | · | denotes the magnitude of
each element, ∥ · ∥ represents the squared norm, and α and β
are hyperparameters. The scale-invariant SDR loss [26], denoted as
LSISDR, focuses on maximizing the similarity between the direct-path
target speech signal from the reference channel and the estimated
speech ŝ in the time domain. The estimated speech ŝ is derived
using ŝ = iSTFT(Ŷ ⊙ Xr), where Xr ∈ RF×T×2 represents the
reference channel of the input, ⊙ indicates element-wise complex
multiplication, and iSTFT denotes the inverse STFT.

B. Network Architecture

As illustrated in Fig. 1 (a), the proposed LMFCA-Net employs
an encoder-decoder architecture with skip connections between the
downsampling and upsampling paths. The downsampling path is
composed of T-FCA and F-FCA blocks to encode narrow-band and
cross-band information, respectively. In the upsampling path, FT-FCA
blocks are used to further integrate these features. Although the T-
FCA, F-FCA, and FT-FCA blocks share the same basic architecture,
they differ in their respective FCA mechanisms. Bottleneck blocks
are positioned between the downsampling and upsampling paths, as
well as before the final point-wise convolution (PConv). Additionally,
depth-wise convolution (DConv) is used in conjunction with PConv
throughout the network to reduce computational complexity. The fol-
lowing sections will provide a detailed explanation of the components
of LMFCA-Net.
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Fig. 2. Illustration of FCA mechanisms: T-FCA and F-FCA are designed to
model long-range narrow-band and cross-band dependencies, while FT-FCA
integrates local features.

C. Decoupled Fully-Connected Attention (FCA)

As shown in Fig. 2, the FCA modules take pooled features
as their input and generate an attention map to model long-range
dependencies. To reduce the computational load of the FCA modules,
we apply average pooling with a kernel size of (2, 2) on the input
features. The concept of T-FCA and F-FCA mechanisms can be
expressed as:

At(t, f) =

T̂∑
t′=1

Wt(t
′, f)⊙ Z(t′, f), (4)

Af(t, f) =

F̂∑
f ′=1

Wf (t, f
′)⊙ Z(t, f ′), (5)

where T̂ and F̂ denote the lengths of the time axis and frequency axis
of the input feature after pooling, respectively. At(t, f) and Af(t, f)
represent the attention values for the pooled input feature Z(t, f),
and Wt and Wf are the learnable weights. FT-FCA can be simply
expressed as:

Aft(t, f) =

F̂∑
f ′=1

Wf (t, f
′)⊙ (

T̂∑
t′=1

Wt(t
′, f ′)⊙ Z(t′, f ′)). (6)

Implementing the transformation weights using fully connected
layers would result in theoretical complexities of O(F̂ T̂ 2), O(F̂ 2T̂ ),
and O(F̂ 2T̂ + F̂ T̂ 2) for Eqs. (4), (5) and (6), respectively, which is
suboptimal. However, given the low-rank nature of feature maps [27],
it is possible to decouple the dense connections of fully-connected
layers and implement the transformation weights using convolution
[17]. The implementations can be generally expressed as:

A = D2(D1(Z)), (7)

where D1 and D2 represent 1D DConvs, and A and Z are the at-
tention value tensor and the pooled input feature tensor, respectively.
Specifically, D1 and D2 are applied along the time-axis for T-FCA,
along the frequency-axis for F-FCA, and sequentially along the time-
axis followed by the frequency-axis for FT-FCA. This implementation
has a theoretical complexity of O(KF̂ T̂ ), where K stands for
the kernel size of D1 and D2. The resulting attention values are
subsequently processed through a Sigmoid activation function and
nearest-neighbor upsampling to produce the attention map. Compared

TABLE I
PERFORMANCE COMPARISON WITH OPEN-SOURCE MULTI-CHANNEL

SPEECH ENHANCEMENT METHODS.

Method WB-PESQ DNSMOS GFLOPs GMACs RTF

Noisy 1.69 2.41 - - -

McNet 2.79 3.45 59.2 32.14 1.92
MC-ConvTasNet 2.68 3.27 19.9 10.11 1.29
LMFCA-Net 2.51 3.30 2.20 1.77 0.16

to directly applying FT-FCA in all FCA blocks, using T-FCA and F-
FCA proves to be more effective, as the generation of the attention
map is specifically targeted at narrow-band or cross-band regions.
The experimental results in Section. V show that FCA performs well
with minimal computational overhead.

D. Sandglass Unit and Bottleneck Block

To enhance the efficiency and performance of lightweight neural
networks, DConv is often combined with PConv to replace standard
convolution in the design, such as MobileNet [28], to reduce compu-
tational cost. DConv captures local information within each channel
independently, while PConv enables inter-channel information flow.
Building on this, we improve feature capture and network perfor-
mance by incorporating a sandglass-like structure in our network’s
Sandglass Unit, using DConv before and after the PConv, inspired
by [29]. The specific structure is shown in Fig. 1 (c) and the
Bottleneck block is formed by stacking two consecutive Sandglass
Units.

IV. EXPERIMENTAL SETUP

A. Data Preparation

The training samples are generated by convolving clean mono-
channel speech with room impulse responses (RIRs). The clean
source signals are drawn from the VCTK-DEMAND [30] dataset,
which includes 11,572 training utterances and 824 testing utterances.
The RIRs are generated using the image model [31] via Pyrooma-
coustics [32], with 200 rooms and 20 randomly placed sources and
microphones per room, resulting in 4, 000 RIRs. The dimensions of
the rooms are uniformly sampled, with lengths ranging from 4 to 10
meters, widths from 4 to 10 meters, and heights from 2.5 to 3 meters.
The reverberation time, T60, is uniformly sampled between 0.3 and
0.8 seconds, and the sound source is randomly placed between 0.2
and 1 meter from the array’s center. The microphone array is modeled
as a spherical array consisting of six microphones, each positioned
at a radius of 0.1 meters from the array’s center. Noise segments,
randomly extracted from the DEMAND dataset, are then added to the
convolved speech to create the final noisy dataset. Noisy utterances
are generated with a signal-to-noise ratio (SNR) randomly chosen
within the range of [0, 12] dB. Test and validation sets are generated
once and reused across all experiments to ensure replicability. We also
evaluate our model’s generalization with a blind test on the CHIME-3
real-world dataset [33] 1.

B. Configurations

All audio files are sampled at 16 kHz, with channel five serving as
the reference for all experiments. The STFT is applied using a 510-
sample Hanning window and a hop length of 255 samples, ensuring
that the number of frequency bins is divisible by 8. The audio files

1Audio demos and code can be found at https://lmfcanet.github.io/.

https://lmfcanet.github.io/


are segmented into approximately 3-second clips, padded to make
the frame count divisible by 8. Downsampling and upsampling are
performed using max pooling and transposed convolution with a
kernel size of (2, 2). The model’s output channels are configured
as C1 = 48, C2 = 96, C3 = 224, and C4 = 480. The kernel
size of the 2D DConv in the Sandglass Units is set to (3, 3), and the
1D DConv in FCAs has a kernel size of 5. In both the FCA Block
and Sandglass Unit, the first PConv reduces the channel dimension
to half of the output channel number, which is then expanded to the
full output channel number by DConv or PConv. α and β in the loss
function are set to 0.1 and 10−4, respectively. The model is trained
with the Adam optimizer, with an initial learning rate of 10−4. The
learning rate is halved if the performance on the validation set does
not improve for five consecutive epochs. The batch size is set to four,
and the model is trained on an NVIDIA Tesla V100 GPU.

The evaluation metrics include WB-PESQ [34] and DNSMOS
P.808 (DNSMOS) [35] for assessing speech quality, as well as
MACs, floating-point operations per second (FLOPs), and offline
real-time factor (RTF) to evaluate computational complexity. WB-
PESQ is measured using s(t) as the target signal. The offline RTF is
calculated on an Intel Core i5-1135G7 @ 2.40GHz CPU by dividing
the processing time by the input duration, and an RTF lower than one
indicates that the system processes the input faster than real-time.

V. RESULTS AND DISCUSSIONS

A. Performance Comparison

We first evaluate our model by comparing it with McNet [12]
and MC-ConvTasNet [36], both of which are designed for multi-
channel speech enhancement. McNet leverages recurrent units as
its backbone, while MC-ConvTasNet operates in the time domain
and introduces the use of 2D convolution to capture inter-channel
spatial information. We use these two open-source models without
any modifications and train them to convergence on our dataset. As
shown in Table I, the proposed LMFCA-Net is significantly lighter
and faster, as evidenced by its lower GFLOPs, GMACs, and RTF,
while maintaining performance comparable to these models.

Next, we compare our model with other lightweight models. Given
the limited research on designing lightweight models specifically for
multi-channel speech processing, we adapted Wave-U-Net [22] and
GTCRN [20] into multi-channel models by simply increasing the
number of input channels, following [22]. The former was originally
designed for speech separation, while the latter is a more recent
lightweight speech enhancement model based on the U-Net architec-
ture. Table II shows that LMFCA-Net strikes a good balance between
efficiency and quality, as demonstrated by its superior performance
in WB-PESQ and DNSMOS, while maintaining an RTF similar to
other lightweight models.

Finally, we compared all lightweight baseline models under mono-
channel conditions by training the mono-channel version of LMFCA-
Net and other baselines using the reference channel of the input. The
results in Table III indicate that LMFCA-Net is more effective in
utilizing spatial cues from multiple microphones. This is evidenced
by the WB-PESQ improvement of over 0.25 when transitioning from
mono-channel to multi-channel input for LMFCA-Net, compared to
only about 0.1 for other lightweight models.

B. Ablation Study

We assess the impact of the components by removing or replacing
certain modules within the model. In examining the FCA mechanism
within T-FCA, F-FCA, and FT-FCA blocks, we removed the FCA
branch to study its effect. Results in Table IV show that FCA yields a

TABLE II
PERFORMANCE COMPARISON WITH LIGHTWEIGHT MODELS

(MULTI-CHANNEL).

Method WB-PESQ DNSMOS GFLOPs GMACs RTF

Noisy 1.69 2.41 - - -

Wave-U-Net 2.23 3.16 4.83 2.42 0.19
GTCRN 2.19 2.96 0.14 0.06 0.07
LMFCA-Net 2.51 3.30 2.20 1.77 0.16

TABLE III
PERFORMANCE COMPARISON WITH LIGHTWEIGHT MODELS

(MONO-CHANNEL).

Method WB-PESQ DNSMOS GFLOPs GMACs RTF

Noisy 1.69 2.41 - - -

Wave-U-Net 2.15 3.12 4.72 2.39 0.18
GTCRN 2.09 2.91 0.12 0.04 0.06
LMFCA-Net 2.24 3.22 2.16 1.75 0.16

significant performance gain while adding only minimal computation
and latency. The Sandglass Unit also serves as a crucial building
block, encoding richer local information than PConv. Additionally, we
examined the effectiveness of the two-stage framework by replacing
T-FCA and F-FCA modules with FT-FCA. The experimental results
demonstrate that the two-stage strategy yields better performance than
using FT-FCA alone.

TABLE IV
ABLATION STUDY RESULTS.

Method WB-PESQ DNSMOS GFLOPs RTF

Noisy 1.69 2.41 - -

LMFCA-Net 2.51 3.30 2.20 0.16
w/o FCA 2.41 3.19 1.88 0.15
replace Sandglass Unit

with PConv 2.46 3.27 2.21 0.16

replace T-FCA & F-FCA
with FT-FCA 2.48 3.26 2.20 0.16

VI. CONCLUSION

This paper presented LMFCA-Net, a lightweight multi-channel
speech enhancement model with novel T-FCA and F-FCA mech-
anisms to capture sub-band and cross-band information through
hardware-friendly operations. This approach focus on addressing
the need for efficient DNN-based microphone array processing in
resource-constrained environments. Experimental results confirm the
effectiveness of the two-stage T-FCA and F-FCA modeling, as well
as LMFCA-Net, demonstrating its strong performance with low
computational load and latency. Our work is presented in an offline
setting, but with its low RTF, LMFCA-Net has significant potential
for adaptation to online processing through simple techniques like
buffering, as demonstrated in our source code. We also plan to further
reduce its algorithmic latency for online applications by implementing
causal convolution and attention units in the future.
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