
JOURNAL OF LATEX CLASS FILES, VOL. 14, NO. 8, AUGUST 2015 1

SMRU: Split-and-Merge Recurrent-based UNet for
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Abstract—The proliferation of deep neural networks has
spawned the rapid development of acoustic echo cancellation
and noise suppression, and plenty of prior arts have been
proposed, which yield promising performance. Nevertheless, they
rarely consider the deployment generality in different processing
scenarios, such as edge devices, and cloud processing. To this
end, this paper proposes a general model, termed SMRU, to
cover different application scenarios. The novelty lies in two-
fold. First, a multi-scale band split layer and band merge layer
are proposed to effectively fuse local frequency bands for lower
complexity modeling. Besides, by simulating the multi-resolution
feature modeling characteristic of the classical UNet structure, a
novel recurrent-dominated UNet is devised. It consists of multiple
variable frame rate blocks, each of which involves the causal time
down-/up-sampling layer with varying compression ratios and
the dual-path structure for inter- and intra-band modeling. The
model is configured from 50 M/s to 6.8 G/s in terms of MACs, and
the experimental results show that the proposed approach yields
competitive or even better performance over existing baselines,
and has the full potential to adapt to more general scenarios with
varying complexity requirements.

Index Terms—Acoustic echo cancellation, noise suppression.

I. INTRODUCTION

ANNOYING acoustic echo and environmental noise are ubiq-
uitous in real-time communication (RTC) systems, leading to

hurdles in intelligibility and overall low audio quality. Digital Signal
Processing (DSP)-based methods for linear acoustic echo cancellation
(AEC) were widely adopted in RTC scenarios [1], [2]. Nonetheless,
these classical approaches cannot effectively cancel acoustic echo and
struggle to maintain high speech quality in relatively low signal-to-
noise ratios (SNRs) and double-talk scenarios. Recent years have
witnessed the proliferation of deep neural networks (DNNs) and
dozens of DNN-based AEC algorithms have been proposed, which
can be roughly categorized into two classes, namely hybrid [3],
[4], [5], [6] and fully neural network-based systems [7], [8], [9],
depending on whether the linear-AEC is involved as a prior for later
DNN processing.

Regarding the neural network topology in the AEC task, an
intuitive tactic is to transfer the network structures from other
front-end tasks like speech enhancement [10], [11], [12], [13]. For
example, in [5], a classical UNet-style structure was utilized, in
which convolution-based encoder and decoder are adopted for feature
extraction and target spectrum recovery, and stacked LSTM layers
serve as the bottleneck for temporal and frequency modeling. In [6],
a dual-path transformer structure was devised to effectively grasp
global relations. Despite the promising performance these works have
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Fig. 1. Overview diagram of the proposed hybrid AEC system.

achieved, the computational complexity is usually prohibitive and
they might be quite difficult to deploy in edge devices. Besides, some
operators like self-attention may require large time buffers, which can
bring laborious optimization costs. Considering that, an important
question arises: how to devise an AEC network that encompasses
different complexity and is also felicitous to adapt to real-time
scenarios.

Note that most of the previous works require the number of frames
to be unaltered in the forward process to follow the causality prin-
ciple, and the time down-sampling/up-sampling (DS/US) operations
are often not allowed, which prunes to result in high computational
complexity. More recently, a causal-guaranteed DS/US strategy was
proposed by future frame prediction [14], [15], leading to notably
decreased complexity and mild performance degradation. Besides,
in [16], a band-split strategy was proposed to manually merge
neighboring frequency sub-bands and can effectively decrease the
cost aroused by modeling in a large frequency dimension. Therefore,
we believe that it should be significant to flexibly modulate the
time and frequency dimensions and meanwhile sustain the causality
characteristic for a real-time AEC framework.

In this regard, we propose Split-and-Merge Recurrent-based UNet
dubbed SMRU, the first UNet-style recurrent-dominated framework
for AEC and noise suppression to our best knowledge. The whole
framework adopts the UNet topology structure, in which the encoder
part follows the from-fine-to-coarse principle and vice versa for the
decoder, and the skip connections are utilized for feature recali-
bration. Different from preliminary convolution-based UNet works,
here the “coarse/fine” lies in different temporal resolution instead of
frequency size, i.e., multi-level causal time DS/US operations are
utilized in the encoder and decoder, respectively, enabling multi-
scale temporal modeling and also notably reducing the computation
complexity. Within each module, a dual-path structure was devised,
where the RNN excavates the temporal relations and an MLP-based
band shuffler is adopted for global band modeling [17]. Benefiting
from the multi-scale time compression method, the proposed model
enjoys better flexibility in computational complexity control. In this
paper, the proposed model can cover from 50 M/s to 6.8 G/s in terms
of MACs, and both quantitative and qualitative results manifest the
performance superiority of the proposed method.

The rest of the paper is organized as follows. Sec. II presents
the proposed framework. Sec. III and Sec. IV namely give the
experimental setups and results. Some conclusions are drawn in
Sec. V.
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Fig. 2. Architecture of the proposed SMRU. Different modules are indicated with different colors for better illustrations. (a) Overall diagram of the proposed
SMRU. (b) Detail structure of the multi-scale band split layer. (c) Detail structure of the band merge layer. (d) Detail structure of the variable frame rate
block. (e) Detail structure of the inter-band MLP.

II. PROPOSED METHOD
The overview diagram of the proposed hybrid AEC system is

shown in Figure 1. The input consists of the received microphone
mixture signal d(n), the reference far-end signal x(n), the error signal
e(n), and the linear echo y(n) generated by LAEC algorithm [18],
respectively, and n denotes the time sample index. All signals are then
converted to the time-frequency (T-F) domain and fed into the SMRU.
The framework of the proposed SMRU is shown in Figure 2. The
real and imaginary parts of the four input spectra are concatenated
along the channel axis to yield the input feature I ∈ R8×T×F ,
where T and F denote the number of the frames and frequency
bins, respectively. The input first passes a 2D convolution layer to
generate an initial feature map R ∈ RE×T×F , where E denotes the
embedding dimension. Similar to [16], the feature map is split into
sub-bands by the band split layer (see Figure 2(b)) to compress the
frequency dimension. The compressed feature is then fed into the
proposed recurrent UNet for multi-scale modeling. After that, the
band merge layer (see Figure 2(c)) is adopted for filter estimation. A
lightweight postnet is optional and can be utilized for further post-
processing. We will illustrate each module in detail below.

A. Split and Merge
To alleviate the computational burden caused by a large frequency

dimension, we manually divide all frequency bins into three fre-
quency regions, representing low, mid, and high regions. For each
region, different multi-scale convolution sets are used to split and
compress the frequency bins to a unified embedding dimension E.
After the UNet modeling, each sub-band is converted to its original
size and merged. The split and merge pattern allows the feature stream
to maintain a relatively low dimension, while multi-scale convolution
sets can introduce richer inter-band information.

1) Multi-scale band split layer: Figure 2(b) shows the detail
of the band split layer. The input feature is split along the frequency
dimension into P regions. Each region feature Rp is processed by a
set of 2D convolutions with different kernel sizes and the same output
channels. They are subsequently concatenated to obtain a compressed
3D representation R̃p, where subscript p ∈ {1, · · · , P}. All R̃p are
merged into R̃ ∈ R(M×E)×T×Q, where M denotes the convolution
scales, and Q denotes the number of sub-bands after compression. A
2D convolution is then applied to reduce the embedding dimension
of R̃ from M ×E to E. Collectively, the process can be formulated
as: {R1, · · · , RP } = Region-split(R), (1)

R̃p = Cat(ConvK=kp1,S=sp(Rp), · · · , ConvK=kpM ,S=sp(Rp)),
(2)

H = Norm(Conv(Merge(R̃1, · · · , R̃P ))), (3)

where Cat (·) and Merge (·) refer to the concatenation operation
along the channel and frequency axes, respectively. H ∈ RE×T×Q

denotes the output from the split layer. Please note that different re-
gions adopt different strides in their convolution sets, as the frequency
compression ratio varies for each Rp. Recall that in [16], the band
split/merge operations are implemented with for-loop, and we notice a
higher implementation efficiency with convolution operations thanks
to the internal optimization of Pytorch platform. When we adopt the
convolutions in the split layer but not the merge part, only neglectable
performance degradations are observed in our internal trials.

2) Band merge layer: Figure 2(c) shows the internal structure
of the band merge layer. To be specific, the output from the recurrent
UNet is termed as U . It is split into Q sub-band features, and each
sub-band feature is fed into a normalization layer and a separate
multilayer perceptron (MLP) layer to estimate complex-valued T-
F masks Gq , where subscript q ∈ {1, · · · , Q}. Finally, all Gq are
merged along the frequency axis to obtain the estimated T-F mask
G ∈ R8×T×F , which is combined with I for target spectrum filtering.
The process can be given by:

{U1, · · · , UQ} = Sub-band-Split (U) , (4)

Gq = MLPq (Norm (Uq)) , (5)

G = Merge (G1, · · · , GQ) , (6)

Ŝ(1) =
8∑
i

Ii ⊗Gi, (7)

where ⊗ denotes the element multiplication operator, and Ŝ(1)

denotes the target estimation after filtering.

B. Recurrent UNet
1) Variable frame rate block: The proposed recurrent UNet

comprises multiple basic blocks with variable frame rates (VR) due
to different time DS/US operations. Taking the encoder process as
an example, the internal structure of each VR block is shown in
Figure 2(d). We may as well denote the input feature as Zi. It is first
passed to a causal time DS operation to obtain a squeezed version
with a lower frame rate feature stream termed as Z↓. Then a dual-path
module is utilized to model the intra-band and inter-band relations,
respectively. Finally, the causal time US layer is adopted to recover
the feature back to its original frame rate, termed as Zo. The above-
mentioned process can be summarized as:
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Z↓ = T imeDownSample(Zi), (8)

Z
(1)
↓ = Reshape(FC(GRU(Norm(Z↓))) + Z↓), (9)

Z
(2)
↓ = Inter-band-MLP (Z

(1)
↓ ) + Z

(1)
↓ , (10)

Zo = T imeUpSample(Z
(2)
↓ ), (11)

where Z
(1)
↓ and Z

(2)
↓ denote the outputs from inter-band and intra-

band modeling, respectively. Reshape(·) denotes the transpose op-
eration.

2) Causal time Down-Sample and Up-Sample layer: The
Down-Sample layer is implemented using non-overlapped 1D causal
convolution and Reshape(·) operation. In concrete, we merge the
embedding and sub-band dimensions and pass a causal 1D convo-
lution layer to obtain a down-sampled version, i.e., R(E×Q)×T 7→
R(E×Q)×(T/λ), where λ denotes the time compression ratio, and the
kernel size and stride are set to the same value to the compression
ratio to keep causality. In the Up-Sample layer, the input is first
interpolated in the time axis, and a 1D point-wise convolution layer
is then used. The causality is guaranteed by future frame prediction.
Due to the space limit, we refer the readers to [15] for more details.

3) Inter-band MLP shuffler: The Inter-band MLP shuffled is
inspired by the gMLP proposed in [19]. It consists of channel and
band projections and uses split head and multiplicative gating for
global inter-band modeling. The channel dimension of the feature
map is doubled using 1D convolution in the first channel projections.
Band attention is achieved through the Gating Unit [17], which evenly
divides the feature map into two parts along the channel dimension.
One part is modeled inter-band along the time axis in the band
projections using 1D convolution, and then multiplicative gate with
the other part. Finally, in the last channel projections, we reshape the
feature map and apply 1D convolution again.

4) Cross-scale skip connections: In addition to the standard
skip connections in UNet, we also introduce cross-scale skip connec-
tions, as shown by the blue curve in Figure 2. We adopt a connection
mode similar to dense connections [20], but instead of channel-wise
concatenation, we sum them after normalization. By doing so, nearly
no extra computational overhead is introduced. We observe that the
strategy can effectively improve performance, which will be revealed
in Sec. IV-B.

C. Post-processing module
Despite the effectiveness of the proposed model, the residual noise

components may still exist. To further suppress the remaining noise,
a lightweight postnet is often cascaded for post-processing. Similar
to [21], it consists of several GRU layers and a group linear layer to
estimate deep filter coefficients for deep filtering. The complexity of
the adopted postnet is only 30 M/s in terms of MACs, which can be
overall negligible.

D. Loss function
We adopt the Mean Absolute Error (MAE) loss, which is formu-

lated as
LMAE = MAE(ŜR, SR)+MAE(ŜI , SI)+MAE(|Ŝ|, |S|), (12)

where
{
ŜR, ŜI , ˆ|S|

}
refer to the real, imaginary, and magnitude parts

of the estimated spectrum, respectively, and {SR, SI , |S|} refer to
that of the target version. To effectively suppress the echo, the echo-
aware loss Lecho [5] is also adopted. Besides, when the near-end
speech is absent, we expect the model to suppress the output as much
as possible. To this end, the VAD-oriented loss Lvad is proposed,
given by

Lvad = 10 log10(||Ŝ × (1− Ivad)||22 + ϵ), (13)
where Ŝ represents the predicted spectrum, Ivad is the VAD label of
the near-end speech, and ϵ is used to prevent over-suppression of the

target speech, which we empirically set to 0.1. The final loss is thus
given by L = LMAE + 0.1Lecho + βLvad, (14)
where β is set to balance the capability between echo suppression
and near-end speech preservation, whose impact will be shown in
Sec. IV-B.

III. EXPERIMENTAL SETUP

A. Data preparation
In the training dataset, clean clips are randomly sampled from

the train-clean-100 and train-clean-360 subsets of Librispeech [22].
Environmental noises are sampled from the DNS-Challenge [23].
The echo data are simulated by convolving clean speech with room
impulse responses (RIRs) from the SLR28 dataset [24]. The simulated
SNR and signal-to-echo ratio (SER) are sampled from -5 to 15 dB.
The scenario proportions of far-end single talk (ST-FE), near-end
single talk (ST-NE), and double talk (DT) are set to 10%, 25%, and
65%, respectively. Besides, noise can be absent in 10% of the data.
The duration of the training set is around 530 hours, and 5% of the
data in the training set are picked out for model validation.

The test set is simulated by the same method with different data
sources. Clean audios are sourced from the test-clean subset of
Librispeech. Noise audios are selected from the same dataset as the
training set, with no data overlap. The echo data are obtained from
real recorded echoes from the AEC Challenge [25]. SERs and SNRs
of −5 dB, 5 dB, 15 dB, +∞ and −∞ are included in the test set.
A SER of +∞ corresponds to the ST-NE scenario, while a SER of
−∞ corresponds to the ST-FE scenario. The total duration of the
test set was around 10 hours. In addition, we use the blind test set of
the AEC Challenge [25] to investigate the generalization capability
of models.

B. Implementation details
A state-space-based linear filter is used to estimate the error signal

e(n) and linear echo y(n) in the LAEC [18]. The window length
for STFT and iSTFT is set to 20 ms, with an overlap of 10 ms.
The number of VR blocks is 12, with 6 blocks set in the encoder
and decoder, respectively. The time compression ratios λ are set
as {1, 2, 4, 8, 16, 32, 32, 16, 8, 4, 2, 1}. In our experiments, we can
adjust the model complexity by changing the embedding dimension
E. For E = 10 and E = 200, the computational complexity of the
model (without post-processing module) can be 50 M/s and 6.8 G/s,
respectively, which are adequate to cover both resource-limited and
offline scenarios. For the multi-scale band split layer, the number of
regions P is set to 3, with each region corresponding to 20, 60, and 81
frequency bins, respectively. The stride of the 2D convolution sets for
the 3 regions is set to {(2, 4), (2, 10), (2, 20)}, and the corresponding
kernels K1, K2, K3 are respectively set to {(1, 4), (1, 8), (1, 12)},
{(1, 10), (1, 20), (1, 30)}, {(1, 20), (1, 30), (1, 40)}. The Adam op-
timizer is adopted with an initialized learning rate of 0.001 and a
decay coefficient of 0.99. Each model is trained for 200 epochs with
a batch size of 16 in the utterance level.

C. Evaluation metrics
For the synthetic test set, the ST-NE and DT scenarios are

evaluated using scale-invariant SNR (SI-SNR) [26] and wide-band
perceptual evaluation of speech quality (WB-PESQ) [27], while the
ST-FE scenario is evaluated using echo return loss enhancement
(ERLE) [28]. For the blind test set, we use the AECMOS metric
[29].

IV. EXPERIMENTAL RESULTS

A. Result comparisons with baselines
We compare the proposed SMRU with five advanced baselines on

the test set, and quantitative results are shown in Table I. Four modes
of SMRU are investigated, namely tiny (T), small (S), large (L), and
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TABLE I
THE OBJECTIVE RESULTS OF PROPOSED SMRU AND DIFFERENT

BASELINES IN THE TEST SET. BOLD INDICATES THE BEST SCORE.

Models MACs RTF DT ST-NE ST-FE
(G/s) SI-SNR PESQ SI-SNR PESQ ERLE

NSNet 0.13 0.0114 10.01 1.82 12.94 2.08 52.16
DeepFilterNet 0.24 0.0347 11.48 2.11 14.01 2.31 55.94
DTLN 0.46 0.0351 11.65 2.08 13.02 2.14 67.39
BSRNN 1.38 0.2087 12.92 2.34 14.67 2.48 55.03
FastFullSubNet 1.75 0.1008 12.64 2.25 14.18 2.35 50.61

SMRU-T 0.05 0.0291 11.17 1.97 12.90 2.08 52.93
SMRU-S 0.11 0.0354 11.76 2.09 13.58 2.21 52.87

+PostNet 0.14 0.0496 12.29 2.17 13.97 2.29 52.44
SMRU-L 1.03 0.0972 13.28 2.35 14.77 2.48 57.18
SMRU-H 6.83 0.3452 14.11 2.50 15.65 2.65 58.91

Fig. 3. AECMOS metrics of the blind test set under the DT scenario.

huge (H), with the complexity varying from 50 M/s to 6.83 G/s, in
terms of MACs. Baseline methods include NSNet [25], DTLN [8],
DeepFilterNet, FastFullSubNet, and BSRNN. The latter three models
were originally proposed for the speech enhancement task, and we
adapt them to AEC task by using the same input as the proposed
method. The real-time factor (RTF) is measured on an Intel Core
(TM) i7-9750H CPU clocked at 2.60 GHz. From the table, several
observations can be made. First, with the increase in computational
complexity, the objective metric scores of the proposed method are
gradually improved, where the tiny version achieves overall better
performance over NSNet but only with around one-third percentage
in complexity. Moreover, although DTLN performs well in the ST-
FE scenario, it lacks capability in other scenarios. In DT and ST-NE
scenarios, DTLN performs worse compared to SMRU-S, which has
only a quarter of its complexity. For the large version, SMRU further
outperforms BSRNN and FastFullSubNet with less complexity. It
fully validates the superiority of the proposed method. Besides, when
a PostNet is adopted, notable improvements can be observed in both
DT and ST-NE cases and just slight degradation in ERLE for the
ST-FE case, which validates the effectiveness of the post-processing.
Finally, compared with BSRNN and FastFullSubNet, SMRU-L enjoys
a notably lower RTF, which can be attributed to the proposed UNet
structure with a multi-level time sampling strategy.

Figure 3 shows the AECMOS results on the AEC Challenge
ICASSP 2022 blind test set for different approaches under the DT sce-
nario. The MOS change trend of SMRU with different complexities
is shown by the blue curve. One can see that SMRU provides the best
DT performance. The MOS of DT Echo for NSNet and DeepFilterNet
is slightly better than that of the same complexity SMRU, but their
near-end speech preservation is poor, resulting in low MOS of DT
Other. Therefore, SMRU can strike well trade-off between far-end
echo suppression and near-end speech preservation.

Figure 4 shows the spectrum visualization of an example case. (a)-
(d) denote mix, near-end, estimation of DeepFilterNet, and SMRU-S,
respectively. It can be observed that the result of the DeepFilterNet
may over-suppress the voiced regions after the silent segment, while
the proposed SMRU can better preserve the harmonic structure of
this target speech.

Fig. 4. Spectrum visualizations of an example. (a) Mix audio. (b) Target near-
end speech. (c) Estimated spectrum processed by DeepFilterNet. (d) Estimated
spectrum processed by SMRU-S.

TABLE II
ABLATION STUDY ON THE PROPOSED SMRU-S. COND. 1 REPRESENTS
THE CONDITION OF USING A MULTI-SCALE BAND SPLIT LAYER, WHILE
COND. 2 REPRESENTS THE CONDITION OF USING CROSS-SCALE SKIP

CONNECTIONS.
Model Cond. 1 Cond. 2 DT ST-NE ST-FE

SI-SNR PESQ SI-SNR PESQ ERLE

SMRU-S
✓ ✗ 11.69 2.06 13.39 2.17 52.51
✗ ✓ 11.54 2.02 13.21 2.12 45.59
✓ ✓ 11.76 2.09 13.58 2.21 52.87

TABLE III
ABLATION STUDY ON THE WEIGHT β OF THE PROPOSED VAD-ORIENTED

LOSS.

Model β
DT ST-NE ST-FE

SI-SNR PESQ SI-SNR PESQ ERLE

SMRU-S
0 11.85 2.08 13.51 2.19 50.73

0.0002 11.76 2.09 13.58 2.21 52.87
0.0005 11.76 2.06 13.45 2.18 55.56
0.001 11.60 2.04 13.21 2.16 62.81

B. Ablation study
Ablation studies are conducted on SMRU-S to investigate the

effects of using multi-scale band split layer and cross-scale skip
connections in the test set. For the case without the multi-scale band
split layer, the single-scale convolution is used for band splitting, i.e.,
the number of convolutions in the convolution set for each region is
set to 1. The results in Table II show that removing the multi-scale
band split layer can lead to significant performance degradation, as
the single-scale convolution cannot provide frequency representations
at different resolutions. Besides, the cross-scale skip connections can
also provide a notable performance improvement by only introducing
minimal computational overhead.

Table III shows the performance of different β values in the
loss function. When β = 0.0002, both PESQ in DT and ST-NE
scenarios and ERLE in ST-FE scenario show an improvement over
β = 0. However, when β further increases, the model exhibits better
capability in far-end echo suppression, i.e., a higher ERLE score,
but at the cost of more speech distortion, i.e., lower PESQ and SI-
SNR scores. Due to space constraints, we do not traverse more β
options, and β = 0.0002 seems adequate to well balance between
echo cancellation and target speech preservation.

V. CONCLUSION
In this paper, we propose SMRU, a UNet-based fundamental model

for echo cancellation and noise suppression task. To enable more
flexible computational complexity control, we explore modulating
both frequency and time dimensions. For the former, the multi-scale
band split layer and band merge layer are introduced to effectively
decrease the modeling complexity in the frequency domain. For the
latter, we introduce the variable frame rate block as the basic unit
to model both intra-/inter-band, while also effectively decreasing
the computational complexity via different causal time down-/up-
sampling rates. With these tactics together, we control the overall
computational complexity from 50 M/s to 6.8 G/s in MACs, which
is adequate to cover both resource-limited and cloud-processing sce-
narios. Both quantitative and qualitative results reveal the superiority
of the proposed approach over existing advanced baselines. In future
work, we plan to extend the proposed SMRU to more related tasks,
e.g., dereverberation and multi-channel speech enhancement.
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