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ABSTRACT

We propose FSB-LSTM, a novel long short-term memory (LSTM)
based architecture that integrates full- and sub-band (FSB) model-
ing, for single- and multi-channel speech enhancement in the short-
time Fourier transform (STFT) domain. The model maintains an
information highway to flow an over-complete input representation
through multiple FSB-LSTM modules. Each FSB-LSTM module
consists of a full-band block to model spectro-temporal patterns at
all frequencies and a sub-band block to model patterns within each
sub-band, where each of the two blocks takes a down-sampled rep-
resentation as input and returns an up-sampled discriminative repre-
sentation to be added to the block input via a residual connection.
The model is designed to have a low algorithmic complexity, a small
run-time buffer and a very low algorithmic latency, at the same time
producing a strong enhancement performance on a noisy-reverberant
speech enhancement task even if the hop size is as low as 2 ms.

Index Terms— Low-complexity speech enhancement, frame-
online speech enhancement, deep learning, hearing aids design.

1. INTRODUCTION

Deep learning has dramatically advanced speech enhancement in the
past decade [1]. However, current enhancement models reporting
strong performance usually consist of many layers of convolutional,
recurrent or self-attention blocks. They are often computationally-
intensive, resource-demanding and suffer from large processing
latency not suitable for online real-time enhancement, with low-
latency, low-complexity enhancement largely being under-explored.
These issues prevent the deployment of modern neural speech en-
hancement models into real-world products such as hearing aids
which usually have very limited computing capabilities, and dramat-
ically limit the potential application range of deep neural network
(DNN) based enhancement. As is suggested in [2,3], an ideal neural
speech enhancement system needs to have a small model size and
consume a small amount of memory, computation and energy at
training and inference time, meanwhile achieving strong enhance-
ment performance with very low processing latency1.

Many recent neural speech enhancement studies [4–9] have a
particular focus on using a smaller model size to achieve stronger
enhancement performance. Although very small model sizes are cer-
tainly desirable, in most modern edge devices a model size below 20
megabytes (MB) is typically satisfactory as the storage and RAM
are usually much larger. The more pressing issues, we believe, are
in the run-time memory cost, algorithmic complexity, and compu-
tation requirements when performing one-frame-in, one-frame-out

1Processing latency consists of algorithmic latency resulting from algo-
rithmic design (e.g., the use of overlap-add) and hardware latency for the
computation at each frame [3].

enhancement in a real-time fashion. Solving these issues requires
major changes to many current DNN architectures. For example,
• Attention mechanism [10–14], especially in its original form

which attends to past frames to capture long-range context, is not
ideal for low-complexity, online enhancement, since it needs to
buffer many past frames and hence has a sizable memory cost;

• Although two-dimensional (2D) convolution (Conv2D) features a
small number of parameters and has been popular in UNet-based
speech enhancement in the magnitude [15–17], complex time-
frequency (T-F) [18–29] and time domain [7], it usually costs a
large amount of computation.

• State-of-the-art dual-path models such as DPRNN [6] and TF-
GridNet [9] are not ideal for real-time enhancement, as they are
computationally expensive. TF-GridNet, for example, runs an
LSTM for each frequency at each layer, and at each frame it does
not process all the steps in the sequence in parallel.

Equipped with these understandings, we think that recurrent neu-
ral networks such as LSTM [30] are more suitable for online, low-
complexity speech enhancement, because at run time only one past
frame needs to be buffered and the memory cost and system com-
plexity can be low. In addition, small fully-connected blocks (or
one-dimensional convolutions) are usually less costly than Conv2D
blocks that use large kernels and large input and output channels.

In this context, we investigate using stacked LSTMs as the
DNN backbone for frame-online speech enhancement with very
low algorithmic latency and complexity. Although there have been
studies exploring this direction [31–35], they are usually studied in
monaural conditions and in teleconferencing scenarios where the
allowed processing latency can be as high as 40 ms [36] and hence
a regularly-large hop size (e.g., 8, 10 and 16 ms) is often used. In
hearing aids setup, however, the requirement on algorithmic latency
is usually less than 5 ms [37]. This means that the hop size cannot
go beyond 2.5 ms if 50% frame-overlap is used in overlap-add,
and such a small hop size would create longer frame sequences
to process and requires hardware latency to be less than the hop
size in order to realize real-time enhancement. In such cases, how
to design a low-complexity DNN architecture that can leverage
LSTMs to achieve single- and multi-channel enhancement with low
algorithmic latency is an important problem to study.

In our experiments, we observe that a multi-layer unidirectional
LSTM modeling full-band information performs impressively well
even when the hop size is as low as 1 ms, indicating that LSTM
could be very suitable for hearing aids design. We further inte-
grate the full-band LSTM blocks with sub-band LSTM blocks so
that complementary full- and sub-band information can be combined
to achieve better enhancement, leading to a novel DNN architecture
named FSB-LSTM for STFT-domain speech enhancement with very
low algorithmic latency and low complexity. Evaluation results on
single- and multi-channel speech enhancement in noisy-reverberant
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Fig. 1: Overview of proposed system.

conditions show the effectiveness of FSB-LSTM over other state-of-
the-art low-latency streamable models in the time domain and in the
complex T-F domain. Ablation studies also confirm the effectiveness
of the proposed integrated full- and sub-band processing.

2. PROPOSED ALGORITHMS
Given a single-speaker, N -sample mixture recorded by a P -
microphone array in noisy-reverberant conditions, the physical
model in the time domain can be written as y[n] = s[n] + v[n],
where y[n], s[n] and v[n] ∈ RP respectively denote the mixture,
direct-path signal of the target speaker, and non-target signals at
sample n. Our study aims at estimating the target direct-path signal
captured by a reference microphone q (i.e., sq) based on the mixture
in a low-latency, low-complexity setup.

In the STFT domain, we denote the mixture as Y(t, f) =
S(t, f) + V(t, f) ∈ CP , where Y, S and V are respectively the
STFT spectra of y, s and v, t indexes T frames, and f indexes F
frequencies. Our system operates in the STFT domain. Follow-
ing [3], we use a regularly-large input window size (iWS) for STFT
and a much smaller output window size (oWS) for overlap-add in
inverse STFT (iSTFT), and both iWS and oWS are set to multiples
of the hop size (HS). This way, our system can use an STFT with a
regularly-high frequency resolution while still have a low algorith-
mic latency equal to the smaller oWS rather than the regularly-large
iWS. See [3] for the details of this STFT-iSTFT mechanism.

Fig. 1 illustrates our proposed system. It is trained to perform
multi-microphone complex spectral mapping based speech enhance-
ment [23, 29, 38], where the real and imaginary (RI) components
of the mixture Y are stacked as input features to predict the RI
components of target speech Sq . Given an input tensor with shape
2P × T × F , where 2P is because we stack the RI components
at all the P microphones, we first use a Conv2D layer with kernel
size 1 × 3 along time and frequency to get a D-dimensional em-
bedding for each T-F unit, obtaining in a D × T × F tensor. We
then use B FSB-LSTM modules, each with a full-band and a sub-
band block, to leverage spectral, spatial and temporal information to
gradually refine the T-F embeddings. Next, a 2D deconvolution (De-
conv2D) layer with kernel size 1× 3 is used to predict the target RI
components. Finally, inverse STFT (iSTFT) is applied for signal re-
synthesis. The loss function is defined on the re-synthesized signal
and its magnitude, following the Wav+Mag loss in [3]. The rest of

Table 1: Summary of model hyper-parameters.

Symbols Description

B Number of FSB-LSTM modules
D Embedding dimension for each T-F unit

E Output channels of Conv2D in full-band blocks
I Kernel size along frequency in Conv2D and Deconv2D in full-band blocks
J Stride size along frequency in Conv2D and Deconv2D in full-band blocks
H Number of hidden units in full-band LSTMs

E′ Output channels of Conv2D in sub-band blocks
I′ Kernel size along frequency in Conv2D and Deconv2D in sub-band blocks
J′ Stride size along frequency in Conv2D and Deconv2D in sub-band blocks
H′ Number of hidden units in sub-band LSTMs

this section describes the full- and sub-band blocks in FSB-LSTM.
To avoid confusion, in Table 1 we summarize the hyper-parameters
we will use to describe FSB-LSTM.

2.1. Full-Band Block
Given an input tensor with shape D × T × F , we compress the D-
dimensional T-F embeddings within each frame into a frame-level
embedding, use an LSTM to refine the frame embedding, and re-
computeD-dimensional T-F embeddings based on the refined frame
embedding. This way, the LSTM can model all the frequencies at
the same time to capture full-band information.

Specifically, we first use a Conv2D layer with input channel D,
output channel E, kernel size 1 × I , and stride 1 × J to compress
the D × T × F tensor along dimension one and three to E × T ×
(Q−I

J
+ 1), after zero-padding the frequency dimension to Q =

dF−I
J
e × J + I . We then reshape it to a 2D tensor by flattening the

first and third dimensions to obtain a tensor with shape T × A with
A = E×(Q−I

J
+1), apply PReLU, and perform causal global layer

normalization (cGLN) [4], which computes the mean and variance
for normalization based on both dimensions in a causal way and uses
two A-dimensional vectors to respectively scale and shift along the
first dimension. Next, we use an LSTM with H hidden units to
model theA-dimensional frame embeddings, obtaining a tensor with
shape T × H . After that, a linear layer is applied to map the H-
dimensional embedding to A-dimensional, followed by cGLN and
PReLU. Finally, we reshape the T × A tensor back to E × T ×
(Q−I

J
+1), and use a Deconv2D layer with input channel E, output

channelD, kernel size 1×I , and stride 1×J to compute aD×T×F
tensor, which is added to the original input tensor to this full-band
block via a residual connection, after removing padded zeros.

2.2. Sub-Band Block
In [9,39], we find that using sub-band modules to leverage sub-band
information is very effective at dereverberation and leveraging spa-
tial information. However, TF-GridNet proposed in [9, 39] runs a
sub-band module at each frequency, consuming a large amount of
computation. To reduce the computation, we reduce the number
of frequencies by using convolution based down-sampling, and use
much fewer input, hidden and output units in LSTMs.

In detail, given an input tensor with shape D × T × F , we first
use a Conv2D layer with input channelD, output channelE′, kernel
size 1 × I ′, and stride size 1 × J ′ to down-sample the D × T × F
tensor along dimension one and three to E′ × T × (Q

′−I′

J′ + 1),
after zero-padding the frequency dimension toQ′ = dF−I′

J′ e×J ′+
I ′. Next, we apply PReLU, and perform cGLN, which, in the case
of 3D tensors, computes the mean and variance for normalization
based on all the three dimensions in a causal way and uses two E′-
dimensional vectors to respectively scale and shift along the first di-
mension. After that, we view the tensor as Q′−I′

J′ + 1 sequences,
each with length T , and use an LSTM withH ′ hidden units to refine



the E′-dimensional T-F embeddings, obtaining a tensor with shape
H ′ × T × (Q

′−I′

J′ +1). Note that the LSTM is shared across all the
sub-bands to reduce model parameters. At last, we use a Deconv2D
layer with input channel H ′, output channel D, kernel size 1 × I ′,
and stride size 1 × J ′ to compute a D × T × F tensor, which is
added to the input tensor of the sub-band block through a residual
connection, after removing padded zeros.

2.3. Discussion on Network Design

In our network, we maintain an information highway, which flows an
over-complete T-F representation (i.e., the D-dimensional T-F em-
beddings) of multi-channel input signals inside the network through
residual connections. When refining the T-F embeddings, we first
perform down-sampling to extract desired discriminative features,
then use LSTM layers to perform full- or sub-band temporal model-
ing, and finally up-sample and add it back to the input tensor. This
could be a good strategy especially for multi-microphone enhance-
ment, as it can maintain the fine-grained information of multiple in-
put signals (e.g., spectro-temporal and spatial patterns) and at the
same time extract different discriminative information of interest at
different blocks for better enhancement.

In comparison, an early popular way of using stacked LSTMs
feeds 2P × F -dimensional input features directly to a multi-layer
LSTM (in a way similar to that in the deep clustering [40, 41] and
permutation invariant training [42] studies). However, since the hid-
den dimension of LSTM is usually much smaller than the input di-
mension when P is large, the resulting model would be limited at ex-
ploiting spatial information due to the compression of input features.
Similarly, modern time-domain models such as Conv-TasNet [4, 43]
tend to create a bottleneck representation immediately after the en-
coder. Such a bottleneck could lead to loss of information when the
input dimension is high (e.g., in multi-microphone cases). One solu-
tion is to use recurrent U-Net based models for multi-channel separa-
tion [23,29,38], where the lower layers in the U-Net encoder (and the
corresponding layers in the decoder) can have an over-complete rep-
resentation of input features to maintain fine-grained patterns, and
the input features are gradually down-sampled to a dimension suit-
able for recurrent networks. In our experiments, we will show that
FSB-LSTM produces better performance than a strong recurrent U-
Net based model [44] and a multi-channel Conv-TasNet [43, 45].

All the convolutions in our models have a kernel size of one
along time. This way, we avoid buffering past frames due to the
use of causal convolution, and just use LSTMs to model temporal
information. The Conv2D and Deconv2D layers in our models are
not very costly, as they are used with a large stride size, a small
kernel size, and few input and output channels. For deconvolution,
we use a custom implementation2 to reduce the number of multi-
ply–accumulate (MAC) operations.

We emphasize that the proposed network only needs to buffer
the hidden and cell states of LSTMs in the past frame. The run-time
memory cost and complexity of maintaining the buffer is low.

2Deconvolution (a.k.a transposed convolution) [30] is typically imple-
mented by first interleaving zeros to the input tensor based on the stride size
and then performing regular convolution. This increases the MAC opera-
tions when the stride is larger than one, because the new input tensor would
have more elements to convolve due to the interleaved zeros. In our study, we
implement deconvolution as a linear layer followed by overlap-add along fre-
quency (please do not confuse this overlap-add with that in iSTFT). This way,
we can save the computation wasted on the interleaved zeros. On the other
hand, the overlap-add usually costs negligible MAC operations compared to
the linear layer. The number of MAC operations of our implementation is
roughly 1/J of that of the typical implementation, where J is the stride size.

3. EXPERIMENTAL SETUP
We validate our algorithms on a simulated noisy-reverberant speech
enhancement task. This section describes the dataset, system config-
urations, baseline systems, and evaluation metrics.

3.1. Dataset
We use a simulated data, which was used in recent studies [3, 44],
to evaluate the proposed algorithms. Using the split of clean speech
in WSJCAM0, the dataset simulates 39,245 (∼77.7 h), 2,965 (∼5.6
h) and 3,260 (∼8.5 h) noisy-reverberant mixtures respectively for
training, validation and testing. The clips in the development set of
FSD50k [46] are sampled to simulate the noises for training and val-
idation, and those in the evaluation set for testing. Each simulated
mixture contains up to seven noise clips, with one longer than ten
seconds as background and the others as foreground noises. The
simulated microphone array contains six microphones arranged uni-
formly on a circle with a diameter of 20 cm. The direction of each
source to the array center is sampled from the range [0, 2π), dis-
tance from [0.75, 2.5] m, and the reverberation time from [0.2, 1.0]
s. We treat each sound source as a point source, convolve each
source with a simulated room impulse response, and summate the
convolved sources to create the mixture. The signal-to-noise ratio
between the target direct-path speech and reverberant noise is drawn
from [−8, 3] dB. The sampling rate is 16 kHz. For two-channel pro-
cessing, we use signals at the first and the fourth microphones; and
for monaural processing, the first microphone is used. The target
direct-path signal captured at the first microphone is used as the la-
bel for model training and as the reference for metric computation.

3.2. System Configurations
We aim at an enhancement system with an algorithmic latency of 4
ms, which is slightly shorter than the 5 ms requirement suggested in
the recent Clarity challenge [37] proposed for hearing aids design.
For STFT and iSTFT, in default the iWS is set to 16 ms, HS to 2 ms,
and oWS to 4 ms, resulting in an algorithmic latency of 4 ms [3]. The
rectangular window is used as the analysis window. Given a sam-
pling rate of 16 kHz, a 256-point discrete Fourier transform is used
to extract 129-dimensional complex spectra at each frame. Through
the validation set, we set B = 3, D = 32, E = 8, I = 8, J = 4,
H = 256 E′ = 64, I ′ = 5, J ′ = 5, and H ′ = 64 (see Table 1
for the definition of the notations). In this configuration, there are
26 sub-bands and the MAC operations of the sub-band module are
around twice as many as the full-band module.

3.3. Baseline Systems
We consider Conv-TasNet [4], its multi-channel extension MC-
Conv-TasNet [43, 45], LSTM-ResUNet [3], and a full-band only
LSTM model as the major baselines. All of them are trained with
the same loss as FSB-LSTM.

Conv-TasNet [4] is an excellent time-domain model in speech
separation. It uses learned bases on very short windows of sig-
nals to achieve separation with very low algorithmic latency. Us-
ing the symbols listed in Table I of the Conv-TasNet paper [4], we
set the hyper-parameters of Conv-TasNet and MC-Conv-TasNet to
N = 512, B = 158, Sc = 158, H = 512, P = 3, X = 8, and
R = 3 (please do not confuse these symbols with those defined in
this paper). B and Sc are set slightly larger than the default 128
suggested in [4], considering that in MC-Conv-TasNet there are ad-
ditional spatial embeddings concatenated to the spectral embeddings
as the input to the separator of Conv-TasNet. Following [43,45], the
spatial embedding dimension is set to 60 for two-channel enhance-
ment and to 360 for six-channel enhancement.



Table 2: Results of FB-LSTM at various hop sizes (6ch).

Systems iWS oWS HS #params GMAC/s SI-SDR PESQ eSTOI(ms) (ms) (ms) (M) (dB)

Unprocessed - - - - - −6.2 1.44 0.411

FB-LSTM (6-layer) 16 16 8 3.59 0.58 3.9 2.06 0.721
FB-LSTM (6-layer) 16 8 4 3.59 1.16 5.8 2.28 0.776
FB-LSTM (6-layer) 16 4 2 3.59 2.33 6.8 2.37 0.795
FB-LSTM (6-layer) 16 2 1 3.59 4.65 8.0 2.54 0.821

Table 3: Results on speech enhancement (6ch).

Systems #params (M) GMAC/s SI-SDR (dB) PESQ eSTOI

Unprocessed - - −6.2 1.44 0.411

FSB-LSTM 1.96 3.37 7.8 2.61 0.830
FB-LSTM (6-layer) 3.59 2.33 6.8 2.37 0.795
FB-LSTM (9-layer) 5.38 3.43 7.6 2.51 0.816

MC-Conv-TasNet [43, 45] 6.37 3.76 5.2 2.24 0.764
LSTM-ResUNet [3] 2.33 3.54 6.2 2.23 0.767

LSTM-ResUNet [3] is a representative complex T-F domain
model, consisting of a multi-layer LSTM sandwiched by a UNet
with residual net blocks inserted at multiple frequency scales. It
uses a shorter oWS than the iWS in overlap-add to realize en-
hancement with low algorithmic latency [3]. We emphasize that its
network architecture shares many similarities with recent complex
T-F domain models [17, 18, 20, 29] in speech enhancement. We
therefore consider it as a major baseline in addition to Conv-TasNet.

To show the effectiveness of including sub-band LSTMs, we re-
place the sub-band module in Fig. 1 with the full-band module. This
way, the system essentially stacks multiple full-band LSTMs. We
denote this system as FB-LSTM, where “FB” means full-band. We
experiment FB-LSTM with 6 and 9 full-band LSTM blocks, since
we use B = 3 full- and sub-band modules in FSB-LSTM (totalling
2 × 3 = 6 LSTMs) and each sub-band module costs roughly twice
as many MAC operations as the full-band module.

3.4. Evaluation Metrics
The evaluation metrics include scale-invariant signal-to-distortion
ratio (SI-SDR), perceptual evaluation of speech quality (PESQ), and
extended short-time objective intelligibility (eSTOI). For PESQ, we
use the python-pesq (v0.0.2) toolkit to report narrow-band MOS-
LQO scores. The number of model parameters is reported in mil-
lions (M). Using the ptflops toolkit, we report the amount of compu-
tation by counting MAC in giga-operations per second (GMAC/s).

4. EVALUATION RESULTS
4.1. Effectiveness of LSTM at Dealing with Small Hop Sizes
Although LSTM has been criticized for not being good enough at
modeling long sequences resulted from small hop sizes [4], in our
experiments (which focus on frame-online enhancement) we find
FB-LSTM performing surprisingly well even if the hop size is as
low as 1 ms. See Table 2 for the results. The iWS is always 16 ms.
We reduce HS together with oWS so that the frame-overlap ratio in
overlap-add is always 50% when the algorithmic latency (equal to
oWS) becomes smaller. Every time HS is halved, the amount of
computation is approximately doubled as the number of frames to
process is doubled. From the results, we observe that a smaller HS
(and oWS) leads to better performance, even though the resulting
frame sequence gets much longer and the future context information
that can be utilized (up to oWS to the future) becomes less.

Although using smaller hop sizes was found effective in time-
domain speaker separation studies such as Conv-TasNet [4] and
DPRNN [6], they are often used with more advanced architec-
tures rather than simple uni-directional LSTMs that model frame

Table 4: Results on speech enhancement (2ch).

Systems #params (M) GMAC/s SI-SDR (dB) PESQ eSTOI

Unprocessed - - −6.2 1.44 0.411

FSB-LSTM 1.96 3.31 4.9 2.20 0.753
FB-LSTM (6-layer) 3.59 2.27 4.2 2.07 0.729
FB-LSTM (9-layer) 5.38 3.37 4.5 2.14 0.744

MC-Conv-TasNet [43, 45] 6.19 3.68 3.6 2.00 0.711
LSTM-ResUNet [3] 2.33 3.48 4.3 2.06 0.726

Table 5: Results on speech enhancement (1ch).

Systems #params (M) GMAC/s SI-SDR (dB) PESQ eSTOI

Unprocessed - - −6.2 1.44 0.411

FSB-LSTM 1.96 3.30 3.1 1.92 0.688
FB-LSTM (6-layer) 3.59 2.25 2.6 1.84 0.671
FB-LSTM (9-layer) 5.38 3.35 2.5 1.83 0.667

Conv-TasNet [4] 6.18 3.67 2.2 1.78 0.657
LSTM-ResUNet [3] 2.32 3.47 2.8 1.90 0.682

sequences from left to right. Our study observes that such simple
causal LSTMs can perform reasonably well for hop sizes as low
as 1 ms. This finding is very significant, as it indicates that simple
LSTMs, which have very low run-time complexity, can produce
promising enhancement results in a hearing aid setup which requires
very low processing latency.

4.2. Results of FSB-LSTM

Table 3, 4 and 5 respectively present the results of FSB-LSTM
on six-, two- and one-channel speech enhancement. We can see
that, with a smaller model size and using fewer MAC/s operations,
FSB-LSTM produces better enhancement than Conv-TasNet, MC-
Conv-TasNet and LSTM-ResUNet. Note that both Conv-TasNet and
LSTM-ResUNet contain convolutions dilated along time and need
to buffer many past frames at run time.

FSB-LSTM produces better results than 6-layer and 9-layer FB-
LSTM. This shows the benefits of using the sub-band blocks.

4.3. Run-Time Complexity

We compute the run-time buffer size of each model in an online,
streaming setup, based on single-precision floating-point operations.
FSB-LSTM only needs to buffer LSTMs’ hidden and cell states in
the past frame. It has a buffer size of 46.2 kilobytes (KB) to main-
tain, while the buffer sizes of Conv-TasNet and LSTM-ResUNet are
respectively 3133.4 and 1815.1 KB. Such a small buffer size makes
it possible to have the buffered tensors reside in a higher cache hier-
archy, which has very limited space (e.g., tens of KB at Level 1 and
several MB at Level 2) even in modern processors. The small buffer
size and the low algorithmic complexity also make it easier for the
hardware latency to be smaller than the hop size to realize real-time
enhancement in resource-constrained hearing-aid scenarios.

5. CONCLUSION

We have proposed a novel FSB-LSTM architecture that integrates
full- and sub-band modeling for low-complexity, low-algorithmic-
latency speech enhancement. Our experiments show that FSB-
LSTM outperforms previously proposed state-of-the art streamable,
low-latency models with much less buffer memory and less com-
putational burden in MAC operations. Future research will further
reduce algorithmic latency and explore DNN quantization and dis-
tillation to further reduce complexity, at the same time maintaining
a strong enhancement performance.
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