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ABSTRACT
Time-frequency (TF) domain dual-path models achieve high-fidelity
speech separation. While some previous state-of-the-art (SoTA)
models rely on RNNs, this reliance means they lack the paralleliz-
ability, scalability, and versatility of Transformer blocks. Given the
wide-ranging success of pure Transformer-based architectures in
other fields, in this work we focus on removing the RNN from
TF-domain dual-path models, while maintaining SoTA perfor-
mance. This work presents TF-Locoformer, a Transformer-based
model with LOcal-modeling by COnvolution. The model uses feed-
forward networks (FFNs) with convolution layers, instead of linear
layers, to capture local information, letting the self-attention focus
on capturing global patterns. We place two such FFNs before and
after self-attention to enhance the local-modeling capability. We
also introduce a novel normalization for TF-domain dual-path mod-
els. Experiments on separation and enhancement datasets show that
the proposed model meets or exceeds SoTA in multiple benchmarks
with an RNN-free architecture.

Index Terms— speech separation, self-attention, convolution

1. INTRODUCTION

The past decade has witnessed dramatic progress in speech separa-
tion thanks to advancements in neural networks (NNs). Early work
such as deep clustering [1] trains NNs to estimate time-frequency
(TF) masks in the TF-magnitude domain. In contrast, time-domain
audio separation network (TasNet)-style NNs have improved separa-
tion performance drastically by introducing learnable encoders and
decoders [2]. Dual-path modeling, which chunks the features and
conducts local and global modeling alternately for efficient sequence
modeling, is now one of the mainstream approaches in time-domain
end-to-end (E2E) networks [3–5]. More recently, dual-path mod-
eling in the TF domain, where temporal and frequency modeling
are done alternately, has shown impressive performance improve-
ments [6,7]. TF-domain models have the potential to perform better
in realistic reverberant conditions, as the FFT window size is usually
much longer than the kernel size of a typical learnable encoder [8].

While Transformer-based architectures [9] have shown great
success in time-domain E2E separation [5, 10, 11], the current
state-of-the-art (SoTA) TF-domain dual-path separation model re-
lies on RNNs [7]. Although RNNs have some advantages such
as smaller memory cost in inference, the training is typically
very time-consuming since it cannot be parallelized. In contrast,
Transformer-based models have been eagerly investigated in other
fields [9, 12, 13] because of their multiple advantages: the train-
ing process can be parallelized, models can accept prompts (e.g., to
specify the task [14,15]), and they may scale well [16–18]; these fea-
tures are either unattainable or at least unconfirmed in RNNs. Before
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Fig. 1. Overview of the proposed TF-Locoformer. The temporal
modeling block is the same as the frequency modeling block with a
permutation of the time and frequency dimensions.

realizing these potential benefits of Transformer-based models, the
first step, which is the goal of this paper, is to investigate whether we
can obtain comparable or better performance as RNN-based SoTA
models with an RNN-free model of similar complexity.

Global and local modeling often both play an important role in
speech processing [19]. There are strong hints in the literature that
this is also true for speech separation, and that Transformer blocks
lack an intrinsic local modeling ability. Indeed, Transformer blocks,
which excel at global modeling thanks to self-attention, have worked
well in the context of time-domain dual-path models [5], where self-
attention in the intra-chunk path is limited to local modeling by con-
struction, while failing to compete in TF-domain dual-path architec-
tures, where local modeling is not explicitly enforced. On the other
hand, RNNs, which can capture local information, do attain strong
performance in TF-domain dual-path models. Notably, the current
SoTA model in TF-domain separation, TF-GridNet [7], exploits both
RNNs and self-attention. As an alternative to RNNs for capturing
local information, we consider inserting convolution layers within a
Transformer-based dual-path architecture.

We propose TF-Locoformer (TF-domain Transformer with LO-
cal modeling by COnvolution), a simple extension of the Transformer-
based model that alternates global and local modeling. Starting from
the normal Transformer block, we first replace the two linear layers
in the feed-forward network (FFN) with 1d-convolution and 1d-
deconvolution layers, respectively. In addition, we leverage swish
gated linear unit (SwiGLU) activations in the FFNs and place such
FFNs both before and after self-attention, inspired by the success of
the macaron-style architecture [19, 20]. To further improve the per-
formance, we introduce a novel normalization layer for TF-domain
dual-path models. We empirically demonstrate that these extensions
boost the local-modeling capability and enable TF-Locoformer to
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achieve comparable or better performance than the current state-of-
the-art RNN-based models. Our source code is available online1.

2. TF-LOCOFORMER

2.1. Overview of TF-Locoformer

Figure 1 shows the overview of the proposed TF-Locoformer model.
The model is based on TF-domain dual-path modeling [6, 7], where
frequency and temporal modeling are done alternately. It separates
each source by complex spectral mapping, where their real and
imaginary (RI) components are directly estimated.

Let us denote a monaural mixture of N speech signals s ∈
RN×L and a noise signal b ∈ RL as x =

∑
n sn + b ∈ RL, where

L is the number of samples in the time domain and n = 1, . . . , N
is the speech source index. In short-time Fourier transform (STFT)
domain, the mixture is written as X ∈ R2×T×F , where T and F
are the number of frames and frequency bins, and 2 corresponds to
real and imaginary parts.

The input X is first encoded into an initial feature Z with feature
dimension D:

Z = gLN(Conv2D(X)) ∈ RD×T×F , (1)

where gLN is global layer normalization [2]. For frequency model-
ing, we view the feature Z as a stack of T arrays of shape D × F ,
where D is the feature dimension and F the sequence length (i.e.,
we permute the dimension order of Z to T × D × F ). Frequency
modeling is then performed as:

Z ←− Z +ConvSwiGLU(Z)/2, (2)
Z ←− Z +MHSA(Norm(Z)), (3)
Z ←− Z +ConvSwiGLU(Z)/2, (4)

where MHSA stands for multi-head self-attention [9]. MHSA has H
heads and each head processes D/H-dimensional feature. We use
rotary positional encoding [21] for encoding the relative position of
each frequency bin. The ConvSwiGLU module and the Norm layer
will be described in Sections 2.2 and 2.3, respectively. Temporal
modeling is done in the same way by viewing the feature Z as a
stack of F arrays of shape D × T , where T is the sequence length
(i.e., we permute the dimension order of Z to F × D × T ). After
alternating between frequency and temporal modeling B times, the
final feature Z is used to estimate the RI components of N sources:

Ŝ = DeConv2D(Z) ∈ R2×N×T×F . (5)

Finally, we obtain the time-domain signals by inverse STFT.

2.2. ConvSwiGLU module

RNN-based models have shown strong performance in TF-domain
dual-path models [7], which we attribute to the inherent ability of
their hidden state updates to better capture local information. In con-
trast, it is expected to be hard for the MHSA to always have locally
smooth attention weights. This consideration motivates us to design
a model that has strong local-modeling capability.

To this end, we introduce a new FFN, named ConvSwiGLU.
ConvSwiGLU boosts the local-modeling capability by utilizing 1d-
convolution and 1d-deconvolution layers instead of linear layers. We

1https://github.com/merlresearch/tf-locoformer

Table 1. Summary of hyper-parameter notations and default model
configurations for three model sizes: Small (S), Medium (M), and
Large (L).

Symbol Description S M L

D Embedding dimension of each TF bin 96 128 128
B Number of Locoformer blocks 4 6 9

C Hidden dimension in Conv-SwiGLU 256 384 384
K Kernel size in Conv1D and Deconv1D 4 4 4
S Stride in Conv1D and Deconv1D 1 1 1
H Number of heads in self-attention 4 4 4
G Number of groups in RMSGroupNorm 4 4 4

- Number of parameters [M] 5.0 15.0 22.5

also exploit the SwiGLU activation, which has shown better perfor-
mance than the Swish activation in the NLP field [22]. Formally, its
processing is written as:

Z ←− Norm(Z), (6)
Z ←− Swish(Conv1D(Z))⊗ Conv1D(Z), (7)
Z ←− Deconv1D(Z). (8)

As described in Section 2.1, we place this ConvSwiGLU both before
and after the self-attention, which enables stronger local modeling.

2.3. Group normalization for TF-domain dual-path models

Typically, TF-domain dual-path models utilize layer normalization
or root mean square normalization (RMSNorm) [23] as Norm layer,
to normalize the D-dimensional vector of each TF bin. However,
since the goal is the separation of multiple speakers, we believe that
it may be beneficial to encourage each D-dimensional vector Zt,f

to be split into groups corresponding to disentangled concepts such
as speaker IDs.

In RMSGroupNorm, we view each D-dimensional vector Zt,f

as a stack of G vectors of dimension D/G, where G is the group
size, and we normalize each D/G-dimensional vector separately.
This encourages the model to disentangle each D-dimensional vec-
tor into some groups, which could be helpful for speech separation.
Note that we normalize each TF bin, unlike the group normaliza-
tion in image processing [24]. As in RMSNorm, RMSGroupNorm
features an affine transform with two D-dimensional learnable pa-
rameters. Note that G = 1 corresponds to the original RMSNorm.
In experiments, we demonstrate that RMSGroupNorm gives slightly
but consistently better performance than RMSNorm in our model.

3. EXPERIMENTS

3.1. Dataset and experimental setup

To evaluate the model, we used three speech separation corpora,
WSJ0-2mix [1], Libri2mix [25], and WHAMR! [26], and a speech
enhancement corpus, the Interspeech DNS-challenge 2020 dataset
(denoted as DNS) [27]. In the speech separation datasets, we always
used the fully overlapped min version with a sampling rate of 8 kHz,
while the sampling rate of the DNS dataset was 16 kHz.
WSJ0-2mix contains two-speaker mixtures of utterances from the
WSJ0 corpus. The total lengths of the training, validation, and test
sets are 30 h, 10 h, and 5 h, respectively.
Libri2Mix contains two-speaker mixtures of utterances from Lib-
rispeech [28]. The total lengths of the training, validation, and test
sets are 212 h, 11 h, and 11 h, respectively.

https://github.com/merlresearch/tf-locoformer


Table 2. Comparison with previous models on WSJ0-2mix. Meth-
ods with ∗ use speed perturbation when doing dynamic mixing. “-”
denotes unavailable result in original work. Results in [dB].

w/o DM w/ DM

System Domain #params[M] SI-SNRi SDRi SI-SNRi SDRi

DPRNN [3] T 2.6 18.8 19.0 - -
DPTNet [4] T 2.7 20.2 20.6 - -
Wavesplit [37] T 29.0 21.0 21.2 22.2 22.3
SepFormer∗ [5] T 25.7 20.4 20.5 22.3 22.4
TFPSNet [6] TF 2.7 21.1 21.3 - -
QDPN∗ [10] T 200.0 22.1 - 23.6 -
TF-GridNet [7] TF 14.4 23.5 23.6 - -
MossFormer2∗ [11] T 55.7 - - 24.1 -
SepTDA2 [38] T 21.2 24.0 23.9 - -

TF-Locoformer (S) TF 5.0 22.0 22.1 22.8 23.0
TF-Locoformer (M) TF 15.0 23.6 23.8 24.6 24.7
TF-Locoformer (L) TF 22.5 24.2 24.3 25.1 25.2

WHAMR! is a noisy reverberant version of WSJ0-2mix. The model
is trained to jointly perform dereverberation, denoising, and separa-
tion.
DNS has 2700 h of training data and 300 h of validation data, which
are simulated using the official script [27]. The non-blind anechoic
test set is used for testing.

All experiments are done using the ESPnet-SE pipeline [29]. A
summary of hyper-parameters and the default model configurations
are shown in Table 1. We mainly investigate the Medium model. On
some datasets, we also evaluate the Small and Large models to show
fairer comparisons with previous models. Only on WHAMR!, which
has strong reverberation, we set K = 8 and halve C, mimicking TF-
GridNet. We set the STFT window and hop sizes to 16 ms and 8 ms
for all datasets, except for WHAMR! where the window size is set
to 32 ms. We use the AdamW optimizer [30] with a weight decay of
1e-2. We first linearly increase the learning rate from 0 to 1e-3 over
the first 4000 training steps. The learning rate is then decayed by 0.5
if the validation loss does not improve for 3 epochs. The training is
conducted for up to 150 epochs2 with early stopping if the validation
loss does not improve for 10 epochs. When using dynamic mixing
(DM), training is done up to 200 epochs, and the learning-rate de-
cay and early stopping are applied after 75 epochs in the Small and
Medium models, and 65 epochs in the Large model. The batch size
is 4 and input samples are 4-second long. The L2 norm of the gradi-
ent is clipped to 5. Each input mixture is normalized by dividing it
by its standard deviation.

We use permutation-invariant [1, 31] scale-invariant signal-to-
noise ratio (SI-SNR) [32] as the loss function for speech separation.
For speech enhancement, we used a time-domain L1 loss plus a TF-
domain multi-resolution L1 loss [33]. We used four FFT window
sizes {256, 512, 768, 1024} with 50% overlap.

In evaluation, we use as weights the averages over the five model
checkpoints that had the best losses on the validation set. We use
the following evaluation metrics: SI-SNR improvement (SI-SNRi),
signal-to-distortion ratio improvement (SDRi) [34], short-time ob-
jective intelligibility (STOI) [35], and wide-band perceptual evalua-
tion of speech quality (PESQ-WB) [36].

3.2. Anechoic speech separation and enhancement

Table 2 compares the performance of the proposed model with the
results reported in the literature on the WSJ0-2mix dataset. First, we
focus on the TF-domain models, TFPSNet and TF-GridNet, both of

2On the DNS dataset, we define 21,000 training steps as one epoch be-
cause the training data is very large.
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Fig. 2. Box-plots of SI-SNRi [dB] for models with different sizes
on WSJ0-2mix test set. The numbers below the model size indicate
average and standard deviations of SI-SNRi.

Table 3. Comparison with previous models on Libri2Mix. DM and
speed perturbation were not used. Results in [dB].

System Domain #params[M] SI-SNRi SDRi

Conv-TasNet [2] T 5.1 14.7 -
Wavesplit [37] T 29.0 19.5 20.0
SepFormer [5] T 25.7 19.2 19.4
MossFormer2 [11] T 55.7 21.7 -

TF-Locoformer (M) TF 15.0 22.1 22.2

which have RNNs. We compare them with the Medium model be-
cause all of them have B = 6 dual-path blocks. The result demon-
strates that TF-Locoformer achieves comparable or better perfor-
mance than RNN-based TF-domain models, implying that RNN-free
models can work well in the TF-domain by introducing strong local
modeling. Next, we compare TF-Locoformer with the other mod-
els. Since the current SoTA model on WSJ0-2mix, SepTDA, has
nine multi-path blocks, the Large model is suitable for this com-
parison. TF-Locoformer again achieves comparable or better per-
formance than previous SoTA models. We also trained the models
using dynamic mixing and observed noticeable improvements.

Although it is often argued that the performance on WSJ0-2mix
is saturated, we find that there is still room for improvement on sam-
ples which give low SI-SNRi. Figure 2 shows the boxplots of SI-
SNRi given by the proposed models on the WSJ0-2mix test set. It
can be observed that the larger models reduce the number of failures
and work more robustly. Dynamic mixing results in a similar effect
by augmenting the data.

On the larger-scale speech separation and enhancement datasets,
TF-Locoformer works well too. Table 3 and Table 4 show the perfor-
mance of TF-Locoformer and competing models on the Libri2Mix
and DNS datasets, respectively. The proposed TF-Locoformer gives
the best performance on both datasets, which demonstrates its po-
tential scalability. In addition, TF-Locoformer is also effective for
denoising.

3.3. Noisy reverberant speech separation

Table 5 compares the performance of the proposed model with previ-
ous models on the WHAMR! dataset. We evaluated the Small model
to fairly compare with the current SoTA model, TF-GridNet, because
it was configured to have B = 4 dual-path blocks on WHAMR!



Table 4. Comparison with previous non-causal models on the
DNS2020 non-blind test dataset. SI-SNR results in [dB].

System #params[M] SI-SNR STOI PESQ-WB

Noisy - 9.1 91.5 1.58
MFNet [39] 6.1 20.3 98.0 3.43
USES [15] 3.1 21.2 98.1 3.46

TF-Locoformer (M) 15.0 23.3 98.8 3.72

Table 5. Comparison with previous models on WHAMR!. DM∗

indicates DM with speed perturbation. Results in [dB].
System Domain #params[M] SI-SNRi SDRi

Wavesplit+DM [37] T 29.0 13.2 12.2
SepFormer+DM∗ [5] T 25.7 14.0 13.0
QDPN+DM∗ [10] T 200.0 14.4 -
MossFormer2+DM∗ [11] T 55.7 17.0 -
TF-GridNet [7] TF 5.5 17.1 15.6

TF-Locoformer (S) TF 5.0 17.4 15.9
TF-Locoformer (M) TF 15.0 18.5 16.9
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Fig. 3. Average SI-SNRi with different kernel sizes on WSJ0-2mix
test set. Medium model is shown.

evaluation [7]. The result shows that the proposed model again out-
performs the SoTA models. The Medium model scores even higher,
implying that the proposed model could still achieve even better per-
formance by using larger configurations.

The comparison not only shows that TF-Locoformer is effec-
tive, but also demonstrates that the current best TF-domain mod-
els perform better than the best available time-domain approaches
in reverberant conditions. While some models such as QDPN [10]
or MossFormer2 [11] gave comparable or better performance than
the Small TF-Locoformer on WSJ0-2mix, the latter achieves bet-
ter performance on WHAMR!, even without dynamic mixing. This
observation is in line with [8], which argues that time-domain mod-
els struggle with reverberation due to their short kernel size in the
encoder and decoder (e.g, 2 ms). The results clearly show the su-
periority of TF-domain models in reverberant conditions, which are
more representative of real-world applications.

3.4. Ablation study

We conducted an ablation study to examine the effectiveness of
each module in our model: convolution layers, ConvSwiGLU FFN,
Macaron-style architecture, and RMSGroupNorm. Figure 3 shows
the average SI-SNRi of the Medium models with different kernel
sizes on the WSJ0-2mix test set. Since the default model configu-
ration was K = 4 and C = 384, we set C = 1536/K to make all
the models roughly the same size. We used here the RMSNorm as
the normalization layer to avoid potential influence of RMSGroup-

Table 6. Ablation study on WSJ0-2mix. Results in [dB].
System SI-SDRi SDRi

A0 TF-Locoformer (M) 23.6 23.8
A1 Macaron-style −→ Single ConvSwiGLU 22.8 22.9
A2 SwiGLU −→ Swish activation 22.2 22.4

Table 7. Comparison of normalization layers on WSJ0-2mix. Re-
sults in [dB].

RMSNorm RMSGroupNorm

System SI-SNRi SDRi SI-SNRi SDRi

TF-Locoformer (S) 21.7 21.9 22.0 22.1
TF-Locoformer (M) 23.5 23.6 23.6 23.8
TF-Locoformer (L) 24.0 24.1 24.2 24.3

Norm’s grouping on the results. K = 1 is equivalent to a normal
linear layer, in which case each block is almost the same as the pure
Transformer block. The results clearly demonstrate the importance
of the convolution layer: the models with K ≥ 2 perform much
better than that with K = 1. At the same time, models with longer
kernels are more computationally efficient because the input to the
Swish activation and the following gating have smaller hidden di-
mension C. However, we observe a trade-off between efficiency and
performance: models with longer kernels (e.g., K = 8) do not give
the best performance. Instead, we find that K = 3 and K = 4 lead
to the best results.

In Table 6, we evaluate the contribution of our other modifica-
tions to the original Transformer block while keeping the model size
constant. A1 removes the first ConvSwiGLU module while increas-
ing the hidden dimension in the second ConvSwiGLU to 2C. A2 fur-
ther swaps the SwiGLU activation for Swish (i.e., removes the right
Conv1D branch in Fig. 1) while increasing the hidden dimension to
3C. The result demonstrates that both designs help improving the
separation performance.

Finally, we compare the performance of the models with RM-
SNorm and RMSGroupNorm in Table 7. Although the improve-
ment is slight, the proposed RMSGroupNorm consistently leads to
better performance. This result demonstrates that, as discussed in
Section 2.3, encouraging the model to make groups in each TF bin
can be effective for TF-domain dual-path separation models.

4. CONCLUSION

We presented TF-Locoformer, a speech separation model that effec-
tively integrates global and local modeling for TF-domain dual-path
modeling. While previous SoTA TF-domain dual-path models are
based on RNNs, we developed a model based on the Transformer
block, considering its advantages such as parallelizable architecture,
potential scalability, and versatility (e.g., prompting to specify the
task). Inspired by the success of RNNs, which perform both lo-
cal and global modeling, we designed a model where self-attention
does global modeling and convolution handles local modeling. We
also proposed an effective normalization layer for TF-domain mod-
els. The experimental comparison demonstrated that the proposed
model gives comparable or better performance than previous SoTA
models on four commonly-used benchmarks. Through the ablation
study, we have shown the importance of local modeling. Finally, the
experiments implied that TF-domain models deal with reverberation
much better than time-domain models. In the future, we will investi-
gate the scalability of TF-Locoformer, as well as its effectiveness on
music and general sound separation.
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