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ABSTRACT
Speech separation has been well-developed while there are
still problems waiting to be solved. The main problem we focus on in this paper is the frequent label permutation switching of permutation invariant training (PIT). For N -speaker
separation, there would be N ! possible label permutations.
How to stably select correct label permutations is a longstanding problem. In this paper, we utilize self-supervised
pre-training to stabilize the label permutations. Among several types of self-supervised tasks, speech enhancement based
pre-training tasks show significant effectiveness in our experiments. When using off-the-shelf pre-trained models, training
duration could be shortened to one-third to two-thirds. Furthermore, even taking pre-training time into account, the entire training process could still be shorter without a performance drop when using a larger batch size.
Index Terms— Speech Enhancement, Self-supervised
Pre-train, Speech Separation, Label Permutation Switch
1. INTRODUCTION
In recent years, self-supervised learning is a hot topic in
machine learning. It is well-known that data labeling costs
a lot, and unlabeled data is relatively much easier to collect. By first utilizing a large amount of unlabeled data to
pre-train the model, self-supervised learning has shown considerable improvements in many fields. In the field of natural
language processing (NLP) [1, 2, 3], BERT [1] learns powerful representations by self-supervised pre-training to encode
contextual information. The representations learned from
pre-training can be beneficial in downstream tasks, especially
when the data is limited. Furthermore, BERT could be finetuned as a part of the downstream model. Most of the top
models in NLP are BERT-based models. In computer vision
(CV) [4, 5], SimCLRv2 [5] outperforms the previous stateof-the-art in semi-supervised learning on ImageNet by selfsupervised pre-training. Both NLP and CV have shown that
self-supervised pre-trained models are more label-efficient

than previous semi-supervised training methods, especially
when only with a little labeled data.
In the speech processing domain, self-supervised learning also shows its advantages when labeled data is limited,
whenever the learned model is used for feature-extraction or
fine-tuning [6, 7, 8, 9]. Wav2vec 2.0 [8] shows that 10 minutes of labeled data is already enough for training an ASR
system with 53k hours of unlabeled data. TERA [9] pretrains a Transformer model with a BERT-like objective. The
learned representations are robust for a wide range of downstream tasks. The model could even outperform supervised
learning when fine-tuned with 0.1% labeled data only.
Speech separation has always been a fundamental issue
towards robust speech processing in the real-world acoustic
environment. The considered speech signal is often disturbed
by some additional signals coming from other speakers. To
date, the models that directly process the time-domain samples achieve great performances of single-channel speech separation. While such models perform pretty well that the separated speech estimates are hard to be distinguished from the
reference signals, their training usually takes several days to
weeks. Also, the label permutation switching problem [10,
11] would lead to a slower convergence rate in the early training stage, and a longer training duration would be required to
get sufficiently good results.
In this paper, self-supervised learning is used to pretrain the model to deal with the label permutation switching
problem. With the input signal disturbed by noise, our selfsupervised pre-training method forces the model to learn how
to fetch the information of the clean source from the input
mixture, which is beneficial in learning speech separation.
Experiments show that the pre-training strategy could obviously decrease label permutation switches, and increase
the speed of convergence significantly. Only one-third to
two-thirds of training time is needed to achieve the same
performance as the baseline model. Even taking pre-training
time into account, pre-training then fine-tuning with a larger
batch size could still shorten the training process without any
performance drop.

2. LABEL PERMUTATION SWITCHING PROBLEM
OF PERMUTATION INVARIANT TRAINING
In general, deep learning techniques for single-channel
speech separation can be divided into two categories: timefrequency (T-F) domain methods and end-to-end time-domain
approaches. Based on T-F features created by calculating the
short-time Fourier transform (STFT), T-F domain methods
separate the T-F features for each source and then reconstruct the source waveforms by inverse STFT [12, 13]. On
the other hand, time-domain approaches directly model the
mixture waveform using an encode-decoder framework, and
this line of research has made significant progress in recent years [14, 15, 16]. However, both the T-F domain and
time-domain approaches suffer from label ambiguity problem when it comes to matching the ground truths and the
estimated signals.
2.1. Label Ambiguity Problem
In single-channel speech separation, the speech
PN signals are
assumed to have been linearly mixed: y = n=1 xn , where
N is the number of sources; the goal is to extract all speech
N
signals (i.e., {xn }n=1 ) from the mixed-signal (i.e., y). To
simplify the settings, let’s consider mixing only two sources,
y = x1 + x2 . In this case, we could employ a model with
two outputs, o1 and o2 , to solve this problem. However, there
exists two possible label assignments: (1) o1 regresses to x1
and o2 regresses to x2 , or (2) o1 regresses to x2 and o2 regresses to x1 . When N is not limited to two, there would
be N ! possible label permutation assignments. Incorrect permutation assignment would force the separation model to be
updated to wrong direction, and even destroy what it had already learned.
2.2. PIT and Label Permutation Switching Problem
Permutation invariant training (PIT) [17] was then proposed
to solve this problem. All of the permutations are used to calculate the regression loss, and the permutation with minimum
loss is chosen. While PIT gives a relatively dynamic permutation selection, different selected permutations between
epochs still handicap the model’s performance. In [10], a soft
version of PIT was proposed to relax the permutation changing problem between epochs, but it is restricted to be used for
L2-based objective functions only. [11] proposed the interrupted and cascaded strategy, aiming to fix the label permutation switching problem. In [11], fixed permutation was firstly
obtained from a trained separation model. A new model was
then pre-trained with this fixed permutation and fine-tuned
with flexible PIT, giving the trained model the flexibility to
find a better permutation assignment. Although interrupted
and cascaded training decreases the permutation switches, the
iterative training causes the training time several times longer
compared to the original PIT.

(a) Pre-training

(b) Fine-tuning

(c) Multi-task training
Fig. 1. Three training flowcharts under our frameworks: (a)
pre-training with speech enhancement, (b) fine-tuning, and
(c) multi-task training. Gray blocks mean the corresponding
parts are not used during training.

3. TRAINING STRATEGIES
When labeled data is limited, semi-supervised training is usually unstable, which heavily depends on the selected model
architecture, optimizer, and random seed. Self-supervised
learning is then used to pre-learn structural information from
large-scale unpaired data, which significantly benefits in stabilizing and boosting the continual training procedures. Although speech separation does not have the problem of lack
of labeled data, its unstable label arrangement still seriously
affects the training process. So in this section, we propose a
self-supervised pre-training framework for speech separation.
Multi-task learning is also proposed to be compared. More
details are described in the following subsections.

3.1. Pre-train
In this paper, we’ve tried three different self-supervised
tasks as our pre-training tasks: speech enhancement (SE),
Masked Acoustic Model with Alteration (MAMA) proposed
by TERA [9], and continuous contrastive task (CC) proposed
by wav2vec 2.0 [8]. CC is a masked reconstruction task using
contrastive loss, while MAMA is a masked reconstruction
task with a probability of noise disturbance. Thus MAMA
could be regarded as a task with both SE and CC characteristics. Fig. 1(a) shows the flowchart of pre-training with speech
enhancement, where the input signal is mixed with random
noise, and the model would need to reconstruct the original
clean source.
3.2. Fine-tune
After pre-training, the model is then fine-tuned with the normal separation training objective. To be noticed, while most
of the model parameters would be loaded from the pre-trained
model, we re-initialize the parameters used to generate specific output masks. The fine-tuning procedure is shown in
Fig. 1(b).
3.3. Multi-task Learning
To make sure that whether the model benefits from the ”pretrain then fine-tune” training procedure, jointly training enhancement and separation as multi-task learning is proposed
as a comparing baseline. The flowchart of multi-task learning
is illustrated in Fig. 1(c). Either separation or enhancement
would train each batch, so the model should learn both tasks
simultaneously.
4. EXPERIMENTAL SETUP
4.1. Dataset
Speech separation is trained and evaluated on WSJ0-2mix
[12] and Libri2Mix [18], and speech enhancement is trained
using Libri1Mix train-360 set [18]. The WSJ0-2mix
dataset is derived from the WSJ0 data corpus [19]. The
training and validation data contain two-speaker mixtures
generated by randomly selecting utterances from different
speakers in the WSJ0 si tr s set, and test set is similarly
generated using utterances from unseen speakers in WSJ0
si dt 05 and si et 05 set. Libri2Mix is created based
on the Librispeech dataset [20] with the similar generating
procedure as WSJ0-2mix. Libri2Mix train-100 set uses
speakers randomly selected from the train-clean-100
set of Librispeech, while the dev and test set use the utterances from unseen speakers in the dev and test sets of
Librispeech respectively. Libri1Mix train-360 dataset is
created with the same settings as Libri2Mix, while only one
speaker is randomly selected from the train-clean-360

Table 1. Comparison with different training strategies for
Conv-TasNet trained on WSJ0-2mix and Libri2Mix in SISNRi (dB) and SDRi (dB). Strategy ”pre+FT (SE)” indicates
the model is pre-trained with speech enhancement then finetuned.
Corpus
Strategy
SI-SNRi SDRi
from scratch
13.2
13.6
Libri2Mix
pre+FT (SE)
14.1
14.6
multi-task
13.7
14.1
from scratch
15.6
15.8
WSJ0-2mix pre+FT (SE)
16.3
16.5
multi-task
15.7
16.0
set of Librispeech, and mixed with a random noise sampled from WHAM! [21]. The speaker sets of Libri1Mix
train-360 and Libri2Mix train-100 set are disjoint.
4.2. Implementation Details
Self-supervised pre-training could be used for any separation
model, so the study mainly focuses on clarifying the effectiveness of pre-training. In this paper, we choose Conv-TasNet
[14] as our main baseline model, DPRNN [15] and DPTNet [16] are also used in our experiments. All of our experiments were implemented with Asteroid [22], including
all of the configurations except for the number of epochs.
For pre-training tasks, we trained speech enhancement for
200 epochs, MAMA for 200 epochs, and contrastive loss for
100 epochs. For speech separation, Conv-TasNet was trained
with 100 epochs, DPRNN and DPTNet were trained with 200
epochs. It should be noted that in all experiments, our batch
size was set to 24 to speed up the training process, which
resulted in poorer final performance compared to the original papers because of fewer update steps. In our experiments, the model would be trained with three different strategies: from scratch, pre-trained then fine-tune (pre+FT), and
multi-task training. To be noticed, all of the three strategies
have the same number of update steps in training separation.
Separation performance would be evaluated in scale-invariant
signal-to-noise ratio improvement (SI-SNRi) [23] and signalto-distortion ratio improvement (SDRi) [24].
5. EXPERIMENTAL RESULTS
5.1. Results on WSJ0-2mix and Libri2Mix
Table 1 shows the results of three different training strategies. As shown, both pre-training and multi-task learning improve the model on both WSJ0-2mix and Libri2Mix, while
pre-training improves more significantly. Validation SI-SNR
results during training are reported in Fig. 2(a) and Fig. 2(b).
As shown in the figures, multi-task learning improvements
gradually decrease while training on Libri2Mix and nearly
hard to see on WSJ0-2mix. But the pre-trained model leads

Fig. 2. Validation SI-SNR (dB) and the percentage of label permutation switches in total training data (%) at each epoch on two
datasets. (a) Validation SI-SNR on WSJ0-2mix. (b) Validation SI-SNR on Libri2Mix. (c) The percentage of label permutation
switches on WSJ0-2mix. (d) The percentage of label permutation switches on Libri2Mix. In (c), training from scratch switches
17% of training data at around epoch 20, and multi-task learning switches 89% at around epoch 40, which indicate the instability
of the baseline models.
Table 2. Comparison with different self-supervised pretraining tasks for Conv-TasNet trained on WSJ0-2mix in SISNRi and SDRi. The first row indicates training from scratch.
Pre-training task SI-SNRi SDRi
–
15.6
15.8
SE
16.3
16.5
MAMA [9]
16.2
16.5
CC [8]
15.5
15.8
the baselines all the way and achieves the final result of the
baseline with 66 epochs only for WSJ0-2mix and 37 epochs
for Libri2Mix, which is about one-third to two-thirds of the
baseline training time. Notably, although pre-training also
takes time, off-the-shelf pre-trained models are usually easy
to get on the Internet, so directly using them won’t take any
additional training time. From Fig. 2(c) and Fig. 2(d), we
could see that only pre-training with speech enhancement significantly reduces label permutation switches.

5.2. Analysis of Self-supervised Pre-training Tasks
Table 2 shows that speech enhancement based tasks (SE and
MAMA) lead to significant improvement, but CC doesn’t
help. It indicates that speech enhancement is more effective for pre-training speech separation than masked reconstruction. A possible explanation is, while speech enhancement, the model learns to extract information about the single
speaker from the noisy input signal. Thus during separation
fine-tuning, the model would already be good at fetching individual target speakers from the input mixture signal, while
only a small part of the model needs to learn from scratch, as
mentioned in section 3.2.

Table 3. Comparison with different model architectures on
WSJ0-2mix in SI-SNRi (dB) and SDRi (dB).
Model
Pre-training task SI-SNRi SDRi
–
15.6
15.8
Conv-TasNet
SE
16.3
16.5
–
17.0
17.3
DPRNN
SE
18.6
18.9
–
19.1
19.3
DPTNet
SE
20.7
20.9
5.3. More Results on WSJ0-2mix
More experiments with different model architectures are
shown in Table 3. As mentioned in section 4.2, a larger batch
size helps train faster (6x-12x faster compared to batch size
2-4 in original papers) but causes lower performance (1.8
SI-SNRi drop in DPRNN, and 1.1 SI-SNRi drop in DPTNet).
However, pre-training with speech enhancement improves the
models of all kinds of architectures and achieves comparable
or even better performance than those reported in the original
papers. Overall, even taking pre-training time into account,
pre-training then fine-tuning with a larger batch size still takes
shorter training duration, which indicates that pre+FT would
be a great option to accelerate the training process.
6. CONCLUSION
This paper shows that speech enhancement pre-training could
stabilize the separation training process without any additional paired data and training time, and could be generalized
to any corpus or model architecture. Investigating other possible tasks, the correlation between tasks and more model
architectures would be the future work.
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