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ABSTRACT

Binaural speech separation in real-world scenarios often involves
moving speakers. Most current speech separation methods use
utterance-level permutation invariant training (u-PIT) for training.
In inference time, however, the order of outputs can be inconsistent
over time particularly in long-form speech separation. This situation
which is referred to as the speaker swap problem is even more prob-
lematic when speakers constantly move in space and therefore poses
a challenge for consistent placement of speakers in output channels.
Here, we describe a real-time binaural speech separation model
based on a Wavesplit network to mitigate the speaker swap problem
for moving speaker separation. Our model computes a speaker em-
bedding for each speaker at each time frame from the mixed audio,
aggregates embeddings using online clustering, and uses cluster cen-
troids as speaker profiles to track each speaker throughout the long
duration. Experimental results on reverberant, long-form moving
multitalker speech separation show that the proposed method is less
prone to speaker swap and achieves comparable performance with
u-PIT based models with ground truth tracking in both separation
accuracy and preserving the interaural cues.

Index Terms— Binaural speech separation, moving speakers,
speaker representation, real-time

1. INTRODUCTION

Speaker-independent speech separation is essential for augmented
hearing technologies [1–5]. Immersive augmented hearing requires
binaural speech separation [6–10] which not only separates individ-
ual sources but also preserves spatial cues in stereo sounds so that
subjects can perceive the correct location of sources in the space.
However, in realistic scenarios, the speakers can move within the
environments, which poses unique challenges for robust speech sep-
aration [11, 12]. A traditional solution is the block-wise adaptation
method which splits the signal into short blocks and applies com-
mon separation algorithms in each block under the assumption that
the sources within each block are stationary [13–15]. However, short
blocks provide limited contextual information, and the method re-
quires tracking speakers across consecutive blocks [16, 17]. Re-
cently, a deep learning approach that performs utterance-level source
separation of moving speakers has been proposed [18]. The model
utilizes longer spectral and spatial information and implicitly tracks
the speakers within the utterance which significantly outperforms
block-wise methods.

Despite this effort, robust tracking of moving speakers in long-
form speech separation remains challenging due to the speaker swap
problem where even though the overlapped sources can be well sep-
arated, the ordering of outputs may be inconsistent over time. For
example, when separating speakers in a long mixture of A+B, the

model outputs [A,B] between time t1 and t2 but outputs [B,A] be-
tween time t2 and t3. This phenomenon is common, and it can oc-
cur when speaker energy varies or a period of silence exists amid
the mixture. Separating moving speakers is even more prone to
the speaker swap problem than separating stationary speakers, espe-
cially at times when speakers move closer to each other in space. It
is likely because similar spatial information results in speaker track-
ing ambiguity. To make the speaker order consistent in the sequence,
some researchers have proposed a stitching-based algorithm that di-
vides the long-form outputs into several overlapped segments, calcu-
lates the similarity between the overlapped regions in adjacent seg-
ments, and re-orders the segments [19, 20]. Others have designed
a tracking network to track the segments [21]. These methods are
effective for non-causal systems but not suitable for causal systems
which require low latency.

An alternative solution for real-time systems is speaker-informed
speech separation. In this method, the model is conditioned on a
representation of each speaker which is used to track the speakers
over time. The representation is usually a speaker-discriminative
embedding such as i-vector [22] or d-vector [23]. There are multiple
ways to acquire speaker representations. A general approach is to
use a speaker ID neural network to compute speaker embedding
from a voice snippet of the target speaker [24–27]. Speaker repre-
sentations can also be derived from the mixture sound itself. The
overlap ratio of speakers is typically low in natural conversions,
hence a speaker ID network can extract one embedding at each time
frame from the mixture [28] and combine all the embeddings into
individual speaker clusters. The cluster centroids can then be used
as representing the long-term speaker characteristics. Without the
low overlap ratio assumption, Wavesplit [29] jointly trains a speaker
stack and a separation stack where the speaker stack predicts an
embedding per speaker at each time frame, aggregates them across
the whole input, and uses the aggregated representation to guide the
speaker stack.

In this paper, we adopt the Wavesplit approach in the task of
binaural speech separation of moving speakers. We address the
speaker swap problem by training a speaker profile module that
infers speaker representations from the mixture which is then used
to reliably track each speaker over time and jointly perform speaker
localization and separation. To ease the estimation of speaker-
discriminative representations, we first train a speaker identification
network to classify the identity of the source signals where the inter-
mediate embeddings are used as the training target for the speaker
profile module. Experimental results show that the proposed method
can mitigate the speaker swap problem while achieving compara-
ble performance with u-PIT models with ground truth tracking in
both separation quality and preserving the spatial cues in long-form
speech separation. Moreover, all modules in the system are causal
and have low latency which allows real-time implementation critical
in real-world hearable technologies.
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Fig. 1. Schematic of the proposed system. The speaker profile module estimates an embedding for each speaker at each time frame from
the binaural mixture, but the ordering of the embeddings is not necessarily consistent over time. During training, a pre-trained speaker ID
network generates oracle embeddings from individual sources to serve as the training target for the speaker profile module. Frame-level
permutation invariant training (PIT) is used to choose the best match and re-order the estimated embedding sequence. In inference, online
k-means is performed to cluster embeddings and update the centroids. The re-ordered embedding sequence or the centroid sequence informs
the localization and separation modules to jointly localize and separate the corresponding speaker. The interaural cues are preserved in the
stereo output.

2. METHOD

2.1. Speaker profile module

Given the binaural mixed signals Y ∈ R2×L, where L is the signal
length, the speaker profile module estimates N sequences of speak-
ers vectors, H ∈ RN×T×D , where N is the number of speakers
presented in the mixture, T is the time frames, and D is the vector
dimension. In this study, N is fixed to be two. h(n, t) ∈ RD de-
notes the n-th vector of H at the time frame t. It’s noted that there is
no predetermined ordering of the speaker embeddings at each time
frame and the ordering across frames is not necessarily consistent.
For example, h(1, t1) and h(2, t3) can represent the speaker A while
h(2, t1) and h(1, t3) represent the speaker B as shown in Figure 1.
The embeddings are speaker-discriminative so that 1) they can be
clustered into individual speaker groups; 2) each group of embed-
dings can guide the separation of the corresponding speaker from
the mixture.

To facilitate training, we made some modifications to Waveplit.
Instead of maintaining a speaker embedding table, we trained a
speaker ID network (SNet) to extract the oracle speaker embeddings
from the individual sources. SNet follows the design in [30] and is
trained to predict the speaker identity of [0, M-1] using the cross-
entropy loss where M is the number of speaker identities in the train-
ing set. The SNet takes the source i, si ∈ RL, as input and outputs an
embedding sequence Ei ∈ RT×D . E = [E1, ...,EN ] ∈ RN×T×D
is the oracle speaker embeddings. Different from H, the ordering
of speakers in E is consistent in the sequence. To force the embed-
dings to have small intra-speaker and large inter-speaker distances,
we randomly sampled time frames {p, q} and added a triplet loss,

Ltriplet =
∑
i,j

∑
p,q

max{|e(i, p)− e(i, q)|−

|e(i, p)− e(j, p)|+ m, 0},
(1)

where e(i, p) is the vector of speaker i at the time step p and m is
the margin. Then, we used frame-level PIT loss to train the speaker
profile module,

LPIT(H,E) =

T∑
t=1

min
π∈P

N∑
i=1

|h(i, t)− e(π(i), t)|, (2)

where P is the set of all N! permutations. The best match between the
oracle embeddings and estimated embeddings at each frame can be
used to re-order the estimated speaker embeddings in an order con-
sistent with the oracle ones. The re-ordered embeddings Ĥ(i) ∈
RT×D, i = 1...N is the i-th speakers’ profile used to guide the
speech separation.

In inference, we performed online k-means on H, which keeps
updating the cluster centroids over time. The sequence of the cen-
troids C(i) ∈ RT×D is the i-th speaker’ profile.

2.2. Speaker localization module and extraction module

We trained a multi-input-multi-output (MIMO) TasNet to separate
the targeted speaker. Following the design in [18], we used 1-D
convolution layers to extract the time-domain features from the
waveform, and then concatenated the time-domain features and
frequency-domain features, i.e., interaural phase difference (IPD)
and interaural level difference (ILD) as input features which contain
spectro-temporal and spatial-temporal information. The difference
is that the model is conditioned by a speaker profile. Previous re-
search has shown that feature-wise linear modulation (FiLM) is an
effective conditioning method for neural networks, so we used the
same method here. Specially, FiLM learns two linear functions
fl ∈ RD×D and gl ∈ RD×D at layer l which project the speaker
profile Ĥ(i) to γl(i) ∈ RT×D and βl(i) ∈ RT×D , respectively,

γl(i) = Ĥ(i) · fl, βl(i) = Ĥ(i) · gl, (3)

where γl(i) and βl(i) modulate the activation xl at layer i,

FiLM(xl|γl(i), βl(i)) = γl(i)× xl + βl(i). (4)

We added one FiLM before each convolutional block in TasNet.
The system jointly localizes and separates the target speaker.

The localization module performs the classification of the direction
of arrival (DOA) at each time frame. We discretized the DOA angles
into K classes. The localization module estimates a classification
matrix V(i) ∈ RT×K for the speaker i. To train the localization
module, we computed the cross-entropy loss between V(i) and the
target DOA labels. We split V(i) into B small chunks with each
chunk containing Q time frames, T = B × Q, and count the fre-
quency of each DOA class in each chunk, and consider the most
frequent class as the estimated DOA for that chunk. The explicitly



estimated trajectories enable us to determine the moving source we
are interested in and to modify the acoustic scene accordingly, for
example, by amplifying or attenuating individual sources.

We concatenated V(i) with other fusion features to extract the
target speaker Ŝi = [ŝL, ŝR], where ŝLi and ŝRi are the estimated left-
and right-channel signals of the source i. Since the target speaker is
determined by Ĥ(i), there is no permutation problem. The recon-
struction loss Lextraction is:

Lextraction = SNR(sLi , ŝ
L
i ) + SNR(sRi , ŝ

R
i ), (5)

SNR(x, x̂) = 10 log10

(
||x||22
||x̂− x||22

)
. (6)

Because SNR is sensitive to both the time shift and power scale of
the estimated waveform, it can force the ITD and IPD to be preserved
in the estimated waveform [8].

The speaker profile module, localization module, and extraction
module were trained separately and then trained jointly.

3. EXPERIMENTAL SETTINGS

3.1. Dataset

3.1.1. Binaural room impulse responses and speech data

We used two types of binaural room impulse responses (BRIRs) in
this study: one obtained from simulated rooms and the other one
measured in real rooms, 1. There are 11 simulated rooms with re-
verberation time (RT60) varying from 0 to 1 s with 0.1 s increments.
In this study, we only chose 8 rooms with RT60 from 0 to 0.7 s.
There are 4 real rooms with RT60 0.32 s, 0.47 s, 0.68 s, 0.89 s, re-
spectively, and we chose the first three. The impulse responses were
calculated with the sound source located on the frontal azimuthal
plane between −90◦ and 90◦ with 5◦ increments at a distance of
1.5 m to the receiver. Two speakers were randomly selected from
the 100-hour Librispeech dataset [31]. Both speech data and BRIRs
were sampled at 16 kHz.

3.1.2. Moving source simulation

Given a monaural speech s and a set of BRIRs
{
hLj
}N
j=1

,
{
hRj
}N
j=1
∈

RLh , where hLj and hRj are the BRIR filters from the location j to
the left ear and right ear, respectively, Lh is the filter length, and N
is the number of locations (37 in this study), the moving binaural
source was simulated as:

sL[n] =

N∑
j=0

Lh∑
k=0

Ij(n) · hLj [k] · s[n− k] (7)

sR[n] =

N∑
j=0

Lh∑
k=0

Ij(n) · hRj [k] · s[n− k] (8)

where Ij(n) is an indicator function. Ij(n) = 1 when and only
when s is at location j at time step n, Ij(n) = 0 in other cases.

We simulated 26.7 hours and 6.7 hours of data for the training
and validation, respectively using only the simulated BRIRs. For
testing on simulated rooms, we created 4 hours of data using the
simulated BRIRs. For testing on real rooms, we generated 1 hour
of data for each of the three rooms with RT60 0.32 s, 0.47 s, 0.68
s, respectively. In this study, each mixture contained two moving

1http://iosr.uk/software/index.php

A. zero swap

B. one swap

C. two swaps

Fig. 2. Examples of speaker swap in separation outputs. Blue bar
denotes the speaker 1 and red bar denotes the speaker 2.

speakers. The speech signals were rescaled to a random relative
SNR between 0 and 5 dB. The moving velocity of each speaker was
randomly chosen between 8 and 15◦/s and moving direction was
randomly chosen between clockwise and counter-clockwise.

3.2. Evaluation metrics

We evaluated the models by measuring the separation quality, the
preservation of spatial cues, and the robustness to speaker swap
problem. We used SNR as the signal quality metric. Following [18],
we trained a speaker localizer to examine the locational information
encoded in stereo outputs. The localizer predicts the DOA every 80
ms. We calculate absolute DOA errors as the metric for the accuracy
of preserving spatial cues. It is noted the localization model for
evaluation here is different from the one in Section 2.2 as the latter
one aims to decode the trajectory of the target speaker to facilitate
the separation. When evaluating long-form speech separation, we
divide the separation outputs into N segments and check if the order
of outputs in adjacent segments is consistent. We count the number
of speaker swaps in separation outputs as the metric for robustness
to the speaker swap problem. Figure 2 shows three examples. The
duration of long recordings is 24 seconds, and N is 10.

3.3. Network architectures

All the modules except the localization module are based on the
causal configuration of TasNet [32]. We used 64 filters in the lin-
ear encoder and decoder with 4 ms filter length (i.e. 64 samples at
16 k Hz). We used 5 repeated stacks for the speaker profile module
and speaker ID network, 2 repeated stacks for the fusion module,
and 3 repeated stack for the extraction module with each stack hav-
ing seven 1-D convolutional blocks. The localization module is a
two-layer uni-directional LSTM.

3.4. Models for comparison

We used several monaural and binaural separation models for com-
parison. The single-input-multi-output (SIMO) TasNet is a monaural
model that separates the mixture in left- and right-channels indepen-
dently. Block-wise MIMO TasNet and uPIT-MIMO TasNet [18] are
binaural baselines. Block-wise MIMO TasNet separates speech in
each short block independently and concatenates the block outputs
using oracle tracking information. SPK-MIMO TasNet is the pro-
posed method in this paper, and oracle SPK-MIMO TasNet means
the model is conditioned on the oracle speaker profiles from the

http://iosr.uk/software/index.php


speaker ID network. We add the same post binaural speech enhance-
ment [18] after each binaural separation model for comparison, de-
noted as “+enh” in Table 1. When evaluating models on long record-
ings, we divided the separation outputs of uPIT-MIMO TasNe into
segments as shown in Figure 2 and re-ordered the segments using
the ground truth signals, which is referred to as uPIT-MIMO TasNet
w/ tracking in Table 2 and Table 3.

4. RESULTS AND DISCUSSIONS

Table 1. Experimental results of moving source separation on 2.4-
second recordings.

Method Context
size (s)

SNR
(dB)

DOA
error (°)

Unprocessed - 0 -
SIMO TasNet 2.4 5.1 20.9

Block-wise MIMO TasNet
0.1 5.7 16.3
0.2 6.0 15.4
0.3 6.2 14.1

uPIT-MIMO TasNet
2.4

8.4 8.3
SPK-MIMO TasNet 8.3 8.2
Oracle SPK-MIMO TasNet 8.9 7.4
uPIT-MIMO TasNet + Enh

2.4
9.4 6.1

SPK-MIMO TasNet + Enh 9.4 6.0
Oracle SPK-MIMO TasNet + Enh 9.6 5.8
Reverberant clean - 0.5

Table 1 compares different methods for moving source separa-
tion on 2.4s recordings. uPIT-MIMO TasNet outperforms both the
SIMO TasNet and block-wise adaptation methods by a large margin
because uPIT-MIMO TasNet takes advantage of longer spectral-
temporal and spatial-temporal information for moving speaker
separation. Oracle SPK-MIMO TasNet, conditioned on the ora-
cle speaker profile, achieves 0.5 dB SNR gain over uPIT-MIMO
TasNet, proving the effectiveness of speaker-informed speech sep-
aration in moving speaker cases. The performance drops slightly
when we use the speaker profiles inferred from the mixture. It is
different from [29] where Wavelplit using inferred speaker represen-
tation greatly outperforms uPIT based models. One explanation is
that Wavesplit employs various forms of regularization to improve
the generalization capability during training. The other is that in-
ferring long-form speaker representations that are only related to
voice characteristics from moving speakers is more challenging,
especially in reverberant environments. Moreover, our system is in
causal configuration, and the speaker profiles are updated over time,
so the speaker profiles become stable after several time frames. In
real applications, we can select the source of interest based on the
speaker representation, decoded moving trajectory, and the sepa-
rated waveforms and employ a post binaural speech enhancement
module to enhance the result. We notice that a post binaural speech
enhancement module lets both uPIT-MIMO TasNet and SPK-MIMO
TasNet improve the SNR and reduce the DOA error.

Table 2 compares methods on 24 s recordings. We see that
uPIT-MIMO TasNet has multiple times of speaker swaps in long-
form speech separation, which severely affects the overall SNR. The
speakers are separated but not consistently placed in certain output
channels. With the ground truth tracking, the overall SNR is im-
proved from 1.2 dB to 7.5 dB and the overall DOA error is reduced

Table 2. Experimental results on 24-second long recordings.

Method # of
swaps

SNR
(dB)

DOA
error (°)

uPIT-MIMO TasNet w/o tracking 3.4 1.2 35.3
uPIT-MIMO TasNet w/ tracking 3.4 7.6 10.0

SPK-MIMO TasNet 0.6 7.7 9.3
oracle SPK-MIMO TasNet 0.4 8.2 8.1

Table 3. Experimental results on 24-second long recordings in dif-
ferent rooms. The number of swaps / SNR (dB) / DOA error (°) are
reported.

Model Rooms
A (0.32 s) B (0.47 s) C (0.67 s)

uPIT-MIMO TasNet w/o tracking 3.6/1.3/37.2 3.5/1.2/36.4 3.6/1.0/38.0
uPIT-MIMO TasNet w/ tracking 3.6/7.0/11.6 3.5/6.1/15.1 3.6/6.0/16.3

SPK-MIMO TasNet 0.6/7.2/10.0 0.8/6.3/13.4 0.6/6.2/13.2
oracle SPK-MIMO TasNet 0.3/7.6/9.6 0.4/6.5/12.1 0.4/6.4/12.9

from 35.3°to 10.0°. We see that SPK-MIMO TasNet and oracle
SPK-MIMO TasNet, which are conditioned on a speaker representa-
tion, are less prone to speaker swap and tends to assign each speaker
into a certain output channel. The model conditioned on the inferred
speaker profiles is slightly worse than that conditioned on the ora-
cle speaker profile but is slightly better than u-PIT based model with
tracking. This shows the proposed method is more robust with re-
spect to a targeted moving signal.

We also compared the models on 24 s recordings simulated us-
ing real room impulse responses with different reverberant time as
shown in Table 3. All the model are trained in the simulated rooms
but can generalize to the real rooms well. Stronger room reverbera-
tion deteriorates the performance of the model in terms of the signal
quality and accuracy of the preserved spatial cues. However, room
reverberation has little impact on the number of speaker swaps.

5. CONCLUSION

This paper investigates the problem of binaural speech separation
of moving speakers with preserving interaural cues for long record-
ings. We adopted and modified the Wavesplit approach to address
the speaker swap problem. We trained a speaker profile module to
estimate an embedding per speaker at each time frame from the mix-
ture, and used online k-means to aggregate embeddings into individ-
ual speaker profiles. Then, the system is conditioned on each speaker
profile to localize and separate the speaker jointly. Objective evalua-
tion experiments show that the proposed method mitigates the swap
problem while achieving on par performance with uPIT-based mod-
els with ground truth tracking. Furthermore, the model trained with
simulated room impulse responses could successfully generalize to
real rooms acoustics. Future works include handling unknown and
changing number of overlapped speakers and developing an efficient
and compact implementation of the model that can fit into various
hearable devices which require low power and low storage models.

6. ACKNOWLEDGEMENTS

This work was funded by the national institute of health (NIH-
NIDCD) and a grant from Marie-Josée and Henry R. Kravis.



7. REFERENCES

[1] E. C. Cherry, “Some experiments on the recognition of speech, with
one and with two ears,” Journal of the Acoustical Society of America,
vol. 25, no. 5, pp. 975–979, 1953.

[2] J. R. Hershey, Z. Chen, J. Le Roux, and S. Watanabe, “Deep cluster-
ing: Discriminative embeddings for segmentation and separation,” in
2016 IEEE International Conference on Acoustics, Speech and Signal
Processing (ICASSP). IEEE, 2016, pp. 31–35.

[3] M. Kolbæk, D. Yu, Z.-H. Tan, and J. Jensen, “Multitalker speech sepa-
ration with utterance-level permutation invariant training of deep recur-
rent neural networks,” IEEE/ACM Transactions on Audio, Speech, and
Language Processing, vol. 25, no. 10, pp. 1901–1913, 2017.

[4] Z. Chen, J. Li, X. Xiao, T. Yoshioka, H. Wang, Z. Wang, and Y. Gong,
“Cracking the cocktail party problem by multi-beam deep attractor net-
work,” in 2017 IEEE Automatic Speech Recognition and Understand-
ing Workshop (ASRU). IEEE, 2017, pp. 437–444.

[5] C. Han, J. O’Sullivan, Y. Luo, J. Herrero, A. D. Mehta, and N. Mes-
garani, “Speaker-independent auditory attention decoding without ac-
cess to clean speech sources,” Science Advances, vol. 5, no. 5, p.
eaav6134, 2019.

[6] E. Hadad, D. Marquardt, S. Doclo, and S. Gannot, “Theoretical analysis
of binaural transfer function mvdr beamformers with interference cue
preservation constraints,” IEEE/ACM Transactions on Audio, Speech,
and Language Processing, vol. 23, no. 12, pp. 2449–2464, 2015.

[7] S. Doclo, T. J. Klasen, T. Van den Bogaert, J. Wouters, and M. Moo-
nen, “Theoretical analysis of binaural cue preservation using multi-
channel wiener filtering and interaural transfer functions,” in Interna-
tional Workshop on Acoustic Signal Enhancement (IWAENC), 2006,
pp. 1–4.

[8] C. Han, Y. Luo, and N. Mesgarani, “Real-time binaural speech separa-
tion with preserved spatial cues,” in 2020 IEEE International Confer-
ence on Acoustics, Speech and Signal Processing (ICASSP). IEEE,
2020, pp. 6404–6408.

[9] K. Tan, B. Xu, A. Kumar, E. Nachmani, and Y. Adi, “Sagrnn: Self-
attentive gated rnn for binaural speaker separation with interaural cue
preservation,” IEEE Signal Processing Letters, 2020.

[10] Z. Feng, Y. Tsao, and F. Chen, “Estimation and correction of relative
transfer function for binaural speech separation networks to preserve
spatial cues,” in 2021 Asia-Pacific Signal and Information Processing
Association Annual Summit and Conference (APSIPA ASC). IEEE,
2021, pp. 1239–1244.

[11] J. Nikunen, A. Diment, and T. Virtanen, “Separation of moving sound
sources using multichannel nmf and acoustic tracking,” IEEE/ACM
Transactions on Audio, Speech, and Language Processing, vol. 26,
no. 2, pp. 281–295, 2017.

[12] M. Taseska and E. A. Habets, “Blind source separation of mov-
ing sources using sparsity-based source detection and tracking,”
IEEE/ACM Transactions on Audio, Speech, and Language Processing,
vol. 26, no. 3, pp. 657–670, 2017.

[13] A. Koutvas, E. Dermatas, and G. Kokkinakis, “Blind speech separation
of moving speakers in real reverberant environments,” in 2000 IEEE
International Conference on Acoustics, Speech and Signal Processing
(ICASSP), vol. 2. IEEE, 2000, pp. II1133–II1136.

[14] R. Mukai, H. Sawada, S. Araki, and S. Makino, “Real-time blind
source separation for moving speech signals,” in Speech Enhancement.
Springer, 2005, pp. 353–369.

[15] J. Zhang and P.-C. Ching, “Blind separation of moving speech sources
using short-time lod based ica method,” in 2007 IEEE International
Conference on Acoustics, Speech and Signal Processing (ICASSP),
vol. 3. IEEE, 2007, pp. III–957.

[16] R. Mukai, H. Sawada, S. Araki, and S. Makino, “Robust real-time blind
source separation for moving speakers in a room,” in 2003 IEEE In-
ternational Conference on Acoustics, Speech and Signal Processing
(ICASSP), vol. 5. IEEE, 2003, pp. V–469.

[17] ——, “Blind source separation for moving speech signals using block-
wise ica and residual crosstalk subtraction,” IEICE Transactions on
Fundamentals of Electronics, Communications and Computer Sci-
ences, vol. 87, pp. 1941–1948, 2004.

[18] C. Han, Y. Luo, and N. Mesgarani, “Binaural speech separation of mov-
ing speakers with preserved spatial cues.” in INTERSPEECH, 2021, pp.
3505–3509.

[19] Z. Chen, T. Yoshioka, L. Lu, T. Zhou, Z. Meng, Y. Luo, J. Wu, X. Xiao,
and J. Li, “Continuous speech separation: Dataset and analysis,” in
2020 IEEE International Conference on Acoustics, Speech and Signal
Processing (ICASSP). IEEE, 2020, pp. 7284–7288.

[20] C. Li, Z. Chen, Y. Luo, C. Han, T. Zhou, K. Kinoshita, M. Delcroix,
S. Watanabe, and Y. Qian, “Dual-path modeling for long recording
speech separation in meetings,” in 2021 IEEE International Confer-
ence on Acoustics, Speech and Signal Processing (ICASSP). IEEE,
2021, pp. 5739–5743.

[21] W. Zhang, Z. Chen, N. Kanda, S. Liu, J. Li, S. E. Eskimez, T. Yosh-
ioka, X. Xiao, Z. Meng, Y. Qian et al., “Separating long-form
speech with group-wise permutation invariant training,” arXiv preprint
arXiv:2110.14142, 2021.

[22] N. Dehak, P. J. Kenny, R. Dehak, P. Dumouchel, and P. Ouellet, “Front-
end factor analysis for speaker verification,” IEEE Transactions on Au-
dio, Speech, and Language Processing, vol. 19, no. 4, pp. 788–798,
2010.

[23] E. Variani, X. Lei, E. McDermott, I. L. Moreno, and J. Gonzalez-
Dominguez, “Deep neural networks for small footprint text-dependent
speaker verification,” in 2014 IEEE International Conference on
Acoustics, Speech and Signal Processing (ICASSP). IEEE, 2014, pp.
4052–4056.
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