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ABSTRACT
This paper proposes a method for extracting speaker embedding
for each speaker from a variable-length recording containing multi-
ple speakers. Speaker embeddings are crucial not only for speaker
recognition but also for various multi-speaker speech applications
such as speaker diarization and target-speaker speech processing.
Despite the challenges of obtaining a single speaker’s speech without
pre-registration in multi-speaker scenarios, most studies on speaker
embedding extraction focus on extracting embeddings only from
single-speaker recordings. Some methods have been proposed for
extracting speaker embeddings directly from multi-speaker record-
ings, but they typically require preparing a model for each possible
number of speakers or involve complicated training procedures. The
proposed method computes the embeddings of multiple speakers
by focusing on different parts of the frame-wise embeddings ex-
tracted from the input multi-speaker audio. This is achieved by
recursively computing attention weights for pooling the frame-wise
embeddings. Additionally, we propose using the calculated atten-
tion weights to estimate the number of speakers in the recording,
which allows the same model to be applied to various numbers of
speakers. Experimental evaluations demonstrate the effectiveness of
the proposed method in speaker verification and diarization tasks.

Index Terms— speaker embedding, speaker recognition, speaker
verification, speaker diarization

1. INTRODUCTION

A speaker-discriminative embedding (or speaker embedding) is a
feature extracted from an audio segment that represents the speaker’s
identity or voice characteristics, while excluding the content con-
tained in the segment and other paralinguistic information. The use
of speaker embeddings has become the de facto standard in speaker
recognition tasks, i.e., speaker identification and speaker verification
[1, 2, 3, 4, 5, 6]. These tasks usually assume only a single speaker
per recording, so most conventional methods cannot extract embed-
dings from multi-speaker recordings. At the same time, in recent
years, the use of speaker embeddings has expanded beyond speaker
recognition to include speech applications for multi-speaker audio.

One example of multi-speaker applications in which speaker
embeddings play an important role is speaker diarization. For ex-
ample, in a cascaded speaker diarization system, diarization is per-
formed by dividing detected speech intervals into small segments,
extracting a speaker embedding from each segment, and then clus-
tering them [7]. Since speaker embedding extraction and cluster-
ing are performed by assuming that each segment corresponds to a
single speaker, the functional limitation is that overlapping speech
cannot be handled. Overlaps can be treated to some extent by post-
processing [8, 9, 10], but embeddings extracted from overlaps are

distributed in the middle of each speaker’s embeddings [11], which
can be an obstacle to clustering. There are end-to-end speaker di-
arization methods that naturally deal with overlaps such as EEND
[12, 13] and TS-VAD [14]. However, they still have challenges such
as the need for a large amount of high-quality simulation data for
training [15, 16, 17] and the eventual necessity of extracting speaker
embeddings from multi-speaker speech segments [14, 18, 19, 20].

Another example of a multi-speaker application using speaker
embeddings is to obtain speech processing results for a speaker of
interest, i.e., target speaker. Many models for target-speaker speech
processing have been proposed such as voice activity detection [21,
22], speaker extraction [23, 24, 25], and speech recognition [26, 27,
28]. Target-speaker speech processing usually assumes the avail-
ability of a single-speaker utterance of the target speaker to capture
reliable speaker embeddings. However, extracting reliable speaker
embeddings from multi-speaker audio would allow us to expand the
applications of target-speaker based tasks.

Despite the benefits of extracting speaker embeddings from
multi-speaker audio, few studies have tackled this problem. One
possible approach is to apply speech separation in advance to obtain
single-speaker recordings [29]. However, this is known to produce
artifacts that may negatively affect the later processing stage [30];
that is, separation may damage the original speaker characteristics.
Another approach is to construct a model that directly extracts the
embeddings of each speaker from multi-speaker audio. However,
conventional methods require preparing a model for each number of
speakers [31, 32], which is quite costly, and teacher-student learning
is necessary to achieve reasonable performance [32].

In this paper, we propose a method for extracting a speaker
embedding for each speaker from audio that may include multiple
speakers. Typical speaker embedding extractors have a cascaded
structure consisting of i) an encoder that converts variable-length
input into frame-wise embeddings and ii) a pooling module that ag-
gregates the frame-wise embeddings into a single speaker embed-
ding. The proposed method enables the extraction of embeddings
for each speaker, even from fully overlapped speech, by focusing on
different parts of the frame-wise embeddings. More specifically, the
proposed method recursively calculates the attention weights used
for pooling a variable-length sequence of frame-wise embeddings.
It is notable that this can be achieved only by adding a single linear
layer to the original speaker embedding extractors. We also propose
a method that uses the calculated attention weights in estimating the
number of speakers, which enables the extraction of speaker em-
beddings corresponding to each speaker using the same model even
when the number of speakers in the input is unknown. We demon-
strate the effectiveness of the proposed method in speaker verifica-
tion and diarization tasks, and also provide detailed analyses of the
experimental results to clarify the behavior of the proposed method.
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2. RELATED WORK

Various architectures have been proposed for speaker embedding ex-
traction. As the encoder, previous studies have investigated architec-
tures such as time delay neural network (TDNN) [33, 5], long short-
term memory [34], and convolutional neural network [35, 6]. For
pooling methods, various alternatives to the simple temporal average
pooling [1] have been proposed, such as statistics pooling [1], atten-
tive statistics pooling [36], multi-head attention pooling [37], vector-
based attentive pooling [38], and channel- and context-independent
statistics pooling [5]. Eventually, regardless of the encoder or pool-
ing method, the output is a single embedding, which means that a
single speaker’s recording is assumed as the input.

There are few studies that have investigated speaker embedding
extraction from multi-speaker recordings. MIRNet [31] uses the at-
tention mechanism to extract each embedding of two speakers. It in-
cludes a processor that creates the embedding for the second speaker
by swapping the channels of the first and second halves of the em-
bedding computed for the first speaker, which fixes the number of
speakers to two. In addition, the attention weights are frame-wise
ones, so in principle, it requires single-speaker segments and never
works perfectly for fully overlapped speech. In EEND-vector clus-
tering [18, 19], multiple speakers’ embeddings are extracted on the
basis of estimated overlap-aware diarization results. Here, speaker
embeddings are also calculated as the weighted average of frame-
wise embeddings, and thus, it cannot deal with fully overlapped
speech. Very recent work proposed a method for extracting the
embedding of each speaker from a fully overlapped speech by de-
veloping a multi-headed model [32]. The proposal uses teacher-
student learning, i.e., a model that outputs two embeddings from
two-speaker audio is trained to mimic each output of a well-trained
single-speaker model given single-speaker sources. The authors re-
ported that training the model from scratch did not work well, so us-
ing this method requires two training runs, which is time-consuming.
Also, since the model can only process two-speaker speech, it is nec-
essary first to determine whether the input audio contains one or two
speakers and then use the appropriate model. In contrast, our ap-
proach can use the same model regardless of the number of speakers
and can be trained from scratch.

3. METHOD

Figure 1 shows a schematic diagram of a common single-speaker
speaker embedding extractor (Fig. 1(a)) and how we extend it to
enable the decoding of each of multiple speakers’ embeddings
(Fig. 1(b)). Since our proposal is a method of pooling the output
from the encoder, any encoder architecture that extracts a sequence
of frame-wise embeddings from input recording can be adopted.

3.1. Review of channel- and context-dependent attentive statis-
tics pooling

We first review the channel- and context-dependent attentive statis-
tics pooling [5] on which our proposed method is based. This tech-
nique is widely used in the modern speaker embedding extractors
[39, 40, 41]. It performs weighted averaging of frame-wise embed-
dings using attention over the time axis for each dimension to main-
tain information meaningful in the computation of speaker embed-
ding. In this respect, it is similar to mask-based speech enhancement,
which extracts only those time-frequency bins that contain speech.

Given a T -length sequence of D-dimensional frame-wise em-
beddings H := [h1, . . . ,hT ] ∈ RD×T from the encoder, each is

first expanded with their mean and standard deviation vectors µ and
σ to consider the global context as

et = ht ⊕ µ⊕ σ ∈ R3D, (1)

µ =
1

T

T∑
τ=1

hτ ∈ RD, (2)

σ =

√√√√ 1

T

T∑
τ=1

hτ ⊙ hτ − µ⊙ µ ∈ RD. (3)

where ⊕ denotes vector concatenation and ⊙ denotes the Hadamard
product. The attention weights A := [a1, . . . ,aT ] to aggregate the
expanded embeddings et is calculated by

A = Softmax ([ã1, . . . , ãT ]) ∈ (0, 1)D×T , (4)

ãt = W2f (W1et + b1) + b2 ∈ RD, (5)
where Softmax (·) denotes the row-wise softmax function, W1 ∈
RD′×3D and b1 ∈ RD′

denotes the weight and bias of the first linear
layer, W2 ∈ RD×D′

and b2 ∈ RD are those of the second layer, and
f (·) is the rectified linear unit, respectively. Speaker embedding v
is then computed as

v = Wo (µ̃⊕ σ̃) + bo ∈ RE , (6)
where Wo ∈ RE×2D and bo ∈ RE are the parameters of the last
linear layer to obtain E-dimensional speaker embeddings. µ̃ and σ̃
are the weighted mean and standard deviation vectors, respectively,
calculated using the attention weights as:

µ̃ =

T∑
τ=1

aτ ⊙ hτ ∈ RD, (7)

σ̃ =

√√√√ T∑
τ=1

aτ ⊙ hτ ⊙ hτ − µ̃⊙ µ̃ ∈ RD. (8)

3.2. Recursive embedding extraction and speaker counting

Since conventional pooling methods aggregate a variable-length se-
quence of frame-wise embeddings into a single embedding, single-
speaker audio is assumed as input. In this paper, we extend the
channel- and context-dependent attentive statistics pooling to extract
as many speaker embeddings as there are speakers in the input au-
dio. If frame-wise embeddings that can assume speaker sparsity are
achieved, we can use the mask-based speech separation approach
to extract an embedding for each speaker. In particular, by calcu-
lating masks recursively as in recurrent selective attention network
(RSAN) [42], it is possible for a single model to extract embed-
dings for an arbitrary number of speakers. RSAN uses the princi-
ple that the sum of masks for each source is constant, but it does
not hold in the case of attention weights in the speaker embedding
extractor. Therefore, we instead introduce the coverage mechanism
[43, 44], which was originally proposed for neural machine trans-
lation to prevent over- or under-translation, to monitor which parts
of the frame-wise embeddings have already been used for decoding
speaker embeddings. Note that we provide a general formulation of
the proposed method for an arbitrary number of speakers in this sec-
tion, while we assume in the experiments that the input is either one-
or two-speaker audio. This is because we can easily remove regions
where there are no speakers using voice activity detection, and in
practice, there are often not more than two speakers speaking at the
same time [45].

In the proposed method, attention weights for the n-th speaker
are calculated from not only the frame-wise embeddings but also
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Fig. 1: Schematic diagram of the conventional and proposed methods.

the cumulative sum of the previously calculated attention weights.
Instead of (4) and (5), we calculate the attention weights for each
speaker A(n) :=

[
a
(n)
1 , . . . ,a

(n)
T

]
that appear in the input audio in

a recursive manner as follows:

A(n) = Softmax
(
ã
(n)
1 . . . , ã

(n)
T

)
∈ (0, 1)D×T , (9)

ã
(n)
t = W2f

(
W1et + b1 +Wcc

(n)
t

)
+ b2 ∈ RD. (10)

Here, C(n) =
[
c
(n)
1 , . . . , c

(n)
T

]
where c

(n)
t =

∑n−1
r=0 a

(r)
t ∈ RD

≥0

is the coverage matrix defined as the cumulative sum of the previous
attentions, and Wc ∈ RD′×D is the only additional learnable param-
eter needed in the proposed method. Note that a(0)

t is defined as a
D-dimensional zero vector. Here, we aim to extract multiple embed-
dings for different speakers from the same input audio by applying
attention to regions that have not been focused on by the (n− 1)-th
speaker when computing the embedding for the n-th speaker. This
requires speaker sparsity in the frame-wise embeddings from the en-
coder, similar to the mask-based speech separation. The proposed
method achieves this by end-to-end optimization of the entire model.

Finally, the embedding of the n-th speakers is extracted as the
same manner in (6)–(8) as follows:

v(n) = Wo

(
µ̃(n) ⊕ σ̃(n)

)
+ bo ∈ RE , (11)

µ̃(n) =
T∑

τ=1

a(n)
τ ⊙ hτ ∈ RD, (12)

σ̃(n) =

√√√√ T∑
τ=1

a
(n)
τ ⊙ hτ ⊙ hτ − µ̃(n) ⊙ µ̃(n) ∈ RD. (13)

To decide when to stop the recursive attention generation pro-
cess, we monitor whether any parts of the frame-wise embeddings
still attract attention. Since attention is normalized along the time
axis using the softmax function (unlike mask-based source separa-
tion), we use the values before normalization ã

(n)
t for the monitor-

ing. Speaker existence probability pn, which indicates whether the

n-th speaker really exists in the input audio, is estimated as

pn =
1

1 + exp
(
− 1

T

∑T
t=1 w · ã(n)

t + b
) , (14)

where w ∈ RD and b ∈ R are the learnable parameters. During
inference, thresholding pn acts as a stopping condition, where the
threshold value is set to 0.5 in this paper.

3.3. Training objective

We assume that the model outputs N speaker embeddings V :=
{v1, . . . ,vN}, each of which corresponds to one of the individu-
als in the training speaker set Y := {y1, . . . , yS}. The model also
output existence probabilities p1, . . . , pN+1 for the N +1 speakers.
The training objective to be minimized is determined as follows:

L = Lspk + αLcnt, (15)
where α is a weight factor that is fixed to 0.1 in this paper.

The first term, Lspk, in (15) aims to optimize the similarity met-
ric of speaker embeddings. We train the network as a multi-class
classifier using the permutation-free loss

Lspk = min(
y
ϕ
1 ,...,y

ϕ
N

)
∈Φ(Y′)

1

N

N∑
n=1

ℓ
(
yϕ
n,v

(n)
)
, (16)

where Y ′ ⊆ Y is the set of speakers in the input audio and Φ(Y ′) is
all permutation of Y ′. ℓ (y,v) is the additive angular margin (AAM)
softmax loss [46] defined as

ℓ (y,v) = − log
es cos(θy+m)

es cos(θy+m) +
∑N

n=1,n̸=y e
s cos θn

, (17)

θy = arccos
wy · v

∥wy∥ ∥v∥
, (18)

where m > 0 denotes the margin, s > 0 is the scaling factor, and
wy ∈ RE is the learnable proxy of identity y.

The second term, Lcnt, in (15) aims to optimize the speaker



counting accuracy, which is defined from cross-entropy as

Lcnt = − 1

N + 1

(
N∑

n=1

log (1− pn) + log pN+1

)
. (19)

Here, pn for 1 ≤ n ≤ N is optimized to be one, and pN+1 is
optimized to be zero. As mentioned in Sec. 3.2, this paper assumes
that the input contains one or two speakers, so we use the simplified
alternative below to (19) only to check if the second speaker exists:

Lcnt =

{
− log p2 (N = 1),

− log (1− p2) (N = 2).
(20)

3.4. Inference-time length mismatch correction

It is common to align the length of each sample in a single minibatch
during training for efficient batch processing. However, models are
usually required to process variable-length inputs during inference.
The conventional method does not suffer from this mismatch be-
cause ãt in (5) is calculated independently for each frame. On the
other hand, the proposed method includes c

(n)
t in (10), which de-

pends on the sequence length for the second and subsequent speakers
because a(n)

t is computed with the softmax over the time dimension
as seen in (9). We use the following equation instead of (10) only
during inference so that any mismatch in audio length between train-
ing and inference does not affect the results:

ã
(n)
t = W2f

(
W1et + b1 +

Tinfer

Ttrain
Wcc

(n)
t

)
+ b2, (21)

where Ttrain is the sequence length of frame-wise embeddings fixed
during training and Tinfer is their length extracted from inference
speech. This improves inference performance for the second and
subsequent speakers by making the expected value of attention
weights per frame the same during training and inference, which
eliminates the effect of sequence-length mismatch.

4. EXPERIMENTAL SETTINGS

4.1. Training

We used the concatenation of the VoxCeleb1 dev set and VoxCeleb2
dev set [47] for training; the result consisted of 1,240,651 utterances
from 7,205 speakers. The VoxCeleb2 test set was used for validation.

As the network architecture, we tested three different encoders
to show the generality of the proposed method: x-vector encoder
consisting of a five-stacked TDNN (D = 1500) [33], ResNet34
(D = 2560) [48, 49, 32], and ECAPA-TDNN with 1024 channels
(D = 1536) [5]. Channel- and context-aware attentive statistics
pooling and the proposed method were used as the pooling methods
regardless of encoder type. The output dimension of the final linear
layer was set to E = 192. The input to each network was a sequence
of mean-normalized 80-dimensional log mel filterbanks extracted
with a window length of 25ms and shift of 10ms. This yielded
100 frame-wise embeddings per second for x-vector and ECAPA-
TDNN, and 12.5 for ResNet34.

During training, each utterance in a mini-batch was 3 s in du-
ration and augmented using noise [50] with a probability of 0.5. It
was further reverberated using simulated room impulse responses
[51] with a probability of 0.5. The mini-batch size was 256 for the
single-speaker baselines and 384 (256 single-speaker audio and 128
two-speaker audio) for the proposed method. Each two-speaker au-
dio was a fully overlapped mixture generated on the fly during train-
ing. Signal-to-interference ratio (SIR) used to generate mixtures lay

in a range of [−5, 5] dB, following the separation benchmark [52].
Each model was trained for 80 epochs using the Adam optimizer

[53] with a cyclical learning rate. Each cycle consisted of 20 epochs,
with the first 1,000 iterations taken as warm-up, followed by cosine
annealing for the remaining iterations. The peak learning rate at the
first cycle was set to 0.001 and 0.0005 for the baselines and proposed
method, respectively, and was decayed by a factor of 0.75 with each
cycle. The margin and scaling factor of AAM-softmax were set to
0.2 and 30, respectively.

4.2. Evaluation

4.2.1. Speaker verification

Following the previous study [32], speaker verification performance
was evaluated under the three scenarios detailed below:

s vs. s: This is the standard single-speaker audio vs. single-speaker
audio scenario. The evaluation used the VoxCeleb1 test set, a.k.a.
VoxCeleb1-O, consisting of 37,611 trials from 40 speakers.

s vs. m: This is the single-speaker audio vs. two-speaker audio sce-
nario. Each positive sample in s vs. m is a pair in which the
speaker of the single-speaker audio is one of the speakers in the
mixture, while a negative sample is a pair in which the speaker of
the single-speaker audio is not included in the mixture. We used
the same evaluation set used in the conventional study [32], i.e.,
37,611 trials extended from VoxCeleb1-O by mixing interference
speech with random SIR.

m vs. m: This is the two-speaker audio vs. two-speaker audio sce-
nario. A positive (negative) sample in m vs. m is a pair in which
one speaker in one of the mixture is included (not included) in the
other mixture. Note that pairs of mixtures in which both speakers
were the same were not included. In this scenario, two evaluation
protocols were used: any spk and per spk. In the any spk protocol,
only the largest similarity value among all embeddings combina-
tions extracted from each audio was used for evaluation, whereas
in the per spk scenario, the other pair was also used as a negative
pair. Also note that the per spk protocol assumes that two embed-
dings are extracted from any mixture, so it can be evaluated only
if the model is capable of outputting two embeddings and the ora-
cle number of speakers is given. Here too, we used the evaluation
set of 37,611 trials used in the conventional study [32].

As the evaluation metrics, equal error rate (EER) and minimum
detection cost function (minDCF) were used, where the prior proba-
bility for minDCF was set to 0.01 for s vs. s and 0.05 for s vs. m and
m vs. m as in the conventional study [32]. We used cosine similarity
for scoring each trial.

4.2.2. Speaker diarization

Speaker diarization performance was evaluated using the LibriCSS
dataset [45] and AMI Mix-Headset corpus [54]. We used auto-
tuning spectral clustering (SC) [55] and its extension to deal with
overlapping speech (SC-OL) [56] as the baseline methods. Speech
and overlapped segments were given by the oracle voice activity de-
tector and overlap detector. Speaker embeddings for clustering were
extracted with 1.5 s window with 0.75 s shift using the ECAPA-
TDNN-based model. For the proposed method, we extracted one
speaker embedding from single-speaker segments and two speaker
embeddings from overlapped segments, and applied SC with cannot-
link constraints such that a pair of embeddings from the same seg-
ments were never assigned to the same cluster. We used diarization
error rate (DER) without collar tolerance as the evaluation metric.



Table 1: Single- and multi-speaker verification performance evaluated using EERs (%) and minDCF.

Speaker
counting

s vs. s s vs. m m vs. m (any spk) m vs. m (per spk)

ID Encoder #Output EER minDCF EER minDCF EER minDCF EER minDCF

Results from the reference papers
R1 x-vector [57] 1 - 1.81 0.13 - - - - - -
R2 ECAPA-TDNN [5] 1 - 0.87 0.11 - - - - - -
R3 ResNet34 (teacher) [32] 1 - 1.06 0.16 18.2 0.57 47.6 1.00 - -
R3’ + ResNet34 (student) [32] 1 or 2 Oracle (Same to R3) 9.1 0.46 15.3 0.74 14.1 0.74

Results based on our implementation
S1 x-vector 1 - 1.65 0.16 20.72 0.61 31.48 0.87 - -
S2 + Proposed method 1 or 2 Estimated 1.83 0.17 9.16 0.37 16.85 0.61 - -
S2’ + Oracle # of speakers 1 or 2 Oracle 1.82 0.17 8.16 0.37 15.11 0.62 10.63 0.54
S3 ResNet34 1 - 1.09 0.11 20.85 0.57 32.01 0.83 - -
S4 + Proposed method 1 or 2 Estimated 1.20 0.12 7.83 0.33 15.65 0.60 - -
S4’ + Oracle # of speakers 1 or 2 Oracle 1.19 0.12 7.47 0.33 15.04 0.61 12.15 0.59
S5 ECAPA-TDNN 1 - 0.88 0.09 24.51 0.59 35.26 0.84 - -
S6 + Proposed method 1 or 2 Estimated 1.20 0.12 7.71 0.29 14.13 0.50 - -
S6’ + Oracle # of speakers 1 or 2 Oracle 1.17 0.12 6.35 0.28 11.97 0.50 8.34 0.41

5. RESULTS

5.1. Speaker verification

5.1.1. Main results

The experimental results from speaker verification are shown in Ta-
ble 1. The first four rows (R1–R3’) show the values of the conven-
tional methods reported in the cited papers [57, 5, 32]. If we compare
the s vs. s results of R1–R3 with our reimplemented systems (S1,
S3, S5), we can safely say that they have been mostly reproduced,
while some mismatch in training strategies, such as data augmenta-
tion and the number of training iterations, yielded slight differences.
However, since these systems extract only one speaker embedding
from input audio, the verification performance is quite poor in the s
vs. m and m vs. m scenarios as they involve multi-speaker audio. The
proposed method (S2, S4, S6) significantly improved the results for
s vs. m and m vs. m with small degradation in s vs. s. Given the or-
acle number of speakers (S2’, S4’, S6’), the speaker verification
performance is further improved. Even though the proposed method
uses the same model regardless of the number of speakers, it sig-
nificantly outperformed the conventional method that used different
models for each number of speakers [32].

Comparing the encoder types, even though ResNet34 (S4’) and
ECAPA-TDNN (S6’) had similar verification performance on s vs.
s, ResNet34 performed worse in the multi-speaker scenarios, espe-
cially when m vs. m, and was less accurate than as x-vector (S2’).
One possible reason for this is that the encoder output of the x-
vector or ECAPA-TDNN retains the sequence length of the input
log mel spectrogram, whereas that of ResNet34 has lower tempo-
ral resolution due to compressing the sequence length by one-eighth
through the convolutional layers, and thus speaker sparsity cannot
be assumed for each dimension of the embedding sequence output
from the encoder. The following sections provide detailed analyses
of the models based on ECAPA-TDNN (S5,S6,S6’).

5.1.2. Variable length evaluation

Table 2 shows the EERs when varying the lengths of input utter-
ances using S6’. For the t-second audio evaluation, the score was
calculated using only the first t seconds of each trial pair. Again, the

Table 2: EERs for various durations without inference-time length
mismatch correction (10) and with correction (21) using S6’.

s vs. s s vs. m m vs. m (any spk) m vs. m (per spk)

Duration (10) (21) (10) (21) (10) (21)

1 s 16.41 28.02 27.44 36.52 35.64 23.84 23.54
2 s 5.18 14.70 14.61 23.43 23.14 15.96 15.83
3 s (matched) 2.67 9.77 9.77 17.31 17.31 11.92 11.92
5 s 1.39 6.95 6.84 12.76 12.61 9.09 8.90
10 s 1.20 7.07 6.33 13.34 11.97 9.83 8.35
Original 1.17 7.40 6.35 13.84 11.97 10.30 8.34

audio length during training was 3 s. As in the literature [58], short-
duration utterances significantly degraded the EERs of the s vs. s
scenario, while no disadvantages due to long utterance lengths were
seen. However, in the multi-speaker scenarios, i.e., s vs. m and m vs.
m, degradation of EERs was observed even with increasing utterance
lengths when (10) was used for attention weight calculation. The re-
sults clearly show that introducing inference-time length mismatch
correction in (21) improved the EERs in all cases where there is a
mismatch in utterance length. In addition, the disadvantage of using
longer utterances than used in training almost disappeared.

5.1.3. Detailed analyses

This section provides detailed analyses of the proposed method in-
cluding speaker counting, the effect of SIR, and attention weights.
For the analyses, we used the s vs. s trials and the positive pairs
from the s vs. m trials. Each positive example in the s vs. m trials
consisted of a pair of single-speaker and two-speaker audio, where
one speaker of the two-speaker audio is identical to the speaker of
the single-speaker audio. For the purpose of analyses, this speaker
is considered as the target speaker and the other as the interference
speaker to calculate SIR rSIR. For simplicity, we denote the positive
case of s vs. s by rSIR = ∞ because it contains only the sounds of
the target speaker, and the negative case by rSIR = −∞ because it
contains only the sounds of the inference speaker.

Table 3 shows the accuracy of speaker counting for each SIR
range. Single-speaker recordings were rarely estimated as having
two speakers, but the speaker counting accuracies of two-speaker



Table 3: SIR-wise speaker counting accuracy (%) of S6. The results
corresponding to the correct prediction are bolded.

s vs. s s vs. m

|rSIR| (dB) ∞ [0, 5) [5, 10) [10, 15) ≥ 15 All

Predicted as 1 speaker 100.0 0.1 2.6 33.0 90.6 10.6
Predicted as 2 speakers 0.0 99.9 97.4 67.0 9.4 89.4

−0.2 0.0 0.2 0.4 0.6 0.8 1.0
Cosine similarity
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rSIR <−15
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−10≤ rSIR <−5

−5≤ rSIR < 0

0≤ rSIR < 5

5≤ rSIR < 10

10≤ rSIR < 15

rSIR ≥ 15
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Fig. 2: SIR-wise cosine similarity scores.

recordings depend on the absolute SIR. When the absolute SIR was
below 10 dB, two-speaker estimates were accurate. On the other
hand, in the extreme case of SIR (>15 dB), a single-speaker was
estimated with a probability of more than 90%.

Figure 2 shows the relationship between SIR and the (maxi-
mum) cosine similarity between embeddings extracted from a pair
of recordings. Note that the oracle number of speakers was given in
this case. When only one embedding was extracted from audio as
in the conventional methods (red boxes in Fig. 2), the interference
speaker became more dominant as SIR became smaller and the co-
sine similarity decreased. Using the proposed method (blue boxes in
Fig. 2), it was possible to extract embedding for each speaker, which
kept high cosine similarity (> 0.4) even when the SIR decreased up
to −10 dB.

Finally, we visualized the ideal binary mask and computed at-
tention weights of the example mixtures from the same and differ-
ent gender pairs in Fig. 3.1 First, it is observed that most of the
time-dimension bins had at most one speaker with high attention
weight since one of the colors is dominant in the visualized attention
weights (Fig. 3 left bottom). This indicates the sparseness of speak-
ers in the embedding sequence, similar to the sparseness of signals in
the time-frequency domain. When focusing on each specific frame,
in some frames, it can be seen that different speakers attracted atten-
tion depending on the dimension. For example, focusing on 1.8 s to
1.9 s in Fig. 3 right, the top and middle figures show the attention in
green, whereas the bottom figure shows the attention in pink. This
indicates that, in contrast to the conventional method [31], the model
can extract information from the same frame for different speakers
depending on the dimension, similar to the oracle binary mask. Next,
when focusing on each specific dimension, the extracted attention

1Note that the order of dimensions of the attention weights was rearranged
for visualization purposes, which is valid because the weights of the speaker
extractor are permutation-free.
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Fig. 3: Visualization of attentions calculated for two speakers in a
single mixture (bottom left) compared with the oracle binary mask
(top left). The patterns commonly seen in the two are also cropped
and shown enlarged (right).

Table 4: DERs (%) on LibriCSS and AMI Mix-Headset.

LibriCSS AMI

Method 0L 0S OV10 OV20 OV30 OV40 Mix-Headset

SC [55] 1.36 0.32 7.45 14.28 19.78 23.36 18.95
SC-OL [56] 1.28 0.18 6.85 11.84 16.63 18.06 17.04
SC + Proposed 1.29 0.75 7.10 8.31 11.87 12.71 16.93

exhibited the same patterns as the oracle binary masks (Fig. 3 right).
This indicates that the model was able to internally acquire functions
similar to source separation.

5.2. Speaker diarization

Table 4 shows the DERs on the LibriCSS dataset and AMI Mix-
Headset corpus. Focusing on the results on LibriCSS, the proposed
method showed slightly degraded DERs when the overlap ratio was
small but significantly improved DERs when the overlap ratio was
high relative to SC-OL. With the improvements in the case of high
overlap ratios, it can be said that the proposed speaker embedding
extractor enables us to extract two speaker embeddings from one in-
terval, and thus, we can perform overlap-aware diarization by simply
clustering them. The proposed method also outperformed the base-
lines on the AMI Mix-Headset corpus, further supporting its effec-
tiveness. The slight degradations in DER with small overlap ratios
are considered to be due to a marginal degradation in single-speaker
embeddings (cf. s vs. s in Table 1), indicating room for improvement
in the proposed method.

6. CONCLUSION

In this paper, we proposed a method for extracting speaker embed-
dings from multi-speaker audio. The proposed method enabled the
extraction of speaker embedding for each speaker, even from fully
overlapped speech, by recursively calculating the attention weights
for pooling. We also proposed a method for simultaneously estimat-
ing the number of speakers based on the calculated attention weights.
Experimental results showed that the proposed method offers im-
provements in both speaker verification and diarization performance.
Future work will include the combination of the proposed method
with end-to-end diarization framework.
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