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Abstract

This paper introduces a novel approach to speaker-attributed
ASR transcription using a neural clustering method. With a
parallel processing mechanism, diarisation and ASR can be ap-
plied simultaneously, helping to prevent the accumulation of
errors from one sub-system to the next in a cascaded system.
This is achieved by the use of ASR, trained using a serialised
output training method, together with segment-level discrimi-
native neural clustering (SDNC) to assign speaker labels. With
SDNC, our system does not require an extra non-neural clus-
tering method to assign speaker labels, thus allowing the entire
system to be based on neural networks. Experimental results on
the AMI meeting dataset demonstrate that SDNC outperforms
spectral clustering (SC) by a 19% relative diarisation error rate
(DER) reduction on the AMI Eval set. When compared with the
cascaded system with SC, the parallel system with SDNC gives
a 7%/4% relative improvement in cpWER on the Dev/Eval set.
Index Terms: Speech recognition, serialised output training,
diarisation, neural clustering

1. Introduction

The task of identifying ‘who spoke what’ is commonly achieved
through cascaded systems [1-3]. Initially, a voice activity de-
tection (VAD) system is applied to filter out non-speech regions
from the entire recording, with the speech regions being the
VAD segments between non-speech regions. A speaker diari-
sation system then determines ‘who spoke when’ by breaking
the VAD segments into speaker homogeneous segments. The
segmented output is then processed by a speaker recognition
system that determines the content spoken by each speaker.
In situations where speech from different speakers overlap, a
source separation system [4] can be employed before the recog-
nition system to disentangle overlapping speech into separate
streams. This multi-stage cascaded framework, however, is
less than ideal. Errors produced in early stages can propagate
through to subsequent stages, often compounding inaccuracies.
Correction of these errors by later stages is challenging because
the input of the later stage is purely based on the output of the
previous stage. Current research is trying to develop more inte-
grated architectures that can reduce error accumulation.

To avoid the transmission of errors from the diarisation
stage to the automatic speech recognition (ASR) stage, a frame-
work known as serialised output training (SOT) [5] has been
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introduced. SOT processes entire VAD segments, rather than
taking the speaker homogeneous segments from the diarisation
system. SOT has the capability to detect the presence of mul-
tiple speakers within each VAD segment. It then sequentially
generates transcriptions, starting with the first speaker in the
segment, followed by the second speaker, and continues this
pattern for any additional speakers.

Several extensions to the SOT ASR have been explored to
also provide speaker information [6—8]. However, they still rely
on a non-neural clustering method after SOT to assign speaker
labels across an entire meeting. In this paper, we propose a neu-
ral clustering method, called segment-level discriminative neu-
ral clustering (SDNC), to work together with SOT to directly as-
sign relative speaker labels across the entire meeting, removing
the need to use an extra non-neural clustering method. In our
framework, SOT identifies the number of speakers within each
VAD segment, while the SDNC generates matching speaker la-
bels. This method avoids errors that typically accumulate when
data passes from diarisation to ASR. Experimental results on
the augmented multi-party (AMI) meeting dataset show that
the proposed SDNC is able to outperform spectral clustering
in terms of DER and cpWER.

The paper is organised as follows. Section 2 discusses re-
lated work. Section 3 presents SDNC and describes how it is
used together with SOT. The experimental setup is described in
Sec. 4 and Sec. 5 gives results, followed by conclusions.

2. Related Work

Unsupervised non-neural clustering methods have been widely
used for the speaker diarisation task [9-13], with speaker em-
beddings trained via neural networks. Recently, several meth-
ods have been proposed to perform supervised training for
the speaker diarisation task [14-23]. EEND-based methods
[21-24] were proposed to perform frame level speaker label
assignment, without any prior knowledge of target speakers
[15,20]. Although EEND methods assign relative speaker la-
bels to a stream of audio, they cannot handle long meetings due
to computational memory constraints. Therefore, there is still a
necessity to collect speaker embeddings and employ additional
non-neural clustering methods to assign speaker labels for long
meetings. In order to process the entire meeting in a single step,
rather than using the entire audio to provide frame-level clus-
tering results, speaker embeddings extracted from short audio
segments can be used as inputs [14,16]. The output will then be
the clustering results for each speaker embedding.
Discriminative neural clustering (DNC) [16] employs a
transformer-based encoder-decoder structure, with a constraint
such that the length of the input sequence to the encoder is the
same as the length of the output sequence from the decoder.



The input to the encoder is a sequence of speaker embeddings,
and the decoder outputs a sequence of relative speaker labels.
Let the input vector sequence be X = [z1,...,@n], and the
output cluster label sequence be C' = [ei,...,en]. The first
cluster ¢; is always given an ID of 1, and if the model identifies
another cluster in the sequence, that cluster will have an ID of 2
etc. The speaker embeddings were first extracted using a fixed-
length window sliding through each utterance, utilising oracle
utterance boundary information. To assign a single speaker la-
bel per utterance, the speaker embeddings corresponding to an
utterance are first averaged before being fed into DNC.

Two systems [7, 8] that avoid the use of a cascaded frame-
work, without target speaker profiles, and employ SOT are
worth mentioning. [7] transcribes words in a serialised format,
including tokens to indicate speaker change. The original SOT
model, which utilises a conventional Attention Encoder De-
coder (AED) framework, is designed to transcribe words from
different speakers within the current VAD segment in a seri-
alised manner [5]. However, [7] introduces an additional en-
coder and decoder into the process. This extra component gen-
erates a speaker embedding for each ASR output token. An-
other work [8] combines SOT with an EEND based model [23].
Unlike methods that only predict the speaker change token, the
output of the ASR decoder is also responsible for predicting a
start and end time token and a local speaker ID for each utter-
ance in the input segment. The predicted local speaker IDs are
linked with their corresponding local speaker vectors. These
vectors for each local speaker ID are then averaged to perform
clustering later for the assignment of global speaker IDs.

These two recent works give, to the best of our knowledge,
the best cpWER [2] results on AMI. However, they both re-
quire training the model to provide speaker embeddings and
ASR outputs simultaneously. To perform such a joint task, ex-
tensive supervised training data for ASR is required. Besides
AMLI, [7] uses 75k hours of in-house data to train ASR, and
then transcribe VoxCeleb 1&2 [25,26] data for training their
joint system. [8] uses S5k hours of simulated meetings from
SINS [27] and LibriSpeech [28], and around 100 hours of data
from Mixer 6 [29] and CHiIME-6 [2]. Additionally, the assign-
ment of meeting-level speaker IDs requires the use of a non-
neural algorithm for transcribing long meetings.

In this paper, we aim to use a neural clustering algorithm
to directly assign meeting-level speaker labels without target
speaker profiles. To simplify the whole training procedure, the
only supervised data we use to train our ASR and neural clus-
tering is AMI.

3. Methodology

Segment-level discriminative neural clustering (SDNC) is an
extension of the original DNC [16]. The distinction between
DNC and SDNC is their input-output relation: for DNC, each
speaker embedding in the input is assigned a cluster label, and
the number of inputs and outputs is equal. This one-to-one
correspondence does not apply to SDNC. DNC does not aim
to identify multiple speakers in overlap regions, but SDNC is
able to give multiple speaker labels for overlap regions. Un-
like DNC, where the window-level speaker embeddings are
extracted for each utterance and then averaged before being
fed into the encoder, SDNC directly takes the windows slid-
ing across the VAD segment, i.e. speech regions between two
non-speech regions.

3.1. Model details for SDNC
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Figure 1: A toy example of the input and output of the SDNC.
Different colours represent different VAD segments and multiple
speaker clusters can be output in one VAD segment with SDNC.

The input to the encoder is a sequence of window level
speaker embeddings X = [x1, ..., xN], each of them are from
one of the M VAD segments. The output of the encoder will be
E = [ey,...,en]. The decoder takes the encoder outputs, to-
gether with external information regarding the number of speak-
ers in each segment to decide the length of the output sequence.
For each output label, the transformer decoder cross attention
will attend to the encoder output features corresponding to the
current segment only, while all encoder features corresponding
to other segments will be masked out, i.e. the cross attention
for each output class label belonging to the i VAD segment V;
only attends to

{ej|z; e Vi}. M
Fig. 1 shows an example, where the eight input speaker embed-
dings are from three VAD segments. The external information
tells the SDNC decoder that the first segment (in blue) has one
speaker the second segment (in yellow) has two unique speak-
ers and the third segment (in grey) has one speaker. The SDNC
decoder will then predict four outputs in total. When outputting
c1, the cross attention of the SDNC decoder will attend to the
first two encoder features, and attend to the next three encoder
features when outputting c2 and cs.

3.2. ‘First Speaker’ segmentation and windows

Before training SDNC to decode multiple outputs for a VAD
segment containing multiple speakers, SDNC is first pre-trained
to decode one output for each segment. A VAD segment with
overlap will be split into multiple speaker segments. As shown
in Fig. 3, there are two speakers in the VAD segment with over-
lapping speech. The overlapped region is first assigned to the
speaker speaking first, creating two ‘First Speaker’ segments, a
fixed-size window then slides across each segment. The length
of the last window for each ‘First Speaker’ segment cannot ex-
ceed the end of that segment. The target for SDNC is to pre-
dict one relative speaker label for each ‘First Speaker’ segment.
During SDNC fine-tuning, the speaker embeddings are from
windows sliding across the entire VAD segment.

3.3. Data augmentation

Since the input to the model is the entire meeting’s speaker em-
beddings, for real meeting corpora there aren’t many data points
available for training. DNC [16] mainly applied two augmenta-
tion methods: one is called input vector randomisation and the
other is Diaconis augmentation. We have modified these aug-
mentation techniques in order to achieve better performance.
The original input vector randomisation method involves
sampling speaker embeddings at random to form new input se-
quences. However, this method may select the same speaker
embedding multiple times, resulting in less variation within the
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Figure 2: Comparison between the cascaded system (left) and the proposed parallel system (right). Different colours represent different

speakers. ‘<sc>’ represents speaker change.
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Figure 3: Windows for ‘First Speaker’ segmentation. Different
colours represent different speaker turns.

input vector. To address this, we propose shuffling the seg-
ments belonging to the same speaker. Furthermore, Diaconis
augmentation is designed to apply a random rotation matrix to
the original speaker embeddings. We have implemented this
augmentation on-the-fly for all training examples, rather than
pre-computing the augmented embeddings, which enables the
generation of a greater number of new training examples and
reduces memory storage requirements.

3.4. Parallel System with SOT

Fig. 2 shows the differences between the cascaded system and
the proposed parallel system. The input of the cascaded system
for the ASR is the output from the diarisation system. In the
parallel system, each VAD segment is fed into the SOT ASR
to decode transcriptions along with speaker change tokens. Si-
multaneously, all speaker embeddings from each VAD segment
are fed into the encoder of SDNC. SOT then informs the SDNC
of the number of speakers present in each VAD segment, en-
abling the SDNC to decode the appropriate number of speaker
labels. Finally, the outputs from both the SOT ASR and SDNC
are combined to give the final speaker-attributed ASR output.

4. Experiment Setup
4.1. Dataset: AMI corpus

AMI is a meeting corpus consisting of 100 hours of recorded
meetings. It has a total of 169 meetings: 135 designated for
training, 18 for Dev set, and 16 meetings from the Eval set. The
number of speakers in a meeting is between 3 and 5. The multi-
distant microphone (MDM) audio is used in our experiments,
where the eight-channel arrays were combined using Beamfor-
mlt [30]. As described in [11], the original manual segmen-
tation marks a lot of non-speech “silence” regions as speech.
For diarisation, it is important to properly identify and remove
large regions of “silences”. We follow the same procedure as
in [11] to strip those “silences” by using a forced alignment with
the reference transcriptions and a pre-existing speech recogni-
tion system [31]. Compared to the original speech regions, the
silence-stripped data reduces the total duration by 9.9% for Dev
and by 11.7% for Eval.

4.2. Speaker embeddings, ASR and baseline

The ECAPA-TDNN [10] implementation in [32] was used to
extract speaker embeddings for each window. In our experi-
ments, each window has a 1.5 sec. window length and a 1.5
sec. stride. Since embeddings from ECAPA were used to train
SDNC, the spectral clustering from the ECAPA pipeline in [32]
was chosen to be the baseline for our experiments. Other meth-
ods such as the ones in [7, 8, 12] are not comparable to our sys-
tem since they are trained on far more supervised data. ECAPA
embeddings are trained entirely on VoxCeleb 2 [26] data. ASR
uses the pre-trained wavLM-base-plus encoder [33] and a 6-
layer transformer decoder trained from scratch. The AMI MDM
corpus is the only supervised data used to train SDNC and ASR.

4.3. Evaluation metrics

Evaluation is based on the diarisation error rate (DER), word
error rate (WER) and concatenated minimum-permutation word
error rate (cpWER) [2]. DER is a time-based metric while WER
and cpWER are both word-based. WER is calculated for each
segment without considering speaker identity, whereas cpWER
concatenates transcriptions from the same speaker and finds the
minimum WER from all possible speaker mappings between
the predicted speaker labels and the reference speaker IDs. DER
uses a 0.25 sec. collar and includes overlap regions. cpWER
is scored using MeetEval [34]. Sometimes the predicted se-
quence of speaker labels for VAD segments with overlapping
speech may be inaccurate. For cpWER-P, the predicted speaker
labels are permuted to get the minimum cpWER. Around 70%
of VAD segments are speaker homogeneous. We further score
only these segments to obtain DER-H, WER-H and cpWER-H.

5. Results
5.1. ASR results

With utterance segmentation as training data in Table 1, the in-
put to ASR is single utterances. With utterance segmentation as
test data, overlapping regions will be processed multiple times
since they belong to part of the utterances of different speak-
ers. With VAD segmentation as the test data for ASR trained
on utterance segmentation, words of overlapping regions are ar-
ranged in time order. The WER-H in the first line in Table 1
is better than the second line because VAD segmentation com-
bines continuous utterances, thus providing more context.
When the training data utilises VAD segmentation (last line
in Table 1), SOT-style training is employed. In this case, for
each VAD segment, the transcription of the first speaker is
placed before those of subsequent speakers. When comparing
SOT-style ASR to the ASR trained with utterance segmentation,
there is an absolute WER reduction of 2% on Dev and 3% on
Eval, respectively, when VAD segmentation is used for testing.



Table 1: WER/WER-H using oracle diarisation with utterance
(Utt.) and VAD segmentations.

Train Test WER WER-H
! Dev Eval Dev Eval
Utt. Seg. Utt. Seg. 224 247 159 17.1

Utt. Seg. VAD Seg. 27.7 29.6 157 169
VAD Seg. VAD Seg. 258 26,6 154 169

Table 2: DER (DER-H) and cpWER results for non-overlap
aware systems. DER in parentheses is DER-H.

DER (DER-H) cpWER
Dev Eval Dev  Eval

SC  58(1.5) 54(1.8) 322 351
SDNC 5.6(1.5) 44(1.1) 31.1 324

Method

5.2. ‘First Speaker’ Segmentation

Table 2 shows results with ‘First Speaker’ segmentation. With
this segmentation, the diarisation system only needs to give one
speaker label to each ‘First Speaker’ segment, therefore all sys-
tems are non-overlap aware. The input to the ASR will be the
entire ‘First Speaker’ segment. The DER for spectral clustering
(SC) utilises the ECAPA pipeline as detailed by [10]. Major-
ity voting is applied to ensure that each ‘First Speaker’ segment
is associated with a single estimated speaker. Now that each
‘First Speaker’ segment possesses both a speaker label and a
transcription provided by the ASR, these elements can be com-
bined when calculating cpWER.

SDNC yields a relative DER reduction of 3% on Dev and
19% on Eval when compared to SC. A Wilcoxon signed-rank
test for both Dev and Eval sets gives a p-value of 0.05% showing
that the improvement is statistically significant. Moreover, there
is a relative cpWER reduction of 3% for Dev and 8% for Eval.
Since the decoded words for each ‘First Speaker’ segment are
identical for SC and SDNC, the reduction in cpWER is solely
attributable to the improved speaker assignment by SDNC.

5.3. VAD Segmentation

The SDNC model used in Tables 3 and 4 was first pre-trained on
windows from the ‘First Speaker’ segmentation, and then fine-
tuned on windows directly from the oracle VAD segmentation.
Unlike ‘First Speaker’ segmentation, which assumes that each
segment contains only one speaker, VAD segmentation can have
multiple speakers within a single segment. Therefore, systems
may need to assign multiple speaker labels for a segment, mak-
ing this an overlap-aware setting. Comparison of Table 3 and
Table 2 with SC shows that on the Dev data, there is a 48% rel-
ative DER and 17% relative cpWER degradation. When using a
parallel system with SDNC, the relative cpWER degradation on
Dev is 12%. This shows that the removal of the ‘First Speaker’
segmentation affects the performance significantly.

To determine the number of speakers in each VAD seg-
ment, the number of speaker change tokens from SOT ASR are
counted. For the parallel system, this number will be used to
determine the length of the SDNC output sequence. When util-
ising ‘First Speaker’ segmentation, SDNC assigns one label to
each segment, therefore it can calculate the DER by using the
start and end times of each segment. However, when employing

Table 3: DER (DER-H) and cpWER results for overlap-aware
systems. SDNC only has DER-H since it does not have times
for each cluster label for VAD segments that include overlap.

DER (DER-H) cpWER
System Method Dev Eval Dev  Eval
Cascaded SC 8.6(3.8) 56@2.1) 376 359
Parallel SDNC (1.9) (1.6) 348 34.6

Table 4: cpWER-H and cpWER-P results on parallel systems
with different clustering methods.

cpWER-H cpWER-P
Dev Eval Dev Eval

SC 23.6 212 300 303
SDNC  20.8 205 285 289

Method

VAD segmentation, SDNC may need to decode multiple labels
for a single segment. Since it no longer has the start and end
times associated with each output, computing DERs for over-
lapping segments becomes challenging. However, DER-H can
be still be calculated by using the first decoded label for each
segment. The comparison in Table 3 is between cascaded and
parallel systems. Since SC assigns cluster labels to each win-
dow, the cascaded system uses SC to split VAD segments into
predicted speaker homogeneous segments. Then the resulting
segments from SC are decoded by ASR. The DER-H for the
cascaded system has degraded from below 2% to over 2%. In
contrast, the DER-H for the parallel system remains below 2%,
and the cpWER exhibits a 7% relative reduction on Dev and a
4% reduction on Eval when compared to the cascaded system.

To further compare SC and SDNC, SC was also used in
the parallel system. For VAD segments that only have a sin-
gle speaker, majority voting can be applied to ensure only
one speaker is assigned to each segment. However, assigning
speaker labels to VAD segments with overlapping speech is not
straightforward. This complexity arises because the number
of speakers estimated for such segments may differ between
SC and SOT. Therefore, when SOT predicts multiple speak-
ers for a VAD segment, the unique speaker labels predicted by
SC/SDNC for that segment are permuted to find the sequence
that minimises cpWER (cpWER-P). Table 4 shows that SDNC
performs better than SC for both cpWER-H and cpWER-P, giv-
ing a 3% and 5% relative Eval cpWER-H and cpWER-P re-
ductions. This result shows that the SDNC can predict more
accurately than the SC within a parallel system.

6. Conclusions

This paper proposed a neural clustering method that can be used
to perform diarisation for long meetings, without using an extra
non-neural clustering algorithm. In addition, this method can be
used in parallel with an SOT ASR. Compared to a cascaded sys-
tem, the SOT ASR in the parallel system does not need to use
the output from the diarisation system, therefore mitigating the
accumulation error issue in the cascaded system. Experiments
conducted on the AMI dataset showed that the proposed paral-
lel system with SDNC performs better than spectral clustering
with either a cascaded or parallel system, giving an 8% and 4%
relative cpWER reduction on the AMI evaluation set under the
non-overlap aware and overlap aware settings respectively.
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