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Abstract—Speaker diarization provides the answer to the
question ”who spoke when?” for an audio file. This information
can be used to complete audio transcripts for further processing
steps. Most speaker diarization systems assume that the audio
file is available as a whole. However, there are scenarios in which
the speaker labels are needed immediately after the arrival of
an audio segment. Speaker diarization with a correspondingly
low latency is referred to as online speaker diarization. This
paper provides an overview. First the history of online speaker
diarization is briefly presented. Next a taxonomy and datasets
for training and evaluation are given. In the sections that follow,
online diarization methods and systems are discussed in detail.
This paper concludes with the presentation of challenges that
still need to be solved by future research in the field of online
speaker diarization.

Index Terms—online speaker diarization, GMM, i-vector, uis-
rnn, self-attention

I. INTRODUCTION

Speaker diarization is a machine learning task in which
the model has the task of assigning audio sequences to the
corresponding speakers. Speaker Diarization thus answers the
question ”who spoke when”. In the process of Speaker diariza-
tion an audio file is divided into individual audio sequences
that are separated by a speaker change or the transition
from non-speech to speech. This is important information that
is necessary for a fully-fledged transcription of audio files.
Speaker diarization in combination with automatic speech
recognition (ASR) is therefore used in many transcription sce-
narios. These scenarios include online meetings, conversations
at conferences, earnings reports of public corporations, court
proceedings, interviews, social media audios/videos, etc. [1].
In some of these scenarios, it is important that the speaker
diarization results are available with a low latency. On the one
hand, the transcriber can then make direct adjustments to the
transcription. On the other hand, the transcription results can
be used directly for further analyses, which can afterwards
influence certain actions. For example, whether a company
stock should be sold or not based on the statements made in
the earnings call [2]. This type of speaker diarization is known
as online speaker diarization.

A. Motivation and Background

There are already two papers [1], [3] that provide a review of
speaker diarization systems. These papers discuss the historical

development, evaluation metrics, different diarization methods,
common datasets and current use cases of speaker diarization.
However, these papers do not explicitly address online speaker
diarization methods and systems. This paper aims to fill
this gap by conducting a review of common online speaker
diarization methods.
To give a good overview of online diarization methods, the
rest of this paper is structured as follows. The next section
will give a general introduction to online diarization. For this
purpose, the historical development is presented, the taxonomy
for the online diarization systems of this paper is introduced
and common evaluation metrics are presented. Next various
online diarization systems are briefly summarized. Finally,
challenges of online speaker diarization will be presented and
an outlook will be given.

II. ONLINE SPEAKER DIARIZATION IN GENERAL

Online speaker diarization systems generally work in the
same way as offline speaker diarization systems and can be
divided into the following sub-tasks:

• Speech Activity Detection (SAD): This task enables the
system to recognize whether an audio segment contains
speech or not.

• Segmentation: This task attempts to cut audio segments
so that they only contain one speaker.

• Clustering: In this step, the audio segments are assigned
to the corresponding speakers.

This pipeline can also be seen in figure 1.
However, online diarization systems assume that the input

arrives as an audio stream. This means there is not the entire
audio file available for speaker diarization. Only the audio
segments that have already been annotated can be included in
the diarization process of the current audio segment.

A. Historical Development

The first preliminary work on online speaker diarization
was published in 1999. In their work, Daben Liu et al. [4]
present an algorithm for recognizing speaker changes in
real time. Their system is based on Hidden Markov Models
(HMM) in combination with Gaussian Mixture Models
(GMM) to define audio classes. A maximum likelihood
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Fig. 1. Diarization Pipeline

distance is calculated to recognize a speaker change.

A few years later in 2003, Daben Liu et al. [5] published a
paper on online speaker clustering algorithms that have com-
parable performance to offline speaker clustering algorithms.
Two of the newly developed algorithms even outperform the
offline hierarchical clustering chosen as a baseline.

In the following years, the first online speaker diariza-
tion systems were introduced. These systems are generally
structured as follows, with minor deviations. For SAD, these
systems use energy-based SAD systems or consider non-
speech as a separate class. For segmentation, the audio file
is divided into Mel Frequency Cepstral Coefficients (MFCC)
of constant length. GMMs are used as audio and speaker
representations. Depending on the system, the GMMs are
combined with a Universal Background Model (UBM), to also
represent the speaker-independent part of the acoustic features.
Agglomerative Hierarchical Clustering (AHC) is the most
commonly used clustering algorithm [6] [7] [8] [9] [10]. Some
other systems also include the speaker’s physical location in
the diarization process to further improve the results. [11] [12].

With the introduction of i-vectors [13] and d-vectors [14],
audio and speaker representations in the form of GMMs
were replaced in online speaker diarization [15]. The use of
neural network-based d-vectors in particular led to a leap in
performance in speaker diarization [16] [17].

End-to-end systems are the latest development in the context
of speaker diarization. Here, a single neural network takes over
the individual sub tasks of speaker diarization. These end-
to-end systems are also used for online speaker diarization.
Especially in combination with self-attention, these systems
lead to an improvement in performance [18] [19] [20] [21]
[22].

B. Taxonomy of this Work

In this paper, online diarization systems are divided into two
categories. All systems with a modular structure are assigned
to the first category. This includes all systems that process at
least one sub-task separately. All pure end-to-end systems are
assigned to the second category. These include systems that
process all sub-tasks with a single machine learning model.
Table I provides an overview of the systems. Further systems
are not considered in more detail in this paper, but are included
in the assigned category.

C. Metrics

The metrics described here are not purely online speaker
diarization metrics. They are also used in offline speaker
diarization.

1) DER: The Diarization Error Rate (DER) [26] is the most
common metric to evaluate online diarization systems. The
DER is made up of three different errors. These include:

• False alarm (FA): When speech is recognized even though
there is no speech in the segment

• Missed Speech (MS): If speech is not recognized al-
though there is speech in the segment

• Speaker Confusion (SC): If the wrong speaker is assigned
to a segment.

The DER is then calculated from the sum of the errors divided
by the duration of the whole audio file as can be seen in
Equation (1).

DER =
FA+MS + SC

TotalDurationofT ime
(1)

Normally only the DER is specified in the evaluation of
diarization systems. But in some cases, the individual error
components are also reported.

2) JER: Another metric used in some studies is the Jaccard
Error Rate (JER) [27]. The aim of this metric is to rate each
speaker with the same weight. Regardless of the speaker’s
speaking time. To do this, the error per speaker is first
calculated and then divided by speakers speaking time. The
error per speaker is the sum of FA and MS as can be seen in
Equation (2).

JER =
1

N

Nref∑
i

FAi +MSi

TOTALi
(2)

D. Datasets

The datasets for online speaker diarization are the same
as for offline diarization systems. However, the datasets are
handed to the online speaker diarization systems as a stream.
The following datasets are used most frequently:

• CALLHOME: This dataset contains 500 telephone mul-
tilingual language sessions with 2 to 7 speakers [28].

• 2003 NIST Rich Transcription: This dataset is a collec-
tion of different datasets. It contains a total of 13 hours of
annotated multilingual speech with several speakers [29].

• DIHARD (I/II/III): These datasets build on each other.
The DIHARD datasets are multilingual and contain 1-8
speakers [30] [27] [31].

• VoxConverse: This dataset contains over 50 hours of
multilingual speech extracted from YouTube videos [32].

III. MODULAR ONLINE SPEAKER DIARIZATION SYSTEMS

The following sections take a closer look at some of the
modular online speaker diarization systems. The systems are
arranged in the historical order in which they were published.



TABLE I
OVERVIEW OF ONLINE DIARIZATION SYSTEMS

Modular Systems End-to-End Systems
• GMM based [7]
• I-vector [15]
• UIS-RNN [16] [17]
• Turn to diarize [23]
• Further modular systems [6] [8] [11] [12] [9] [10] [24]

• Frame-wise streaming [20]
• Minivox [25]
• Further EEND systems [19] [21] [22]

A. Online Speaker Diarization with GMMs

As already described in section II-A, the first online di-
arization systems were primarily built with GMMs. GMMs
are essentially an iterative soft clustering. First a Gaussian
distribution is randomly initialized for each cluster. Next the
probabilities of belonging to the Gaussian distribution are then
calculated for each data point. Data points that belong to one of
the Gaussian distributions with a very high probability (above
a certain threshold) are assigned to this Gaussian distribution
or cluster. All other data points are assigned to several clusters.
After that new Gaussian distributions are calculated from the
assigned data points, this process is repeated iteratively until
the Gaussian distributions no longer show any major changes.
In speaker diarization, MFCCs are taken as data points and a
speaker is represented by the mean vectors and the covariance
matrices of a GMM. Due to their iterative nature, GMMs can
also be used well in online speaker diarization systems [33]
[34].

As an example of an online diarization system based on
GMMs, the work of Markov et. al. [7] will now be described
in more detail. Markov et. al. have developed a system that
decides for each new speech segment whether it matches a
known speaker GMM. If no matching speaker GMM is found,
a new speaker GMM is created. Speaker GMMs are deleted
if no new speech segment has been assigned to the GMM for
a long time.

The system uses three different GMMs as SAD component.
The first represents non-speech. The other GMMs represent
voice characteristics of the two biological sexes.

Segmentation is performed using a logic that includes pa-
rameters such as minimum segment length (MSL), maximum
pause in segment (MPS) and maximum speech in pause
(MSP).

In the subsequent clustering component, the system decides
whether it is a new speaker or a known speaker. This decision
is made using a likelihood ratio. If it is a known speaker,
the GMM of this speaker is updated with the new data
point. If it is a new speaker, a new speaker GMM is created
from the associated gender GMM. This allows the system to
integrate new speakers online. By deleting speaker GMMs
that are no longer used, the system is able to process audio
endlessly. From a latency of 3 seconds, the system delivers
solid performance on the evaluation dataset with a DER
<12%.

B. Online Diarization with i-vectors
I-vectors have developed from the problems of GMMs with

intersession variability. In this context, intersession variability
means that the same speaker sounds different in different
recordings. Joint Factor Analysis (JFA) was proposed to coun-
teract this problem [35]. The JFA breaks down the vector of
the GMM into individual components. The result is a speaker
independent component, speaker dependent component, chan-
nel dependent component and a residual component.

In a subsequent study, it was found that the channel depen-
dent component also contains information about the speaker
[36]. As a result, the speaker component and the channel
component were combined into a common variability matrix.
The column weights of this combined matrix are also referred
to as i-vectors. In the following years, these i-vectors were
used as a representation for audio segments in both online
and offline speaker diarization systems.

Dimitriadis et al. [15] have developed an online diarization
system that uses i-vectors, among other things. The system
consists of a SAD, a segmentation and a clustering component.
In addition, an ASR component is integrated to improve
the performance of the system. The system architecture of
Dimitriadis et. al. is visualized in figure 2. The components
of this system will be described in more detail in the following.

Fig. 2. Dimitriadis system architecture

The SAD component is based on a neural network and was
inspired by the work of Thomas et al. [37]. The output of the
SAD component is passed directly to the ASR module. This
validates that no words are contained in non-speech segments.
Thereby the ASR module can eliminate many false positives
from the SAD component.

The segmentation component receives continuous audio
segments in the form of cepstral acoustic features and the ASR



transcript as input. The audio segment is then split into two
segments at each word boundary. Two Gaussians are fitted with
the two sub-segments and compared with the BIC algorithm
[38]. If the two sub-segments differ sufficiently, a speaker
change is set here. The additional ASR module ensures that
speaker changes are only set at word boundaries.

For the clustering, i-vectors are generated from the ho-
mogeneous audio segments. These are then clustered using
the x-means algorithm. The x-means is a variation of the k-
means algorithm [39]. The x-means has a linear complexity
proportional to the number of audio segments to be clustered.
However, in order to ensure online diarization, long audio
files cannot be clustered on the entire history. Therefore,
Dimitriadis et al. introduce an active window to limit the
history. However, this means that clustering of two different
active windows is no longer consistent. To solve this problem,
the system provides a fast speaker label based on the clustering
of the active window. A more accurate speaker label is then
delivered with a slightly higher latency. The accurate label
is generated using a reconciliation algorithm [40], which
minimizes the hamming distance of the speaker labels between
two adjacent active windows. This approach gives the end user
the option of receiving speaker labels with a short latency and
updating them with the more accurate labels at a later point
in time.

C. Supervised Online Clustering - UIS RNN

As already described in Section II-A Historical develop-
ment, the current speaker diarization systems are based on
neural networks (NN). There is one approach of replacing the
entire system with a single neuronal network. These end-to-
end systems are discussed in more detail in the next section
IV. Another approach is to replace individual sub-tasks with
trainable neural networks. In the online diarization system by
Zhang et. al. [16], the focus is on the use of a fully supervised
clustering component. This system is described in more detail
below.

As SAD, two simple Gaussian distributions are used to
filter out audio segments that do not contain speech. Subse-
quently, overlapping audio segments are cut. For the segments,
representations are generated in the form of d-vectors [14].
These d-vectors are used as input for supervised clustering.
The algorithm unbounded interleaved-state recurrent neural
network (UIS RNN) was developed as a clustering component
for this system. UIS RNN receives three sets as input in the
training scenario:

• X = (x1, x2, x3, . . . , xT ) where each xt is the d-vector
of an audio segment

• Y = (y1, y2, y3, . . . , yT ) where each yt is the speaker-id
of the corresponding audio segment

• Z = (z2, z3, . . . , zT ) where zt = 1 if there is a speaker
change at time t. In all other cases, zt = 0

The aim of UIS RNN is to represent the combined proba-
bility of p(X,Y, Z). UIS RNN can therefore be split into three
individual components.

1) Speaker Change p(zt|z[t−1]): The speaker change com-
ponent indicates how likely it is that there will be a speaker
change at time t. In the implementation of UIS RNN, this
component is implemented as a coin flip for simplification.

2) Speaker Assignment p(yt|zt, y[t−1]): This component
models the probability of which speaker is assigned after a
speaker change. UIS RNN uses the Chinese restaurant process
(CRP) [41] for this task. This ensures that a speaker who
has already spoken often is more likely to be assigned than
a speaker who has spoken less frequently. The probability
of a new speaker entering the conversation is represented
by a constant probability. The reason for this is that in a
single domain, the probability of a new speaker joining the
conversation is fairly constant. For example, a new speaker is
very unlikely to join a phone call, but very likely to join a
movie.

3) Sequence Generation p(xt|x[t−1], y[t]): The RNN vari-
ant Gated Recurrent Unit (GRU) [42] is used to implement
this component. The aim of this component is to model the
probability of the embedding xt based on the embedding
x[t−1] and the speaker label yt. To do this, UIS RNN creates
separate GRU instances for each speaker. Each instance has
a state ht at time t depending on the speaker yt. The output
of the entire RNN is mt. The current sequence xt is inferred
from mt.

The system is trained by maximizing the logarithm of the
combined probability P (X,Y, Z). The GRU hidden states of
the RNN and the number of times a speaker has already
spoken in the CRP are updated in the training process by a
greedy MAP algorithm after each new audio sequence. As a
result, UIS RNN works online and can generate a speaker label
with a short latency as soon as a new audio segment arrives.
With the described supervised approach of UIS-RNN, the
algorithm achieves better results than state-of-the-art spectral
offline clustering algorithms in their evaluation. Although UIS-
RNN works online.

D. Supervised Online Clustering - Turn to Diarize

Supervised speaker diarization systems need a lot of training
data in order to deliver good results. The annotation of audio
data is time consuming and therefore cost intensive. As a rule,
you can expect to spend 2 hours on a 10 minute audio file
[23]. In their work, Xia et. al. [23] present a system that
can be trained on the basis of speaker turn labels. For this
purpose, < st > tokens are inserted into the ASR transcript
of the audio file at each speaker turn. This means that an exact
timestamp no longer needs to be set during annotation. This
speeds up labeling many times over. In addition, the semantic
information in the audio data can be processed better.

The system from Xia et al. is structured as follows. A
transformer transducer model takes over the ASR and speaker
turn detection. The detected segments are then fed into a
Long short-term memory model (LSTM) in order to calculate
the corresponding d-vectors. An online variant of spectral
clustering is used to cluster the d-vectors, which also includes



the speaker turns for decision making. The individual system
components are described below.

1) Speaker Turn Detection: A recurrent neural network
transducer (RNN-T) is used for this purpose. This is a su-
pervised ASR model consisting of an audio encoder, a label
encoder and an neural network for generating the final output
sequences. To increase the speed of the model, the Transformer
Transducer (T-T) variant of the RNN-T and a bigram label
encoder are used in their work. During training, the model
receives transcripts with speaker turn tokens < st > as target
output and log-mel audio features as input. At inference time,
the entire output of the model is ignored, except for the
< st > tokens with their associated timestamp. In addition, a
confidence score is calculated for the < st > token, which is
important for clustering.

2) Speaker Encoder: An LSTM is used as the speaker
encoder, which provides a d-vector as output. The model func-
tions independently of the ASR script. As an input the model
receives audio segments, which are separated by speaker turns.
The model only uses 75% of the audio segments and ignores
the information at the segment boundaries. This reduces the
risk of errors being carried over from the speaker turn detection
component.

3) Spectral Clustering: The spectral clustering algorithm
with an additional speaker turn constraint is used as the
clustering component. A constraint matrix is calculated for
this QϵRNxN , where N is the number of audio segments.
The matrix is filled as follows:

• If there is a speaker turn between the adjacent segments i
and i+1 with a confidence score greater than a threshold,
these segments are labeled as cannot-link (-1).

• If there is no speaker turn between adjacent segments,
these are labeled as must-link (+1) in the constraint
matrix.

• Non-adjacent segments are assigned Qij = 0.
For values in the constraint matrix Q > 0, the similarity
between the segments is increased in the clustering process.
For values < 0, the similarity is reduced.

RNN-T and LSTM are streaming models. The bottleneck of
the system is therefore the clustering component. However, the
number of segments can be significantly reduced by using turn
wise segments. This leads to a leap in clustering performance.
As a result, spectral clustering can be performed after each
arrival of a new segment and the entire system can be used in
online speaker diarization scenarios.

IV. END-TO-END ONLINE SPEAKER DIARIZATION

As mentioned in the previous section, supervised online
diarization systems also include so called end-to-end systems.
These train a single neural network to solve all sub tasks
of speaker diarization. Two of these end-to-end systems are
described in more detail below.

A. Frame-wise Streaming End-to-End Speaker Diarization

In their work, Liang et al. [20] present an online speaker
diarization system that processes the audio stream frame by

frame and delivers the corresponding diarization results in real
time. The system consists of an audio encoder and an attractor
decoder. In this case, an attractor is the representation of a
speaker. Finally, diarization results are generated by a similar-
ity comparison of the attractors with the audio embeddings.
The system architecture can be seen in figure 3. The decoder

Fig. 3. System architecture of FS-EEND

is implemented with non-autoregressive self-attention. On the
one hand, self-attention ensures that the speaker labels remain
consistent over time. On the other hand, self-attention makes it
possible to better distinguish the speakers. In order to achieve
better performance, a look-ahead mechanism is added to the
system. This mechanism receives some future frames as input
and thus makes it possible to recognize new unknown speakers
in real time. The architecture of the whole system is analyzed
in more detail below.

1) Embedding Encoder: The embedding encoder consists
of a linear layer and a masked transformer encoder. The frame-
wise input sequence X = (x1, ..., x1, ..., xT ) is binary masked
so that the self-attention module in the transformer cannot
include any future information.

2) Look-ahead Mechanism: In most online speaker diariza-
tion scenarios, a low latency is acceptable. In addition, the
quality of the embeddings and attractors can be significantly
increased with a few future frames. For these reasons, it was
decided to implement a look-ahead mechanism in this system.
This is realized in the form of a one dimensional convolution
along the time axis [20]. The latency (number of future frames)
is controlled by the kernel size of the convolution.

3) Attractor Decoder: The decoder is based on self-
attention. Self-attention based systems have a longer memory



than, for example, an LSTM-based system. This means that
known speakers can be correctly assigned over a longer period
of time. The difference to tasks such as sequence generation
is that the results in the form of attractors do not have to be
output in a specific order. For this reason, a non-autoregressive
attractor decoder is used in this work, which can output several
attractors in parallel.

In general, EEND systems do not cope well if the audio files
for inference contain more speakers than in training data [43].
For this reason, the maximum number of speakers is limited
to 4 in the work of Liang et al. [20].

The decoder receives the embedding of the current frame as
input and decides which attractors are updated with the em-
bedding. The input must always be different for each attractor,
therefore a positional encoding is added to the embedding. To
obtain an attractor for the current frame as,t, the decoder needs
two sources of information. Firstly, the previous attractors of
the speaker as,t′ . This is achieved by the masked frame self-
attention (MFSA) module. Secondly, the attractors of the other
speakers to the current frame as′,t in order to sharpen the
distance to the other attractors. This task is performed by the
decoder’s cross-attractor self-attention (CASA) module. The
two self-attention modules are combined in a feed forward
network, which provides the attractors as output. Finally, the
speaker labels y can be calculated using the inner product of
the attractors At = [a1,t, ..., as,t, ..., aS,t] and the embedding
et. For training, the sum of two loss functions is minimized.
The first loss function is the binary cross entropy (BCE) of
predicted speaker labels Ŷ and the ground truth Y .

Lossd =
1

T

T∑
t=1

BCE(ŷt, yt) (3)

The second loss function is the embedding similarity loss,
which is calculated by the mean squared error of the cosine
similarity between two embeddings and the cosine similarity
of the corresponding speaker labels.

Losse =
1

TxT

T∑
j=1

T∑
k=1

MSE(⟨ej , ek⟩ , ⟨yj , yk⟩) (4)

The latency of the system can be controlled by the kernel
size of the look-ahead component. FS-EEND achieves better
results than the selected comparison systems from a latency
time of 1s upwards.

B. Online Learning Minivox

In their work, Lin et al. [25] present a benchmark for
speaker diarization systems based on online learning. In ad-
dition they develop an online learning speaker diarization
system. In the following, both the benchmark and the online
diarization system will be examined in more detail.

The Minivox Benchmark converts classic speaker diariza-
tion datasets into audio streams. To do this, random speaker n
and associated audio sequences m are attached to each other.
The parameter p can be used to control how many of the

speaker labels the system receives as feedback. The parameter
p thus simulates a real user who does not always provide
feedback. A result can look like this, for example:

• X = [1, 1, 1, 2, 2, 2, 1, 1, 3, 3, 3, 3, . . . ]
• Y = [1, , , 2, , , , 1, , 3, , . . . ] for p = 0.3

Training can be carried out either with or without an oracle.
The oracle specifies the maximum number of speakers as
initial input. The performance of the system is measured with
the DER.

The presented Online Speaker Diarization System is based
on the concept of the Contextual Bandit [44]. For each decision
option, the bandit has an arm that stands for an unknown
reward. The bandit tries to find a good trade-off between
exploiting known options and discovering new, possibly better
options. In case of the contextual bandit, the bandit is given a
context (e.g. audio embeddings) that he can incorporate into
his decision. The context in this work is the maximum number
of speakers.

If the online diarization system starts with the maximum
number of speakers N, the bandit initially receives N arms,
as well as an additional arm for no speech. Without this
information, the bandit starts with one arm for new speaker
and one arm for no speech. The system then begins the
learning and inference process. The following cases must be
distinguished:

• The system selects new speaker and the user confirms the
selection: The system initializes a new speaker.

• The system selects no speech and the user objects to the
selection: The system initializes a new speaker.

• The system selects speaker nx and the user objects with
new speaker: The system initializes a new speaker by
copying speaker nx.

In addition, it may be the case that the user does not provide
any feedback. A self-supervision module has been added to
the system for this purpose. This clusters the audio segments
that have already been labeled and the current audio segment.
Then the cluster label is used as a substitute for the user
feedback. Online variants of GMM, k-means and KNN are
used as cluster algorithms. The authors are aware that these
perform poorly compared to there offline variants, but want to
ensure the online suitability of the system.

The presented online diarization system has a comparatively
poor performance. However, the online learning scenario poses
a particular challenge, as the system never gets to see the
real labels of the audio segments unless the user confirms an
assigned speaker label.

V. CHALLENGES OF ONLINE SPEAKER DIARIZATION

Online speaker diarization has to face a number of chal-
lenges. These include the trade-off between accuracy and
latency, missing training data and problems with multispeaker
in case of the EEND systems. The various challenges are
examined in more detail below.



A. Tradeoff between Accuracy and Latency

In many current online diarization systems, it can be ob-
served that the error is reduced if a higher latency is accepted.
The reason for this is that more audio information can be
included in the decision if a larger input sequence is available.
Depending on the system, this trade-off is handled differently.
Coria et al. [18] use an active window that is controlled by
the parameter λ. The larger λ is selected, the higher the
latency and the lower the DER. Morrone et al. [45] use a
similar approach in their work with a CSS window based on
the sliding window of Chen et al. [46]. Here it can be also
observed that the DER decreases when the window is enlarged.
Liang et al. [20] show the system some future frames via
the look-ahead mechanism. As described in section IV-A, the
latency is controlled via the kernel size of the convolution that
makes the future frames available. Dimitriadis et al. [15] solve
the problem by returning a fast label and later delivering a
more accurate label. Further examples of the accuracy latency
tradeoff can be found in [19] [47] [22].

However, it can be observed that the DER no longer drops
significantly above a certain latency. This sweet spot latency
differs from system to system. For Coria et al. [18] it is 3s, for
Morrone et al. [45] it is a window size of 15s. Nevertheless,
there is a need for further research to decouple latency from
accuracy.

B. Training Data

Current supervised online and offline diarization systems
need a lot of high quality training data to deliver good results.
Such training data is only available to a limited extent in
English and is usually associated with high costs [28] [29]
[48]. For some languages, there is still no corresponding
training data for speaker diarization. An approach such as Xia
et al. Turn to Diarize [23] attempts to simplify the annotation
of the training data. Lin et al. [25] try to perform the training
process through online learning parallel to inference time.
These are good approaches, but further research and work is
needed to reduce this problem.

C. Multispeaker in EEND Systems

Many end-to-end online diarization systems can only pro-
cess a limited number of speakers. Horiguchi et al. [43] state
in their work that end-to-end online diarization systems always
have problems when the number of speakers for inference is
higher than the number of speakers in the training process. In
their work, they also propose a solution by adding blockwise
clustering to the end-to-end system. However, they move away
from the actual core idea of end-to-end systems, which is
to solve the entire speaker diarization with a single neural
network. Also, the maximum number of speakers in online
speaker diarization cannot be determined in advance, as the
audio file arrives as a stream and additional speakers may be
added at a later point in time. This is a research gap that
needs to be closed in the future in order to be able to handle
a flexible number of speakers for inference.

VI. CONCLUSION

Online speaker diarization is a research topic that has been
dealt with for a long time. The first systems were created
with GMMs. With the introduction of i-vectors, GMM-based
systems were largely replaced. A short time later, embeddings
of audio segments were developed in the form of d-vectors,
which are generated by neural networks. However, not only
audio representations were replaced by trainable modules.
Other components of the speaker diarization pipeline, such
as the clustering, have also been replaced by supervised
approaches. The latest innovations are end-to-end online di-
arization systems. These take the approach of replacing the
entire diarization pipeline with a single trainable model.

All these developments have continuously improved online
speaker diarization. However, online speaker diarization is a
challenging topic. The limited amount of input data makes
it difficult to undercut the error rate of comparable offline
diarization systems. Thus, a tradeoff between accuracy and
latency must always be made. Rare training data is a problem
for both offline and online speaker diarization. In end-to-
end systems, the maximum number of speakers is implicitly
limited by the training data used. Solutions still need to be
developed for this too.

In summary, this paper provides a good overview of the
topic of online speaker diarization. Also this paper shows that
online speaker diarization is a current and flourishing topic
that still offers a lot of potential for further research.
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