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CONCLUSIONS

Speaker diarization corresponds to identifying who spoke when in a digital recording. This
process is essential to perform high quality speech recognition and a necessary step to
produce transcripts readable by humans. Moreover, enabling machines to perform accurate
speaker diarization will allow them to employ their speech synthesis and speech recognition
skills in a natural discussion. The complexity of speaker diarization lead previous research
to simplify the problem into speaker detection or synchrony detection, which are often
performed using heuristic algorithms.

This thesis presents probabilistic methods that comprise a unifying treatment of speaker
diarization, speaker detection and synchrony detection. The probabilistic nature of the
proposed methods (1) makes them applicable to different audiovisual contexts, (2) allows
to rest assumptions made in previous research and (3) provides state-of-the-art results in
a series of publicly available datasets. The following sections summarise the conclusions
drawn from this work, present the potential applications of the current speaker diarization
methods and sketch the most promising directions in terms of future work.

6.1 Summary of Conclusions

The chapters of this thesis focus on the research questions posed in the introduction. More
specifically:

What probabilistic framework can perform speaker diarization using information coming
from the audio, video and audiovisual space? Chapter 3 presents a Dynamic Bayesian Net-
work that models speaker diarization in a generative way. The proposed model incorporates
information coming from the audio, video and joint audiovisual space to perform inference
regarding the visible persons and the speakers at each point of an audiovisual recording. In
order to achieve this, the persons participating in the recording are represented as processes
that generate cues in the different information streams. The novelty of the model lies in the
way these multimodal processes are handled: in contrast to previous research, there are no
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assumptions regarding the location of the audiovisual recording equipment, the number of
simultaneous speakers or the minimum window length. The model manages to relax these
assumptions and at the same time improve over the unimodal state-of-the-art in terms of
speaker diarization accuracy in all of the recordings. Overall, the unimodal state-of-the-art
achieves a speaker diarization accuracy of 73.5%, while the proposed multimodal approach
86%.

How can we model synchrony between audio and video in speech and how can we use
this to perform speaker diarization? Chapter 4 focus on synchrony detection in speech.
Previous research on synchrony detection has employed smart heuristics based on Mutual
Information or matching algorithms in order to detect synchrony in various contexts such
as speech or music. We analyse the basic properties of the process that generates audio-
visual features during speech, and employ a Deep Belief Network to capture the “distribu-
tion of synchrony”. We perform extensive experiments using different probabilistic models
and show that the heuristics methods are very competitive against well-known probabilis-
tic models. The heuristic methods have an overall synchrony detection accuracy of 47%
in contrast to 37% accuracy achieved by a GMM. The proposed Deep Belief Network,
however, greatly outperforms all previous approaches in synchrony detection in speech,
achieving and accuracy of 68% on the same data. The synchrony detection schemes are
not directly transferable to speaker diarization, and in chapter 5 we show how this transfer
can be made.

How can we model speaker detection using synchrony and how can we use the learnt mod-
els in speaker diarization? Chapter 5 describes how different synchrony detection methods
can be tuned to output directly whether a recording contains a speaking person or not,
and proposes a Deep Neural Network which is based on the Deep Belief Network that
performs synchrony detection. The proposed Deep Belief Network outperforms previously
proposed synchrony detection algorithms and different generative and discriminative mod-
els for speaker detection. In a series of experiments, a 90% of True Positive(TP) rate is
achieved for less than 10% of False Positive(FP) rate using the proposed model, in contrast
with previously proposed approaches that produce more than 30% FP rate for the same
TP rate. Furthermore, when incorporated in the Dynamic Bayesian Network of chap-
ter 3 it improves the final results of speaker diarization further. In an experiment where
the unimodal state-of-the-art achieves speaker diarization accuracy is 77%, the Dynamic
Bayesian Network of chapter 3 achieves 82%, while incorporating the proposed speaker
detection algorithm further improves the results to 87%.

6.2 Applications

Speaker diarization is applicable to existing digital libraries and to human computer in-
teraction. In existing collections of audiovisual recordings, speaker diarization is used to
enhance speech recognition and produce readable transcripts. In human computer inter-
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action, it is necessary to create user-friendly interfaces which interact with the user in a
natural dialogue context. The models presented in this thesis are generic, but in the case
of large collections they face large quantities of data, while in the case of human com-
puter interaction they require on-line, real-time performance. In parallel to the theoretic
advances described in this thesis, application-oriented research was performed.

A first application oriented issue we focused, was the high memory requirements necessary
to perform EM learning in a large collection of audiovisual recordings. In [100], we transfer
cross-entropy learning to the Dynamic Bayesian Network field, as an alternative to the EM
algorithm. Cross-entropy is a stochastic learning methods which searches in the parameter
space for the maximum-likelihood solution, and had never been applied to the domain
of Dynamic Bayesian Networks before. The main advantage of cross-entropy is that it
has very low memory requirements allowing complex Dynamic Bayesian Networks to be
applied in large sequences of data, while achieving performance similar to that of the EM
algorithm. The experimental results show that using cross-entropy instead of the EM
algorithm enables us to successfully apply the proposed Dynamic Bayesian Network to an
audiovisual recording containing three times more people and four times longer duration.

The second issue we explored was adapting the proposed Dynamic Bayesian Network to
perform on-line inference. In the beginning of an audiovisual recording, there is not enough
data to infer all the person models needed. In [98], a switching model is proposed to
perform on-line speaker diarization. The proposed switching model starts as a robust
unimodal speaker diarization approach and moves to the complex multimodal approach
as more data becomes available. On a series of experiments the switching model performs
significantly better than a naive approach at the beginning of the recording, and achieves
the accuracy of the off-line model after a few batches of data.

Finally we explored the real-time implementation properties of different speaker diarization
methods. In [99], different real-time speaker diarization methods are implemented on the
iCat robot. The iCat robot is a platform developed by Philips Research for HCI research,
which has a low-resolution mounted camera on its head. In this task, there is low quality
data and low computational resources since the processor is also responsible for the motion
of the iCat. We show that the multimodal approach works better than single video analysis
for speaker diarization, and we propose a smart heuristic that provides results which are
not significantly different from the multimodal approach, in a fraction of the computational
time.

6.3 Future Work

The current state-of-the-art speaker diarization is at a level that allows for real world ap-
plications, but human-like speaker diarization is far from reached. Earlier research tackled
the problem under a variety of simplification assumptions regarding for example no simul-
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taneous speakers, or a minimal length of a silent segment. In this thesis, these assumptions
are relaxed by treating speaker diarization under a probabilistic framework, without any
loss in terms of speaker diarization accuracy. Consequently, the future of speaker diariza-
tion involves the sound probabilistic modelling of the task. The most promising directions
of future work regard features for speaker diarization, data preprocessing, elaborate mod-
elling of the feature distribution and capturing the information in the temporal dimension
of the data.

Regarding features for speaker diarization, this thesis uses the standard MFCCs. Ex-
perimenting with different features might improve the results significantly — chapter 2
describes alternative acoustic features that produced promising results in specific datasets.
Moreover, the proposed model uses little video information for speaker diarization. Such
features can further improve the results, see for example the review of Potamianos et. al
[105].

The current state-of-the-art speaker diarization methods perform significantly worse in
low-quality recordings. At the same time, there are many preprocessing techniques to
denoise the audio signal or stabilise the view of a moving camera. For example Wooters et.
al [132] denoise the original audio stream or Allan et. al can stabilise the video sequence
of a video camera using invariant features [93]. An interesting future direction would be
to express denoising algorithms in a probabilistic framework, and perform denoising and
speaker diarization in parallel. Hopefully this will improve the results of both processes.

In terms of the the spatial structure of data, i.e. data on a single time slice, the results
can be improved by more elaborate models. In the case of synchrony for example, this
thesis shows that using Products of Experts can improve the results in comparison with
previously proposed methods. In the audio modality the GMMs have been considered
the state-of-the-art for more than twenty years. Studying the properties of sound closely,
could lead to a more fitting model and consequently improved results. Moreover, research
on facial expressions analysis, as for example the recent review of Pantic [101], has never
been applied to speaker diarization.

Last but not least the information on the temporal dimension of the data is still mod-
elled naively. In this thesis we have shown that there is no need to perform inference
for a minimum length of a few seconds, but instead each frame can be considered a time
slice. Such restrictions could be imposed probabilistically by for example using a Hidden
Semi-Markov model [52]. Furthermore, the Markov assumption of the proposed Dynamic
Bayesian Network, even when it becomes of second or third order, is greatly violated by
real audiovisual data. Approximate decoding of a more complex model, as for example the
cRBMs presented in this work, could improve the results significantly.


