Yueting Zhuang
Shigiang Yang
Yong Rui
Qinming He (Eds.)

Advances in Multimedia
Information Processing -
PCM 2006

7th Pacific Rim Conference on Multimedia
Hangzhou, China, November 2006
Proceedings

LNCS 4261

@ Springer




Lecture Notes in Computer Science

Commenced Publication in 1973

Founding and Former Series Editors:
Gerhard Goos, Juris Hartmanis, and Jan van Leeuwen

Editorial Board

David Hutchison

Lancaster University, UK
Takeo Kanade

Carnegie Mellon University, Pittsburgh, PA, USA
Josef Kittler

University of Surrey, Guildford, UK
Jon M. Kleinberg

Cornell University, Ithaca, NY, USA
Friedemann Mattern

ETH Zurich, Switzerland
John C. Mitchell

Stanford University, CA, USA
Moni Naor

Weizmann Institute of Science, Rehovot, Israel
Oscar Nierstrasz

University of Bern, Switzerland
C. Pandu Rangan

Indian Institute of Technology, Madras, India
Bernhard Steffen

University of Dortmund, Germany
Madhu Sudan

Massachusetts Institute of Technology, MA, USA
Demetri Terzopoulos

University of California, Los Angeles, CA, USA
Doug Tygar

University of California, Berkeley, CA, USA
Moshe Y. Vardi

Rice University, Houston, TX, USA
Gerhard Weikum

Max-Planck Institute of Computer Science, Saarbruecken, Germany

4261



Yueting Zhuang Shiqgiang Yang
Yong Rui  Qinming He (Eds.)

Advances in Multimedia

Information Processing —
PCM 2006

7th Pacific Rim Conference on Multimedia
Hangzhou, China, November 2-4, 2006
Proceedings

@ Springer



Volume Editors

Yueting Zhuang

Qinming He

Zhejiang University, College of Computer Science
Hangzhou, 310027, PR. China

E-mail: {yzhuang, hqm@zju.edu.cn

Shigiang Yang

Tsinghua University, Department of Computer Science and Technology
Beijing 100084, China

E-mail: yangshq@tsinghua.edu.cn

Yong Rui
Microsoft China R&D Group, China
E-mail: yongrui @microsoft.com

Library of Congress Control Number: 2006935258

CR Subject Classification (1998): H.5.1, H.3, H.5, C.2, H4, 1.3, K.6, 1.7, 1.4

LNCS Sublibrary: SL 3 — Information Systems and Application, incl. Internet/Web
and HCI

ISSN 0302-9743
ISBN-10 3-540-48766-2 Springer Berlin Heidelberg New York
ISBN-13 978-3-540-48766-1 Springer Berlin Heidelberg New York

This work is subject to copyright. All rights are reserved, whether the whole or part of the material is
concerned, specifically the rights of translation, reprinting, re-use of illustrations, recitation, broadcasting,
reproduction on microfilms or in any other way, and storage in data banks. Duplication of this publication
or parts thereof is permitted only under the provisions of the German Copyright Law of September 9, 1965,
in its current version, and permission for use must always be obtained from Springer. Violations are liable
to prosecution under the German Copyright Law.

Springer is a part of Springer Science+Business Media
springer.com

© Springer-Verlag Berlin Heidelberg 2006
Printed in Germany

Typesetting: Camera-ready by author, data conversion by Scientific Publishing Services, Chennai, India
Printed on acid-free paper SPIN: 11922162 06/3142 543210



Preface

Welcome to the proceedings of the 7th Pacific-Rim Conference on Multimedia
(PCM 2006) held at Zhejiang University, Hangzhou, China, November 2-4, 2006.
Following the success of the previous conferences, PCM 2000 in Sydney, PCM
2001 in Beijing, PCM 2002 in Hsinchu, PCM 2003 in Singapore, PCM 2004 in
Tokyo, and PCM 2005 in Jeju, PCM 2006 again brought together researchers,
developers, practitioners, and educators in the field of multimedia from around
the world. Both theoretical breakthroughs and practical systems were presented
at the conference. There were sessions from multimedia retrieval to multimedia
coding to multimedia security, covering a wide spectrum of multimedia research.

PCM 2006 featured a comprehensive program including keynote talks, regular
paper presentations, and special sessions. We received 755 submissions and the
number was the largest among all the PCMs. From such a large number of
submissions, we accepted only 116 oral presentations. We kindly acknowledge the
great support provided by the Program Committee members in the reviewing
of submissions, as well as the additional reviewers who generously spent many
hours. The many useful comments provided by the reviewing process are very
useful to authors’ current and future research.

This conference would not have been successful without the help of so many
people. We greatly appreciate the support from our Organizing Committee
Chairs Fei Wu, Nicu Sebe, Hao Yin, Daniel Gatica-Perez, Lifeng Sun, Alejan-
dro Jaimes, Li Zhao, Jiangqin Wu, Shijian Luo, Jianguang Weng, Honglun Hou,
Xilin Chen, Qing Li, Hari Sundaram, Rainer Lienhart, Kiyoharu Aizawa, Yo-
Sung Ho, Mark Liao, Qibin Sun, Liu Jian, Yao Cheng, Zhang Xiafen, Zhang
hong, Zhou xin and advisory chairs, Sun-Yuan Kung, Thomas S. Huang, and
Hongjiang Zhang. Special thanks go to Fei Wu, the organization Vice Chair,
who spent countless hours in preparing the conference. Last but not least, we
would like to thank the sponsorship of National Natural Science Foundation of
China, Insigma Technology Co.,Ltd, Microsoft Research, and Y.C. Tang Disci-
plinary Development Fund (Zhejiang University).

August 2006 Yunhe Pan
Yueting Zhuang

Shigiang Yang

Yong Rui

Qinming He
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Abstract. This paper presents our recent and current work on expres-
sive speech synthesis and recognition as enabling technologies for affec-
tive robot-child interaction. We show that current expression recognition
systems could be used to discriminate between several archetypical emo-
tions, but also that the old adage ”there’s no data like more data” is
more than ever valid in this field. A new speech synthesizer was devel-
oped that is capable of high quality concatenative synthesis. This system
will be used in the robot to synthesize expressive nonsense speech by us-
ing prosody transplantation and a recorded database with expressive
speech examples. With these enabling components lining up, we are get-
ting ready to start experiments towards hopefully effective child-machine
communication of affect and emotion.

1 Introduction

In Belgium alone some 300.000 children need to be hospitalized for long periods of
time or suffer from chronic diseases [1]. Different projects exist which aim at using
Information and Communication Technologies (ICT) like Internet and WebCams
to allow these children to stay in contact with their parents, to virtually attend
lectures at their school, ete. [1], [2]

Together with the Anty foundation and the Robotics and Multibody Me-
chanics research group at our university, we participate in a project that aims
at designing a furry friendly robot called Anty [3], [4]. Anty will provide access
to ICT means like a PC and WiMAX in a child-friendly form and will act as a
friendly companion for the young hospitalized child. It is our task to design the
vocal communication system for Anty. Since it will be a long time before a real
speech dialog with a machine will become possible through speech understanding
techniques, we choose to develop an affective communication system that can
recognize expressive meaning in the child’s voice, such as the child’s intent or
emotional state, and that can reply using synthesized affective nonsense speech.

The paper is organized as follows: in section 2 we describe our current emotion
recognition system, in section 3 we describe our expressive synthesis system and
in section 4 we conclude with a discussion.

Y. Zhuang et al. (Eds.): PCM 2006, LNCS 4261, pp. 1-8, 2006.
© Springer-Verlag Berlin Heidelberg 2006
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2 Automatic Classification of Emotions in Speech

It is well known that speech contains acoustic features that vary with the
speaker’s affective state. The effects of emotion in speech tend to alter pitch,
timing, voice quality and articulation of the speech signal [5]. The goal of an
emotional speech recognizer is to classify statistical measures of these acoustic
features into classes that represent different affective states.

In our own work, we mainly used a segment based approach (SBA) for emo-
tion classification. As illustrated in Fig. 1, statistical measures of acoustic fea-
tures are calculated for the whole utterance as well as for each of its voiced
segments. We used 12 statistical measures of pitch, intensity and spectral shape
variation.

Utterance X

Feature
Extraction Segmentation
[ l
Segment(1/N) Segment{MN)
Feature Feature
Extraction Extraction
/ Feature / Feature '
o Set b o Sat 3
" Formation 4 " ‘-.\ Formation /
Classification Classification

Decision
Fusion

s e
| Decision |
e _/

Fig. 1. Main components of the segment based approach for emotion classification

Four different emotional databases (Kismet, BabyEars, Berlin and Danish)
have been used and ten-fold cross validation has been mostly applied as the test-
ing paradigm. Fig. 2 shows the results that we obtained with our SBA approach
and with our own implementation of the AIBO emotion recognition system [6].
It can be noted that these results compare favourably to those that have been
previously reported in the literature for these databases ([5], [7], [8], [9]).

In [10], we also reported some detailed cross database experiments. In these
experiments the databases Kismet and BabyEars were paired and the emotional
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Kismet BabyEars Berlin Danish
MLA AIBO SBA AIBO SBA AIBO SBA AIBO SBA
SVM 837 832 658 679 755 655 635 56.8
KNN 822 866 615 687 677 59.0 49.7 556

ADA-C45 8463 81 615 634 746 46.0 641 597

Fig. 2. Percentage recognition accuracy for emotion classification on four different
databases with two different systems and three different machine learning algorithms

classes that did not occur in both databases were dropped. The remaining com-
mon emotions were Approval, Attention and Prohibition. In a first set of ex-
periments, training was performed on one of the databases and testing on the
other. This off-corpus testing on the two corpora showed virtually no improve-
ment over baseline classification (i.e., always classifying the test samples as be-
longing to the most frequent class in the test database). On the other hand,
when the two corpora are merged into a single large corpus, classification accu-
racy is only slightly reduced compared to the scores obtained on the individual
databases.

In other words, we found evidence suggesting that emotional corpora of the
same emotion classes recorded under different conditions can be used to construct
a single classifier capable of distinguishing the emotions in the merged corpora.
The classifier learned using the merged corpora is more robust than a classifier
learned on a single corpus because it can deal with emotions in speech that is
recorded in more than one setting and from more speakers.

The emotional databases that are available contain only a small number of
speakers and emotions and with the feature sets that are usually employed in the
field, there is little generalization accross databases, resulting in database depen-
dent classifiers. Furtunately, we also found that we can make the systems more
robust by using much larger training databases. Moreover, adding robustness
to the feature set that is used to represent the emotion in the utterance could
compensate for the lack of vast amounts of training data. It would therefore be
interesting to investigate the use of acoustic features that mimic the process of
perception of emotions by humans.

3 Synthesis of Affective Nonsense Speech

3.1 System Design

We designed a system for producing affective speech that uses a database with
natural expressive speech samples from a professional speaker and a database
with naturally spoken neutral speech samples from the same speaker. Details of
the construction of these databases are given in section 3.2.

In order to produce a nonsense utterance with a given desired emotion, the
synthesizer randomly selects an expressive speech sample of the proper type
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from the first database and uses this as a prosodic template. Next, a nonsense
carrier phrase is constructed that has the same syllabic structure as the selected
prosodic template. As explained in detail in section 3.3, this is done by concate-
nating segments from the database with neutral speech samples. Except that
inter-segment compatibility aspects are taken into account, the segments to be
concatenated are selected ad random.

Finally, the same pitch and timing structure as found in the prosodic template
is copied on the nonsense carrier phrase, a process that is known as prosodic
transplantation [11], [12] and that effectively provides the synthetic output with
a same intonational pattern as the natural example. The prosodic modification
technique used in this prosody transplantation is summarized in section 3.4.

Besides working in accordance with the concept of prosodic transplantation,
we believe that the strength of our synthesizer mainly resides in its high quality
and low complexity that was achieved by using an overlap-add technique for both
the segment concatenation and the prosodic modification, in accordance with
the source filter interpretation of pitch synchronized overlap-add (PSOLA) [13],
as introduced in [14]. As will be explained, according to this interpretation, the
synthesizer can make use of the series of pitch markers to fulfill the concatenation.
More details about the synthesizer can also be found in [15].

3.2 Speech Database

In order to produce expressive speech as close as possible to natural emotional
speech, the quality of the prosodic templates was an important parameter. The
speaker should be able to keep a same voice quality while recording the neutral
text and he should be able to express the desired emotions convincingly. Our
databases were constructed from the speech samples of a professional speaker.

Four primary human emotions (anger, joy, sadness and fear) were included.
First, samples of expressive and neutral utterances were recorded in an anechoic
chamber. Next, the utterances to use in the databases were selected through an
evaluation process using four criteria: color of the voice, the emotion perceived in
the utterance, closeness to the intended emotion, and the quality of the portray-
ing (faked/real). Each utterance was rated by four researchers who are familiar
with speech processing and one amateur musician. Finally, 14 utterances were
selected for inclusion in the database.

An interactive segmentation tool was developed based on the MEL-cepstral
distances between the hanning windowed frames on the left and the right of
each sample point. Large MEL-scale cepstral distances are an indication of a
phone transition, small distances indicate stationary speech parts. The tool we
developed plots these distances and, given the desired number of segments, the
user can specify the appropriate cut-points. These are stored in a meta-data file
that can be used for constructing the nonsense carrier utterances by concatenat-
ing randomly selected speech segments from the database. Fig. 3 illustrates this
segmentation process.



Expressive Speech Recognition and Synthesis 5

speech signal :crd,,
8000

6000 - *

4000 B

2000 B

-2000 - B

-4000 - B

-6000 - '

-8000 - B

-10000 L L L L
0 0.5 1 15 2 2.5

Local Distance :cr4,, mat

0.025
’I Pick up cut points

0.02-

0.015

local distances
o
S
T

0.005 -

pseudo frame index 4

Fig. 3. MEL-cepstral distance based manual segmentation. The upper panel shows the
speech utterance 'not ring’. The bottom panel shows the MEL-scale cepstral distances.

3.3 Segment Concatenation

The synthesizer has to concatenate the selected segments in an appropriate way
in order to construct a fluently sounding speech signal. While concatenating
speech segments, one has to cope with two problems. First, the concatenation
technique must smooth the transition between the two signals in time, other-
wise these transitions will appear to abrupt and the concatenated speech would
not sound fluent, but chopped. Further, while joining voiced speech signals, the
introduction of irregular pitch periods at the transition point has to be avoided,
since these would cause audible concatenation artifacts.

As mentioned before, we opted to use PSOLA to perform the prosody trans-
plantation. PSOLA needs to identify the exact location of every individual pitch
period in the voiced speech segments using so-called pitch markers. The quality
of the output signal greatly depends on the correctness of these markers and we
designed an efficient and robust algorithm to accomplish this pitch marking [16].

Obviously, by choosing pitch markers as the segments cut-points, we can as-
sure that the periodicity of the speech signal will not be disrupted by the con-
catenation procedure. In order to further enhance the concatenation quality, we
designed an optimization method that selects the best cut-markers according to
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a MEL-scale spectral distance, as suggested in [17]. This technique selects for
each join a pitch marker from the first and from the second segment in such a
way that the transition will occur where there is as much similarity between the
two speech signals as possible.

Once the cut marks are determined, the actual concatenation problem is tack-
led by a pitch-synchronous window/overlap technique. First, a number of pitch
periods (typically 5) is selected from the end cut-marker and from the begin-
ning cut-marker of the first and second segment, respectively. Then, the pitch
of these two short segments is altered using the PSOLA technique, which will
result in two signals having exactly the same pitch. Finally, the two signals are
cross-faded using a hanning-function to complete the concatenation.

Figure 4 illustrates our concatenation method by joining two voiced speech
segments. To illustrate the method’s robustness, we used a first segment that
has a pitch value which is higher than that of the second segment, as one can see
in the upper panel of the figure. The middle panel shows the pitch-alignment of
the extracted pitch periods and the bottom panel shows the final concatenated
speech. This last plot illustrates that in the concatenated speech signal the seg-
ment transition is smoothed among a few pitch periods, which is necessary if

a fluent output is to be obtained. In addition, the output does not suffer from
irregular pitch periods.

I R
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Fig. 4. Pitch-synchronous concatenation. The upper panel illustrates the segments to
be concatenated, the middle panel illustrates the pitch-synchronized waveshapes, and
the lower panel illustrates the result after cross-fading.

The proposed concatenation technique delivers results of the same auditive
quality as some more complex concatenation methods found in the literature.
The technique has been systematically judged against a spectral interpolation
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approach and it was concluded that the computationally more complex interpo-
lation could not outperform the proposed overlap-add method.

3.4 Adding Prosody

At this point we need to apply the correct prosody to the concatenated nonsense
speech signal by using the PSOLA technique for altering the timing and the pitch
of the speech. The pitch markers of the nonsense speech can be simply computed
from the pitch markers of the concatenated segments. These will then be used
as analysis-pitch markers for the PSOLA technique.

At the same time, each sample point that indicates a phoneme transition
in the synthesizer’s databases is memorized in the meta-data. By using these
transition points the synthesizer calculates the inherent length of each phoneme
present in the concatenated signal and in the prosodic template. Using these
two sets of values, the amount of time-stretching that is necessary to provide the
output speech with the correct timing properties is computed. Subsequently, the
PSOLA algorithm will synthesize the output signal by using a time varying time-
stretch value going from phoneme to phoneme. The synthesis-pitch markers used
by the PSOLA operation determine the pitch of the final output [14]. Obviously,
it suffices to calculate these pitch markers based on the pitch-parameters of
the prosodic template to ensure that the imposed intonation curve is correctly
assigned to the final speech signal.

4 Concluding Discussion

We presented our recent and current work on expressive speech synthesis and
recognition as enabling technologies for affective robot-child interaction.

We showed that our current expression recognition system obtains competitive
results and could be used to discriminate between several archetypical emotions.
However, we also showed that in this field the old adage ”there’s no data like
more data” is more than ever valid and in order to avoid having to record
hughe databases with expressive child speech, we plan to open a parallel track to
investigate robust features for emotion recognition as well as psychoacoustically
motivated dimensions of expressive speech.

We also designed a lightweight speech synthesis system that was successfully
used as a replacement for the back-end of the NeXTeNS open source text-to-
speech synthesis system for Dutch, thereby turning it into a Flemish speaking
text-to-speech application [15]. We are using the same acoustic synthesis modules
to construct a system for synthesizing expressive nonsense speech that copies
the intonation from a database with expressive speech examples onto a neutral
synthetic carrier phrase. In our future work we plan to investigate whether and
how aspects of voice quality should be incorporated in the system.

With these enabling components lined up, we are getting ready to enter a
new and very exciting research phase where we can start experiments towards
hopefully effective child-machine communication of affect and emotion.
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Abstract. We describe here our efforts for modeling multimodal signals
exchanged by interlocutors when interacting face-to-face. This data is then used
to control embodied conversational agents able to engage into a realistic face-
to-face interaction with human partners. This paper focuses on the generation
and rendering of realistic gaze patterns. The problems encountered and
solutions proposed claim for a stronger coupling between research fields such
as audiovisual signal processing, linguistics and psychosocial sciences for the
sake of efficient and realistic human-computer interaction.

Keywords: Embodied conversational agents, talking faces, audiovisual speech
synthesis, face-to-face interaction.

1 Introduction

Building Embodied Conversational Agents (ECA) able to engage a convincing face-
to-face conversation with a human partner is certainly one of the most challenging
Turing test one can imagine (Cassell, Sullivan et al. 2000). The challenge is far more
complex than the experimental conditions of the Loebner Prize' where dialog is
conducted via textual information: the ECA should not only convince the human
partner that the linguistic and paralinguistic contents of the generated answers to
human inquiries have been built by a human intelligence, but also generate the proper
multimodal signals that should fool human perception. We are however very close to
being able to conduct such experiments. Automatic learning techniques that model
perception/action loops at various levels of human-human interaction are surely key
technologies for building convincing conversational agents. George, the talkative bot
that won the Loebner Prize 2005, learned its conversation skills from the interactions
it had with visitors to the Jabberwacky website, and through chats with its creator, Mr
Carpenter. Similarly the first Turing test involving a non interactive virtual speaker
(Geiger, Ezzat et al. 2003) has demonstrated that image-based facial animation
techniques are able to generate and render convincing face and head movements.
Combining a pertinent dialog management with convincing videorealistic
animation is still not sufficient to reach a real sense of presence (Riva, Davide et al.

" The Loebner Prize for artificial intelligence awards each year the computer program that
delivers the most human-like responses to questions given by a panel of judges over a
computer terminal.

Y. Zhuang et al. (Eds.): PCM 2006, LNCS 4261, pp. 9-18, 2006.
© Springer-Verlag Berlin Heidelberg 2006
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2003). The sense of “being there” requires the featuring of basic components of
situated face-to-face communication such as mixed initiative, back channeling, turn
taking management, etc. The interaction requires a detailed scene analysis and a
control loop that knows about the rules of social interaction: the analysis and
comprehension of an embodied interaction is deeply grounded in our senses and
actuators and we do have strong expectations on how dialogic information is encoded
into multimodal signals.

Appropriate interaction loops have thus to be implemented. They have to
synchronize at least two different perception/action loops. On the one hand there are
low-frequency dialogic loops. They require analysis, comprehension and synthesis of
dialog acts with time scales of the order of a few utterances. On the other hand there
are interaction loops of higher frequency. These include the prompt reactions to
exogenous stimuli such as sudden events arising in the environments or eye saccades
of the interlocutor. The YTTM model (Thoérisson 2002) of turn-taking possesses three
layered feedback loops (reactive, process control and content). Content and reactive
loops correspond to the two loops previously sketched. The intermediate process
control loop is responsible for the willful control of the social interaction (starts and
stops, breaks, back-channeling, etc). In all interaction models, information- and
signal-driven interactions should then be coupled to guarantee -efficiency,
believability, trustfulness and user-friendliness of the information retrieval.

We describe here part of our efforts for designing virtual ECAs that are sensitive to
the environment (virtual and real) in which they interact with human partners. We
focus here on the control of eye gaze. We describe the multiple scientific and
technological challenges we face, the solutions that have been proposed in the
literature and the ones we have implemented and tested.

Fig. 1. Face-to-face interaction: (a) gaming with an ECA; (b) studying human gaze patterns; (c)
our ECA mounted on the Rackham mobile robot at the Space city in Toulouse — France
(Clodic, Fleury et al. 2006). Copyright CNRS for (a) and (b).

2 Gaze and Mutual Gaze Patterns

The sampling process with which the eye explores the field of sight consists of
fixations, smooth pursuits and saccades. Saccades are the rapid eye movements
(approx. 25-40ms duration) with which the high-resolution central field (the fovea) is
pointed to the area of interest. Fixations (and slow eye movements) of relatively long
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duration (300ms) enable the visual system to analyze that area (e.g. identify objects or
humans). They are characterized by microsaccades that compensate for retinal
adaptation. Functionally these two components correspond to two complementary
visual streams, a ‘where’- and a ‘what’-stream (Grossberg 2003). The ‘what’-stream
is responsible for object recognition, the ‘where’-stream localises where these objects
and events are. The *what’-stream is assumed to be allocentric, i.e. object centered,
whereas the ‘where’-stream is egocentric, i.e. observer centered. An additional
mechanism, called smooth pursuit, locks slowly moving interest points in the fovea.

Scrutinizing a scene (either a static picture or a video) is more complicated than
just moving from one salient feature of the scene to the next. Perceptual salience is
not the only determinant of interest. The cognitive demand of the scrutinizing task has
a striking impact on the human audiovisual analysis of scenes and their interpretation.
Yarbus (1967) showed notably that eye gaze patterns are influenced by the
instructions given to the observer during the examination of pictures. Similarly
Vatikiotis-Bateson et al (1998) showed that eye gaze patterns of perceivers during
audiovisual speech perception are influenced both by environmental conditions (audio
signal-to-noise ratio) and by the recognition task (identification of phonetic segments
vs. the sentence’s modality). Attention is also essential: Simons and Chabris (1999)
suggest that attention is essential to consciously perceive any aspect of a scene. Major
changes to scenes may be ignored (‘change blindness') and objects may even not be
perceived (‘attentional blindness’) if they are not in our focus of attention.

Finally, eye gaze is an essential component of face-to-face interaction. Eyes
constitute a very special stimulus in a visual scene. Gaze and eye-contact are
important cues for the development of social activity and speech acquisition
(Carpenter and Tomasello 2000): theories of mind? (Scassellati 2001) rely on the
ability of computing eye direction of others. In conversation, gaze is involved in the
regulation of turn taking, accentuation and organization of discourse (Argyle and
Cook 1976; Kendon 1967). We are also very sensitive to the gaze of others when
directed towards objects of interest within our field of view or even outside (Pourtois,
Sander et al. 2004). In the Posner cueing paradigm (1980), observers’ performance in
detecting a target is typically quicker in trials in which the target is present at the
location indicated by a former visual cue than in trials in which the target appears at
the uncued location. The outstanding prominence of the human face in this respect
was shown by Langton et al. (1999; 2000). Driver et al. (1999) have shown that a
concomitant eye gaze also speeds reaction time.

The data presented so far show that gaze control is a complex cognitive activity
that not only depends on the environment — that of course includes other humans — but
also on our own cognitive demands.

3 Computational Models for the Observation of Natural Scenes

Most robots incorporate a computational model for observing their environment.
Mobile robots use the results for planning displacements and avoid obstacles.
Anthropoid robots embed cameras at eyes location and the movements that are

2 The ability to understand that others have beliefs, desires and intentions that are different from
one's own (Baron-Cohen, Leslie et al. 1985; Premack and Woodruff 1978).
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necessary for controlling their field of view informs indirectly human partners on
their focus of interest. Most sociable anthropoid robots control gaze for
communication needs: robots constructed by the Humanoid Robotics Group at the
MIT Artificial Intelligence Laboratory have been designed to mimic the sensory and
motor capabilities of the human system. The robots should be able to detect stimuli
that humans find relevant, should be able to respond to stimuli in a human-like
manner. The first computational theory of mind built by Scassellati (Scassellati 2001)
was already incorporating a complex control of eye gaze et neck movements for
pointing and signalling shared visual attention. Robita developed at Waseda
University (Matsusaka, Tojo et al. 2003) points to objects and regulates turn taking in
group conversation by gaze direction.

Fig. 2. Models for observing natural scenes. Left: eye saccades of the ECA developed by Itty et
al (Itti, Dhavale et al. 2003) are sequenced by points of interest computed from a video input.
Right: Sun (Sun 2003) uses a multiscale segmentation to scrutinize an image by successive
zoom-ins and -outs.

Most gaze control strategies for ECA are more elementary. When no contextual
audiovisual stimuli are available (e.g. for web-based ECA), the basic strategy consists
in globally reproducing blinks and gaze paths learnt by statistical models from human
data (Lee, Badler et al. 2002). Attempts to regulate an ECA gaze from video input are
quite recent: Itti et al (2003) propose a visual attention system that drives the eye gaze
of an ECA from natural visual scenes. This system consists in computing three maps:
(a) a saliency map, a bottom-up path that computes a global saliency for each pixel of
the current image that combines color, orientation and flow cues; (b) a pertinence
map, a top-down path that modulates the saliency map according to cognitive
demands (e.g. follow white objects... that may cause attention blindness to events
connected to darker areas of the scene), and (c) an attention map that is responsible
with the observation strategy that switches between the successive points of interest.
The attention map also handles temporary Inhibition Of Return (IOR) so that all
points of interest in a scene have a chance to be in focus. Although mostly tested on
still images, the object-based attention framework proposed by Sun (2003) is based on
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a multi-scale segmentation of the image that computes a hierarchy of the points of
interest as function of salience, granularity and size of the objects.

We recently implemented a eye gaze control system that builds on Itti et al
proposal but replaces the pertinence and attention maps with a detector/tracker of
regions of interest as well as with a temporary inhibition of return that rules the
content of an attention stack (Xu and Chun 2006) that memorizes position and
appearance of previous regions of interest. The object detector is responsible for
detecting known objects (such as faces) that triggers further predetermined scrutation
(such as focus on mouth and eyes for speaking faces) and for building statistical
models of the shape and appearance of unknown objects (based yet on color
histogram). If necessary, the detector uses the built characteristics to perform a
smooth pursuit using a Kalman filter (see figure 3). Once the object of interest does
not move and fixation has been long enough for recognizing/building a model of the
object, the object is pushed in the attention stack and the system seeks for the next
salient object. While none is found, the system pops back the objects stored in the
attention stack. The stack is also used for storing temporally the characteristics of an
object that has not been entirely processed when a more salient object bumps in the
scene: the exogenous stimulus is urgently processed and the system goes back to its
normal sequential exploration.

Two natural videos have been used for testing (see figure 3): the first scene
features a subject waiving colored objects in front of him while the second one
features several person passing behind a subject facing the camera. Gaze patterns
computed by our system have been compared to human ones recorded using a non
invasive Tobii® eyetracker: main differences occur when innate objects have a
stronger intrinsic salience than faces in the scene (see figure 4). Subjects are in fact
more sensitive to faces than clothing since human faces are of most importance for
understanding natural scenes. When interacting with people, events occurring in the
immediate environment have also an impact on gaze and gaze interpretation. For
instance, Pourtois et al (2004) have shown that facial expressions of your interlocutor
is interpreted very differently depending on whether his gaze are directed to you
or not.

G

0'0'0
o’ ’%O‘*@ 09

Fig. 3. An ECA exploring a visual scene. The ECA scrutinizes a real scene displayed on a
transparent screen. Key frames are displayed. A black circle materializes the point of interest
for each image. Top: a subject waves a blue book in front of the ECA and the module
responsible for smooth pursuit controls the gaze. Bottom: a person passes behind the
interlocutor and a saccade is performed to track this new object of interest.
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Fig. 4. Comparing gaze trajectories (top: horizontal displacement; bottom vertical displace-
ment) generated by our eye gaze control system with those recorded from subjects observing
the same scene (the colored gauge is obtained by computing the variance between 5 subjects).
Major differences (enlightened) are observed in vertical displacement where the control system
is sometimes attracted by saturated colors of clothes of people passing in the background
rather than their faces.
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Fig. 5. Screenshot of the labeling framework for face-to-face interaction data (using the ELAN
editor® www.mpi.nl/tools/elan.html). The female listener fixates either the mouth or the right
eye of the male speaker when he is uttering a SUS utterance (see text).

4 Gaze Patterns in Face-to-Face Interaction

When interacting, people mostly gaze at the other’s face and gesturing. While speech
is clearly audiovisual (Stork and Hennecke 1996), facial expressions and gaze also
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inform us about the physical, emotional and mental state of the interlocutor. Together
with gesturing, they participate in signaling discourse structure, ruling turn taking and
maintaining mutual interest. Context-aware ECA should be reactive to gaze patterns
of their interlocutors and implement these complex interaction rules (Thérisson 2002).

Most data on eye movement of perceivers during audiovisual speech perception
have been gathered using non interactive audiovisual recordings (Vatikiotis-Bateson,
Eigsti et al. 1998). Several experiments have however shown that live gaze patterns
are significantly different from screening (Gullberg and Holmgqvist 2001): social rules
have in fact a strong impact on communication when interacting face-to-face.

We conducted preliminary experiments for determining the natural gaze interplays
between interlocutors according to their social status, their roles in the conversation
and the dialog task. We illustrate below the complex gaze patterns already observed
in a simple task such as repeating the other’s utterance. The experimental setting
involves two cameras coupled with two eye trackers (see figure 1b) that monitor the
gaze patterns of the interlocutors when interacting through two screens. We checked
that this setting enables an acceptable spatial cognition so that each interlocutor
correctly perceives what part of his face the other is looking at. The task just consisted
in a speech game where Semantically Unpredictable Sentences (see Benoit, Grice et
al. 1996, for description of SUS) uttered by one speaker in noisy environment have to
be repeated with no error by his interlocutor. The speaker has of course to correct the
repeated utterance as long as the repetition is incorrect. Mutual attention is thus
essential to the success of interaction. Preliminary results (see Table 1) confirm for
example that prephonatory (preparing to speak) activity is characterized by a gaze
away from the face of the interlocutor. Eyes and mouth are all scrutinized when first
listening to SUS whereas gaze during verification is focused on the mouth: gaze
patterns are of course highly depending on cognitive demands (Yarbus 1967).

Table 1. Gaze data from speaker X when interacting with speaker Y. A turn consists in trying
to repeat a SUS uttered by the partner with no error. Percentage of time spent on mouth and
eyes regions is given for various actions and roles of the interlocutors.

Regions of the face of Y gazed by X
SUS giver | Actions of X | Mouth Lefteye | Righteye | Other
X Prephonatory 48,1 0 6,9 45,0
Speaking 91,6 0 5,1 3,3
Listening 82,0 0 6,7 11,3
Y Listening 64,0 14,6 17,8 3,6
Speaking 48,4 29,2 19,2 3,2
Prephonatory 18,7 10,2 37,6 33,5

5 Comments

A control model for eyes direction should not only rely on a context-aware
multimodal scene analysis and a basic comprehension of the user’s intentions and
social rules but also rely on a faithful scene synthesis. Gaze patterns should be
rendered so that human partners perceive the intended multimodal deixis and mutual
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attention. In a preceding paper (Raidt, Bailly et al. 2006), we have shown that our
ECA is able to efficiently attract users’ attention towards its focus of interest. We
currently investigate the impact of the eye gaze rendering on performance. Eyelids
deformations as well as head movements participate to the elaboration of gaze
direction: adequate prediction of these deformations according to gaze direction
reinforces perception of spatial cognition.

Fig. 6. A 3D statistical shape model that reproduces geometric deformations of the eyelids of
one subject depending on gaze direction

6 Conclusions

This paper sketches a research framework for giving ECA the gift of situated human
interaction. The landscape on eye gaze research is of course incomplete and gaze is
one part of the facial actions that humans involve in face-to-face conversation.
Gestural scores should be properly orchestrated so that complementary and redundant
information is delivered at the right tempo to the interlocutor. Human behavior is so
complex and subtle that computational models should be grounded on quantitative
data (please refer for example to Bailly, Elisei et al. 2006, for a study of facial
movements involved in conversation). Interaction rules should be completed with
interaction loops that take into account the necessary coupling between signals
extracted by a detailed multimodal scene analysis and the comprehension of the
discourse and speaker’s desires and beliefs that the artificial intelligence is able to
built. Part of the success and realism of the interaction is surely in the intelligent use
the artificial intelligence can make of the symptoms of the comprehension of the
interaction the human partners who are present in the scene offer for free.
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Abstract. We present an audio-visual automatic speech recognition
system, which significantly improves speech recognition performance over
a wide range of acoustic noise levels, as well as under clean audio con-
ditions. The system consists of three components: (i) a visual module,
(ii) an acoustic module, and (iii) a Dynamic Bayesian Network-based
recognition module. The vision module, locates and tracks the speaker
head, and mouth movements and extracts relevant speech features rep-
resented by contour information and 3D deformations of lip movements.
The acoustic module extracts noise-robust features, i.e. the Mel Filter-
bank Cepstrum Coefficients (MFCCs). Finally we propose two models
based on Dynamic Bayesian Networks (DBN) to either consider the single
audio and video streams or to integrate the features from the audio and
visual streams. We also compare the proposed DBN based system with
classical Hidden Markov Model. The novelty of the developed framework
is the persistence of the audiovisual speech signal characteristics from the
extraction step, through the learning step. Experiments on continuous
audiovisual speech show that the segmentation boundaries of phones in
the audio stream and visemes in the video stream are close to manual
segmentation boundaries.

1 Introduction

Automatic speech recognition (ASR) is of great importance in human-machine
interfaces, but despite extensive effort over decades, acoustic-based recognition
systems remain too inaccurate for the vast majority of conceivable applications,
especially those in noisy environments, e.g. crowded envirenment. While incre-
mental advances may be expected along the current ASR paradigm, e.g. using
acoustic multi-stream Dynamic Bayesian Networks (DBN) [1, 2, 3], novel ap-
proaches in particular those utilizing visual information as well are being stud-
ied. Such multi-modal Audio-Visual ASR systems have already been shown to

Y. Zhuang et al. (Eds.): PCM 2006, LNCS 4261, pp. 19-30, 2006.
© Springer-Verlag Berlin Heidelberg 2006
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have superior recognition accuracy, especially in noisy conditions [4,5,6]. The use
of visual features in audio-visual speech recognition is motivated by the speech
formation mechanism and the natural speech ability of humans to reduce audio
ambiguities using visual cues. Moreover, the visual information provides comple-
mentary cues that cannot be corrupted by the acoustic noise of the environment.
However, problems such as the selection of the optimal set of visual features, and
the optimal models for audio-visual integration remain challenging research top-
ics. In this paper, we provide improvements to the existing methods for visual
feature estimation and we propose speech recognition models based on Dynamic
Bayesian Networks (DBN) which are extension of the model proposed in [7].

The proposed framework for audio-visual analysis is as follows. Visemes are
recognized in the bimodal speech by means of their characteristic features in
both the audio and visual streams. The novelty in our framework is the inte-
gration method of both signal properties in a learning scheme. The learning
scheme of visemes distinguishes itself from the existing audio-only word recog-
nizers because it is able to segment the timing of the visual features. We have
currently constructed a single DBN model to recognize phoneme segments from
the audio stream, and a similar single DBN model to recognize viseme segments
from the corresponding image stream. Considering the study of the correlation
and asynchrony of audio and video, these models can be seen as the foundation
for a multi-stream DBN model that recognizes the audio-visual units from the
audio-visual speech.

We intend to apply the framework in automatic lip-sync using animation of
virtual faces [8] to improve the robustness of audio speech in noisy environments.

The paper is organized as follows. Section 2.1 discusses the visual features
extraction, starting from the detection and tracking of the speaker’s head in the
image sequence, followed by the detailed extraction of mouth motion, and section
2.2 lists the audio features. The usage of the extracted features in audiovisual
speech recognition is explained in section 3, along with experimental results.
Concluding remarks and future plans are outlined in section 4.

2 Audio-Visual Features Extraction

2.1 Visual Feature Extraction

Robust location of the speaker’s face and the facial features, specifically the
mouth region, and the extraction of a discriminant set of visual observation vec-
tors are key elements in an audio-video speech recognition system. The cascade
algorithm for visual feature extraction used in our system consists of the follow-
ing steps: face detection and tracking, mouth region detection and lip contour
extraction for 2D and 3D feature estimation. In the following we describe in
details each of these steps.

Head Detection and Tracking. The first step of the analysis is the detection
and tracking of the speaker’s face in the video stream. For this purpose we use a
previously developed head detection and tracking method [9]. The head detection
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consists of a two-step process: (a) face candidates selection, carried out here by
clustering the pixel values in the Y C,.C}, color space and producing labeled skin-
colored regions {R;}Y, and their best fit ellipse E; = (z;,vi,ai,bi,0) being
the center coordinates, the major and minor axes length, and the orientation
respectively, and (b) the face verification that selects the best face candidate. In
the verification step a global face cue measure M;, combining gray-tone cues and
ellipse shape cues @;, j =1,...,4, is estimated for each face candidate region
R;. Combining shape and facial feature cues ensures an adequate detection of
the face. The face candidate that has the maximal measure M; localizes the head
region in the image.

The tracking of the detected head in the subsequent image frames is performed
via a kernel-based method wherein a joint spatial-color probability density char-
acterizes the head region [9].

Figure 1 illustrates the tracking method. Samples are taken from the initial
ellipse region in the first image, called model target, to evaluate the model target
joint spatial-color kernel-based probability density function (p.f.d.). A hypothesis
is made that the true target will be represented as a transformation of this model
target by using a motion and illumination change model. The hypothesized target
is in fact the modeled new look in the current image frame of the initially detected
object. A hypothesized target is therefore represented by the hypothesized p.d.f.
which is the transformed model p.d.f. To verify this hypothesis, samples of the
next image are taken within the transformed model target boundary to create
the candidate target and the joint spatial-color distribution of these samples
is compared to the hypothesized p.d.f. using a distance-measure. A new set of
transformation parameters is selected by minimizing the distance-measure. The
parameter estimation or tracking algorithm lets the target’s region converge to
the true object’s region via changes in the parameter set.

This kernel-based approach proved to be robust to the 3-dimensional motion
of the face(see Figure 2). Moreover, incorporating an illumination model into the
tracking equations enables us to cope with potentially distracting illumination
changes.

- —~—
model target ‘ﬁgandidate tar%—f candidate samples
— v
hypothesized p.d.f.—» distance

l”'tiou

transformation
parameters

model p.d.f.

A\ 4

Fig. 1. Tracking algorithm

2D Lip Contour Extraction. The contour of the lips is obtained through the
Bayesian Tangent Shape Model (BTSM) [10]. Figure 2 shows several successful
results of the lip contour extraction.
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Fig. 2. Face detection/tracking and lip contour extraction

The lip contour is used to estimate a visual feature vector consisting of the
mouth opening measures shown in Figure 3. In total, 42 mouth features have
been identified based on the automatically labeled landmark feature points: 5
vertical distances between the outer contour feature points; 1 horizontal distance
between the outer lip corners; 4 angles; 3 vertical distances between the inner
contour feature points; 1 horizontal distance between the inner lip corners; and
the first order and second order regression coefficient (delta and acceleration in
the image frames at 25 fps) of the previous measures.

(b)

Fig. 3. Vertical and horizontal opening distances and angle features of the mouth: (a)
outer contour features; (b) inner contour features

3D Lip Motion Extraction. All facial expressions are produced by the 3D
deformation of the skin, the face shape (due to articulation), as well as the rigid
head movements. Estimating 3D deformation from 2D image sequences is an ill-
posed problem which we solved in [11] by imposing physical constraints on the
face motion: the rigid motion consists of a rotation and translation relative to the
projection axes, and the natural deformations of the facial features are induced
by distributed muscle forces which are modeled in a mechanical displacement-
based finite element model (FEM). In this model, 3D deformation, also called
scene flow W [12], is obtained by solving the following energy function

W = argmin [ (S lhae — 5W) ) + ¢ M

where u is the estimated optical flow and (W) the parameterized optical flow
constructed as the projection of W, the sum is taken over all the vertices of the
wire-frame face model, and 1 are regularization terms expressing the smoothly
varying muscles forces that lie tangential to the face surface.



DBN Based Models for Audio-Visual Speech Analysis and Recognition 23

Equation 1 is solved using the quasi-Newton trust region method where in each
iteration the displacements are obtained from solving the mechanical FEM with
the updated forces input.

This approach for 3D motion motion extraction has the advantage that the
muscle topology does not need to be fixed as in the mass-spring models [13],
and that the face motions are not restricted to geometrical transformations as
n [14]. The output of the deformation estimation around the mouth is not only
the displacement of the feature points, but also the direction and magnitude
of the forces needed for the articulation. 3D deformation (motion) estimation
results are shown in Figure 4, and Figure 5 illustrates the estimated forces at
automatically labeled landmarks.

Fig. 4. 3D Lip motion extraction: (a) mouth initialization on first frame; (b) mouth
motion estimation at fourth frame

Fig. 5. Total estimated forces (at 3 landmarks) allowing the 3D deformation of the lip
from the first frame to the fourth frame of Figure 4

2.2 Audio Features

The acoustic features are computed with a frame rate of 100frames/s. Each
speech frame is converted to 39 acoustic parameters: 12 MFCCs (Mel Filterbank

Cepstrum Coefficients [15]), 12 AMFCCs, 12 AAMFCCs, energy, A energy, AA
energys;

3 Audiovisual Recognition

3.1 DBN Model for Speech Segmentation

In recent years, single stream DBN and multi-stream DBN are applied to con-
tinuous speech recognition, and improvements have been achieved in the recog-
nition rates of words, as well as in the robustness to background noise [1,7].
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In our framework, we design two single-stream DBN based learning schemes:
the first segments audio speech into phone sequence, and the second segments
visual speech to viseme sequence. In the following the audio-based DBN model
is described, for the video the same model is used. The training data consists of
the audio and video features extracted from labeled (word and phone/viseme)
sentences.

The DBN models in Figure 6 represents the unflattened and hierarchical struc-
tures for a speech recognition system. It consists of an initialization with a Pro-
logue part, a Chunk part that is repeated every time frame (t), and a closure of a
sentence with an Epliogue part. Every horizontal row of nodes in Figure 6 depicts a
separate temporal layer of random variables. The arcs between the nodes are either
deterministic (straight lines) or random (dotted lines) relationships between the
random variables, expressed as conditional probability distributions (CPD). The
specific placement of the arcs is done according to the Bigram language model [7].

In the training model, the random variables Word Counter (WC') and Skip
Silence (S5), denote the position of the current word or silence in the sentence,
respectively. The other random variables in Figure 6 are: (i) the number of
words in a sentence (W); (ii) the occurrence of a transition to another word
(WT), with WT = 1 denoting the start of a new word, and WT = 0 denoting
the continuation of the current word; (iii) the number of phone position in the
word (PP); (iv) the occurrence of a transition to another phone (PT), defined
similarly as WT; and (v) the phone identification (P), e.g. ’f’ is the first phone
and vl is the first viseme in the word 'four’.

In our model, as opposed to the state-of-the-art word level speech recognition
systems [1,3], we have changed the often used Whole Word State nodes into the
phone/viseme nodes (P) with a word-phone(or viseme) dictionary.

We Now define the CPDs, for each level of nodes of Figure 6. First, the acoustic
feature o; is a random function of the phone in the conditional probability func-
tion p(ot|P;), which is calculated by a Gaussian Mixture Model(GMM) as in a
typical Hidden Markov Model (HMM) system. Next, the phone variable P; is
fully deterministic of its parents PP, and W;. This means that given the current
word and phone position, the phone is known with certainty:

SS
= ? ?
We X End-of- W I IS End-of-
Utterance Utterance
¥ W
L PP
PP
PT
PT -
< e e
P P
Features é é 9 é Features é
Prologue Chunk Epiloge Prologue Epiloge
(a)

Fig. 6. DBN models: (a) training, (b) recognition
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p(Pt:z|PPt:k,Wt:w):
{1 if 7 is the k' phone in word w

(2)

0 otherwise

The phone transition variable PT;} is a binary indicator that specifies when the
model should advance to the next phone. p(PT;|P;) takes its cue from the phone
variable P; meaning that each phone may have its own duration distribution.
For each phone, there is a nonzero probability of either staying at a phone or
moving to the next phone. But only when p(PT;|P;) is 1, PT; is assigned as 1
which means a phone transition is occurring.

Another important hidden variable is the phone position (PP), which denotes
the position of the current phone in a word:

PP, ifPT,_1=0
PP,={ 1+ PP, if PT, 1 =1 and WT,_; =0 (3)
0 W =1

Furthermore, the other deterministic transition is the word transition (WT).
Here a word transition (W7T; = 1) occurs only if there is a phone transition
(PT; = 1) from the last phone position (PP, = k) of a word (W;_1 = w):

1if PT; = 1 and lastphone(k, w)
WT, =< 0if PT; = 1 and ~lastphone(k,w) (4)
0if PT; =0

where lastphone(k,w) is a binary indicator that specifies if the phone reaches the
last position & of a word w (known from the word-to-phone dictionary).

1if PP,=kand W;_1 =w
0 otherwise

lastphone(k,w) = { (5)

Finally, the word variable (W) uses the switching parent functionality, where
the existence (or implementation) of an arc can depend on the value of some other
variable(s) in the network, referred to as the switching parent(s). In this case,
the switching parent is the word transition variable. When the word transition is
zero (WT;_1 = 0), it causes the word variable W, to copy its previous value, i.e.,
W, = W;_1 with probability one. When a word transition occurs (WT;_1 = 1),
however, it switches to the word-to-word arc and uses the bigram language model
probability p(W;|[W;_1). So these DBN models switch implementations of a CPD
from a deterministic function to a random bigram language model, i.e. bigram
which means the probability of one word transiting to another word whose value
comes from the statistics of the training script sentences.

1 if i=j and k=0
p(Wy = ilWy_1 = §,WT, = k) = { bigramif k=1 (6)
0 otherwise
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In the training DBN model, the Word Counter (W (') node is incremented
according to the following CPD:
p(WC't = i\WC’t_l = j, WTt_l = k,SS = l) =
1 if i=j and k=0

1if i=j and bound(w,j) =1,k =1

1if i=j+1 and bound(w,j) =0,l =0,k =1 1)
1if i=j42 and bound(w,j) = 0,1l =1,k = 1, realword(w) = 1

1if i=j+1 and bound(w,j) = 0,1 =1,k = 1, realword(w) = 0

0 otherwise

where bound(w, j) is a binary indicator specifying if the position j of the current
word w exceeds the boundary of the training sentence, if so, bound(w,j) = 1.
realword(w) = 1 means the coming word w after silence is a word with real
meaning.

The estimation/training of the above defined CPDs in the DBN is imple-
mented with the generalized EM algorithm with the graphical model toolkit
GMTK [1]. In the recognition process the inference algorithm [1] find the best
path through the nodes of the DBN structure to represent the audio or visual
speech in the best way by a time series of words as well as phones/visemes.

Using the same notation, the proposed multi-stream DBN model is illustrated
in Figure 7. Its advantage is that it not only considers the asynchrony between
the audio and the visual stream by assigning the phone position (PP) and the
viseme position (V P) independently, but also takes into account their tight cor-
relation by incorporating the conditions from both streams into the word transi-
tion (WT), through the arcs from PP and PT to WT, as well as the arcs from
VP and VT to WT.

3 End of
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Fig. 7. Multi-stream DBN model

3.2 Experiments

We recorded our own audiovisual database with the scripts of the Aurura 3.0
audio database containing connected digits. 100 recorded sentences are selected
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to be used as training data, and another 50 sentences as testing data. In the
phone DBN recognition experiments, we first extract a word-to-phone dictionary
from the standard TIMITDIC dictionary [16] for the ten digits, as well as silence
and short pause 'sp’. Actually, only 22 phones are used due to the small size of
the vocabulary. In the viseme DBN recognition experiments, we first map the
word-to-phone dictionary to a word-to-viseme dictionary using a mapping table
we previously proposed in [8].

Recognition Results. For the single audio stream DBN, Table 1, summarizes
the word recognition rates (WRR) using only acoustic features with white noise
at different SNRs. Compared to trained triphone HMMs (implemented using
HTK), one can notice that with the proposed DBN model we obtain equivalent
results in case of 'clean’ signal and better results with strong noise.

Table 1. Word Recognition Rate v.s. SNR

clean 40db 30db 20db 15db 10db 0db
HMM 99.06 99.06 99.06 94.34 81.13 58.49 30.19
DBN 99.06 99.06 98.11 87.74 84.91 69.81 35.85

For the single video stream DBN, the word recognition rates has been of 67.26
percent for all SNR levels. This is normal as the visual data is not affected by
acoustic noise.

Segmentation Results. To illustrate the segmentation results we used a simple
audio-video stream corresponding to the sentence ”two nine”. Table 2 shows the
phones segmentation results from the audio stream, while Table 3 shows the
visemes segmentation from visual stream.

Table 2. Phone Segmentation Results

Phoneme il t uw Sp n ay n sil
HMM(ms) - 0-510 510-820 820-820 820-950 950-1230 1230-1460 1460-1620
DBN(ms) 0-420 430-540 550-820 830-840 850-970 980-1200 1210-1340 1350-1610

Table 3. Viseme Segmentation Results

Viseme vin vd vp vj vim vg vp vc vp vb vm  Vj

DBN(image frame) 0-4 5-5 6-6 7-8 9-9 10-16 17-17 18-29 30-30 31-31 32-36 37-38

The segmentation results together with the temporal changes of audio and
visual features are illustrated in Figure 8, using the following mapping between
visemes and phones: viseme 'vin’ corresponds to the mouth shape of the phone
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'vg’ to phone 'uw’, 'vp’ to phone 'n’; 'vc’ to phone ’ay’, and ’vj’ means silence
(sil in Table 2). Some mouth images (frames) of the visemes are also shown.
From the phone and viseme segmentation results, one can notice that the
viseme boundaries are normally 20 ms to 30 ms earlier than their corresponding
phones. Similar results, from subjective evaluations, have been reported in [17].
From Figure 8, we also see that even when we can’t hear any voice (silence), we
can observe some mouth movements in the images. This explains why there are
some visemes recognized in the silence fragments of the audio stream, as shown
in Table 3.

Enengy

MFCCAH

Mouth Helght

Angle

1 1 1 1 1 1 1
o 8 10 13 20 25 30 39 40
Frame Mumber

SO

09(vm) 11(vg) 17(vp) 22(vec)

Fig. 8. Audio visual features and phone/viseme segmentation results
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4 Discussion

We have described a framework to recognize audiovisual speech. In the learning
scheme with DBN models we use the visual features to segment visemes and
the audio features to segment phones. Word recognition results from audio show
that DBN model is more robust to very noisy background than HMM. The visual
speech recognition is robust against noise, namely word recognition rate keeps
about 67.26 percent in all noise levels.

This improvement of the intelligibility of the speech in noisy environments,
together with the accurately extracted time boundaries of phones and visemes,
can be used to synthesize speech and mouth shapes in a talking virtual face.

The integration framework of the audio and visual modalities is extendible to
other scenarios than visual speech. In particular, we plan to address the emotion
recognition in the audiovisual video.
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Abstract. There are many types of digital watermarking algorithms, but each
type corresponds with a certain detecting method to detect the watermark.
However, the embedding method is usually unknown, so that it is not possible
to know whether the hidden information exists or not. An extensive digital
watermarking detecting method based on the known template is proposed in
this paper. This method extracts some feature parameters form the spatial, DCT
and DWT domains of the image and template, and then use some detecting
strategies on those parameters to detect the watermark. The experiment result
shows that the correct detecting rate is more than 97%. Obviously, the extensive
digital watermarking detection method can be realized, and the method is
valuable in theory and practice.

Keywords: digital watermarking; extensive detection; correlative detection.

1 Introduction

With the fast growing of network and media techniques, there has been growing
interest in developing effective techniques to discourage the unauthorized duplication
of digital data like audio, image and video. In traditional method, cryptology is often
used to protect them, but when the cryptograph has been decoded, copying and
republishing of the digital data would be out of control. The appearance of digital
watermarking can change this status, digital watermarking is a new technique which
protects the copyright in the circumstance of the open network, it also can attest the
source and integrality of digital data' * . Authors of digital media embed some
information into their works by using an unappreciable method, and those information
can not be found unless via a corresponsive detector.

Developing of digital watermarking techniques is in a high speed, there have been
many types of digital watermarking methods. But each type is independent from each
other, so the detection of each one should correspond with the method of embedding.

Generally, Methods of Images digital watermarking can be divided into two types,
methods in spatial domain and methods in transform domain. And methods of
transform domain can be divided into DCT domain methods and DWT domain
(wavelet domain) methods. Cox. I. J, professor of Imperial College London, has
proposed a frame of two steps watermarking detection® ", as Fig 1. The array of the

Y. Zhuang et al. (Eds.): PCM 2006, LNCS 4261, pp. 3140, 2006.
© Springer-Verlag Berlin Heidelberg 2006
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watermarking image (the image which will be detected) in symbol spatial is extracted
by the watermark extractor. And then, the watermarking information (hidden
information) can be detected from the array by a simple detector. This simple detector
could be a linear correlate detector, unitary correlate detector or correlate coefficient
detector.

Watermarking Array in ‘Watermarking

Image Symbol Space Information

—»| Watermarking Extractor Simple Detector >

A 4

Fig. 1. Frame of the two steps watermarking detection

However, the method of embedding is usually unknown in the process of
watermarking detection. There are more than one hundred methods of digital
watermarking embedding, and because of the time consuming and the uncertainty
detecting result, it is nearly impossible to use every corresponsive method to detect
the watermarking information. In that way, does any extensive watermarking
detection methods exist? By the analyzing of the digital watermarking embedding and
detecting algorithms, an extensive images watermarking detection method is proposed
in this paper, this method extract the feature parameters form the spatial, DCT and
DWT domain (array in symbol space) of the image. These parameters would be taken
for the inputs of a watermarking detector, and the result of the watermarking detector
is the detecting value to judge the hidden information exists or not. The experimental
result shows that the method of extensive digital watermarking detection can be
realized, and it is very effective.

2 Method of Extensive Image Digital Watermarking Detection

2.1 Theoretic Analyze

Usually, two techniques are proposed for watermarking embedding' **°
v, =v, +ow, 1)
v =v,(1+ o)) @)

In above equations, V; is the feature parameter of the original image, and v; is the
feature parameter of the watermarking image in spatial, DCT and DWT domains (the
image which has been embedded some watermarking information); w, is the feature

parameter of the template; ¢ is the embedding intensity. Equation (1) is the additive
embedding method, and equation (2) is the multiplicative embedding method. Each of
them could increase the correlation between the image and the template. Thus, the
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calculation of the correlation between the image and the template can be used for
watermarking detection. The formula of unitary correlation is as follows °:

zm.(V,W,)=§\7[i]Wr[i], AU R Al 5

N W,

In the equation (3), z,,. is the unitary correlate value between v and w, . The

unitary correlate value between two arrays means the cosine of their angle. That is:

“//.X/{ >7,, ©0<7, T,= cos™'(z,,) %)

From the equation (4), the unitary correlate value 7z . between feature parameters

nc

of the image and the template can be gotten, and then compared with the threshold

7, (7, is an experimental value), if 7, <7

e » the watermarking information
should not exist, or else it exists.

From above analyzing, a group of results could be obtained by comparing the
unitary correlate values, and then integrating the comparing results to get the final

detecting result.

2.2 The Framework of the Extensive Detection Method

As the Fig 2, is procedure of extensive images digital watermarking detection, the
method has three steps: classifying images and templates; extracting and combining
feature parameters of them; using some detecting strategies on those parameters to
detect the watermark, and integrating the results.

Type of the Parameters of the
Template
template Extract the Feature template
—»| Classifying >
Parameters
Type of the Parameters of the A 4 Parameters
Image
image Extract the Feature image Parameters group
—»| Classifying > >
Parameters Combining \
Whether the hidden
Unitary correlate All results Results information exists
>
>
detecting integrating

T

Detecting strategies

Fig. 2. Procedure of extensive images digital watermarking detection based on the known
template
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Images should be divided into two types: gray images and color images, and each
type should be divided into three sub-types: non-compressed, compressed by JPEG and
compressed by JPEG 2000. Templates should be divided into two types: smaller than
image in size and in the same size of the image. After then, different feature parameters
of images and templates can by extracted. The feature parameters of the images are
listed in Table 1, the sign of “Y” means that the feature parameter in the head of the

column could be extracted from the images of the type in the head of the row.

Table 1. Feature parameters and watermarking images

Types of the images
Gray images Color images
Feature parameters of P
ressed Pressed
templates Non- Pressed by Non- Pressed by
by by
pressed JPEG pressed JPEG
JPEG 2000 JPEG 2000
Coefficient in  gray v
spatial
Coefficient in RGB v
spatial
DCT coefficient in gray v v
spatial
8x8 DCT coefficient in v %
gray spatial
DCT  coefficient in
YCbCr spatial Y Y
8x8 DCT coefficient in v v
YCbCr spatial
DWT coefficient in M v v v v v
levels
8x8 DWT coefficient in v v v v v
M levels

Templates’ feature parameters are listed in Table 2:

Table 2. Feature parameters and templates

Types of templates

Feature of templates - - -
Smaller than images At the same size of images

Coefficient in gray spatial Y Y
8x8 blocks in gray spatial Y
mxn blocks in gray spatial Y

When the feature parameters of images and templates are extracted, they should be
combined together, the parameters of image should be combined with parameters of
template. Table 3 shows feature parameters of the image and its corresponsive

parameters of the template.
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Table 3. Feature parameters of watermarking images and templates

Feature parameters of images

Feature parameters of templates

Coefficient in ~ 8x8 blocks in  mxn blocks in

gray spatial gray spatial gray spatial
Coefficient in gray spatial Y
Coefficient in RGB spatial Y
DCT coefficient in gray spatial Y
8x8 DCT coefficient in gray spatial Y Y
DCT coefficient in YCbCr spatial Y
8x8 DCT coefficient in YCbCr spatial Y Y
DWT coefficient in M levels Y
8x8 DWT coefficient in M levels Y

Some detecting strategies should be use to calculate the unitary correlate values of

the groups in table 3. Detection values Z;, Z,,...Z,, from these strategies should be

compared with their corresponsive thresholds 7, 7,,...7,, , and then the final detecting

result is obtained by fusing the comparing results.

2.3 Detecting Strategies

There are 10 groups of parameters in the Table 3, they correspond with 6 different
detecting strategies, and these strategies are showed in Table 4.

Table 4. Detecting strategies

Detecting strategies

parameters (image parameters + template parameters)

Strategy 1 Coefficient in gray spatial + Coefficient in gray spatial ;

Strategy 2 Coefficient in RGB spatial + Coefficient in gray spatial ;

Strategy 3 DCT coefficient in gray spatial + Coefficient in gray spatial ;
DCT coefficient in YCbCr spatial + Coefficient in gray spatial ;

Strategy 4 8x8 DCT coefficient in gray spatial + 8x8 blocks in gray spatial;
8x8 DCT coefficient in YCbCr spatial + 8x8 blocks in gray
spatial;
8x8 DCT coefficient in gray spatial + mxn blocks in gray spatial;
8x8 DCT coefficient in YCbCr spatial + mxn blocks in gray
spatial;

Strategy 5 DWT coefficient in M levels + Coefficient in gray spatial ;

Strategy 6 8x8 DWT coefficient in M levels + mxn blocks in gray spatial.

Suppose that V' denotes the feature parameter of the image; W  denotes the

feature parameter of the template.
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Strategy 1: In strategy 1, unitary correlate values between V' and W should be
calculated by scanning. The front data of V' is used to calculate with W, and then,
V' is shifted, calculated with W_, ... From the whole process, a group of detecting

values Z;,,Z;5,-.-» Z;y should be produced; the mean of them is the final detecting

value of this strategy. The formula is as follows:

1 N
2 zﬁlzzli S

The whole process is simulated in Matlab platform as follows:

len v = length (v);
len w = length (w);

% detected on scanning.
for offset = 0 : 1 : ( len_.v - len_w )

vw = v ((offset + 1) : (offset + len_w ) );

% calculates the unitary correlate value

%$between vw and w.

z( offset + 1 ) = UniCorrelate( vw, w );
end
% calculate the mean of all detecting values
zl = mean( z );

Strategy 2: In this strategy, V has two-dimension matrix with three sub-vectors
(RGB). Unitary correlate values between V and W, should be calculated by
scanning in these three sub-arrays, and there would produce three groups of detecting

(R) _(R) (R) G) (6) (6) (B) _(B) (B)
values: Z5, "5 2y »--» 2oy s Zn1 3%y seeesZoy s Zop s %y seeesZoy » the mean of

them is the final detecting value of strategy 2, that is:

Z, = max{z(R), Z(G), Z(B)}

1 & 1 & | & (6)
R) () ©) _ (©) B ®)

™= 25 77 = 2y 2P ==>"z

N Zl: 2 N Z 2i N - 2i

i
)

Strategy 3: V is transformed into V'’ with Zigzag. V'’ is an array in frequency
domain. Elements of V are frequency parameters of the image. They are from low
frequency to high frequency. The Unitary correlate value between V' and W_ is the
detecting value of strategy 3. The formula is as follows:

1 N
2 =NIZZ3I- 7)

Strategy 4: V(i ) is transformed into V’(i ) with Zigzag (i means the number of
the block, and i from 1 to N). Elements of V’(i) are frequency parameters of the
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image block I . They are from low frequency to high frequency. Calculate the unitary
correlate value between V’(i) and W(l) and get a group of detecting value

24 (i ), 2y (i ),..., Zum (i ) , the mean of them is the detecting value of strategy 4. The

formula is as follows:

1 N m .
=N 22 2,0 @®)
0 j=0

=l

N denotes the amount of the blocks.

Strategy 5: In this strategy, V has four sub-vectors, V',V y () y
The unitary correlate values between W, and each sub-vector of V' should be

calculated by scanning. There are four groups of detecting values:

(ca) (ca) (ca) (ch) _(ch) (ch) (ev) (cv) (cv)
Ts1 sZsp s Zsy s Zs1 5 %5y s lsy o Zsp 5 L5y e Zsy o
28D 24D ., 728 The formula is as follows:

- h - d
zg = max{z“, ", 7, D)

1 & 1 &
(ca) __ (ca) (ch) __ (ch)
== 5i == 5i 9
NS , N3 , ©)
] N
((V) (cv) (cd) __ (cd)
Zs; Z =— 35
Z N = !

Strategy 6: Calculate the unitary correlate values between W(l) and each sub-
vector of V(i ) by scanning (I means the number of the block, i from 1 to N). There
would be 4xN groups of detecting values: z““ (1), Z(m (1), 7 (l), 7 (l) ,
Z(ca) (2),Z(ch) (2)7Z(CV) (2)7Z(Cd) (2) , o Z(Ca) (N)’Z(ch)(N)’Z(cv) (N),Z(Cd) (N) , N
denotes the account of the blocks. The formula of final detecting value is as follows:

1 N
72 z(i
Nz (10)

Z( ) max{z(w) ZL(ch)’Zi(cv)’zi(cd)}

3 Experiments and Results

In the experiments, 720 images which are 256x256 pixel in size are used, all the
images were produced from 120 standard images by 6 different methods of digital
watermarking embedding 2°7®°'°. Methods of embedding are listed in Table 5. All
standard images and templates are from Standard Image Database of Signal & Image
Processing Institute, Electrical Engineering Department, School of Engineering, and
University of Southern California (USC).
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Table 5. Watermarking images in the experiment
No. Count Method of Embedding
| 120 Direct embed the information, which is modulated by
template into gray-scale of gray-images.
’ 120 Direct embed the information, which is modulated by
template into color-scale of color-images.
Direct embed the information, which is modulated by
3 120 . . .
template into DCT domain of images
Embed the information, which is modulated by template
4 120 . . .
into 8x8 DCT domain of images.
Direct embed the information, which is modulated by
5 120 . . .
template into DWT domain of images.
6 120 Embed the information, which is modulated by template

into 8x8 DWT domain of images.

All produced images and their original images were used by the method of
extensive images digital watermarking detection, in total, there were 120 results of
original images and 720 results of watermarking images. The Probability distribution
of the detecting values is showed in Fig 3. X-axis denotes the detecting values, Y-axis
denotes the probability of detecting values, real line denotes the probability
distribution of watermarking images’ detecting values, broken line denotes the
probability distribution of original images’ detecting values.

(@) (b) (©
08 08
06 04 o6l |
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0Aa 1 045 1 0 01 02
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Fig. 3. Probability distribution of detecting values (a) Strategy 1, (b) Strategy 2, (c) Strategy 3,
(d) Strategy 4, (e) Strategy 5, (f) Strategy 6

Fig 3 shows that means of original images detecting values are smaller than that of
watermarking images. Thus, watermarking images can be distinguished from original
images by choosing appropriate thresholds. In this experiment, thresholds of 6
strategies are listed in Table 6:



An Extensive Method to Detect the Image Digital Watermarking 39

Table 6. Thresholds of detecting values

Detecting strategies Thresholds Detecting rate (%) Error rate (%)
Strategy 1 0.917 100.00 0
Strategy 2 0.902 98.33 2.50
Strategy 3 0.014 100.00 2.56
Strategy 4 0.013 100.00 0.85
Strategy 5 0.910 100.00 0
Strategy 6 0.902 84.62 4.27

Mean 97.16 1.70

Table 6 shows that the correct rate of the detecting method proposed in this paper
is 97.16%, and the error detecting rate is 1.70%. Obviously, the extensive
watermarking detection method has achieved very good capability.

If lower thresholds were used, the correct detecting rate could reach a higher level,
but the error detecting rate would be higher too. Oppositely, if higher thresholds were
used, the error detecting rate could be lower, but the correct detecting rate would be
lower too.

4 Conclusions

A new method of digital watermarking detection for images is proposed by this paper,
this method is extensive in some extent. It’s based on the known templates, the
images and templates’ feature parameters in spatial, DCT and DWT domains should
be extracted, and than combined these parameters to obtain the detecting values by
using the unitary correlative detection method; these detecting values show the
correlation between images and their templates in different domains and different
positions, so images can be divided into watermarking images or non-watermarking
images by the comparing between these detecting values and thresholds.

The method in this paper suits the detection for some methods of digital
watermarking based on templates which need templates to modulate the hidden
information for embedding. For these embedding methods, the method of detection in
this paper can detect whether hidden information exists in an image, without knowing
the method of embedding. And the correct detecting rate can achieve a high level
(about 97.16%) and the error rate is in a low level (about 1.70%). This paper proves
that extensive detection of digital watermarking can be realized in some extent (for
example, based on known templates). This extensive detecting method is very
important and useful in application of information hidden and information security.
The method of extensive digital watermarking detection based on unknown templates
will be the next study.
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Abstract. In this paper, we proposed a fast mode decision algorithm in
transform-domain for H.263+ to H.264 intra transcoder. In the transcoder, the
residual signals carried by H.263+ bitstreams are threshold controlled to decide
whether we should reuse the prediction direction provided by H.263+ or re-
estimate the prediction direction. Then the DCT coefficients in H.263+
bitstreams are converted to H.264 transform coefficients entirely in the
transform-domain. Finally, by using the new prediction mode and direction, the
H.264 transform residual coefficients are coded to generate the H.264 bitstream.
The simulation results show the performance of the proposed algorithm is close
to that of a cascaded pixel-domain transcoder (CPDT) while transcoding
computation complexity is significantly lower.

Keywords: transform-domain, pixel-domain, CPDT, transcoding.

1 Introduction

H.263+, or H.263 version 2, is backward compatible with H.263. The objective of
H.263+ is to broaden the range of applications and to improve compression
efficiency. H.263+ offers many improvements over H.263[1]. Nowdays, H.263+ has
been widely used in a number of applications from videoconferencing to distance
learning. And in some areas such as UTMS mobiles, H.263+ is compulsory.

H.264/AVC [2] is the latest international video coding standard jointly developed
by the ITU-T Video Coding Experts Group and the ISO/IEC Moving Picture Experts
Group. Compared to other video coding standard, it achieves higher coding efficiency
by employing techniques such as variable block-size motion estimation and mode
decision, intra prediction, and multiple reference frames. Due to its superior
compression efficiency, it is expected to replace other video-coding standards in a
wide range of applications. However, considering the fact that H.26x and MPEG-x
have been successfully used in many applications, the complete migrations to H.264
will take several years. So, there is a need to convert video in H.26x format or MPEG-
x format to video of H.264 format. This would enable more efficient network
transmission and storage.

In this paper, we will discuss some problems about H.263+ to H.264 transcoding
which belongs to inhomogeneous transcoding. Many approaches [3]~[5] exist to
improve transcoding of inter macroblock, usually, they reuse the motion vectors and

Y. Zhuang et al. (Eds.): PCM 2006, LNCS 4261, pp. 41-47, 2006.
© Springer-Verlag Berlin Heidelberg 2006
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apply vector refining and re-quantization on inter macroblocks in order to reduce the
bitrate. Compared to inter macroblock transcoding, intra macroblocks are less
considered. In [6],a novel intra-frame prediction algorithm has been introduced to
reduce the computation complexity in MPEG-2/H.264 transcoders, since MPEG-2 is
quite different from H.263+ in many aspects, so it is not suitable for H.263+ to H.264
transcoding. In[7],a fast transcoding algorithm of intra-frames between H.263 and
H.264 is proposed, but the transcoding architecture is based on pixel-domain.
Although it reduce the computation complexity about 30% compared to fully search,
it has to perform inversing transform and transforming which will cost a lot of time.
As we all known, transform domain techniques may be simpler since they eliminate
the need of inverse transform and transform. In [8],Yeping Su presents an efficient
way to transcode intra-frame from MPEG-2 to H.264 in transform-domain ,but in his
proposed transcoding architecture, they use DCT coefficient and reference
marcoblocks in pixel-domain to decide the prediction mode and residual signal, this is
apparently unreasonable. Here we proposed a fast mode decision algorithm in
transform-domain for intra-frame in the H.263+ to H.264 transcoder. The simulation
results show the performance of our proposed algorithm is close to that of a cascaded
pixel-domain transcoder(CPDT) while transcoding complexity is significantly lower.
The rest of the paper is organized as follows: section 2 discusses the issues to be
addressed for intra transcoding operations. In section 3,we introduce a fast intra-frame
prediction algorithm suitable for the transcoding of H.263+ to H.264.In section 4,we
carry out a performance evaluation of the proposed algorithm in terms of its
computation complexity. bit rate and PSNR results. Finally, section 5 concludes the

paper.

2 Issues and Approaches

In the context of H.263+ to H.264 intra transcoding, there are two main issues to be
addressed, the first one is converting H.263+ DCT coefficient to H.264 transform
coefficient, which will be referred to as HT; the second one is the reuse and re-
estimation problem of H.263+ intra prediction mode.

H.264 standard uses an integer transform based on 4X4 block, and H.263+
standards use a Discrete Cosine Transform (DCT) based on 8 X8 block. In order to
realize transcoding in transform-domain, we have to convert the input 8x8 DCT
coefficients to 4x4 H.264 transform coefficients at first, hereinafter referred as DTH-
transform.

The conventional method is convert DCT coefficient into pixel-domain by
inverting DCT transform, then convert the pixel-domain coefficient to DCT
coefficient by 4x4 DCT integer transform. See figure 1.

e e e

8X8 block

4 4X4 block

Fig. 1. Conventional method
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In order to speed-up this process, we can use the transform domain DCT-to-HT
conversion method introduced in [9]:

F,’=A xF; xA”. (D)

F, denotes four 4x4 block of H.264 transform coefficient, F; denotes an 8x8 block
of DCT coefficients, A is the kernel matrix and it is defined as follows:

1.4142 1.2815 0 -0.45 0 0.3007 0 -0.2549

0 0.9236  2.2304 1.7799 0 -0.8638 -0.1585 0.4824
0 -0.1056 0 0.7259 1.4142 1.0864 0 -0.5308
0 0.1169  0.1585 -0.0922 0 1.0379 22304 1.975
A= 1.4142 -1.2815 0 0.45 0 -0.3007 0 0.2549
0 0.9236 -2.2304 1.7799 0 -0.8638 0.1585  0.4824
0 0.1056 0 -0.7259 1.4142 -1.0864 0 0.5308
0 0.1169 -0.1585 -0.0922 0 1.0379 -2.2304 1.975

This process transforms the 8x8 DCT coefficients F; into four 4x4 H.264 transform
coefficients F; by using the kernel matrix A. Since matrix A contains many zero-
valued elements, this process is significantly less complexity and can save about 30%
of operations compared with the procedure depicted in Figure 3.

In H.263+, there is one intra-prediction mode and it is defined within frequency
domain. This intra-prediction mode consists of three different prediction options: DC
only, vertical DC and AC, horizontal DC and AC. This direction is used for all 4
luminance and both chrominance blocks equivalently.

In contrast to H.263, where the predicted signal consists of DCT coefficients, the
prediction process in H.264 is defined within the pixel domain. H.264 has three
different prediction mode: Intra4 ,Intral6 and Intra8. The first two modes are for
luminance blocks, and the third mode is for chrominance blocks. For Intra4 mode,
there exist 9 prediction directions while for Intral6 and Intra8, there are only 4
prediction directions.

Although there are remarkable differences for the intra-prediction process between
H.263+ and H.264, the reusing information is possible. Since there are some
similarities between the basic patterns of the directions which are defined for both
standards, and these patterns are vertical, horizontal stripes and DC prediction, thus
the coded direction can be used as estimation for re-encoding the bit stream.

3 Transform Intra-frame in Transform-Domain

The architecture of our proposed transform-domain intra transcoder is depicted in
Fig. 2.The incoming H.263+ bit stream is variable length decoded and inverse
quantized at first. Then the prediction mode, direction and the residual sum of the
intra macroblock is given to “PRED” stage for threshold controlling, then the 8x8
DCT coefficients are transformed to 4x4 DCT coefficient by DTH-transform. More
exactly, the prediction direction is reused if the residual sum of current intra
macroblock is smaller than threshold T (dash line shows), otherwise, if the residual
sum of current intra macroblock is bigger than threshold T, the prediction direction
should be re-estimated in transform-domain. (solid line shows).After the prediction
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mode and direction have been decided, we can get the prediction value and the
residual signal in transform-domain, after re-quantization, on one hand, the prediction
mode and residual signal are entropy encoded and send out, on the other hand, they
are inverse quantized and stored in the “Reference Macroblock” as reference value.
Our approach simplifies the intra-frame prediction by reusing the intra-prediction
mode and DCT coefficients available from H.263+. The exact algorithm works as
follows:

Input H.263+
Bitstream
DTH-transform -t PRED | VLD/IQ l¢———

Output H.264
H264 | Bitstream

Rl
“A Encoding

Inverse Q

|
I
|
| LY
4]_»
. &
|
|
| v
Intra- “~® Mode
Prediction [ ~~7 Reuse
- —————————__ Reference
< Macroblock
Mode Re-
< estimation nll
A

Fig. 2. Intra transcoding architecture in transform-domain

Stepl. Calculate the error residual sum R; for each 8 x 8 block i;

Step2. For all 4 luminance block in a macroblock, if all R; < T, (i € {1...4})
and the direction of four blocks are all the same, use Intral6 mode,and the new
direction is the same as those of H.263+; if all R, < T; (i € {1 .. .4 }),but the
direction of four blocks are different, select Intra4 mode but reuse the direction of
every block directly.

Step3. For all 4 luminance block in a macroblock, if R; >T; (i € { 1.. .4 }), select
Intra4 mode and re-estimate the direction for the ith block. The re-estimating process
is as follows: performing DTH- transform and convert the 8x8 DCT coefficient into
4x4 coefficient at first, then re-estimate directions in transform-domain, after Rate
Distortion Optimized (RDO) in transform-domain [6], we can get the most suitable
prediction direction. Using the new mode and the corresponding direction, the error
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residual is calculated and transformed, after entropy coding, it is written into the
H.264 output bit stream.

Step4. For chrominance blocks, if Rs > T or Rg > 7, re-estimate chrominance
prediction direction, otherwise, reuse directions of H.263+.

StepS. For all chrominance and luminance blocks, if the direction is not available
in H.264 because of missing reference pixels, re-estimation is used. The re-estimation
process is the same as step3.

Large experiments show the main impact on performance loss is due to wrong
mode selection, which strongly depends on the threshold T. To improve the
algorithm’s performance, we introduce the relationship between QP and T, namely,
T=K-QP**+C.

4 Simulation Results

In order to evaluate our proposed algorithm, we have implemented the proposed
transcoder based on H.264 reference software JM9.0 [10]. Throughout our
experiments, we have used various video sequences with the same frame rate (30
frames/s) and format (CIF). Every frame of each sequence is encoded as Intra-frame
in order to obtain results for intra-frame prediction only.

Two transcoders are evaluated: Cascaded Pixel Domain Transcoder (CPDT) and
Transform-domain Transcoder with Fast intra mode decision (TTF). The
computational complexity is measured using the runtime of the entire transcoder. The
Rate-Distortion performance is also measured between the output H.264 video and
the corresponding raw video.

Table 1 shows the complexity reductions of TTF over CPDT.The computation
saving of TTF over CPDT is around 50%. The reason behind this fact is that in both
intral6 and intra4 mode, the use of the prediction direction 0,1 and 2 are more than
50% of the times. Furthermore, we can see the computation reduction Silent sequence
got is 44.6%, among all sequences, it is the lowest one. For compared to other
sequences, there are more motions in Silent sequence, thus it need to re-estimate more
macroblocks’ prediction directions and the re-estimation process will cost a lot of
time. On the contrary, Costguard and Stefan get higher computation reduction, they
are 55.6% and 53.2% respectively, compared to other three sequences, they have
reused more macroblocks’ prediction directions and re-estimated less macroblocks’
prediction directions. At the same time, we can see when use our proposed algorithm,
the lower the QP values, the higher the computation complexity, since selecting small
QP, the T also will be small and more macroblocks should be re-estimated.

Fig3 and Fig4 show the PSNR and bitrate for both transcoders. From them we can
see, compared to CPDT, the PSNRs are only slightly decreased while the bitrate is
slightly increased by using our proposed algorithm. When QP is 30,the PSNR
decreased 0.45dB,when QP is 45,the PSNR decreased 0.8dB. Depending on the
output bitrate, we measured an increment between 5% at high data rates and 9% at
low data rates.
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From the experimental results, we can see when QP increased, the computation
complexity is decreased while the PSNR is increased. Since for high QP the threshold
T is higher, more macroblock will be re-estimated, thus the computation process will
be more complexity and the prediction direction will be more accurate.

5 Conclusion

We proposed a transform-domain H.263+ to H.264 intra video transcoder. The
transform-domain architecture is equivalent to the conventional pixel-domain
implementation in terms of functionality, but it has significantly lower complexity.
We achieved the complexity reduction by taking advantage of direct DCT-to-DCT
coefficient conversion and transform-domain mode decision. We also presented a fast
intra mode decision algorithm utilizing transform-domain features that can further
reduce its computational complexity. Simulation results show that we can achieve
significant computational reduction without sacrificing video quality.

Table 1. Comparison of computation complexity for CPDT transcoder and TTF transcoder

News Costguard  Foreman  Stefan Silent
CPDT(ms) QP=30 75139 48891 70351 64019 69434
QP=45 68411 42632 62485 59675 63325
TTF(ms) QP=30 39212 21085 34096 34281 40211
QP=45 35209 18972 29225 29983 35108
Computation QP=30 479%  56.9% 51.5% 46.5% 42.1%
Reduction QP=45 485%  55.6% 53.2% 49.8% 44.6%
40 r Foreman
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Fig. 3. RD-Results for transcoding intra macroblocks from H.263+ to H.264(QP=30)
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Fig. 4. RD-Results for transcoding intra macroblocks from H.263+ to H.264(QP=45)
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Abstract. We design some simple binary codes that are very well suited to
reconstruct erased packets over a transmission medium that is characterized by
correlation between subsequent erasures. We demonstrate the effectiveness of
these codes for the transmission of video packets for HDTV over a DSL
connection.

Keywords: Triple play, IPTV, video over DSL, Forward Error Correction.

1 Introduction

When information is packetized and sent over a transmission medium, it is common
practice to provide protection on the physical layer against transmission errors (e.g.,
by using a Forward Error Correcting (FEC) code [1]). But even with this protection,
the occasional erasure of packets cannot be avoided. Indeed, the data link layer
will typically detect whether or not a packet is hit by residual transmission errors
by verifying the Cyclic Redundancy Check (CRC) sum of the packet; when
the checksum is wrong at some point during the transmission, the packet is elimi-
nated before even reaching the receiver. Hence, in order to recover these eliminated
packets, it is desirable to have additional protection of the packets on the transport
layer.

A straightforward way to protect the transmitted packets is to use an erasure code
[1-3]. This involves collecting K consecutive information packets, computing N-K
parity packets, and transmitting the total set of N packets. When a limited number of
these N packets get lost, the K information packets can still be reconstructed from the
remaining packets. Although codes come in many kinds and have been investigated
very extensively in recent decades (e.g. [4]), only a small subset of them are viable
candidates for many applications. Indeed, the use of erasure codes comes at a price in
terms of transmission overhead and latency, which both ought to be kept as low as
possible (e.g. for video transmission). As a consequence, one should try to limit at the
same time K (which determines the latency) and the ratio (N-K)/K (which determines
the overhead).

Y. Zhuang et al. (Eds.): PCM 2006, LNCS 4261, pp. 4855, 2006.
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As far as erasure coding is concerned, it should be kept in mind that the FEC
coding on the physical layer and the nature of the transmission channel can have as an
effect that the destruction of several subsequent packets is more likely than the
random destruction of packets. As a consequence, there is some special interest in
codes that are attuned to the specific problem of erasure bursts. This urges us to focus
our attention in this paper on codes that are especially capable to deal with bursts of
erasures. Other aspects to keep in mind are the processing delay and the hardware
complexity associated with erasure decoding, which should remain as low as possible.
In this respect, binary codes [1] deserve our special attention, because their decoding
complexity is smaller than that for Reed-Solomon (RS) codes [5].

In this article, we systematically design erasure codes that meet the stringent
requirements set out above. So, we restrict our attention to systematic binary codes
because of the inherent low decoding complexity. We also limit ourselves to codes
with low overhead and a low number of information packets K (i.e. low latency) that
are able to restore bursts of (subsequent) erasures rather than random erasures over
the codeword. In section 2, we briefly describe the concept of erasure coding on the
transport layer, and develop some codes for erasure bursts consisting of two or three
consecutive erasures. In section 3, we illustrate the efficacy of these codes in the
special application of video transmission for High Definition TeleVision (HDTV) [6]
over a DSL connection [7]. Finally, section 4 summarizes our findings.

2 Erasure Codes for Packet Protection

In order to apply erasure coding to a stream of information packets, we collect a set of
K successive information packets (say B, By, ..., Bx) of size I (bits), and we use
these packets to construct (N-K) parity (FEC) packets (say Py, Py, ..., Pyx) of the
same size that are transmitted along with these information packets (see figure 1). The
set of the kth bits of these N packets make up a codeword ¢ of a common binary
(N,K) code with generator matrix G and parity matrix Q:[1]:

¢ =B ,,B By s Pss Py_k Zb(k)'[IK Q] M
I
h(k'

Lk>™ 2,k

where B,y and P, are the kth bit (k =0, ..., I'-1) of packet By and P, respectively, and
I is the identity matrix of order K. For our convenience, we will refer to C = (B, B,,
..., Bx, Py, ..., Pny) as a ‘Packet CodeWord (PCW)’.

Assume that some of the packets of a transmitted PCW C are erased during
transmission. In that case, all constituent codewords ¢® k=0, ..., I'-1) will exhibit
erasures at the very positions corresponding to those erased packets. In order to
restore the erased packets, one can try to solve for the erased bits in each codeword
¢ by means of the set of equations

Q
EWL }: ¢WH" =0 )
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where H = [QT Iy] is the check matrix. In 2), ¢%) is the word that is composed of
the correctly received code bits of ¢ and code bits that are unknown since they have
been erased during transmission. Once the erased codebits have been recovered
through (2) for all codewords c® k=0, ...,T-1), we immediately can reconstruct the
erased packets.

Packet By: ‘BI.I ‘ B!,Z. B!..‘ B!.a‘ Bis| Bis ‘Bm ‘BI,RI ‘BLM‘ BI,F‘
Packet B,: ‘BZ.I ‘ Bz,z. B> ‘ Bz.a‘ Bas | Bas ‘ Bz,7‘ Bz,sl ‘Bz.m‘ Bz,r‘
K
informa-
tion
Packet Bg: ‘ Bi. ‘ B,_g. Bis ‘ Bis ‘ Bis | Bis ‘ B._7‘ Big l ‘B.,rrl‘ B-.r‘ packets
Packet Bg: ‘ BK,I‘ BK,Z.BK.3‘ BK.J‘ BK,S‘ BK,(\‘ BK.7‘ BK,SI ‘BK,M‘ BK,I“
Packet Py: | Py | P I P1,3| P4 | Pis |PL6 | Py | Pig | |P1‘r71| Pl,l‘|
M=N-K
parity
packets
Packet Py;: |PM.1 | PM.ZI PM,3| PM.4|PM.5| PM.6| PM,7| PM.8| IPM.F—ll PM.r|

Codeword ¢V

(binary code)

Fig. 1. Relation between information packets and constituent codewords

Unfortunately, solving (2) for the erased codebits will be possible only when the
columns of H corresponding to these codebits are independent. Although it is possible
to recover a single erasure by means of a single parity check code [1], the
reconstruction of more than one erasure will be less straightforward. In fact, it can be
shown [1] that the maximum number of erased packets e,,, that can be resolved
independent of their position by a binary (N,K) code has to meet the following two
inequalities:

Legus /2]
(NJ <oNK e SN-K 3)
i

i=0

For e =2 and 3, (3) reduces to:

max

e, =23 — N<2V* -1, N-K=>e, %)

In table 1, we illustrate the minimum required overhead and the corresponding
codeword length N overhead fOr @ binary code with e, = 2 or 3 as a function of the
number of parity packets (N-K). From this table, we see that binary codes with the
ability to recover every double or triple erasure cannot have at the same time a low
latency (low N) and a low overhead.
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Table 1. Required overhead and N, overhead fOr binary codes that can recover all double or
triple erasures (note: for triple erasures only N-K > 3 applies)

N-K (N-K)/N Nmin»overhead
2 > 66% 3
3 >43% 7
4 >27% 15
5 >16% 31
6 >10% 63
7 > 6% 127

However, in many applications it is not a must to be able to recover all double or
triple erasures. In fact, a substantial quality improvement can oftentimes be achieved
by the use of codes that allow for the reconstruction of the most frequently observed
double or triple erasures. In this paper, we will focus on a system where subsequent
packet erasures are correlated as represented in the transition diagram of figure 2,
that is determined entirely by the conditional probabilities p; = Pr[packet i+1 is erased
| packet i is not erased] and p, = Pr[packet i+1 is erased | packet i is erased].
Depending on the value of p,, the probability of a burst of two (three) subsequent
erasures may be substantially higher than the probability of all other double or triple
erasures. By consequence, the packet error rate may be dominated by these bursts of
multiple erasures, and a substantial system improvement could be achieved by
application of binary codes that allow for the correction of all these potential bursts of
erasures (but not all other multiple erasures). In the following two sections, we turn
our attention to binary codes with low latency and low overhead that are able to
recover all bursts of respectively two and three erasures. In section 3, we will
illustrate the effectiveness of these special codes for the special case of HDTV
transmission over a DSL line.

Fig. 2. State diagram that describes correlation between successive erasures

2.1 Binary Codes with Two Parity Bits for Correlated Erasures

For a binary code with two parity bits, the check matrix H is given by H = [Q" | L],
where the columns of Q" can take three possible values: [0 l]T, [1 0]T and [1 l]T.
From (2), we can tell immediately that we will not be able to recover any triple
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erasure, since no three columns of H can be linearly independent. On the other hand,
two erasures can be resolved if and only if the corresponding columns of H are
independent, i.e. the columns have to be different. By selecting for H a matrix where
no two subsequent columns are equal, all erasure bursts of length two can be resolved.
Such a matrix H can easily be designed for any N. For instance, a matrix that satisfies
these requirements for N = 3n, is given by

110
H=|Z Z .. Z with 7= ©)
S 10 1

For N = 3n-k (k = 1, 2), one can simply omit the first k columns of H’ to obtain a
valid check matrix. Codes with check matrix (5) will allow for the recovery of all
double subsequent erasures. Although these codes do not have the potential to recover
all other double erasures, they will allow for the recovery of many other double (non-
subsequent) erasures as well, as long as the columns of the corresponding erased bits
are different.

2.2 Binary Codes with Three Parity Bits for Correlated Erasures

The check matrix H for a binary code with three parity bits is given by H = [Q" | I5],
where the columns of Q" can take 7 possible values: [0 O o101 0110%[10
01 (1015 110Tand 11 11" In analogy to what was discussed in the previous
section, this code cannot recover any quadruple erasure, although it can recover all
subsequent double erasures by making sure that no two subsequent columns of H are
equal. When N = 7n, a possible realization of H that meets this requirement is

1 00
H'=\Z' 7' .. Z'| with Z'=|7" 0 1 O ©6)
| S
n times 0 0 l

where the columns of Z°” are [0 1 117, [1 0 1], [1 1 0] and [1 1 1]", placed in a
random order. When N = 7n-k (k = 1, ..., 6), one can omit the first k columns of H”’
to obtain a valid matrix H.

As opposed to the case with only two parity bits, the code with three parity bits can
be designed to resolve triple erasures. All we have to do is make sure that for
the triple erasures we want to recover, the corresponding three columns of H’’ are
linearly independent, i.e. no two columns of the three are equal and the modulo-2
sum of the three columns is different from zero. Focusing now on codes with
check matrices of type H’’, in order to be able to recover all busts of three subse-
quent erasures, we have to search for a matrix Z’ that meets the following
requirements:

1. All three subsequent columns of Z’ are linearly independent
2. The first two columns and the last column of Z’ are linearly independent
3. The first column and the last two columns of Z’ are linearly independent
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In figure 3, we search by means of a tree diagram for a matrix (Z’)" that meets these
requirements. The search is started from the rows 5-7 of (Z*)", which make up L;. In
order to find the possibilities for row 4, we write out all possible rows that are
different from the rows 5-7 and independent of the rows 5 and 6. The possibilities for
row 3 are the rows that are different from the rows 4-7 (for the relevant branches) and
independent of the rows 4 and 5. The same procedure is repeated up to row 1. Four
branches seem to come to a dead end, while four other matrices are not valid (crossed
on figure 3), since the resulting Z’ does not meet the above mentioned condition 2 or
3. So, the tree search has led to the following two possibilities for Z’:

1 011100 1110100
Z'={1 110010 Z,=10 1 11010 @)
0111001 1101001

rows 5-7:

Fig. 3. Tree search for binary codes that can resolve all erasure bursts of length three

3 Casein Point: HDTYV over DSL Line

To illustrate the effectiveness of the codes presented in the previous section in a
practical system, we will examine the performance of these codes in the case of
packet transmission for HDTV over a DSL connection operating at 20 Mb/s. For this
application, the latency (caused by the FEC code) should not exceed about 100 ms in
order to keep the zapping delay low, while the overhead has to be restricted to about
5% in order not to hamper the transmission on the connection [8]. In addition, even
when the video data is interleaved to counter the impulsive noise, there will remain
some residual correlation between successive erasures (as modeled in figure 2) due to
the coding on the physical layer.

When we protect the video packet by means of an erasure code, the presence of
one or more irrecoverable erased video packets in the PCW typically results in a
visible distortion of the video image. With Pgc the probability that at least one video
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packet of a PCW can not be recovered after erasure decoding, the mean time between
visible distortions Tyrpyp i given by

KT
T =" 2
HIevw R,iq-Pgc @
where T is the size of the video packet (consisting of 7 MPEG-TS packets [9] of 188
bytes each, i.e., about 11e3 bits), Ry;q is the net video bitrate (taken as 8 Mbit/s [8])
and KI/R;q equals the duration of a PCW. For HDTV, one aims at achieving Tyrgvp
> 12h, corresponding to no more than 1 Visible Distortion in Twelve hours (VDT).
Hence, one needs to select a code that has low enough a Pgc to reach this goal.
Unfortunately, the latitude in selecting the FEC codes for this application is very
much restricted by the aforementioned requirements of low latency and low overhead.
In fact, apart from the requirement of low (de)coding complexity, the requirements on
the code can be summarized as:

latency <100ms < K <72
overhead <5% & (N—-K)/K<5% 3)
Tyirgvp 2120 & Pge 2KT/(R,;;12h)

The first two requirements imply that the number of parity packets of the code can not
be higher than 3. Referring to table 1, we can immediately see that no binary code that
meets the requirements of (3) will be able to resolve all double erasures. However, as
there is correlation between subsequent erasures, the codes presented in section 2
might be able to provide for a satisfactory performance.

In figure 4, we show the achievable value of Tytgyp When we apply the codes of
section 2 over a wide range of values p, (see figure 2), where p; is fixed at the
realistic value p; = 4e-5. As a comparison, we also added the performance of the
Single Parity Check code (SPC) and Reed-Solomon codes with two or three parity
packets. One can show that the highest possible value of p, amounts to 0.14, namely
when all video packets are transmitted back-to-back. In reality, the probability that
two packets are back-to-back will be given by some value g, and it can be shown that
for realistic traffic profiles the value of q does not exceed about 0.1 (i.e. p, < 0.014).
As a consequence, the binary code with three parity bits derived in section 2.2, always
achieves the goal of less than 1 VDT in any realistic scenario (p, < 0.014). As a
matter of fact, this binary code achieves a performance of about 0.2 VDT for all
practical values of p,. The code of section 2.1 with just two parity packets appears to
show a satisfactory performance (i.e. about or somewhat less than 1 VDT) for p, =
0.014, but is certainly up to the task of packet protection for values of p, lower than
0.014. This performance is to be compared with the performance of the more complex
RS codes that have about the same acceptable upper limits on p, in order to achieve
less than 1 VDT. Hence, the very simple binary codes of section 2 allow for an
equally efficient protection of the video packets as the more complex RS codes.

' We assume that the transmission of the parity packets has no material impact on the
transmission time of a packet codeword, e.g. by transmitting the parity packets in an
uninterrupted batch after the video packets. As a result, the transmission time of a packet
codeword is determined exclusively by the number of video packets K.
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Fig. 4. Comparison of the various codes with correlated erasures

4 Conclusions

In this paper, we designed some very simple binary codes that are especially suited to
protect packets on the transport layer over a system where subsequent packet erasures
are correlated. We demonstrated the efficiency of these codes in the special case of
HDTYV over a DSL line, and we found that these codes allow for a video quality that
is almost as good as the quality achievable through the more complex RS codes.
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Abstract. Collusion is a major menace to image fingerprint. Recently,
an idea is introduced for collusion-resilient fingerprint by desynchroniz-
ing images in raw data. In this paper, we consider compression domain
image desynchronization method and its system security. First, appro-
priate desynchronization forms for compression domain are presented;
secondly, the system security is discussed and a secure scheme is pro-
posed; thirdly, for evaluating the visual degradation of space desynchro-
nization, we propose a metric called Synchronized Degradation Metric
(SDM). Performance analysis including the experiments indicate the ef-
fectiveness of the proposed scheme and the metric.

1 Introduction

Now there are increasing availability of copying devices for digital media data,
which makes restraining illegal redistribution of multimedia objects an important
issue. One promising solution is to embed imperceptible information into media
to indicate the ownership or the user of the media. Fingerprint is to embed the
user’s information into the media by watermarking technique. In this case every
user will receive visually the same while in fact different copies. When the media
is illegally redistributed, the information in the media will be used to identify
the illegal users.

A most serious menace for fingerprint is the collusion attack. This attack
combines several copies of a media and derives a copy hard to identify the in-
formation of the attackers. This kind of attack is classified into two categories
[1]: linear collusion (average and cut-and-paste collusion) and nonlinear collusion
(minimum, maximum and median collusion). To this problem, some solutions
have been proposed. Orthogonal fingerprinting [2] makes each fingerprint orthog-
onal to another and keeps the colluded copy still detectable. The disadvantages
of this method include the high cost on fingerprinting detection and the limita-
tion in customer population [1]. The other method is coded fingerprinting which
carefully designs the fingerprinting in codeword that can detect the colluders
partially or completely. The Boneh-Shaw scheme [3][4] and the combinatorial
design based code [1] belong to this method which suffers the LCCA attack [5].

Recently, a new method called desynchronization based fingerprint [6][7] for
collusion-resilient fingerprint (DCRF) was proposed. This method aims to make
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© Springer-Verlag Berlin Heidelberg 2006



Image Desynchronization for Secure Collusion- Resilient Fingerprint 57

collusion impractical: by desynchronizing the carrier, the colluded copy has seri-
ous quality degradation and no commercial value. Virtues of DCRF are: firstly,
it avoids the difficulty of tracing traitors through colluded copies. Although the
methods such as orthogonal and coded fingerprint have the ability to implement
the difficult task of tracing traitors, when more users, more colluders and com-
bined attacks including the all kinds of collusion attacks are considered, finishing
the task is too difficult [1][5]. secondly, because collusion does not need to be
considered for fingerprint coding, much shorter code is needed which makes the
media support more users or degrade less.

In most cases, image should be transmitted in compression format. For Celik’s
scheme [7], to finish the desynchronization, the image needs to be decompressed
firstly, processed and finally compressed. In our paper, a new scheme for di-
rectly desynchronizing image in compression domain is proposed. In this case
the processing does not need the decompression and compression. Additionally,
a metric for evaluating both the desynchronization and collusion is given.

In this paper, a DCRF scheme in compression domain is proposed. In Section
2, suitable DCRF forms for compression domain image are shown. The perfor-
mance of the proposed scheme based on the DCRF forms are analyzed in Section
3. In Section 4, a metric for space desynchronization and collusion degradation
is given followed by conclusions and future work in Section 5.

2 Suitable DCRF Forms for Compression Domain Image

There have been quite a few papers discussing compression domain processing
[8]. For images, since the compression process of JPEG is composed of block
DCT, Zig-zag scanning, quantization, RLE (run length encoding) and entropy
coding, the compression domain processing is classified into several types: the
processing after DCT, after scanning, et al (here JPEG standard is considered
because it is well used for image compression). Operators in compression domain
are also given, such as point operators with some predetermined values or another
image, filtering, resizing, rotation and others [8]. Condensation is introduced
to sparse the coefficient matrix [9]. Compared with space domain processing,
compression domain processing is computing efficient because of two reasons:
one is that most of the coefficients will be zero which saves memory; the other is
that the computing of IDCT and DCT is saved which reduces the time cost [8].
In the following content, the suitable DCRF operators for compression domain
image will be discussed.

There’re many kinds of desynchronization operators proposed for attacking
image watermarking such as RST, random warping et al. While for compression
domain processing, several conditions should be satisfied for saving time cost
and memory consuming:

1. Local random operations such as random warping should not be used because
doing so in compression domain is difficult. The same random operation is
applied to a line of the image is more reasonable;
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2. The operators dealing with complex locating and inter-block computing
should not be used. For images, it is better for the operator to utilize only
blocks neighboring to each other in scanning order;

3. The operators should not impact the visual quality of the image apparently.

Because of the above constraints, the most fitful desynchronization forms
are translation and shearing especially those operations along the horizontal
direction. For horizontal translation and shearing, only several MCUs (Minimum
Coded Units) of DCT coefficients need to be saved. For vertical translation
and shearing, several rows of MCUs need to be saved. The parameters used for
desynchronization include horizontal and vertical translation/shearing, and the
rotations computed by horizontally and vertically shearing [8].

We revise the algorithm in [8] for DCT domain translation and shearing
with image size unchanged (because compression domain resizing is complex
and transmitted image copies should be with the same size):

For the first block of a row or a column:

B=) LiAR/(i=1,..,N).

For the other blocks of a row or a column:

B=>) Li(AxR}+AxR}).

Here A is the current block and A is the former block.
Ri =[Pi(i—1) Py(N —i+1)]
R = [P3(i — 1) Py(N —i+1)]
R} =[Py(i—1) Py(N —i+1)]

where P (i) is the N by ¢ zero matrix except with the first row elements being

1, P»(3) is the N by 4 zero matrix except with the upper i by ¢ matrix being

the identity matrix, Ps(4) is the N by ¢ zero matrix except with the lower ¢ by

i matrix being the identity matrix and P4(7) is the N by i zero matrix.
Because DCT can be described as follows:

T(A) = CAC",
then
T YT(L;AR;)) = T"Y(CL;AR;C")
=T YCL,C'CAC'CR;C") = T~ HT(L;))T(A)T(R;)). (1)
By this method, T'(L;) and T'(R;) can be computed off-line.
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3 The Proposed Scheme Based on DCRF Forms

3.1 The Proposed Scheme

In our method, oblivious watermarking is used: The i*" fingerprinted signal is
formed as
Si = ¢i(S) + F;

where ¢;(-) is the desynchronizing function, F; is the i** embedded fingerprint.
Compared with non-oblivious watermarking [7], oblivious watermarking can
avoid the problem of transmitting original copy and the hardness of resynchro-
nization especially when the received copies have been influenced by compression
and noise. The integral system illustrated in Fig. 1 is explained as follows:

A key is used to generate space desynchronization pattern parameters;

The picture is partially decompressed to get DCT coefficients;

The coefficients are space desynchronized according to the parameters;
Fingerprint is embedded into the sequence before (or after) run length and
entropy coding.

Ll

In this scheme, the extraction process utilizes the blind watermarking ex-
traction techniques [10]. By this scheme, the desynchronization in detection end
or the resynchronization in detection end are both avoided, which improve the
detection efficiency and security.

Desynchronization in Fingerprint
compression domain embedding

| |
| FCustomer’s D [= |
Partially | I 1 |
o e e — —
De =3 [
ecoding - I 1080, —» Embea> (2} =,
w

Compressed
Image

Desynchronizing

— Hoafg . e
Pattern generator
f Run length and

Entropy coding

Fig. 1. Our proposed DCRF

3.2 The Methods to Improve the System Security
The attacks to the strategy in Figure 1 include four aspects:

1. The desynchronized copy may suffer malicious attacks such as redesynchro-
nization and recompression. Robust blind watermarking embedding and ex-
traction technique [10] is better for coping with this attack;
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2. With or without some post processing, the copy after collusion may have no
apparent artifacts. For coping with this attack, the discretizing step of the
parameters for desynchronizing should be large enough while not influencing
visual quality apparently [6];

3. The desynchronized copies may be registered to a certain copy [7]. For deal-
ing with this attack [7], larger range of the parameters for desynchronizing
should be used which can increase the seeking range of registration;

4. When the desynchronizing pattern database is published (for example, as
part of standard) or known by attackers, the desynchronizing patterns of
the copies may be guessed. For this attack, large space for the desynchro-
nizing parameters is needed (determining the key space). While in [6] (see
Table 1 of [6]), there’re only 256 kinds of composition considered which will
limit the security. Here, we propose a secure DCT domain DCRF named as
"divided DCT domain DCRF” (DDDCRF, D3CRF): divide the image into
parts and apply different desynchronization patterns for different parts. For
maintaining visual quality: the moving distance in neighbor parts should not
be larger than one or two pixels. By the method, the original O(1) parameter
space is enlarged to be O(N) (N is the pixel number). For example, assume
8 levels are permitted for the translation of a line, and neighbor lines are
translated with different levels and the difference is no more than one. For
a 512 % 512 image, only considering horizontal translation, the translation
parameter space is 8°12/8 = 854 which is much larger than 256 in [6].

3.3 Performance Analysis

The result of D3CRF is in Figure 2. Although there’s initial research of eval-
uating visual influence of geometrical distortion [12], there has been no wide
accepted evaluation metrics. On the other hand, the evaluation using PSNR and
normalized correlation for D3CRF is very the same to that of DCRF [7], then
here we only judge the influence of D3CRF by visual evaluation. In Figure 2,
(a)(d) are the original image and one part of it, (b)(e) are the image desyn-
chronized by different patterns for different block rows in DCT domain and one
part of it, (¢)(f) are the averaging image between two desynchronized images
by different desynchronizing patterns and one part of it. From the figure, the
visual quality of colluded copy is bad especially for the texts such as the "US
Air Force” and the textures such as the mountains.

The comparison between the features of Celik’s method [7] and D3CRF is in
Table 1.

4 Synchronized Degradation Metric (SDM)

Although geometric distortion is a very hot topic for watermarking research, the
methods of evaluating geometric distortion are very few. Most of geometric dis-
tortion evaluation is by subjective method [11]. There has been also research for
objective evaluation for geometric distortion [12], but from our knowing there’s
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Fig. 2. [llustration for D*CRF: (a)(d) Original Airplane image and one part of it; (b)(e)
The Airplane image after using D®*CRF and one part of it; (c)(f) Collusion result of
two images after using divided D®CRF and one part of it

Table 1. Comparison of D*CRF and method of Celik

Method D3CRF Celik’s method
Security High Middle
Efficiency High / middle Middle
Robustness Middle Middle
Compression compliant With Without

no research for evaluating space desynchronized images’ collusion distortion.
Here, we propose a metric called SDM for evaluating both space desynchronized
and colluded copies:

SDM (Ppesyn) = - PSNR(Imagesyn) + 3 - 1og10(Max(Prin, Presyn) * Pini)-

where PSN R(-) is operator for computing PSNR of image, Imagesyn 1S resyn-
chronized image, Presyn is the value for this resynchronization, and a, 8, Prin,
P;,; are parameters. In our experiments, we only consider horizontal transla-
tion for analysis convenience, « = 1,8 = =5, Py = 0.1, Py = 20. In Fig.3,
(a)~(e) are respectively the original image, desynchronized image, image with
noise, image with both desynchronization and noise, colluded image of differ-
ent desynchronized images. From Fig.3, the visual effect of (b) is visually much
better than (c)~(e), while PSNR of (b) is worse than or similar to (c) (see (a)
of Fig.4), then PSNR is not appropriate for evaluating visual degradation of
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(d) (e)

Fig. 3. (a)~ (e) are respectively the original image, desynchronized image, image with
noise, image with both desynchronization and noise, colluded image of different desyn-
chronized images
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Fig. 4. (a) PSNR of noised, warped, noised and warped, colluded images with different
warped parameters or different variance Gaussian noise; (b)SDM of different noised,
warped, noised and warped, colluded images

desynchronization and collusion. Compared with PSN R, SDM of (b) in Fig.3 is
better than (c)~(e) in Fig.3 (see (b) of Fig.4). Then, SDM is more uniform to
human’s perception.

5 Conclusion and Future Work

In this paper, a secure D?CRF scheme is proposed. Virtues of D3CRF include:
firstly, it does not need to solve the difficult problems of extracting the user ID
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from colluded medias and punishing the attendees; secondly, security is enhanced
by introducing blind fingerprint extraction and enlarging desynchronization pa-
rameter space; thirdly, the method processes JPEG compressed image directly
and does not need to decompress and compress the image. In the future, D3CRF
system in compression domain will be studied for video processing. Compared
with the mature technique of high efficient JPEG compression and decompres-
sion, high efficiency compression domain operation for desynchronization should
be devised.
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Abstract. The increased popularity of multimedia applications such as
JPEG2000 places a great demand on efficient data storage and transmission
techniques. Unfortunately, traditional encryption techniques have some limits
for JPEG2000 images, which are considered only to be common data. In this
paper, an efficient secure encryption scheme for JPEG2000 code-streams in
broadcasting applications is proposed. The scheme does not introduce
superfluous JPEG2000 markers in the protected code-stream and achieves full
information protection for data confidentiality. It also deals with the stream data
in sequence and is computationally efficient and memory saving.

Keywords: JPEG2000, Format-Compliant encryption, JPSEC, Broadcasting
application.

1 Introduction

In the latest still image compression standard JPEG2000, the syntax requires that any
two consecutive bytes in the encrypted packet body should be less than OxFF90 [1]. A
JPEG2000 code-stream is composed of markers and data packets. The markers with
values restricted to the interval [0xFF90, OxFFFF] are used to delimit various logical
units of the code-stream, facilitate random access, and maintain synchronization in the
event of error-prone transmission. The packets carry the content bit-streams whose
codewords (any two contiguous bytes) are not in the interval [0xFF90, OxFFFF].
Since the output of a good cipher appears “random”, straightforward application of a
cipher to encrypt code-stream packets is bound to produce encrypted packets, which
include superfluous markers. Such markers will cause potentially serious decoding
problems (such as loss of code-stream synchronization and erroneous or faulty image
transcoding). To overcome the superfluous markers problem, the encryption method
must be JPEG2000 code-stream syntax compliant. Such a compliant encryption
method does not introduce superfluous markers in the encrypted packets and
maintains all the desirable properties of the original code-streams.

* This work is supported by Ningbo Industrial Scientific and Technological project (2005-
B100003) and Natural science foundation of Ningbo, China. (2005A620002).

Y. Zhuang et al. (Eds.): PCM 2006, LNCS 4261, pp. 64—71, 2006.
© Springer-Verlag Berlin Heidelberg 2006
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Conan[2] described a technique which selectively encrypt JPEG2000 code-streams
in order to generate compliant encrypt JPEG2000. In that scheme, if any byte, says X,
has a value less then OxFO0, the four LSBs (Least Significant Bits) of X are encrypted
with a block cipher. Clearly, the security of this scheme is weak. Wu and Ma[3]
proposed two packet-level encryption schemes based on stream ciphers and block
ciphers respectively. They showed that the two schemes protected most of the code-
stream data. However, they are not able to regain synchronization when some
transmission error occurs. These algorithms are adopted by on-going JPSEC, which is
the part 8 of JPEG2000 and is concerned with all the security aspects of JPEG2000
image codestreams. Later Wu and Deng[4] gave a code-block level compliant
scheme. They claimed that this scheme could provide full protection of code-streams.
However, this algorithm needs iterative operations to achieve practicable key stream
and has a probability of never generating conditional-satisfied encrypted code-stream.
Even if it can generate compliant out streams in some cases, its iterative method is
computationally inefficient.

In this paper we propose a new scheme to encrypt and decrypt the code-stream in
sequence and provide full protection of the information.

2 Brief Description for JPEG2000 Packet Structure

The structure of a JPEG2000 packet is depicted in Fig.1. A packet consists of a packet
header followed by a packet body. To note, the Standard ensures that none of the
code-stream’s delimiting marker codes (these all lie in the range OxFF90 through
OxFFFF) can appear in the packet-stream except marker segment SOP (start of
packet) and marker EPH (end of packet header).

byte aligned byte aligned
# packet header ¢ packet body
A s
T |

HL LH HH HL LH HH
tags tags tags

empty header bit
SOp EFH

code bytes code bytezcode bytes

Fig. 1. JPEG2000 packet structure

3 Compliant Code-Stream Encryption Scheme Description

To hold the JPEG2000 structure, the proposed scheme is to encrypt the packet body
data. The marker codes (ranging from OxFF90 to OxFFFF) will be kept their original
values and will not appear in the packet body. Let M express a part of packet body,
and M =m,llm,ll.. llm,, where Il denotes concatenation and each m; depicts one byte in
M. In the same way, we denote ciphertext as C =c,llc,ll...llc,, where c; depicts one
byte.
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3.1 Encryption Algorithm

Generate the key stream as a byte sequence. Discard those bytes with value of
0x0. 0x70. OxEO. This constraint is to ensure the byte with value of OxFF will
change its value while encrypting. Denote the result key stream as S =s,llsll...lls,,
where s; denotes one byte. Use c,;; to mark whether the previous byte is once
encrypted to OxFF.

The encryption algorithm is illustrated in Fig.2.

Key stream Original bit-stream
s seqguence i

Previouzay _,=FF
or o;_,=FF

Coia™ 0xFF and
= =030

e, =[ mnﬂm) mod 050

c1=(cm.d,+ sjjmd256|

i

e, = (mﬁ—ﬂx?ﬂﬂm)

mod 70 +0:20

05 =g b i) mo256 |

.::!.=(mz. +.ié)m od 0x80

2y = Oy 080+ 5, o™

mod 0x70 +0:30

oy =(,, -0x80 5]
rod Tk 70 +0x50

c; = (cmd-DXEIEH .s!.j

mod 0x70 +0:30

E ncrypted data
seqguence output

Fig. 2. Diagram of compliant encryption

@ For the first byte m;, if ¢,,4 equals OXFF in the first encryption and m;, >=0x90, ¢,ig
should be encrypted for a second time and m, will be encrypted to ¢;>=0x90 in the
next step. Otherwise, no special processing needs to be done and ¢; =c,,;4. It is worth
noting that If ¢,,;; =0xFF and m; <0x90, m, will be encrypted to ¢, <=0x90 in the next
step. In this way, we can infer whether a byte OxFF needs to be decrypted for a second
time in consideration of the next cipher-byte while decrypting.
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@ For m; (i=2 to n-1), seven kinds of cases may occur, in which Fig.3 depicts six
special cases.

The first case is m;; =0xFF and the second is c¢;; =0xFF. These cases indicate that
m; is less than 0x90. Therefore, keep the encrypted byte ¢; less than 0x90 too. Thus c;
can indicate the previous byte need to be decrypted only once. These cases are also
depicted in Fig. 3 (a) and (b).

If the first two cases are not true and c,,;; = OxFF, which indicates current m; >=
0x90, it shows that the previous byte was encrypted to OxFF ever and was encrypted
twice. So m; should be encrypted into a value no less than 0x90. In this way, we can
conclude whether the previous byte needs to be processed twice while decrypting.
Then if the new c,,;; =0xFF and the next byte m;,; >=0x90, m; needs to be encrypted
for a second time, which is the third case. It is also depicted in Fig. 3 (f). Otherwise, if
the new c,,;; #0XFF or m;,; <0x90, the fourth case and the fifth case occur. Then let ¢;
= cniq- They are also depicted in Fig. 3 (d) and (e) respectively.

If the above cases are not true, the last two cases occur. In these two cases, the
previous m;_; #0xFF and c;.; #0xFF and c,,;; #0XxFF. So the encryption of current m; is
independent of the previous byte m;_; and can be processed the same as the first packet
byte m;. Fig.3(c) also depicts the case in which m; is encrypted twice.

mef=FF) m; Mg m;
+m0d 0x90 + mod 0x90
Cij o3 «0x90 ci(=FF) o3 <0x90
{a) (b)
Mip m; i+ mi} my (=090
=
(#FF) mod256 (»=0x50) (15 0390+ 59
Cid Cmid (FF) Cuid (=FF) |y o 0x70+0%90
(ZFF) 1 wod 256
i »=(atul < FF Cif Ci=Cmid =090 and==FF
() (d)
mir om(E=0O0) mag  ||Mu P (P=080) Mir]
(=0x90) ¢fmi d_DDx'?EIDIDSﬂQEI (==0x30)
mo X x
Cagd (m; Dx80+ 5 Cuid _Comig =FF
(=FF) mod 0x70+0x90 (=FF) | (Caig 090+ 59
mod 0xF0+0x20
cif i = Cmig =FF Cil g »=(z00and>= FF
=y (£}

Fig. 3. Special cases in encryption process

(® The last packet byte m,, is processed to ensure that c, is of the same range as m,,. In
other words, it may either belong to interval [0,0x8F] or belong to interval [0x90,
O0xFF]. Because the JPEG2000 compressed code-stream does not allow OxFF as the
ending byte for each Code-block Contribution to Packet (CCP), our scheme selects
CCP as the processing unit because the end byte of CCP is non-OxFF. If the last byte
is encrypted to ¢, =0xFF, ¢, is encrypted for a second time by s,. Thus the last byte is
ensured to never be OxFF.
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3.2 Decryption Algorithm

In the decryption process, we also deal with the encrypted JPEG2000 code-streams in
sequence. Generate the same key stream S as that in the encryption algorithm firstly.
Then decrypt each cipher byte according to the case it belongs to. This process is just
an inverse to the encryption. We use m,,;; to mark whether the previous cipher byte is
decrypted to OxFF just like c,,; in encryption algorithm. Fig.4 depicts the decryption

algorithm.

ey stream

2 d,=D><F F and
cp==0x30

E ncrypted hit-stream
5 sEguUeEnce C

= 0xF
FF

Fevious gy

arm;_y

@l

™, =(cn"‘m) mod 0x50

L 4

mz.=|:c!.-.s!. 1mod

20;= (M5 05 ) MOGZ3E |

= (0 -0x90- 5]

moad 070 +0=90

wig=0=F F and
25 4 g ==0x80

7= [y, 0680- 5
mod 0x70 +0:x30

L ¥

L, = [cn—Ele‘EI—.sxj

mod 70 +0:20

v2y, =(er,, -0xF0H 5,
mod Cee 70 +0250

Decrypted data
seguence output

Fig. 4. Diagram of compliant decryption

(DFor the first byte c;, let m,,; =(c1 — s1) mod 256. If m,,;; =0xFF and ¢, >=0x90, it
shows a second time of decryption needs to be done, otherwise, m; =m, ;4.

®@For i=2 to n-1,

a) If ¢;.; =0xFF or m,_; = OxFF, it shows that the correspondent mi is less than 0x90.
So m;=( ¢; — s;) mod 0x90, m,,;; =0x0.
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b) Otherwise, if m,,;; =0XxFF and ¢; >= 0x90, which indicates m; is also >=0x90, let
Mg = (¢; —0x90 — 5;) mod 0x70+0x90. Then if the new m,,;; =0xFF and c;,; >= 0x90,
it indicates m; was encrypted twice and a second decryption is needed, or else let m;
equal to m,,,.

¢) If the previous cases are not true, the current byte is independent of the previous
byte. So the decryption process is the same as the first byte.

@ For the last byte c,, we first judge which range it belongs to, then it is decrypted
according to the correspondent formula. When the recovered m,, is OxFF, it needs to
be decrypted for a second time.

4 Security Analysis

In our scheme, s; in the key-stream will never be 0LJ0x70 or OXEO. For byte 0, the
ciphertext will never be 0,0x70, OXEQ; for byte 1, the ciphertext will never be 1, 0x71,
OxE1L,.... Therefore, if our scheme is used in non-broadcasting applications, in which
there may be many different key streams for a same original content, based on the
observation of the ciphertext pattern, the attacker may guess the original byte. In other
words, if the attacker get protected code-streams generated from the same original
codestream for k times, he can guess byte O if there is no 0, 0x70 and OxEO in the
same position of the protected streams. For one cipherbyte, k should be Ox6F at least.
Let n denote the number of possible ciphertext value. In our scheme n=0x6F and
k>=n.

Let Aj ={one byte with value of j does not occur when attacker gets ciphertext for k
times}, Then

(- 1) (1—1)" j=12,...n. (1)

n

p(A)=—7—

Similarly, A, N A {Value i and value j do not occur when attacker gets cipherbyte

for k times}. It is easy to check

(n— 2) 2

p(ANA)= =(1-5)" Lj=12,...ni#]. 2)
n

n—1 . .
p(A NAN.NA )=0-—")" iy, €{12,.,n}. 3)
n—l1 n
So the probability that n possible bytes do not occur is

p(ANAN.NA ﬂAn)z(l—Z)" =0. @)
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Let S, Zp(A) p =D D —C,i(l—l)", (5)
n
S, Zp(A Na)=c,;a- —) (©)
i<j
= YA NANNA H=Crla-""hr @)
iy <iy <...<iy_y n
S, =0. (8)

Now we assume A={at least one possible cipherbyte for an original byte does not
occur when the attacker gets ciphertext for k times}.

Then we have p(A) = p(U A)=S, -8, +8;,—...+(=D"S, . )
j=1
Let B={each possible cipherbyte for an original byte has occurred when the attacker

gets ciphertext for k times}, Therefore

p(B)=1-p(A)=1-S,+S, +..+(=1)""'S |

_1)k. (10)

=1-C, —l)k +C(1 —g)" et (=D
n n

Obviously, p(B) in Eq.(10) is the probability of guessing the individual byte. We set

k=500, which means the attacker get ciphertext for the same original byte for 500
times. In this case, the probability of information recovered is 0.2893. For a group of
bytes, we assume that each byte in the code-stream is independent, so the probability

of guessing them is { p(B)}", where m denotes the length of the group of bytes. For

example, If m=100 and & is also 500, the probability of guessing them is 1.3664e-54,
which means it is difficult to recover an image code-stream because of its large sizes
and the scheme is safe. As k is getting larger and larger, the probability increases
rapidly. Therefore this vulnerability limits the applications of our scheme. It cannot be
used in the condition that the attacker can get large different copies of the same
information. So the broadcasting mode is appropriate, in which only one key stream is
used for the same original bit-stream. Thus the attackers can’t recover the original
information with cipher-only attack.

5 Experimental Results

Fig. 5a and Fig. 5b show the origin and encrypted Lena image respectively. The
encrypted view of the image is totally incomprehensible.
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Fig. 5. Experiment result. a) Origin image b) encrypted image.

6 Conclusion

In this paper, a method of compliant encryption for JPEG2000 code-streams in
broadcasting applications is proposed. The scheme provides full protection for image
information. Because the encryption and decryption of the code-streams are in
sequence, much less memory is needed. Also in this scheme there are at most two
iterations in encryption and decryption of each byte. Therefore it is computationally
efficient and is easy to be implemented into FPGA based coding and decoding
architectures. So our scheme is especially practicable for large images. Furthermore,
the fully compliant encrypted code-streams maintain all the nice characteristics of
original JPEG2000 code-streams, such as error resilience and scalability.
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Abstract. A new algorithm for Euclidean distance transform is proposed in this
paper. It propagates from the boundary to the inner of object layer by layer, like
the inverse propagation of water wave. It can be applied in every dimensional
space and has linear time complexity. Euclidean distance transformations of
digital images in 2-D and 3-D are conducted in the experiments. Voronoi dia-
gram and Delaunay triangulation can also be produced by this method.

1 Introduction

Distance transform (DT) is the transformation that converts a digital binary image to
another gray scale image in which the value of each pixel in the object is the mini-
mum distance from the background to that pixel by a predefined distance function.
Three distance functions are often used in practice, which are City-block distance,
Chessboard distance and Euclidean distance. In this paper, we mainly concentrate on
the Euclidean distance transform (EDT).

The signed Euclidean distance transform which represented the displacement of a
pixel from the nearest background point, was defined in [1], and exploited in applica-
tions like curve smoothing, detecting dominant points in digital curves, finding con-
vex hulls etc. Mitchell et al used a gray scale mathematical morphology approach for
Euclidean distance transform [2], [3]. Morphological erosion is an operation which
selects the minimum value from the combination of an image and the predefined
weighted structure element within a window, so it is appropriate for EDT. And they
applied decomposition properties of mathematical morphology for parallel comput-
ing. Shih et al achieved correct and efficient EDT by size-invariant four-scan algo-
rithm in [4] and two-scan based algorithm in [5]. Vincent [6] encoded the objects
boundaries as chains and propagated these structures in the image using rewriting
rules. This method could achieve exact results and was very efficient. Other variations
of fast and exact EDT methods were given in [7] and [8].

Several linear time algorithms were proposed recently, many of which were based
on the pre-computed Voronoi diagrams [9], [10] and [11]. The emphasis of some
articles is on exploiting a general method in arbitrary dimensions like [11] and [12].

Y. Zhuang et al. (Eds.): PCM 2006, LNCS 4261, pp. 72-79, 2006.
© Springer-Verlag Berlin Heidelberg 2006



Euclidean Distance Transform of Digital Images in Arbitrary Dimensions 73

Some literature developed methods for parallel computing or hardware implemen-
tation of Euclidean distance transform. Zhang et al implemented Euclidean distance
transform in real time with stack filters using only binary logic gates [13].

The results of distance transforms may be very useful in skeleton extraction [14],
[15], [16], shortest path planning [17], shape description [18]. Leymarie et al [18]
proposed a novel method for shape description of planar objects. They combined EDT
with an active contour model to minimize an energy function and extract a Euclidean
skeleton. EDT was applied in the application of medical image processing such as
automated path finding in virtual endoscopy and analysis of 3D pathological sample
images in [19].

In this paper, we propose an algorithm to deal with Euclidean distance transform
which has the properties as follows:

I The algorithm has a uniform framework and can be applied in arbitrary dimen-
sions.
II The algorithm has the linear computational complexity of O(m), where m is
the number of pixels in the object.
IIT The algorithm can be applied in dynamic images whose boundary doesn’t need
to be close and its pixels can increase dynamically.
IV Voronoi diagram and Delaunay triangulation can be two byproducts of this
algorithm.

The remainder of the paper is organized as follows. In section 2, we elaborate on
the principle of the proposed algorithm. Analysis and discussion are presented in
section 3. Some results of Euclidean distance transformation in 2-D and 3D are illus-
trated in section 4. We conclude the paper and open perspectives for future work in
the end.

2 Boundary Propagation Algorithm

2.1 Basic Terms

In this part, we define some basic symbols which may be used throughout the paper
and without the limitation of dimensions. Suppose I is an binary image in n-

dimensional space, in which O is the set of pixels in the object, and B = Qis the set of
pixels on the background. X =(x,, x,,...,x,) € Z" is a pixel in image I and m=IOl is

the total number of pixels in the object. The value of the pixel X is defined as follows:

1 if XeO

f(X)={O if XeB (1)

The neighborhood N(X) of pixel X in n-dimensional space is given as below. It
can be found that when n=2, the neighborhood is 8-connected neighborhood and
when n=3, it becomes 26-connected neighborhood. There are at most 3" —1 adjacent
pixels of a pixel in n-dimensional image when the pixel is not on the boundary of the
image.
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NX)={Y|Y=(y, ¥y )€ Lly, —x, ISL1Si<nY # X } 2)

Next, we give the definition of the set of boundary pixels S. It belongs to the back-
ground and is the outlier or the neighboring shell of the object.

3)
S={r¥lre B,3Xxe 0:YeN(X)}

The goal of Euclidean distance transform of a pixel X in the object is to find the
minimal Euclidean distance from background pixels to X, that is also equivalent to
find the pixel in S which minimizes the distance between the pixel X and the back-
ground. Function g represents the Euclidean distance transform from binary image I
to gray scale image I', and d means Euclidean distance.

g(X)=d(X,B)=d(X,S)=min{d(X,Y),Y € S} 4)

At last, to a pixel X in the object, we define the nearest pixel in background as
NP(X). Generally, there is may be more than one pixel which has the smallest Euclid-
ean distance. In this situation, we select one of them randomly.

NP(X)=argmin{d(X,Y),Y € S} (5)
Y

For the sake of the requirement of the algorithm, NP(X) also has definition when
Xe S. S was also called zero-distance set in [1] since the Euclidean distance of pixels
in S equal to zero from this definition.

NP(X)=X ifXeS 6)

2.2 Propagation Algorithm

The propagation algorithm comes from the inverse analysis of the results from signed
Euclidean distance transform [1] and Voronoi diagram [10]. For every pixel X in the
object after the signed Euclidean distance transform, NP(X) can be computed from
the displacement. Hence, the field in the object can be divided into at most IS| parts
according to all the nearest boundary pixels NP(X), X € O. This kind of division
makes up of a Voronoi diagram in n-dimensional space.

The algorithm propagates from the boundary pixels to the object pixels layer by
layer, like the inverse propagation of water wave. It is very similar to the algorithm
presented in [6] by Vincent, which was suitable for the exact EDT of closed bound-
ary. Here, we use a data structure—queue Q to record one layer of pixels and iterate it
until the queue is empty. For each pixel X in the object, we save its information of the
nearest boundary pixels NP(X), minimal Euclidean distance dmin(X) etc. There are
mainly two operations—insert and delete to the queue. Clear procedure of this algo-
rithm is given by the following pseudocode.

// Initialization
0=S5;
For (each X in O)
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{
dmin(X)=+ oo;
NP(X)=NULL,
}
// Iteration
while (Q!=empty)
{
get the first element Y in Q;
for(each Z in N(Y))
if (Z€0 && NP(Z)!=NP(Y) && dmin(Z)>d(Z,NP(Y)))
{
NP(Z)=NP(Y);
dmin(Z)=d(Z,NP(Y));
insert Z to the end of Q;
}
delete Y;

/

In the initialization part, we set S as the initial queue, and let Euclidean distance of
each pixel X be a very large integer. In the iteration part, to a pixel Y in the queue, we
propagate it to its nearest neighborhood N(Y). If a pixel Z in the neighborhood hasn’t
been handled or the current minimal distance dmin(Z) is larger than the distance be-
tween Z and NP(Y), then the nearest pixel in background NP(Z) inherits from Y by
NP(Z)=NP(Y).

3 Algorithm Analysis and Discussions

3.1 Computational Complexity

The efficiency of the algorithm is comparable with that in [6], we give the upper
bound of the computational complexity for further analysis here. The iteration part
occupies most of the computation time in this algorithm. We don’t discuss the imple-
mentation of square root, addition and multiplication operations here, which has been
well solved in former literature. Instead, we concern with the number of insert opera-
tion, which is proportional to the computation time. Suppose m=IOl is the number of
pixels in the object. Each pixel is inserted to the queue at least once, but the upper
bound can not be determined because of the complicated shapes of the object. On
average, the times of insert operation of a pixel X is less than the number of its direct
neighborhood N(X). This is because the nearest boundary pixel NP(X) can be propa-
gated from any direction of its neighborhood.

Based on the above analysis, the computational complexity of the algorithm is
O((3" —1)m) in n-dimensional space. In 2-D and 3-D, the linear time complexity are
O(8m) and O(26m) respectively, which can also be approved by summing up the num-
ber of insert operation in experiments. Since NP(Z)!=NP(Y) and dmin(Z)>d(Z,NP(Y))
are the conditions for insert operation in the pseudocode, the pixel Z doesn’t need to be
put into the queue anymore if it has found the correct NP(Z).
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3.2 Accuracy Discussion

Vincent pointed out many algorithms suffered from inaccurate problem of the trans-
formed results and illustrated it in two sketches. He solved this problem and achieved
exact Euclidean distance transform by decomposing the boundary of the object into
several convex chains. However, his algorithm had a limitation that the object must
have a close boundary.

To this boundary propagation algorithm, the only imprecise distance comes from
the isolated pixel in the object. Isolated pixel X means that NP(X) is different from
any of the NP(Y), Y EN(X). The Euclidean distance of this kind of isolated pixel
can not be correctly computed, but it appears rarely in practice. It should be pointed
out that in some applications of distance transformation like skeleton extraction, a
consistent distribution of the object pixels is preferred according to the nearest
boundary pixels. In other words, our algorithm could have some advantages in these
applications.

4 Experimental Results

4.1 Dynamic Insert Operation

Some of the literature for EDT is based on a scanning flow, such as [4] and [5]. After
the scanning, the EDT results of the whole image are got. If the boundary pixels in-
crease dynamically with time, the boundary propagation algorithm is more dominant
because it only acts on the partial area surrounding the newly added pixels. Hence,
this algorithm is compatible to others’ and can be used afterwards in dynamic images.
The left of Fig. 1 shows a Euclidean distance map with 7 boundary points (zero-
distance set), which are denoted as red points. We randomly add another three bound-
ary points in the image. The new Euclidean distance map is given in the right of Fig.
1. As we can see, the algorithm becomes faster when the number of boundary points
increases. This is because there are fewer pixels whose Euclidean distances need to be
modified as the new boundary pixel added in.

Fig. 1. Left: Euclidean distance map of 7 boundary points. Right: Euclidean distance map of the
left image with three new boundary points added in.
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4.2 Byproducts of the Algorithm

Paper [10] and [11] constructed the Voronoi diagram firstly and then built Euclidean
distance based on it. In this algorithm, we produce Euclidean distance directly and
avoid Voronoi diagram, but it can be an accessory of the algorithm. In the Euclidean
distance map, if a pixel has the same minimal distance to two or more boundary pix-
els, then it is in the edge of Voronoi diagram. Blue lines in the left of Fig. 2. constitute
the Voronoi diagram after we have generated the Euclidean distance map. If two
boundary pixels share one edge in the Voronoi diagram, then there exists an edge
between them in the corresponding delaunay triangulation, which is desribled by
green lines in the right of Fig. 2.

Fig. 2. Left: Voronoi diagram from Euclidean distance map. Right: Delaunay triangulation
from Euclidean distance map.

4.3 EDT Examples in 2-D and 3-D

Here, we give two examples of Euclidean distance map of real image or object with
close boundary in 2-D and 3-D.

Butterfly is a commonly used image for Euclidean distance transformation and
skeleton extraction in 2-D. The left of Fig. 3 shows the distance transform result of

Fig. 3. Left: Euclidean distance map of the butterfly. Right: Euclidean distance map of the
bunny model.
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our algorithm. The close boundary is denoted by red pixels. In 3-D space, since it is
hard to show the values of Euclidean distances, we regard them as the sizes of the
voxels when rendering. In the following example—the right of Fig. 3, we first get the
voxels of the bunny model by a voxelization method. Boundary propagation algo-
rithm is carried out to this 3-D digital image afterwards. It can be seen that the voxels
near the boundary are rendered by small points and voxels far from the boundary are
of big size.

5 Conclusions and Future Work

In this paper, we introduce a novel method to compute Euclidean distance transform
in arbitrary dimensions. Experiments are conducted successfully both in 2-D and 3-D
space for visualization of the results. This propagation algorithm has the advantages
that it can be used in dynamic images in arbitrary dimensional space and has linear
complexity. By experiments, we also find that the algorithm is very efficient. It
achieves real-time to compute EDT when new boundary pixel is added to Fig. 1. It
takes only few seconds to compute EDT in Fig. 3.

In the future, the distance transformation results can be applied in various fields,
such as skeleton extraction and shape description. Connectivity and simplification of
the skeleton in 3-D space are the urgent affairs for 3-D shape representation.
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Abstract. This paper presents two steganographic methods for
JPEG2000 still images which preserve histograms of discrete wavelet
transform (DWT) coefficients. The first one is a histogram quasi-
preserving method using quantization index modulation (QIM) with a
dead zone in DWT domain. The second one is a histogram preserving
method based on histogram matching using two quantizers with a dead
zone. Comparing with a conventional JPEG2000 steganography, the two
methods show better histogram preservation. The proposed methods
are promising candidates for secure JPEG2000 steganography against
histogram-based attack.

1 Introduction

Steganography is the practice of hiding or camouflaging secret data in an inno-
cent looking dummy container. This container may be a digital still image, audio
file, or video file. Once the data has been embedded, it may be transferred across
insecure lines or posted in public places. Therefore, the dummy container should
seem innocent under most examinations. On the other hand, steganalysis is the
task of attacking steganographic systems. Considering the aim of steganography,
it might be sufficient if an attacker can detect the presence of hidden data in a
container.

In steganography using digital images, data embedding into compressed im-
ages should be primarily considered since images are usually compressed before
being transmitted. The JPEG compression using the discrete cosine transform
(DCT) is now the most common compression standard for still images, and
therefore a number of steganographic methods have already been proposed for
JPEG images [1]-[6]. Several steganalysis methods for JPEG steganography have
also been proposed to detect whether messages are embedded or not in a JPEG
image [2],[7]. Such steganalysis methods usually exploit some changes on the
histogram of quantized DCT coefficients caused by embedding.

JPEG2000 using the discrete wavelet transform (DWT) is an incoming image
coding standard which has rich desirable features and is believed to be used

Y. Zhuang et al. (Eds.): PCM 2006, LNCS 4261, pp. 80-87, 2006.
© Springer-Verlag Berlin Heidelberg 2006



JPEG2000 Steganography Possibly Secure Against Histogram-Based Attack 81

widely. Therefore steganographic methods for JPEG2000 images might be com-
monly used in the near future but only a few methods have been proposed before
now [8],[9]. As far as we know, steganalysis for JPEG2000 steganography has not
been studied yet.

This paper presents two steganographic methods for JPEG2000 still images
which can preserve histograms of quantized DWT coefficients. The histogram
preservation should be a necessary requirement for secure JPEG2000 steganogra-
phy since steganalysis for JPEG2000 steganography is likely to exploit histogram
changes by embedding. The first method is a histogram quasi-preserving method
which uses quantization index modulation (QIM) [10] in DWT domain with a de-
vice not to change the after-embedding histogram excessively. The second one is
a histogram preserving method which uses a histogram matching technique using
two quantizers, where the representatives of each quantizer are given in advance
and the intervals for each representative are set so as to preserve the histogram
of cover image. Here we call the first method QIM-JPEG2000 steganography and
the second one histogram matching JPEG2000 (HM-JPEG2000) steganography.

2 Histogram Preserving and Quasi-preserving JPEG2000
Steganography

Two JPEG2000 steganographic methods using two quantizers in DWT domain
are here presented. In principle these two methods follow our previous methods
in DCT domain for JPEG images [6]. However, unlike JPEG compression, there
is a problem in JPEG2000 compression that a true quantization step size for
a DWT coefficient is not known at the quantization step of DWT coefficients.
Since the problem is resolved later in Section 3, at the moment we assume that
the true quantization step size is known at the quantization step.

2.1 Histogram Quasi-preserving QIM-JPEG2000 Steganography

Consider applying QIM [10] using two different quantizers to embed binary data
at the quantization step of DWT coefficients. Each bit (zero or one) of binary
data is embedded in such a way that one of two quantizers is used for quantization
of a DWT coefficient, which corresponds to embed zero, and the other quantizer
is used to embed one.

Assuming that the probabilities of zero and one are same in binary data to
be embedded, consider how histograms of quantized DWT coefficients change
after embedding. This assumption is quite natural since any compressed data
has such property. From now on, we assume that DWT coefficients belonging to
a codeblock! are divided by its quantization step size in advance and then two
codebooks, C? and C*, for two quantizers can be defined as C° = {0, =+ (25 +
0.5);7 € {1,2,...}} and C* = {£(2j + 1.5);5 € {0,1,2,...}} for all frequency

! The codeblock is a unit processing block in JPEG2000 coding, as described in Section
3. The quantization step size can be different from codeblock to codeblock.
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subbands. Let h; and h_;, i € {1,2,...} denote the number of DWT coefficients
whose values w are in the interval ¢ < w < i+ 1 and —i —1 < w < —i,
respectively, and hg in the interval —1 < w < 1. These settings reflect the
feature of JPEG2000 that the absolute values of DWT coefficients are bit-plane-
encoded to integers and decoded by adding 0.5 to the encoded absolute value
except for 0, i.e., for example, w = —3.8 is encoded as -3 and decoded as -3.5.
Let h; and h] denote the number of DWT coefficients in the lower and higher
half interval of h;, respectively, and therefore h; + h;r = h;. After embedding
by QIM, the histogram h; is changed to h; as

1 1 _
h; = 2hi + 2(hzt1 + hiyq)- (1)

The change in (1) can be understood as follows. For example, if 7 is a positive
even number, and C? is used for embedding zero, half of DWT coefficients in the
interval i < w < i+1 are used for embedding zero and their quantized coefficients
are unchanged after embedding. However the other half, (h; +h;")/2 coefficients
are used for embedding one, resulting in that h; /2 coefficients are quantized to
i—1and h; /2 coefficients to i+ 1. Alternatively, h;” ; /2 coefficients from the bin
i—1 and h; /2 coefficients from the bin i 41 are quantized to i for embedding
zero. With similar consideration, it is easily understood that the change shown
in (1) holds true for any number .

Eq. (1) indicates that if h; = hj_ | + hi,,, then the number in the bin i does
not change. In particular for ¢ = 0, &1, however, much difference between h; and
hi y + hi,, causes the significant change on h; after embedding. That is, since
ho is usually larger than hy and h_1, the most significant changes are decrease
of hy and increase of h; and h_i. Therefore a straightforward application of
QIM in the DWT domain cannot be allowed for secure steganography against
histogram-based attacks.

Now let us try to preserve hg, h; and h_; after embedding. We introduce
a dead zone for DWT coefficients w, t; < w < tf (=1 <t; <0 <t} < 1)
where DWT coefficients are not used for embedding. The number of positive
DWT coefficients IV ;‘ and that of negative coefficients IV, in the dead zone are
described as Nj = N(0 < w < t}) and N; = N(t; < w < 0), respectively.
tT and t; are determined by optimum N and N, values which minimize the
histogram changes for the bins 0 and +1.

By introducing the aforementioned dead zone, part of h;{ and hy , i.e., h;{ -N j
and hg — N are used for embedding, and therefore hg, by and h", become as
follows.

’ _ ]_ — — ]- —
hozN;"‘Nd +2{(h3__N;)+(ho _Nd)}+2(ht1+h1)
/ 1. 1 _
hy = 2(h1 +hf)+2{(h§—Ni)+h2}

’

1, _ 1 _ _
h_y = 2(h71 +ht)+ Q{th + (hg = Ny )}
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The optimum values for Nj and IV, can be derived by minimizing the sum of
squared histogram changes over bin indices 0 and +1, Z;:_l(hi —h;)Q. Note that
in the proposed QIM-JPEG2000 steganography, quantized coefficients Os cannot
be treated as zeroes embedded in them, because they cannot be discriminated
from Os in the dead zone. Regarding this problem and its solution, see [6].

2.2 Histogram Preserving HM-JPEG2000 Steganography

Consider histogram matching at quantization step of DWT coefficients, assuming
that the probabilities of zero and one are same in binary data to be embedded.
Histogram matching is here considered separately for positive coefficient part
and negative one, since there sometimes exists asymmetry between both parts.
In the following, the matching for positive part is only described (negative part
can be treated in the same way).

Two quantizers, Q°(w) and Q'(w) are prepared: the former used to embed
zero and the latter to embed one.

0 ) <w < t9
0 _ ) 0 1
Q(w)_{2j+0.5,t§?<w<t§?+1,je{1,2,...}, (2)
Q'(w) =2j+ 1.5, t] <w <tj,, j€{0,1,2,.. .}, (3)

where w is a positive DWT coefficient and ¢§ = ¢t} = 0. The decision threshold
values t9,j € {1,2,...} for Q°(w) are set so that they satisfy

hg for j=0

2 hy; for j e {1,2,...}, (4)

1N(t§? <w <ty = {
where N(t) < w <19, ) depicts the number of coefficients in the interval ¢} <
w < 19, . Note that 1/2 in (4) means that half of relevant coefficients are used for
embedding zero and its number is adjusted to h{ or ha; of cover image to preserve
the histogram of cover image. The decision threshold values t}, j€e{1,2,...} for
Q' (w) are similarly set as they satisfy

1

2N(t}<w<t}+1):h2j~+1, j€{0,1,2,...}. (5)

From Egs. (4) and (5), it is found that histogram preservation can be realized
if ha_ + Z;il hzj = Z;}io h2j+1 = N(O < w < OO)/Q . The condition ha_ +
Yoy hej = 3072 haj+1, e, fleven = fodd does not hold true in general. The
relation feven > fodd usually holds true, and in high frequency (low level)
subbands, feven > fodd because hg is much larger than others.

Consider how to match after-embedding histogram with before-embedding one
under the relation of feven > fodd. We introduce a dead zone, 0 < w < tq (tq <
1) in which DWT coefficients are not used for embedding. ¢4 is determined as it
fulfills

Ng= N0 < w < tq) = feven — fodd. (6)
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Eq. (6) means that fodd is equal to feven with least Ny coefficients removed.
Then using tq and Ny, the decision threshold values ¢3,t5,j € {1,2,...} for
Q°(w) and Q'(w) are set so that they satisfy

;N(td<w<t?):h§—Nd (7)
;N(t?<w<t?+1):h2j7 je{1,2,...}, (8)
1 1
SN (ta <w<t])=h (9)

;N(t} <w <tj)=hg, j{1,2,...}, (10)

respectively. Egs. (7) to (10) indicate that fodd and feven — Ny are equal to
N(tq < w < 00)/2 and then histogram matching becomes possible.

3 Implementation of the Proposed JPEG2000
Steganography

JPEG2000 encoder consists of several fundamental components: pre-processing,
DWT, quantization, arithmetic coding (tier-1 coding), and bit-stream organiza-
tion (tier-2 coding) [11] (see the left part of Fig. 1). Pre-processing includes inter-
component transformation for multi-component images, typically color images.
After the DWT is applied to each component, wavelet coefficients are quantized
uniformly with dead zone. The quantized wavelet coefficients are then bit-plane
encoded by arithmetic coding. In JPEG2000, each subband of the wavelet trans-
formed image is encoded independently of the other subbands. Furthermore, each
subband is partitioned into small blocks called codeblocks, and each codeblock
is independently encoded. The compressed data from the codeblocks are orga-
nized into units called packets and layers in tier-2 coding, where the bit-stream
of each codeblock is truncated in an optimal way to minimize distortion subject
to the constraint on bit rate. This rate-distortion optimization determines the
optimal number of bit-planes for each codeblock under the given bit rate. That
is, the true quantization step sizes for DWT coeflicients are determined at the
final stage of compression.

Considering the aforementioned feature of JPEG2000, data embedding by the
proposed JPEG2000 steganography is decided to be performed after the arith-
metic decoding in decoding process, where the optimal bit-plane structure and
the true quantization step sizes for a given bit rate are available. The procedure
for data embedding and extraction in the proposed JPEG2000 steganography
is shown in Fig. 1. The proposed JPEG2000 steganography was implemented
using JJ2000 Java software of JPEG2000 compression [12].

The entire process to embed data follows the solid line arrows shown in Fig.
1. An image is encoded into JPEG2000 bit-stream, whose size can be met al-
most exactly to a target bit rate. The JPEG2000 bit-stream is then decoded,
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but decoding is halted after the arithmetic decoding. At this point, given raw
DWT coefficients and the true quantization step sizes, data embedding can be
carried out using two quantizers. The quantized DWT coefficients modified by
embedding are then subjected to JPEG2000 encoding again, which produces
secret-data-embedded JPEG2000 bit-stream.

The data extraction procedure follows the dashed arrows in the middle part
of Fig. 1. JPEG2000 decoding of the secret-data-embedded bit-stream starts
from bit-stream unorganization and is halted after the arithmetic decoding. At
this point, extraction of secret data is carried out using the quantized DWT
coefficients.

Original Image

Pre-Processing
DWT Coefficients
DWT Quantization
l Secre& data  Step Size Secret data
Quantization Extraction Embedding
| ! }
Arithmetic Coding Arithmetic Decoding Arithmetic Coding
(Tier-1 Coding) (Tier-1 Decoding) (Tier-1 Coding)
| L }
Bit-Stream Bit-Stream Bit-Stream
Organization Unorganization Organization
(Tier-2 Coding) (Tier-2 Decoding) (Tier-2 Coding)
[y
Bit-Stream ——8 —— e Bit-Stream
(Embedded)

Fig.1. A flowchart of data embedding and extraction in the proposed JPEG2000
steganography

4 Experiments

The proposed QIM-JPEG2000 and HM-JPEG2000 were evaluated comparing
with JPEG2000-BPCS steganography [8], which is the first JPEG2000 stegano-
graphic method proposed by us. JPEG2000-BPCS embeds data into complex
blocks in the least significant bit-planes of quantized DWT coefficients. The
complexity of each block can be measured and it is used to determine whether
the block is complex enough to embed data. These three methods were tested
using eight standard images: Lena, Barbara, Mandrill, Airplane, Boat, Goldhill,
Peppers, and Zelda. These images are 512 x 512 pixels in size, 8 bit per pixel
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(bpp) gray images, and were compressed with 1 bpp as the before-embedding
target bit rate.

The histogram change can be measured by Kullback-Leibler divergence, which
is defined as

Dgr = ZRlog P?

h; h
:;Nlogh

~

~ S

; (11)

<)

where P; and P, are probabilities of quantized coefficient i before and after em-
bedding, respectively, and N is the total number of coefficients for each frequency

subband. Here Eq. (11) was evaluated only for nonzero h; and nonzero h;.

Table 1. Results of embedding experiments

method embedded data compressed image PSNR KL prob. of
size (bytes) size (bytes) (dB) divergence embedding (%)
(no embedding) - 32974 38.0 - 1.4
QIM-JPEG2000 3855 39780 35.4  0.0028 0.8
HM-JPEG2000 3781 39919 34.6  0.0012 1.2
JPEG2000-BPCS 3711 39315 35.2  0.0106 26.8

Experimental results with almost equal amount of embedding performed are
shown in Table 1, where each result is the mean value for eight images. For
QIM-JPEG2000 and HM-JPEG2000, their maximum amount of embedding was
performed. In JPEG2000-BPCS, the amount was adjusted by setting a thresh-
old of the complexity as 10, which is larger than a typical threshold value 8 for
4 x 4 block size, and therefore the embedded amount was smaller than that in
usual JPEG2000-BPCS [8]. The KL divergence and probability of embedding in
the table are those averaged over three subbands (LH, HL, and HH subband)
of third-level in five-level wavelet transform used. The third-level subbands are
here selected considering the balance between the total number of DWT coef-
ficients and the number of non-zero DWT coefficients in a subband. That is,
in a higher level subband, the total number of coefficients is smaller and there-
fore its histogram is less reliable, and in a lower level subband, the number of
non-zero coefficients is smaller. The KL divergence value for JPEG2000-BPCS
is much larger than those for QIM-JPEG2000 and HM-JPEG2000. Smaller KL
divergence values represent better histogram preservation. Regarding histogram
preservation, HM-JPEG2000 is the best as is expected, but in terms of quality
(PSNR value) of stego image, it is the worst. The probability of embedding [2]
is a measure related with the chi-square attack to steganography based on the
least significant bit (LSB) flipping, i.e., the probability of chi-square statistic
under the condition that the LSB flipping is applied. It could be concluded that
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the chi-square attack cannot work for the proposed methods but it may possibly
detect the embedding by JPEG2000-BPCS.

5 Conclusions

Two JPEG2000 steganographic methods, QIM-JPEG2000 and HM-JPEG2000
have been presented. QIM-JPEG2000 is a histogram quasi-preserving method us-
ing QIM with a dead zone and HM-JPEG2000 is a histogram preserving method
based on histogram matching using two quantizers with a dead zone. Comparing
with JPEG2000-BPCS steganography, the two methods show better histogram
preservation. It is also shown that the chi-square attack cannot work for the
proposed methods. The proposed methods are promising candidates for secure
JPEG2000 steganography against histogram-based steganalysis.
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Abstract. The depth of image is conventionally defined as the distance between
the corresponding scene point of the image and the pinhole of the camera, which
is not harmony with the depth perception of human vision. In this paper we de-
fine a new perceptual depth of image which is perceived by human vision. The
traditional computation models of image depth are all based on the physical im-
aging model, which ignore the human depth perception. This paper presents
a novel computation model based on the visual perception theory. In this ap-
proach, we can get the relative perceptual depth from a single 2-D image. Ex-
perimental results show that our model is effective and corresponds to the human
perception.

1 Introduction

The depth information of a scene is very important in computer vision. It is a useful
clue, for instance, for the purpose of object recognition and scene interpretation. The
traditional definition of the depth of a visible surface is the distance from the surface
to the camera. i.e., it is the distance between the surface to the thin convex lens[1].
This definition is not harmony with the human depth perception, thus we redefine a
perceptual depth conception based on the visual perception in this paper.

So far, various methods for depth estimation have been proposed. The method of
stereopsis [2] is most popular of them. In this method, the same scene is imaged by
two different cameras at two different positions. And then we can get the depth from
the binocular disparity. In addition to this method, researchers have used the camera
focus for depth recovery, which is called depth-from-focus (DFF) method [1, 3, 4, 5].
This method is based on the defocus and blurring in the image to determine its depth.
Besides these, A. Torralba and A. Oliva proposed another depth estimation algorithm
called depth estimation from image structure [6], which is based on the whole scene
structure that does not rely on specific objects. In these methods, some just use a sin-
gle 2-D image to estimate the depth [1, 6, 7]. Depth estimation from a single image is
simple and more usually used in many situations. In our method, we also only use a
single image.

All these depth estimation methods are only derivate from physical image model,
which neglect the depth perception of human beings. The depth of image is just the
depth which human perceive from the image. In this paper, a depth estimation model
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based on visual perception theory is proposed. Both the physical imaging process and
the human depth perception are considered in our model.

This paper is organized as follows. In Section 2, some principles about depth per-
ception in visual perception theory is described. Then we propose the definition of
perceptual depth and computable model of depth estimation based on visual percep-
tion theory in section 3. The experimental results using this model are presented in
Section 4. Section 5 concludes this paper.

2 Some Depth Perception Theories

In this paper, we mainly use two theories in the visual psychology. One is depth per-
ception theory and the other is the size constancy theory. The two theories are discov-
ered by psychologists long before. We will discuss these theories in the follow sec-
tions.

2.1 Depth Perception

Human beings always perceive the depth correctly and quickly. How do human be-
ings get the depth from the images on their retinas? According to scientific re-
searches, visual psychologists have concluded five main clues for the depth percep-
tion: binocular disparity, convergence, motion parallax, accommodation, and pictorial
cues. [8]

large plane

snall plane

left eve right eve

[CY) (B) w©

Fig. 1. Example of binocular disparity: because the two planes have different distances from the
observer, the images on retinas are different. (A) is the image on the left retina; (B) is the image
on the right retina.

Fig. 1 shows an example of the binocular disparity. The vision system can estimate
the depth according to the disparity of the two images. If the images in two eyes are
same, it means that the large plane and the small plane are on a same plane. The con-
vergence, motion parallax and accommodation factors are illustrated as Fig. 2.

The four factors above are so important for depth perception, but they all have less,
even no, use when observer looks at a single 2-D image. Depths still can be perceived
by human in certain conditions. In this situation, the pictorial cues play a key role.
What are pictorial cues? Pictorial cues include perspective, shade, and occlusion and
so on. Generally, all the depth cues like these in the image are called pictorial cues
[8]. If there is no pictorial cue; human beings can perceive nothing about depth from a
single 2-D image. So pictorial cues are necessary for depth estimation from a single
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image. Different pictorial cue gives us different depth perception. Consequently, our
depth estimation method just uses the real ground cue in the image. Fig.3 shows an
example about different pictorial cues.

Fig. 2. Three factors of depth perception: (A) shows convergence factor. The two eyes con-
verge at a certain point: angle o is larger than angle p because of the different depths. (B) de-
scribes the factor of motion parallax. Point A is farther than point from the observer. When the
observer moves from P1 to P2, the change angles of the two points are o and B, a is obviously
larger than . Accommodation factor is shown in picture (C).When the observer stares at A,
point B, which is father than point A, is blurry in human eyes.

a At at

Road

(B)

Fig. 3. Example about pictorial cues: Different pictorial cue gives us different depth perception.
We have no idea about depths of the two trees in (A) because of no cue of image. The two trees
have different depths in (B) due to the road’s perspective. The depths of the two trees we per-
ceived in (C) are same, but they have different heights.

2.2 Perceptual Size Constancy

Our perception of objects is far more constant or stable than our retinal images. Reti-
nal images change with the movement of the eyes, the head and our position, together
with changing light. If we relied only on retinal images for visual perception we
would always be conscious of people growing physically bigger when they came
closer, objects changing their shapes whenever we moved, and colors changing with
every shift in lighting conditions. Counteracting the chaos of constant change in reti-
nal images, the visual properties of objects tend to remain constant in consciousness.
This phenomenon is called perceptual constancy in visual psychology theory. Psy-
chologists classified the perceptual constancy into four categories: color constancy,
brightness constancy, size constancy and shape constancy [9, 10].

The size constancy is playing a key role in human vision in recognizing objects.
Psychologists have discovered computation theory of size constancy [8]. They have
got an expression to compute the perceptual size as:
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S=kxAxD (1

where S is the object’s perceptual size, A is the angle of view, D is the perceptual
depth of object, k is the zoom coefficient of human eyes or camera, it keep invariable
in a certain imaging process. The angle of view A can be represented by the size of
object in the image.

Fig. 4. Example of computation of size constancy: The images of two trees in human retina
have different heights. Tree 1’s image is higher than tree 2’s in the retina, but the heights
which human perceive are same.

Fig. 4 shows an example of the computation theory of the size constancy. The view
angles of the two trees are a and . The view angle can be represented by the size of
object in the image. We define the sizes of the trees in the image as S; and S,. In addi-
tion, according to the pinhole imaging model, the size of the object in image is in
inverse proportion to the distance between the object and the observer. From equation
(1), we can compute the perceptual size of the two trees, we define the perceptual size
of the two trees are PS; and PS,, the relationship between PS; and PS, is as follow

PSl kX a X dl (e dl
- = = —_x—==1
P2 kxBxd, B d &Y
From the computation of the size constancy, we find the perceptual size of treel is
equal to the perceptual size of tree2. Although they have different size images on
human retina, the sizes human perceive are same.

3 Perceptual Depth Estimation

In this section, we mainly discuss the depth estimation method. But above all, we
define a novel image depth called perceptual depth (PD) based on the visual percep-
tion theory.

3.1 Definition of Perceptual Depth

The traditional definition of image depth is not harmony with human depth percep-
tion. According to visual cognition theory and our common sense, human vision per-
ceives the distance from the foot of object to human foot (foot-to-foot), rather than
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from other parts of the object to human eye, as the depth of this object, because the
ground supporting feet of objects is the most important reference surface for depth
perception of human vision [11]. In fig.5, the scene points P> and Q’ have the same
depths, because they have a same foot. All the points on a same straight line on the
ground, which is parallel to the image plane, will be perceived as the same depth, just
like line L; and L, in the Fig. 5. Consequently, we define the distance from the scene
point to the plane, which contains the point O and is parallel to the Image Plane, as
Perceptual Depth (PD) of its corresponding image point. For instance, in Fig.5, the
PD of the point p in the image is the distance from P’ to E.
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Fig. 5. The pinhole imaging model with real ground: O is the pinhole, f is the focus distance.
Image plane is vertical with the real ground plane.

3.2 Perceptual Depth Estimation

We will use the geometrical optics knowledge and the visual perception theory to
estimate the perceptual depth. Fig.5 shows the pinhole imaging model with real
ground. P’ and U’, which images are P and U relatively, are on the ground. In the
image, U’ is the nearest point to the pinhole. The distance between U’ and E is d. The
horizon (vanishing line) between the real ground and the real sky surely projects
along the optical axis onto the image plane, and form the image line L;, which must
be parallel to the real ground plane, as shown in Fig.5. O’ must be the center point in
the image.

According to physical imaging process, line P’U’ and U’M have a same image in
the image plane, that is PU. We denote length of line PU as h. According to the equa-
tion (1), the perceptual size of U’M, which is noted as PS;, can be obtained as:

PS,=kx|PU|x|U"E| = kxhxd (3)

And then we denote the perceptual size of P’'U’ as PS,, according to the geometrical
relation, we can compute PS, as follow:

PS, = PS, Xtan @ 4)
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where @is ZP"'MU ", which is equal to ZOPQO".And tan ZOPO' can be com-

puted as follow according to geometry:

tan@=tanZOPO ' = ﬂ = L 3)
|PO| |PO]

where fis the focus distance. Because O’ is the center of the image and |PUl=h, sup-
pose the height of image is H, so |IPO’I=H/2 — h. And in equation (3), if k=1/f, PS; is
just the real size of U’M. Consequently, let k=1/f,, we can get PS, form (3), (4) and
(5) as follow:

PS,=kxhxdx f =L><h><d>< f = h xd (6)
|po| f H/2-h H/2-h

Suppose the Y-coordinate of point P in the image is Py, and pixel is used as the unit
of H, h and P,. Then h can be expressed as (H - P,). The perceptual depth of P’ in
Fig. 5 is denoted as PD, which can be described as follow:
PD=PS,+|U"E]| S Sy -
H2-h H2-h 2P-H
From equation (7), image height H and Y-coordinate of P can be easily obtained
from an image. If knowing the depth of closest point U’ that is d in the equation or
any point’s distance in the ground, we can compute the perceptual depth of any point
in the real ground. And the depths of objects can be obtained through its referenced
foot on the ground. If d is not known, the relative depth of each point can be com-
puted by equation (7) using d as the unit. So given a single 2-D image, we can obtain
the depths easily form equation (7).

xd (HI2<P, <H) (7)

4 Experimental Results

We use our method to estimate the PD in the follow 2 images and measure the real
data to check our method. The detail experiment data is shown in the table 1.

Fig. 6. Estimate the PD of trees in the two images: The number of tree becomes bigger from
nearness to farness in the two images. The nearest right tree in (A) is 1%, the farthest tree is 7™.
The nearest right tree in (B) is 1%, the farthest one is 8"
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Table 1. The height and width of the two images are 2048 and 1480 relatively. CPD is the
distance of the closest point, RPD is the relative perceptural depth; PD is perceptual depth,
which is computed by our method; RD is real depth that is obtained by measurement; RE is
relative error and ARE is average of relative error.

Image | Object | CPD | P, RPD PD RD RE ARE
(m) | (pixle) (m)
"tree | 29 | 1070 | 2.242 | 6.503 7 7.1%
2 tree | 2.9 935 | 3795 | 11.005 | 119 | 7.52%
Fig.7 | 3%tree | 2.9 872 | 5.606 | 16.258 | 16.9 | 3.80%

(A | 4"tree | 2.9 832 | 8.044 | 23326 | 219 | 6.51% [14.95%
5T tree | 2.9 811 | 10.423 | 30225 | 26.8 | 12.78%
6" tree | 2.9 793 | 13.962 | 40.491 | 31.7 | 27.73%
T tree | 2.9 782 | 17.619 | 51.095 | 36.7 | 39.22%
1"tree | 3.9 | 1130 | 1.897 | 7.398 74 | 0.00%
2 tree | 3.9 953 | 3.474 | 13549 | 13.6 | 3.72%
3%tree | 3.9 884 | 5.139 | 20.042 | 20.0 | 2.08%
Fig.7 | 4" tree | 3.9 849 | 6.789 | 26.477 | 26.0 | 1.83% | 3.51%

B) [ 5"tree | 3.9 810 | 10.571 | 41.229 | 403 | 2.30%
6" tree | 3.9 799 | 12.542 | 48915 | 463 | 5.65%
T tree | 3.9 790 | 14.800 | 57.720 | 54.3 | 6.30%
8" tree | 3.9 785 | 16.444 | 64.133 | 60.4 | 6.18%

From the table 1, comparison of the real value with the perceptual depth is shown
in Fig. 7. We can safely draw a conclusion that the farther is the object from the ob-
server, the larger is the relative error. This conclusion is also consistent with human
visual perception. In fact, if the object is far enough, human beings also can’t perceive
the depth accurately.

|0 F + Real Dopth

2 /r, = Prresptusl Depth

CEIZa HaBE|Sh|BE|E b E
z

Fig. 7. The change curves of the two experiments: (A) is the curve of Fig.6(A); (B) is the
change curve of Fig.6(B)

The two charts in Fig.7 show that relative error in image (A) is larger than image
(B). The reason is that optical axis of the camera is not completely horizontal in im-
age (A). From our many experiments, we find the perceptual depth we estimate is
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relative accurate in the condition that the angle made by optical axis of camera and
horizon is between -30 degrees and 30 degrees. That means in this range, our method
can be used effectively. The greatest strongpoint of our method is that only one image
and no priori information is needed. The computation in our method is also simple
and the parameters are easily to obtain.

5 Conclusion

Image depth is a very important clue in computer vision. In this paper, deriving from
human visual perception, we give a new definition of image depth (PD). The visual
perception theory is continuously used to obtain the computation of the perceptual
depth. This depth estimation method is simple, quick, general and effective, which
has an extensive use. From beginning to end, both the physical model and human
perception are considered. We tentatively introduce the depth perception into the
computer vision and get an effective depth estimation method. It is maybe a novel
effective way to solve some problems in CV with visual perception theory.
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Abstract. To improve the degree of immersion for strategic situation
representation in strategic war gaming, the concept of virtual news and
automatic generation model are presented in this paper. Via analyzing
characteristic of news video, the design and generation algorithm for virtual
news narrative template are given, which borrow the idea of Natural Language
Process and combine the specialties of news video. And the narrative template
revise algorithm is also proposed based on time constraints. Virtual News is
automatically generated driven by virtual news narrative template, which
retrieving relative news segments in multimedia database and selecting
appropriate representation method based on the model- EEDU (Extended
Entity-Description-Utility). This approach can generate virtual news according
to text description about strategic situation provided by users, and furthermore
provide personalized service for decision-makers. Finally, experiment results
are used to indicate the validity of our system.

1 Introduction

News is new information about some subjects which the public has interest in. It has
the characteristic of specialties, novelty, and interests and so on U But virtual news is
not real news edited by TV stations and generated to represent strategic situation
according to the strategic war gaming simulation course of some round. Its goal is to
show the cause and effect of news event streams happened during some periods of
simulation for decision maker. It is organized based on the collected and processed
news information materials.

PERSEUS project ® creates personalized multimedia news portals, which provides
relevant information, selected from newswire sites on the Internet and augmented by
video clips automatically extracted from TV broadcasts. A personalized video story
generation approach '*! based on the user’s interests is presented, but these systems
above does not consider the narration in news and virtual news representation style. A
framework ! for home movie making is presented and implemented, where there are
essentially three phases to make film. (1) Storyboarding: Entails the selection of a
narrative template, a decision as to the intent of the production, and the resulting
automatic generation of a storyboard. (2) Directing: Footage is actually captured,
according to the generated storyboard of phase 1. (3)Editing: The captured footage is
assembled into the final film according to the storyboard. The approach in [4]
provides a workflow for film making but it is not appropriate for our work. Because

Y. Zhuang et al. (Eds.): PCM 2006, LNCS 4261, pp. 96— 105, 2006.
© Springer-Verlag Berlin Heidelberg 2006
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the time for decision making between rounds in strategic simulation is restricted, it’s
impossible to take a long time to go to the locale to capture and create relative
materials for our purposes. Therefore the collected, existed and processed news video,
picture, audio must be utilized fully in our system.

Considering the characteristic of strategic simulation virtual news has following
specialty: (1) Fast generation. Because of the continuity and pressure of strategic
simulation process, virtual news must be generated quickly so that decision makers
can understand the changing situation in time. (2) Time constraints. The length of
generated virtual news is about 15 minutes and cannot be too long to affect the
process of strategic simulation. Automatic generation of virtual news is driven by the
strategic situation description text documents like news report provided by users and
the length of these documents is different. These documents introduce the content of
some event in detail and the audio track of virtual news video is created by speech
systemization engine based on documents. If all the content of one document is read
by anchor, the synthesized speech will be too long for the final generated virtual news
video. So the important task of our system is to process the text documents based on
time constraints of strategic simulation.

The following parts of this paper are organized as follows: Section2 gives our
system an overview. Section 3 introduces the automatic generation of virtual news
narrative template and implementation algorithm. And the method for virtual news
template revision based on time constraints is presented. In section 4, we discuss the
multimedia materials retrieval model—EEDU and representation style for virtual
news. In the section 5 the experiment result is given. At last, in section 6, we draw
conclusion for our system and give some ideas to improve the system in the future.

2 System Architecture of Virtual News Generation

An overview of the implemented system architecture can be seen in Fig.1. Generally
speaking, the system includes the main 3 phases: automatic generation of virtual news
narrative template, multimedia materials retrieval and virtual news video generation
(as shown in grey block). The specific block diagram of our system is as follows:

(1) User provides a set of news description documents like internet news report about
some event;

(2) Analyze text document sequentially and generate news heading, anchor
commentary, time and so on for each news document;

(3) Generate virtual news narrative template using processed text document with
news heading, announcement commentary, time etc;

(4) Revise the narrative template based on time constraints until satisfy condition of
time restriction. The computing of time lies on the length of the synthesized
speech of anchor commentary in template.

(5) Search appropriate media materials driven by narrative template based on model
EEDU and select appropriate representation style for virtual news;

(6) Synthesize media materials and generate virtual news video for decision-makers.

The approach for representing situation via virtual news is like telling stories to
decision makers and show the effect and cause of an event clearly, which will be great
help for decision makers.
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Fig. 1. The block diagram of generating virtual news automatically

3 Automatic Generation of Virtual News Narrative Template

3.1 Establishment of Virtual News Narrative Template

Considering the criterion of news report video like CCTV news, we establish the
following virtual news narrative template to represent the virtual news for satisfying
the needs of user:

News heading Subject Description:
News overview Event (Action) Description:
Content of Virtual news / O.b ject Description:
Time:
Place:
Content of Virtual news n News heading:
Anchor commentary: X
Newsending HXXXXXXXXXXXXXX

Fig. 2. Fig2 (a) shows the virtual news narrative template, and Fig2 (b) the specific content
format for the k™ virtual news

News heading —news overview —content representation of the first news
—...—content representation of the nth news— news ending (Fig.2(a)). From Fig.2
(a) it shows that there many virtual news in a template. And each virtual news has its
own description format including subject description, object description, time, place,
event, action, anchor commentary about news (Fig.2 (b)). The description format of
each virtual news content embodies many essential elements of news report, such as
Who, When, Where, What, How and so on. Virtual news narrative template is the



A System for Generating Personalized Virtual News 99

base for generating virtual news, which not only provides standard format, but also is
the key part for retrieving relative media materials.

3.2 Automatic Generation of Virtual News Narrative Template

The goal of this phase is to generate the virtual news narrative template from a set of
documents about a subject provided by user. The elements of each virtual news in
narrative template can be extracted by information extraction technology combing
with technology of natural language process (NLP). The tasks of creating virtual news
narrative template include automatic generation of time, place, anchor commentary
and news heading from documents etc.

(1) Time extraction

Time is one of the most important elements in news report, which represents the time
that an event happens. The standard time format in this paper is defined as follows:
time= yyyy-MM-dd-hh-mm-ss. There are three kinds of time: (1) Absolute time. It is
easy to convert this kind of time into the standard format, such as “2008(] 9] 1J” in
Chinese can be converted into the following standard time format: 2008-09-01-00-00-
00; (2) Relative time. Relative time can be obtained by extracting or setting some time
reference point in document; (3) Fuzzy time. Because it is fuzzy there is no way
transforming this kind of time into standard time format. For example, “few day ago”.
This kind of time will be processed manually.

Because time of strategic simulation is often virtual and not relative to real time,
attributes of documents such as the latest modified time and creation time cannot be
used for time extract. We achieve time by the time mark tagged during the words
segmentation in a document. And each round of strategic simulation has its own

virtual time interval. Assume that the interval of the Jth round is [timelf Jtime; ], if the

extracted time is not in the interval, time will be designated manually. The case of
place extraction is like time.

(2) Anchor commentary extraction

Anchor commentary in narrative template is important element for introducing news
content in detail, which will be read by anchors. Anchor commentary extraction is
implemented like news abstraction generation. Our approach uses conventional vector
space model to represent documents. Each document is represented by a vector of
weighted terms. Document, paragraphs, and sentences in paragraph are represents
term vector with the same length. And the similarity between document and
paragraph, paragraph and sentence are computed by cosine distance. The relative
concept definition of algorithm for anchor commentary extraction and detailed
algorithm description are defined as allows:

Definiton 1. Let 7' denote a document, and let V(T)= (W,,W,.---,W, ) denote term’s

weight vector for document7 , W, represents theith term’s weight. For weight of

term in body of document 7 , we use traditional “ltc” version of the #f -idf scheme [3].

W,,.---,W, ) denote

i '

Definiton 2. Let P, denote a paragraph in document7 .V(P)= (
term’s weight vector in P, where W, represents the j th term’s weight in the i th

paragraph.
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Definiton 3. Let S, denote the j th sentence in the i th paragraph in document
T,v(s,)=W,.W,

i1 Wiasee ”,()denote term’s weight vector in S, where W, represents

z/m

the weight of the mth term.

Definiton 4. The similarity between paragraph P and document 7 is define
| V(B)evir)

i

vR)ep(r)

1 1
V(p)= (W”2+Wl.22 +---+W,.k2ﬁ,|v(T)| = (WIZ+W22+---+Wk2F

as: S(p,T ,where V(P ZW:}XW/' , WyeV(R) , W,ev(T),

ij

Definiton 5. The similarity between sentence S; and paragraph B is defined as:
) V(Sij) V(P,)

A N
ij i

Algorithm 1. The extraction algorithm of anchor commentary is described in detail as
follows:

s(s,.P

ij°

Stepl: Construct term vector V(T) for a given input document T

Step2: Extract all paragraphs for a document and construct term vector V(P;) for
each paragraph;

Step3: Compute similarity between each paragraph and document by formula S
(P.1);

Step4: If S(P,T)>B(predefined threshold, 0.65)[1P; is considered as a subject
paragraph. First and last paragraph are processed as subject paragraph no matter what
the similarity is more than threshold;

Step5: Construct term vector V(S;;) for each sentence in subject paragraph;

Step6: Computing the similarity S(S;P;) between each sentence S; in subject
paragraph i and paragraph i;

Step7: Sentences of subject paragraph are ordered by descend based on S (Sj, Pi).
The sentences with higher similarity S(S;,P;) is selected as subject sentence. In this
paper the sentence selection ratio is 0.3, which will be adjusted based on time
constraints discussed in next section;

Step8: All sentences labeled as subject sentence in document are organized as a
rough commentary according to the sentence’s sequence in original document.

After all subject sentences are extracted, we use sentence parser approach [5] to
extract syntactical structures to fill the narrative template.

3.3 Virtual News Template Revision Based on Time Constraints

To satisfy the requirements of the characteristic of time constraints between the
rounds of strategic simulation, the revision method based on time reduction for each
virtual news is adopted in this paper. It mainly reduces the length of anchor
commentary because the anchor speech is created by speech synthesize engine and
the synthesized speech’s time must fulfill the time constraints. Suppose the total time
of virtual news is L minutes, there is N news, denoted as VN = {VNl,n-,VN N}. Assume
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that the synthesized time is L, corresponding to the k™ virtual news’s anchor

N
commentary. To satisfy the condition ) I <L, time reduction method must be

i=1
adopted to revise the virtual news narrative template. There are two kinds of tactics
for time reduction: average tactics and importance tactics. Our system uses the
average tactics as default and allows user to select appropriate time reduction tactics.

(1)Average tactics

Average tactics means that all virtual news in template is of the same importance. So
the time assigned for introducing the news content is identical. First scan the virtual
news sequentially. Then compute the time of synthesized speech for anchor
commentary. If time is more than average time, we use algorithml to generate anchor
commentary again and reduce the number of selected subject sentences until satisfy
the time constraints.

(2) Importance tactics

All news is ordered by its importance and urgency. The more important and urgent
virtual news is, the more possibility of keeping original length of anchor commentary.
We use the principle of top n, which computing the maximum value of i satisfying the

condition ) L, - L.

i=1

4 Generation of Virtual News Based on Narrative Template

Narrative template is the most important part in automatic generation of virtual news.
It describes the whole virtual news along timeline and introduces the content for each
virtual news in detail. And it is also the base of the following process, such as the
retrieval of media materials relative to news.

4.1 Multimedia Materials Retrieval Based on EEDU Model

We propose a multimedia retrieval model — EEDU by extending the EDU model,
which is the abbreviation of Extended Entity-Description-Utility (Ref Fig.3). Some
concepts used in EEDU will be introduced next.

(1) Entity Space. Entity space includes many kinds of entities from videos, images,
audios or graphics. The so-called entity is the existence in multimedia. It can be
notional, or physical. Take video for example, from top to bottom, we regard all video
files, stories, scenes, shots and frames as entities. Entities at different levels form the
structure of videos, and each entity has its attributes and predications. Entity is, in
fact, a subset of videos, images, audios and graphicsJwhich can be temporal or
spatial. Supposing a video segment containing N shots, then the k™ shot can be
described in this way: Shot, ={f, € P(f)|start(k) < f, <end(k)}k e [1,N],Where f; is
a frame, P(f) is the set of all frames, start(k) and end(k) is the start and the end frame
number of shot k respectively.
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Fig. 3. Search Engine based on EEDU (Extended Entity-Description-Ultility)

(2) Description Space. Description is the abstract and general explanation of an
entity. Different from the original information, description is the processed and
extracted information, which can be more understandable. Description space is the set
of descriptions. Here we use the description schema (DS) in MPEG-7 to describe the
content of an entity. For example, SemanticTime DS, SemanticPlace DS, Event DS,
Object DS, Face DS etc at the conceptual layer are used.

Different levels of entities have different descriptions. The description of an entity
is formed from several descriptors. For example, entity E; can be described as
follows: D, :{dkl’de’dkfi""}’ Where dy;, dio, dis, ... are descriptors of the entity.

Users can add descriptors to the entity.

(3) Utility Space. Utility is the contribution of an entity. In other words, it explains

how much work the entity does in representing some concept. We use descriptions of

each entity to evaluate the utility. And by the utility function, we can get a series of

utilities. Based on these utilities, we can finally select entity with highest utility.
Generating utility from descriptions, which can be shown as follows:

U=¢(D), wherey = (u,,u,,...,u,)" and o means the utility function. Supposing it is

the simple weight sum function, thenuk — iw. d. > Whereiw_ —1» and Z is the
J ij j E
j=1 j=1

normalization utility of the j ™ description of entity i. For different kinds of media and
users with different interests, the weight of each descriptor is not invariable. We
calculate the initial weight according to user’s custom and experience. When user
interacts with our system, the weight will be adjusted.

4.2 Multimedia Materials Retrieval Based on EEDU Model

After the relative media materials with highest similarity to narrative template are
retrieved by EEDU model, appropriate representation style for virtual news must be
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Fig. 4. two representation styles for virtual news

selected to make the generated virtual news video like real news video. There are two
styles for representation adopted in our system as follows (Fig.4):

(1) Anchor shot+ little window (a picture or video for overview of virtual news) (Fig.
4-1): In this kind of representation style only anchor shot appears and anchor
introduces all the news content by speech.

(2) Anchor shot+ little window[Jand then introduce the detailed news content by
speech and video, picture, or graphics (Fig.4-2).

The description of the representation style for virtual news is based on XML, which
adopts the method of DES timeline '*’. The description includes the information about
the time and space of the materials in generated virtual news video.

The synthesized time of news’s anchor commentary is determined during the
process of section 3. Then the technology of DES (DirectShow Editing Service) ' is
used to synthesize many multimedia materials searched by EEDU. It considers the
representation style and the following rules:

(1) Process of station mark and closed caption. During the collection of media
materials the method for TV station mark and caption detection "' is used and
then detected areas are processed with mosaic.

(2) Consistency of anchor materials. To keep continuity of news video program, the
anchor appeared in materials must be only one and cannot change during the
program. If the anchors in multimedia materials often change, the reality of
generated news program will be reduced.

5 Experiment Results

Our experiment is carried out in Pentium 4 2.0 Ghz CPU, 512 RAM and Windows
2000 professional system. To test the effectiveness of the proposed method,
experiments are carried out on the news materials collected from the CCTV news and
Phoenix news. The news materials are processed into shots, scenes, and stories etc
and annotated with semantics, which is the base of our system. To generate the
personalized virtual news, user provides situation description text like news report
after some periods of strategic simulation ends. In our experiments, user submitted 10
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documents and the relative subjects include “Russia’s president hosts American
Counterpart”, “Chinese Military Exercises”, “American Defense Minister visits
China”, etc. Furthermore it is required that the whole length of final virtual news
video is not more that 5 minutes. So each virtual news’s time is less than 30 seconds
according to the average tactics. The revised anchor commentary of each documents
are listed in Table 1. The 3™ column “Initial num” in tablel refers to the original
sentence’s number of one document, while the “revised num” denotes the revised
sentence’s number based on time constraints.

Table 1. Results of news description text documents process

Virtual news Subjects Initial num  Revised num  Revised Time

1D time

VNI Russia’s president 19 17 00:25” 2009-10-1
hosts  American
Counterpart

VN2 Foreign minister’s 17 15 00:22" 2009-10-2
station

VN3 American Defense 19 18 00:24" 2009-10-2
Minister visits
China

VN4 Chinese Military 25 21 00:30" 2009-10-3
Exercises

Fig.5 (a) shows the user interface of anchor commentary extraction. The final
generated virtual news video program along timeline is shown in Fig.5 (b).

From the above experiment results we can draw the conclusion that the text
process algorithm can satisfy the time constraints during the generation of virtual
news. And the generated personalized virtual news video introduces the news clearly
like telling stories to users and augments the immersion of strategic simulation. But
the shortcoming of the virtual news is that the lipping of anchor is not matching with
the synthesized speech, which is also the emphasis of our future work.

[l 0:00720.00 00073000 0:01700.00 0:01720.00 00178

Y .

i e 0 Audio track

T

(a) Interface of generation  (b) Video and audio synchronization and
for anchor commentary integration based on DES timeline

Fig. 5. Relative interface of our system for generating virtual news automatically



A System for Generating Personalized Virtual News 105

6 Conclusions

This paper introduces our system for generating virtual news automatically and
discusses the relative approach, which has the following three phases: (1) Virtual
news narrative template is generated by information extraction combing natural
language process automatically and revised based on time constraints. (2)The relative
media materials are retrieved based on model EEDU. (3) Virtual news video is
generated by DES considering the representation style. The proposed approach in this
paper augments the degree of automation for virtual news’s generation, which can
improve the immersion of strategic simulation and help decision makers to understand
the current situation for further decision making.
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Abstract. This paper addresses an image fingerprinting scheme for the print-to-
capture model performed by a photo printer and digital camera. When capturing
an image by a digital camera, various kinds of distortions such as noise, geo-
metrical distortions, and lens distortions are applied slightly and simultane-
ously. In this paper, we consider several steps to extract fingerprints from the
distorted image in print-and capture scenario. To embed ID into an image as
a fingerprint, multi-bits embedding is applied. We embed 64 bits ID informa-
tion as a fingerprint into spatial domain of color images. In order to restore a
captured image from distortions a noise reduction filter is performed and a rec-
tilinear tiling pattern is used as a template. To make the template a multi-bits
fingerprint is embedded repeatedly like a tiling pattern into the spatial domain
of the image. We show that the extracting is successful from the image captured
by a digital camera through the experiment.

1 Introduction

Digital fingerprinting is a technique for enforcing digital rights policies whereby
unique labels are inserted into content prior to distribution. Developing specification of
fingerprinting (watermarking) schemes depends on the application which means their
usage scenario. In general the design of fingerprinting (watermarking) schemes focuses
on specific attacks: compression, additive noise, blurring, sharpening, collusion and
geometrical distortions. It is so difficult to handle against those kinds of attacks to-
gether that the fingerprinting schemes are quite different according to applications.

Recently, as a kind of illegal distribution behavior, the method by a digital photo
printer and a digital camera are used widely. For example, high-quality still images
like nude and advertisement images serviced with fee through mobile and Internet are
printed by a high-performance digital photo printer and used in magazine (or poster,
advertisement stuff, interior, etc.) illegally. Digital fingerprinting can be a good alter-
native solution for this problem. The content owner (or seller) can extract fingerprint-
ing information from the image and trace a re-distributor back.

Some fingerprinting techniques based on watermarking have been proposed
[11[31[4][9] for embedding information in multimedia signals. But, these techniques
are not enough to present the variety of customer information as a fingerprint. To

Y. Zhuang et al. (Eds.): PCM 2006, LNCS 4261, pp. 106113, 2006.
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identify lots of customers’ multi-bits embedding scheme is required. Additionally, in
a captured image by digital camera there exist many distortions slightly. So a new
fingerprinting scheme which considers these kinds of distortions is also required.

Generally high-quality still images for advertisement (or poster) have high-price
rate. By this reason, high-quality still images are copied illegally very well and used
widely for the purpose of advertisement in magazine or interior poster, etc. In this
case it is not easy to trace the first illegal re-distributor unless a customer ID is em-
bedded into the image as a fingerprint. The motivation of this paper is to trace the
customer who re-distributes illegally at first using a customer ID from the printed
images. In this paper, to obtain a still image from off-line(magazine or poster) we use
a high-performance digital camera. The reasons we choose a digital camera as an
image acquisition device are that a digital camera is one of convenient mobile devices
and is spread well in public.

The most difficult thing to extract fingerprint from the captured image is to restore
the image from distortions due to D/A-A/D conversion. In this case we can predict
these kinds of distortions from the fingerprinted and captured image.

® Geometrical Distortion

- RST distortion: According to the angle of the camera geometrical distor-
tions such as RST(rotation, scaling, and translation) are occurred slightly.

- Cropping: After capturing the image the boundary portion of the image
could be cropped.

- Perspective: Due to the distance between a camera and a picture perspec-
tive distortion could be occurred. This distortion also produces trapezoid
geometric distortion.

- Lens distortion: If a distorted lens is used then the curvature of the lens is
changed. It makes the image concave or convex.

e [llumination Distortion: This distortion includes the refraction caused by shin-
ing a bright light or sunburst into the camera. Distortions are light and sun-
burst distortions.

® Quality Degradation: Due to the skill of a photographer and performance of
the digital camera the quality of the original image could be degraded. This
distortion such as blurring is occurred when the camera is out of focus.

In this paper, we propose a new fingerprinting scheme which embeds 64 bits cus-
tomer ID into the spatial domain of a color image and print out using a photo printer
and extract this ID from the image captured by a digital camera. Additionally we do
not consider collusion attacks because we conclude that it is not easy to collude to-
gether in the proposed scenario. In this In Section 2, we show how to embed and
extract fingerprinting information. Experimental results and conclusion are shown in
Section 3 and 4.

2 Proposed Fingerprinting Scheme

2.1 Embedding

In the fingerprinting system accommodation of multi-bits is necessary because the
amount of fingerprinting data to be embedded is not small and customer information
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is also complex. In this paper, we construct a 64-bits fingerprinting code and embed
into the spatial domain of the image repeatedly. Assume that we are given a 64-bits
message which can be separated as 8 symbols whose length is 8 bits.

In the proposed scheme we assume that each symbol can has only Alphabet capital
and small letters and numeric numbers from 0 to 9, S={s; s 583...5v} €
{a,...zA,...,.Z,0,...,9]. Then, we generate random sequences for every symbol from a
secret key which can be represented in r;&{-1, +1}. Therefore, the total number of
possible sequence, r; is (26X2+10)*8 = 496. We assume that all 496 random se-
quences are orthogonal each other. The length of the random sequence depends on the
size of unit block in this scheme. In order to produce fingerprint signal, F, the only
eight random sequences corresponding to eight fingerprint symbols are selected and
merged together. Finally the sign of the merged sequence is taken as follows:

F = sign (Z8 r,(s;))

Next, we describe how to embed the fingerprint signal into an image adaptively.
HVS(Human Visual System) is a weighted function to make the image robust to vari-
ous kinds of attacks and to improve imperceptibility. In the proposed scheme we
design a simple HVS function for the spatial domain of the image. The basic idea of
our HVS is that fingerprint is embedded strongly into the less recognizable regions of
the image. To do this, we separate the image into three regions; flat, strong edge,
texture region. A criterion of area is as follows:

Flat if Std(i, j)<2
x(i, j)=<Strong edge if Edgdi, j)>T where T = Ave}gdg‘,(l)+2*SIDE[,KP(I)
Texture if StD(i, j)>2

Aver(i,j), Std(i,j), and Edge(i,j) are local average, standard deviation and edge de-
tection value on x(i,j) respectively. For edge detection Prewitt operator is used. Aver-
edge(I) and StDpg..(I) are average and standard deviation of edge detection values,
Edge(i,j). HVS function is as follows:

A0, ) o Flat , Strong edge area
i,j) =

/ StD (i, j) *WF (Avg (i, j)) Otherwise

where , WF (i) = (2 —tanh( i/25))/3, i =1[0..255]

o is minimum embedding strength and set to 2. WF(*) is a weighted function for dark
and bright area. So, fingerprint is embedded strongly by this function because these
areas are less sensitive than normal area.

To extract fingerprint correctly from the image captured by a digital camera, it is
important to restore the image from geometrical distortions. In the proposed system a
rectilinear tiling pattern is used to do this. To construct the latticed template random
sequence, R, described the previous section is embedded repeatedly as shape of unit
block. Embedded unit blocks are used as a template to restore the captured image. In
this paper, the size of unit block is 128x128. For instance if the image size is
512x512, then unit block is embedded 16 times repeatedly around the center point of
the image. In extracting step minimum 9 points from the center of the image are ex-
tracted and we can construct a latticed template using these points. If the image size is
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Fig. 1. Overall embedding process; Embedding domain is luminance channel of the spatial of
the image. The fingerprint is a customer ID consisting 8 ASCII characters and numerical num-
ber from 0 to 9. The size of unit block is 128x128. In the case of Lena image, fingerprint signal
is embedding 16 times repeatedly. Minimum size of the image for resistance against geometri-
cal distortions is 512x512.

not multiple of 128, the unit blocks are embedded into the available area of the image
from the center point. The overall embedding steps are described in Fig. 1.

2.2 Extracting

In this paper, a general correlation detector is used to extract a fingerprint. But, pre-
processing is needed before extraction because much noise and various kinds of distor-
tions are performed in the captured image. Extracting process proposed in this paper
consists of 2 steps; image restoration including resizing and noise reduction, and fin-
gerprint detection. Fig. 2 shows the overall extracting process for print-to-capture
model. For blind extracting original estimation step is needed. In original estimation
the noise signal including fingerprinting signal is filtered using an adaptive wiener
filter.

As we described in Section 1, there is too much noise in the captured image depend-
ing on a digital camera and photographing condition. In the proposed system, to reduce
false alarm probability, resizing and pre-filtering for noise reduction are applied before
extracting. When taking a photo by a digital camera, the size of image is too big be-
cause the resolution of a digital camera is high in general. So, we cut out the real
image from the captured image and resize appropriately and an adaptive wiener filter
is applied to remove the noise.

After removing the noise, the image restoration by reverse information is needed to
extract a fingerprint from the geometrically distorted image. Geometric attacks are
thought of as one of the most dangerous attacks in the digital watermarking and fin-
gerprinting area. Auto-correlation function (ACF)-based watermarking is known to
have great potential for combating geometric attacks [2][5]. It handles geometric
attacks by embedding a periodic pattern. Due to the periodicity, periodic peaks are
found in the ACF of the fingerprint. The fingerprint detector estimates the applied
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geometric transform by referring to the peak pattern in the ACF of the extracted fin-
gerprint. The fingerprint signal is detected after inverting the estimated geometric
transform. Because of this two-phase detection mechanism, the correct detection of
the AC peaks is crucial for detection of the fingerprint. However, the detection of the
AC peaks is still not easy.

Fingerprinted &
captured Image

Fingerprint «—— |

Fig. 2. Overall extracting process; Extracting is completed by the order of luminance channel
selection, noise reduction, original estimation, RS correction, accumulation, and message de-
modulation. In this process translation correction is not needed because the location of maxi-
mum correlation peak is not important in message de-modulation step. Translation error just
changes the location of maximum correlation peak.

In the proposed system reverse information is calculated from the latticed template
pattern which is detected by auto-correlation function (ACF). We can detect 16 peaks
at least because a unit block consisting of random sequences is embedded repeatedly
in the embedding process, but it is 9 peaks in the center of the image that are only
needed to detect the latticed template. In this paper, using the latticed template con-
sisting of 9 peaks is proposed to calculate reverse information of the distorted image.
In the proposed system we apply auto-correlation function to the wiener-filter coeffi-
cients because the fingerprint is noise-like pseudorandom sequence. We use the aver-
age of 3x3 local variance of the whole image as an estimated noise variance in the
wiener filter.

In practice, as many candidate peaks are detected after performing auto-correlation
function, we choose 9 peaks which construct a lattice template as following steps.

Step 1: Choose a maximum peak value in local window. The size of local window
used in this proposed system is from 16x16 to 64x64.

Step 2: Choose 3 peaks on a line satisfying next 2 conditions among remaining can-
didate peaks after Step 1.

A.  |distA—distBl £ T and |distCl < T
B.  |Anglel <7 and |Anglel <90 - v



Image Fingerprinting Scheme for Print-and-Capture Model 111

PN
p A
! Ps distC Ps

Angle = (90- v)

Where, IdistAl and |Anglel are the distance between two peaks and difference of the
gradient between two lines. The threshold t(pixels) and v(degree) are decided experi-
mentally according to the performance of the system. Through the proposed steps we
can get 6 lines consisting of 3 peaks from the captured image that is shown in Fig.3.

Image restoration for rotation and scaling is performed by the template consisting
of 6 lines. As we also know the original template pattern, we can calculate reverse
angle and scaling factor without difficulty. Other geometrical distortions like projec-
tion can be corrected by reforming the detected template to a perfect square. As the
worst case when detecting only 1 line we can estimate reverse angle and scaling factor
from the line. The advantage of the latticed template proposed in this paper is that
correcting process for non-linear distortions is simpler than other template patterns
proposed before[2][5].

(a) All possible lines (b) Template (c) Restored image

Fig. 3. After detecting peaks from ACF, all possible lines consisting 3 candidate peaks are
selected like image (a). Lines are filtered by angle and distance conditions from all possible
lines and construct a lattice-like template showed in (b). From the template reverse angle and
scaling rates are calculated and restore image like (c).

To extract fingerprinting symbols is performed by correlation detector used in gen-
eral watermarking scheme. At first, we generate 496 random sequences representing
symbols from a secret key used in the embedding process. Next, the fingerprinting
signal is estimated by performing the wiener filter on the restored image. The noise
variance of the wiener filter is the average of the local variances of the whole image.
The estimate signal is divided into 128x128 unit blocks and summed together.

Fingerprinting symbols are calculated by performing cross-correlation function be-
tween the summed block(the estimated fingerprint) and 496(62*8 symbols) random
sequences(the reference fingerprint) each. For each symbol the random sequence which
has max correlation value is chosen as a fingerprint symbol. In the proposed method
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translation correction is not needed because the only random sequence which has max
correlation value is chosen without any consideration of the location of the peak.

3 Experimental Results

Test is performed on color images whose size is from 1283x770 to 1425x870 and the
printed image size is around A4 size. A HP Photosmart 7960 photo printer which
supports 600 dpi resolution and high-quality photo paper are used to print out images.
The digital camera used when capturing images is FUJI FinePix S2 Pro, which sup-
ports 5 mega pixels image size.

We first embed a fingerprint ID into images and hang them on the wall or board in
various parts of the laboratory and get a captured image using a digital camera and a
tripod. Finally we cut and resize the captured image and apply a wiener filter to re-
move noise, and then we try to extract a fingerprint ID using the proposed scheme.
When taking a captured image we control focus range to choose appropriate scaling
factor of the image. Available scaling range covered by the proposed scheme is from
90% to 110%.

Table 1. Detection results for test images

Mode Test images Success Detection rate(%)
TIFF 30 27 90.0
JPEG 30 26 86.7

Table 1 shows the detection results. We try to extract fingerprint IDs from 30 images
and succeed in extracting IDs completely in 27 images in TIFF mode of the digital
camera. PSNR of the test images after fingerprinting is 38 dB on average. Detection
rate is almost same in two modes because the digital camera uses high-performance
JPEG quality to compress a picture. Fig. 4 shows the example of the test images.

Fig. 4. The test and success images; the images hanging on board in the first row are the cap-
tured images digital camera in JPEG mode. The images in the second row are re-edited images.
Unnecessary background like board is removed roughly using image editing software. We suc-
ceed extracting fingerprints from all 4 images using the proposed scheme.
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4 Conclusion

In this paper, we propose an image fingerprinting scheme for print-to-capture scenario
performed by a photo printer and a digital camera. To embed ID into an image as a
fingerprint multi-bits embedding is applied. 64-bits ID information is embedded as a
fingerprint into spatial domain of color images. This embedding method doesn’t need
to correct translation error. In order to restore a captured image from distortions a
noise reduction filter is performed and a rectilinear tiling pattern is used as a template.
To make the template a multi-bits fingerprint is embedded repeatedly like a tiling
pattern into the spatial domain of the image. In extracting process to detect template
noise reduction filter is performed first and correlation peaks are calculated by ACF
function. Finally lattice-like template is derived from candidate peaks using angle and
distance conditions and image is restored. In experiment we embed fingerprints into
30 high-quality images and hang them on broad. We also show that the extracting is
successful from the image captured by a digital camera through the experiment.
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Abstract. High-Definition (HD) videos often contain rich details as well as
large homogeneous regions. To exploit such a property, Variable Block-size
Transforms (VBT) should be in place so that transform block size can adapt to
local activities. In this paper, we propose a 16x16 Integer Cosine Transform
(ICT) for HD video coding, which is simple and efficient. This 16x16 ICT is in-
tegrated into the AVS Zenggiang Profile and used adaptively as an alternative
to the 8x8 ICT. Experimental results show that 16x16 transform can be a very
efficient coding tool especially for HD video coding.

Keywords: HD video coding, ICT, AVS.

1 Introduction

High-Definition (HD) videos often contain rich details as well as large homogeneous
regions. In other words, spatial correlation varies greatly throughout an HD video se-
quence. To exploit such a property, Variable Block-size Transforms (VBT) should be
employed, such that smoother regions can be transformed using larger transforms for
better energy compaction and better visual quality, and for more detailed areas,
smaller transforms can avoid the ringing artifacts and reduce complexity.

The existing video coding systems with VBT use 8x8 as the largest transform
block size. However, our study shows that 16x16 transforms are very efficient in cod-
ing large homogeneous regions in HD videos, thus improving the overall perform-
ance. In this paper, a 16x16 transform is proposed to the Audio Video Coding Stan-
dard (AVS) Zengqiang Profile [1] which is the developing profile of the national
standard of China aiming at HD video coding. Since there is an 8x8 ICT already ex-
isting in the AVS Zenggiang Profile, the 2 transforms are used adaptively according
to the local activities of frames. The proposed 16x16 transform is designed as a type
of Integer Cosine Transform (ICT), which was first introduced by W. K. Cham in
1989 [2] and has been further developed in recent years. ICT can be implemented us-
ing integer arithmetic without mismatch between encoder and decoder and if well-
designed, can provide almost the same compression efficiency as Discrete Cosine
Transform (DCT).

The contribution of this paper mainly lies in 2 parts. Firstly, a 16x16 ICT is de-
signed, which avoids mismatch between encoder and decoder and has very close
decorrelation capability to that of the DCT. Furthermore, to minimize the increasing
computational complexity caused by the additional larger transform, we design the
16x16 ICT suitable for simple 16-bit integer arithmetic implementation and compatible
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with the 8x8 one. Secondly, to integrate the proposed 16x16 ICT into the AVS
Zengqiang Profile, the related problems of transform size selection, 16x16 intra predic-
tion, and 16x16 block entropy coding have been solved.

The remainder of the paper is organized as follows. A brief review of ICT is given
in Section 2. Section 3 describes the proposed 16x16 ICT. Section 4 introduces in de-
tail how the related problems are solved when the 16x16 ICT is integrated into the
AVS Zenggqiang Profile. Section 5 reports the experimental results, followed by the
conclusion in Section 6.

2 Review of ICT

ICT originates from the DCT in order to simplify the computation of DCT and it en-
ables bit-exact implementations. Its transform matrix is generated from the DCT ma-
trix with the principle of dyadic symmetry [2] and contains only integers. Since the
transform matrix is not normalized, a normalization process, known as scaling, is re-
quired after transformation. The process of transformation and scaling can be ex-
pressed by (1) and (2), respectively,

F_ =T xf_  XT' (1)

nxn

SYlX}’l = F // Ran (2)

nxn

where f,,, is the input data, T, is the nxn transform matrix, S,, is the transformed
data and symbol // indicates that each element of the left matrix is divided by the ele-
ment at the same position of the right one. The elements in matrix R, are all integers
and can be derived from the norms of basis vectors of T,. Interested readers may refer
to [2] for details.

The divisions in (2) are usually approximated by integer multiplication and shifting
as shown in (3),

S E ,®P >N 3)

nxn T nxn

where symbol & indicates that each element of the left matrix is multiplied by the
element at the same position of the right one and >>N means right shifting N bits.
R, x, from (2) and P,, from (3) satisfy (4) and P, is defined as the scaling matrix.

P, xR, (0 j)=2" “4)

Similarly, for the inverse ICT, the whole process including inverse scaling and in-
verse transformation can be represented in (5) as

£ =(T X(S,,, ®P, )XT, )>>N (5)

nxn nxn

3 The Proposed 16x16 ICT

3.1 16-Bit Integer Implementation

As shown in (6), the transform matrix T4 is very simple. All coefficients have only
7 different magnitudes and can be represented by 5-bit integers. Due to the small
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magnitudes of the coefficients, the transform matrix is suitable for 16-bit integer
arithmetic implementation.

8 8§ 8 8 8 § 8 8 8 8 8 8 8 8 8
1 11 9 8 6 4 1 1 -9 -11 -11 -11
w9 6 2 2 6 9-10-109 6 -2 2 6 9 10
8§ 6 4 1 -11 -11-11 9 9 11 11 11 -1 4 -6 -8
0 4 4-10-10 4 4 10 10 4 -4 -10-10 4 4 10
11 9 -11-11 4 -1 8 6 -6 -8 1 4 1111 9 -11
9 210 6 6 10 2 9 9 2 10 6 6-10 2 9
1 4 -6 -8 9 11 -11 -11 11 11 -11 9 8 6 -4 -l
T = § 8 8 8 8 8 8 8 8 8 8 8 8 8 -8 8 (6)
4 -1 8 6 11 9 -11 11 -11 11 9 -11 -6 8 1 -4
6-10 2 9 9 210 6 6 10 -2 9 9 2-10 6
imw-1 9 1 6 8 1 4 4 -1 -8 6-11 9 11 -1
4 -10 10 4 -4 10-10 4 4 -10 10 4 410 -10 4
9 -11 11 -11 -1 4 -6 8 -8 6 -4 1 11 -11 11 -9
2 6 9-1010-9 6 -2 -2 6 9 10-109 -6 2
L6 -8 1 -4 11 -11 9 -11 11 9 11 -11 4 -1 8 -6]

The 8x8 ICT in the AVS Zengqiang Profile is a type of Pre-scaled Integer Trans-
form (PIT) [3], which means that the scaling of the inverse ICT is moved to the en-
coder side and combined with that of the forward ICT as one single process. With
PIT, there is no scaling and thus no scaling matrix stored for decoding, whilst the
computational complexity and memory requirement on the encoder side remain un-
changed. Due to these advantages of PIT and to be compatible with the 8x8 ICT, the
proposed 16x16 ICT is also designed as a PIT.

The whole process of ICT, including transformation and scaling, can be imple-
mented by (7) and (8), respectively.

Floas = (Tio X Fpa6 X Tig +2°) >> 7 @)

16x16 —

Si6a6 = (Fgas ® Pigas + 2]5) >>16 ®)

Right shifting 7 bits in (7) and 16 bits in (8) guarantee that the intermediate results
for multiplication or addition are all smaller than 16 bits. And the factors, 2% and 2" in
(7) and (8) are for rounding.

For inverse ICT, since the PIT is employed, the inverse scaling step is saved and
the implementation of (5) is simplified as below:

b6 = (S16><16 xT, + 22) >>3 )

figae = (Ti6 Xbigas +2°) >>7 (10)

Right shifting 3 bits for horizontal transform in (9) and 7 bits for vertical transform
in (10) ensure that any intermediate result in the inverse ICT process is smaller than
16 bits.

3.2 The Performance of the 16x16 ICT

Besides the simple structure, the proposed ICT also shows good energy compaction
capability especially in those homogeneous regions in HD videos. This is because the



16x16 Integer Cosine Transform for HD Video Coding 117

first 3 basis vectors of the transform matrix which represent relatively low frequency
components resemble those of the DCT, including the same dyadic symmetries. Sup-
pose that the input data are so highly correlated which can be approximated by a 1-D
first-order stationary Markov source with correlation coefficient ptending to 1. Table
1 shows the transform efficiency of Karhunen-Loeve Transform (KLT), DCT and the
proposed ICT, respectively, with different p, where the transform efficiency 1 can be
calculated by (11). As evident in Table 1, the efficiency of the proposed ICT is very
close to that of the DCT, especially when the input data is very highly correlated, e.g.,
p=0.95.

15
2 [Si6s -1
N=4%7pn—"— (11)
‘Slﬁxls(i’ J)‘

i=0 j=0

Table 1. The transform efficiency of different transforms

P KLT DCT Proposed ICT
0.95 1.00 0.88 0.86
0.90 1.00 0.83 0.79
0.85 1.00 0.80 0.75

Another merit of the transform matrix is that the norms of basis vectors are very
close to each other. This property is very important when PIT is employed, because
with PIT, the inverse scaling is moved to the encoder side, which can be viewed as
applying a frequency weighting matrix to the transformed signals. In order not to alter
the energy distribution of the signals in the transform domain significantly, the coeffi-
cients in the scaling matrix should be closed to each other, which can be guaranteed
by making the norms of basis vectors in the transform matrix very close to each other.

3.3 The Compatibility with the 8x8 ICT in the AVS Zengqiang Profile

It is nature that the 16x16 DCT is compatible with the 8x8 one. However, it is not al-
ways true for ICT. To ensure that the proposed 16x16 ICT can be compatible with the
8x8 one used in the AVS Zengqgiang Profile, we extended the 8 basis vectors in the
8x8 transform matrix by the fifteenth even dyadic symmetry to form the even rows in
(6). For the odd rows in (6), we slightly modified the dyadic symmetries in the 16x16
DCT matrix in order to ensure orthogonality whilst keeping the magnitudes of the co-
efficients small enough. It has been proved in 3.2 that the degradation of decorrelation
capability caused by alteration of dyadic symmetry is negligible.

3.3.1 Compatible Transformation

To show how the 8x8 transformation in the AVS Zengqgiang Profile is involved in the
proposed 16x16 one, two modules, defined as Tg, and Tgq in (12), can be extracted
from (6) and Ty, is exactly the same as the 8x8 transform matrix. Figure 1 shows how
these two modules work for the 16x16 forward transformation when implemented by
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butterfly structure. Instead of using butterfly structure, these two modules in Figure 1
can also be implemented directly using matrix multiplication.

(8 8 8 8 8§ 8 8
10 9 6 2 -2 -6 -9
0 4 -4 -10 -10 4 4
9 -2 -10 -6 6 10 2
§ 8 8 8 8§ 8 -8
6 -10 2 9 -9 -2 10
4 -10 10 -4 -4 10 -10
2 -6 9 -10 10 -9 6

M1 11 11 9 8
8 6 4 1 -lI
119 —11 -1 —4
1 4 =6 -8 9
W=y 0 % 6 n
1 -1 -9 11 -6
9 —11 11 -I1 -1
6 -8 1 -4 11

6
—11
-1
11

4 1]

-11 -9
8 6
-1 -11
—11 11
-
-6 8

9 11

12)

Since the 8x8 transform matrix, Tg,, is involved in the 16x16 one, not only can an
independent module set up specially for the 8x8 transformation be saved, but also the
output date from the 8x8 transformation can be reused by the 16x16 one.

The compatibility of the forward transformations has been described in detail, and
it is very similar for the case of inverse ones.

o P S S = SR
o \\ /[\ X) /N\J>_<:$ 2 u\J<<1 X, Yj
3 SO\ = N
¥ \\\ ///[@’Q AN \ ; \ Xy,
o Yol N TNee v,
" /& a5 v
W/
y12 /// = \\\' D ™ Yo
513 XEB "Yll
yl4 = D > Yi3

Fig.

3.3.2 Compatible Scaling Matrix
As mentioned in Section 2, the process of scaling is for normalization and thus the
scaling matrix can be derived by the norms of basis vectors in the corresponding
transform matrix [2]. Because the even rows in (6) are obtained by extending the 8
basis vectors in the 8x8 transform matrix using the fifteenth even dyadic symmetry,
the relationship between their scaling matrices, Pg.g and P4y can be shown in (13).
Interested readers may refer to [4] for how the relationship is obtained.

Poo (i, ) = P (20,2 j) x4

1. The 16x16 forward transform butterfly structure

13)
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(13) shows that Py (2, 2j) is one quarter of Pg,g (i, j) and this difference can be eas-
ily ironed out by shifting, which means that P (27, 2j) can be used as Pg,g (7, j), if
N, the bits of right shifting in (3), for the 8x8 scaling is 2 bits less than that for the
16x16 scaling. Therefore, the compatibility of scaling matrix is achieved and the
memory specially for storing an 8x8 scaling matrix can be saved.

4 Integration of the 16x16 ICT into the AVS Zengqgiang Profile

4.1 Transform Size Selection

Luminance components in a Macroblock (MB) can be transformed by one 16x16
transform, or alternatively by four 8x8 transforms. The selection of the optimum
transform size is performed using a criterion of rate-distortion (R-D) cost that can be
calculated by (14) with a proper Lagrange multiplierA[5]. In (14), the SSD(MB)
means the summation of square difference between the original and reconstructed MB
and bits(MB) is the total bits used to code the MB. The two block-size transforms are
tried one by one and their R-D costs are calculated respectively. The one with the
lower cost is selected.

cost = SSD(MB) + Abits(MB) (14)

With this selection criterion, the best R-D performance can be achieved, but a 1-bit bi-
nary signal should be transmitted in every MB header to indicate which transform is
used.

4.2 16x16 Intra Prediction

The largest block size for intra prediction in the current AVS Zengqiang Profile is
8x8, and to apply the 16x16 ICT to intra-coded MB, the 16x16 intra prediction must
be in place. Five prediction directions are used, including DC, horizontal, vertical,
down-right and down-left, all of which are very similar to those for 8x8. However, in-
tra prediction with large block size is more likely to introduce visible artifacts, since
more pixels are predicted from the same source [6]. So, instead of using the reference
pixels directly, a 3-tap low-pass filter [1 2 1]/4 is applied to the reference pixels be-
fore they are used, as shown in Figure 2. As for the DC mode, the predicted value is
the average of all the available top and left neighboring pixels.

4.3 16x16 Block Entropy Coding

In the AVS Zengqiang Profile, the 8x8 residual blocks are coded by Context-based
Adaptive Binary Arithmetic Coding (CABAC) [1]. Its arithmetic coding engine can
code sources with various statistics by using different probability models. Therefore,
instead of designing new codebooks, an additional set of probability models specially
for the 16x16 residual blocks is designed that can be updated adaptively according to
the changes of the source statistics. The arithmetic coding engine remains unchanged.
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Fig. 2. 16x16 intra prediction modes

5 Experimental Results

The proposed 16x16 ICT is integrated into the RM62b platform which is the latest
version of the reference software of the AVS Zengqgiang Profile. For every MB, it is
used adaptively as an alternative to the 8x8 ICT. Extensive experiments have been
done and the test conditions are listed in Table 2. Both the forward and inverse ICT
are implemented with 16-bit simple integer arithmetic as described in Section 3.

The performance improvement of coding different HD sequences is shown in Ta-
ble 3, which can be represented by PSNR gain for equal bit rate in the second column
or by saved bit rate in terms of the same PSNR in the third column, using the pro-
posed method in [7]. It is obvious that the coding efficiency is significantly improved

Table 2. Test conditions

Sequence Structure IBBPBBP....
Intra Period 0.5 second
FME ON
Deblocking Filter ON
R-D Optimization ON
QP Fixed(22, 28, 34, 40)
Rate Control OFF
Interlace Handling PAFF
Reference Frame 2
Search Range +32
60 FPS (Progressive)
Frame Rate
30 FPS (Interlace)
) 1280x720 (Progressive),
Resolution
1920x1088 (Interlace)
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since none of them is smaller than 0.1 dB. Whilst the average gain is almost 0.2 dB, for
the best case of Kayak, the gain is up to 0.39 dB. From the fourth column of Table 3
which gives the percentage of MBs coded by the 16x16 ICT, we can safely conclude
that the 16x16 ICT is very useful in HD video coding because more than half of the
MBs are coded by it. The only case where the 16x16 ICT usage is less than 50% is the
Fireworks which is full of low-correlated details.

Table 3. Experimental results

Test sequence PSNR gain (dB) Bit rate saved (%) MB using 16x16 (%)
City 0.123 -4.39 72.02
Crew 0.219 -9.81 73.07
Fireworks 0.162 -2.19 45.69
Flamingo 0.120 -2.26 50.05
Kayak 0.389 -5.75 66.41
Riverbed 0.235 -4.77 80.88
ShuttleStart 0.163 -6.87 75.34
Optis 0.136 -5.21 70.58
Average 0.193 -5.16 66.76

6 Conclusion

In this paper, we propose a 16x16 ICT, specially designed for HD video coding,
which is efficient and simple to implement. This 16x16 ICT is integrated into the
AVS Zengqiang Profile and used adaptively as an alternative to the 8x8 ICT. The ex-
perimental results show that with the 16x16 ICT, the coding efficiency is greatly im-
proved with the average gain around 0.2 dB. Hence, it can be concluded that the
16x16 ICT is a useful coding tool for HD video coding.
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Abstract. In this paper a novel distributed video coding scheme was proposed
based on Heegard-Berger coding theorem, rather than Wyner-Ziv theorem. The
main advantage of HB coding is that the decoder can still decode and output a
coarse reconstruction, even if side information degrade or absent. And if side
information present or upgrade at decoder, a better reconstruction can be
achieved. This robust feature can solve the problem lies in Wyner-Ziv video
coding that the encoder can hardly decide the bit rate because rate-distortion
was affected by the side information known only at the decoder. This feature
also leaded to our HB video coding scheme with 2 decoding level of which we
first reconstruct a coarse reconstruction frame without side information, and do
motion search in previous reconstructed frame to find side information, then
reconstruct a fine reconstruction frame through HB decoding again, with side
information available.

Keywords: Distributed video coding, Heegard-Berger coding, Side information,
LMMSE.

1 Introduction

1.1 Distributed Source Coding

The basis of distributed source coding is a surprising conclusion proved by Slepian
and Wolf in 1970s, that for lossless coding of 2 correlated sources, there’s no rate gap
between separate encoding and joint encoding, as long as decode jointly [1]. Wyner
and Ziv extend this to lossy coding and build up a rate distortion formula for coding
with side information at decoder side only [2]. They also proved that in quadratic
Gaussian case, coding efficiency loss is zero even if side information is not available
at encoder [3]. For many other sources, the gaps are also proved to be bounded [4].
Generally, distributed source coding [10] was based on Wyner-Ziv theorem and in
practical borrows a lot from channel coding [14][15]. The key idea is consider a
virtual channel between the source and the side information. Encoder uses a
systematic error correcting code, for example using Turbo [11] or LDPC [12][13], to
generate parity bits of the source and send them to decoder and discard the systematic
bits. Decoder regards side information as noisy version of systematic bits and corrects
them back to original source bits, with the help of parity bits received from encoder.

Y. Zhuang et al. (Eds.): PCM 2006, LNCS 4261, pp. 122 -130, 2006.
© Springer-Verlag Berlin Heidelberg 2006
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1.2 Problem in Wyner-Ziv Video Coding

WZ coding scheme can achieve good compression, but in practical for none-
stationary source such as video, it is very hard to decide bit rate at encoder. This is
because after quantization, the minimum bit rate, i.e. the conditional entropy, depends
on side information which may be better or worse than expected in encoder. Degraded
side information can cause decoding failure while upgraded side information means
redundancy in bit stream. Actually it was proved in [4] that when side information
may degrade at decoder, redundant bitrate need to be paid.

One solution is to introduce a feedback channel [17]. Encoder encode parity bits in
recursive way[18] and send them to decoder little by little, and decoder will send back
a symbol to encoder when decoding succeed. Obviously this feedback channel
solution is restricted to online decoding application only. Actually the introducing of
this feedback make the encoder not strictly distributed. And more important it
increases the delay latency by the sum of decoding delay and feedback delay.

Another solution is to let encoder estimate the correlation between source and
prediction [16]. But this estimation scheme cannot be used in a strict distributed video
coding application in which encoder can not access the side information at all, such as
camera array. Even if for other applications, rate redundancy and decoding failure
problem still exist, because the estimation can not be perfect and sophisticated to keep
the low complexity advantage of distributed video coding.

Actually these two solutions are common in that they fix the distortion and try to
find optimal rate for uncertain side information, which were hard and even impossible
for some cases.

1.3 Proposed Heegard-Berger Video Coding

In this paper, we canceled the feedback channel by fixing the rate so that the
distortion may depend on the quality of side information. WZ coding was substituted
by Heegard-Berger coding [5][6]. One important feature of HB coding is that the
codeword can always be decoded even if without side information. And if the side
information is available at decoder, a fine version of the coded image can be
reconstructed. This feature lead to our HB video coding scheme with 2 level decoding
in which we first reconstruct a coarse version frame and use it to find prediction and
then reconstruct a fine version frame with the prediction available.

Since there was very few research in finding HB code till now, in this paper an
implementation was given, by cascading traditional lossy coder and a post processing
linear minimum mean square error (LMMSE) estimator. This implementation,
although not very complicated, was actually optimal in some cases.

Remain parts of this paper was organized as following: In section 2, HB theorem
was introduced through quadratic Gaussian case. In section 3, the proposed HB video
coding system was described. Then in section 4, simulation details and results were
given with a performance comparison with those state-of-art Wyner-Ziv video coding.

2 Heegard-Berger Coding

The main difference between HB coder and WZ coder is that HB coder can decode
either with or without side information. Figure 1 is the diagram of HB coder. Encoder
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encodes X into bitstream. At decoder side, if Y is not available, a coarse version
reconstruction )A(lcan be decoded. If Y is available, a fine reconstruction )A(Ocan be
obtained. For example in quadratic Gaussian case Y=X+N, it was proved that for
allD, <oy, :

Ry (D) =112log" [0 oy /(Dy(D, +03)]
where log*(x) = max(log(x),0) and D;, D, denote respectively the distortion

of X, and X, from X.

¥ —» Encoder

k4

Decoderl  p—» E

Decoderld —s X

L A

Fig. 1. Heegard-Berger Coding System

Generally Ryg(D;,Dg)>Rwz(Dy), which is the cost to achieve the flexibility to
reconstruct a coarse version without side information available. But there are also
some cases that Ryg(D;,Dg)= Rwz(Dy). Actually we will show later that in our usage
model, HB coder can outperform WZC because it benefit from a better side
information Y. A detail explanation was given in next section.

3 Proposed Heegard-Berger Video Coding

3.1 Whole Framework

HB frame are used as interframe instead of P frame. For a HB frame, without doing
motion estimation and intra prediction, each frame X is coded by a frame-HB encoder

and send to decoder. At decoder side, first a coarse version reconstruct image X, was

decoded by HB decoder 1, then if the decoder is not powerful, it may stop and the
complexity is just similar to traditional I frame decoder. But if the decoder device is

powerful enough, it may treat the coarse version reconstruction X ,as X, and do
motion search in last reconstruction frame and find a prediction Y for current frame.
Then HB decoder 0 was used to reconstruct a fine version image )A(O.

Since motion compensation at decoder can only partially remove temple
redundancy, in our implementation, DCT was also used to exploit spatial redundancy.

But unfortunately, there is no practical HB coding scheme till now. However we
will show in next section that, in quadratic Gaussian case, actually we can implement
one kind of HB coder by cascading traditional lossy coder and a post processing
linear minimum mean square error (LMMSE) estimator. The assumption of quadratic
Gaussian case was reasonable, because after DCT transform, distribution of
coefficients can be considered as Gaussian roughly. In section 3.2 we compared and
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Fig. 2. Proposed Video Codec (Z" is 1 frame delay)

selected from 3 class of HB coder. And in section 3.3, the implementation of our HB
coder was introduced.

3.2 Selection of HB Coder for Gaussian

We assume the distribution of DCT coefficient is Gaussian and Y=X+N, and X, Y, N
denote source, side information and noise respectively, i.e. X is the DCT coefficient
we want to compress, Y is the coefficient from motion compensated block, N is the
residue between X and Y.

Similar to MDC coding 8, we classify HB coding into 3 classes:

a) No excess rate case: Ryg(D,Dg)= Rwz(Dy). Where Ryz(Dy) denote the rate of
Wyner-Ziv coder to achieve distortion D.
b) No excess marginal rate case: Ryg(D;,Dg)= Rx(D;). This means that we put all

bit rate to improve the quality of Xl and the quality gain from Xl to )A(O is
totally comes from the side information Y.

¢) General case: Situations between case ‘a’ and case ‘b’ are general cases in
which distortion D, and D, are balanced.

Among the three cases, for fixed bit rate, class ‘a’ has the lowest distortion (best
performance) when side information is available but highest distortion when side
information not available. Class ‘b’ is just the opposite of class ‘a’. And class ‘c’ is
between class ‘a’ and ‘b’.

Class ‘a’ i.e. WZ coder was widely used currently in distributed video coding. But

it’s not suitable for our usage model, because we expectf{lto be in good quality so
that we can find better Y after motion estimation. Actually we proved in theorem 1 in
appendix that in this case D, > o, i.e. SNR of )A(] is not more than OdB.

Class ‘c’ can be implemented by a successive refinement scheme [7], i.e. first
encode X to getf{1 at decoder side, and then encode X to get)A(Oat decoder side given
Y at decoder and X ,at both encoder and decoder.

Class ‘b’ can be implemented by cascading a lossy coder and a LMMSE estimation
module at decoder: XO =E(X|)A(1,Y). We proved in theorem 2 in appendix that this

scheme is optimal for quadratic Gaussian case.
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In this paper case ‘b’ was chosen. This is because we tend to put more bit to
improve the quality of Xl so that improve )A(O through better side information Y.

Otherwise few bits for )21 will degrade Y so that degrade the quality of )A(O also.

3.3 Implementation of HB Coder for Gaussian

Base on the above analysis, the HB coder for coefficient was implemented by
following way:
At encoder side, a general lossy coder consists of quantization and entropy coding

was used to encode each coefficient X, and Xl was the expected reconstruction of X
at decoder side. Simultaneously, D, = E[(X,-X)?] in SNR format for every 11
macroblock (1 slice) was also encoded and transmitted to decoder.

At decoder side, first bitstream was decoded to get)A(] , then after motion search and

side information Y available, a LMMSE estimator was used to get )A(O , the best
estimation of X given )A(l and Y, by:
XO =aY+ le ,
Where a and b are estimation weights and a = D, (D, +03%), b=0% /(D, +0%)
But because o, = E[(X —Y)*] is not available for both encoder and decoder, we use

ol = E[(X,-Y)*] instead, which was obtained from motion estimation module at
decoder.

4 Experimental Result

We implemented the HB video codec proposed in section 3 and assessed its
performance for QCIF video sequences. The test condition was same as in [19]. Every
8th frame is a key frame and the remaining frames are HB frames. The 1st 100 odd
frames of Salesman, Foreman, Mobile and Paris QCIF sequences at 15 fps were
tested.

Key frame was encoded to I frame, with a fixed quantization parameter, using a
standard H263+ codec. For encoding a HB frame, 8 x 8§ DCT was followed by
quantization and entropy coding, similar as in H263+. D, for every slice consists of
11 macroblocks was coded (in SNR format, i.e 10log;o(D;)) by DPCM with 3 bits
uniform quantizer with QP step size 1.0dB and coded by FLC, which means that the
difference of D; (in SNR format) from neighbor slice was quantized and clipped into
the range -4.0dB~+4.0dB, and quantized with maximum distortion 0.5dB, or say 1.12
times. D; was simply coded by FLC rather than VLC because the bit rate was already
very insignificant (0.42kb/s') compared with bit rate for coefficients.

"In our simulation, only D, for luminance component was transmitted and also, at decoder
side, only estimation weights @ and b of luminance component was calculated. Cb and Cr
component just copy those weights from luminance.
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Fig. 3. An implementation of proposed video codec (Z" is 1 frame delay and Est. is LMMSE
estimator)

In [19], to achieve higher RD performance, at encoder side last frame was used as
prediction of current frame in a ‘zero motion’ way, i.e. only the residual frame was
coded. Our HB video codec also benefit from this scheme. Different from [19], in our
codec the subtraction was done in transform domain so that there’s no need to do
IDCT at encoder side. The encoder stored the reconstruct coefficients for last frame
and used them as prediction for coefficients of current frame.

Obviously the encoding system is similar to H263 intraframe encoder except first
the quantization noise variance D; was coded, and second residue coefficient rather
than coefficient itself was coded. Figure 3 illustrate the diagram of the HB coding
system. It’s obvious that the encode complexity is only slightly more than intraframe
encoder (by a dequantization module, and a MSE module), and less than zero motion
P-frame encoder because we needn’t do IDCT.

At decoder side, first a coarse reconstruction )A(1 was decoded and then an 8x8
integer pixel motion estimation was performed in last reconstruct frame )A(Z,
treating X ,as current frame. After get motion compensated frame Y, the best guess of

X givenX,and Y was calculated by X, =aY +bX, -

And the calculation was done for each 8x8 block in spatial domain rather than DCT
transform domain to save computation complexity. This did not affect the result
because a and b are fixed for whole block and DCT transform is linear transform.

Because the motion vector obtained base on )A(l may not be optimal especially when
D, = E[(X, — X)?] is high, a motion field filter was adopted to refine the motion vectors
obtained from motion estimation. In detail, when calculating SSE, not only pixels in
current block but also those in neighbor blocks were considered. New SSE of current
block (i,)) is the weighted average of current block and its four neighbour blocks:

SSE 'l.%j (x,y)=A% SSEI.A’]. (x,)+(A-=A)* Avg(SSE, , (x,y))

(m,n)e NeighbourBlock (i, j)

Where A is the weight of current block and in our test we set A =0.75.
Compared with distributed video coding schemes in [16]~[19] based on WZ coder,

the proposed scheme has less complexity in both encoder and decoder side. This is
because the implementation of WZ coder require binarilization and channel code
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(Turbo, LDPC) encoding, which is actually not low due to mass of bit operations.
And as to complexity at decoder side, the advantage of our scheme is more obvious.
First the complexity is much lower because we avoid the huge computation
complexity of channel code decoder. More important, our scheme is actually
complexity scalable and even if in low capability devices still a coarse reconstruction
can be decoded.

RD Performance of our HB frame codec was showed in figure 4. Compared with
the most recent result of those WZ frame codec in [19], we find that the performance
of this HB frame codec is among those state-of-art WZ video codec. For Foreman,
this HB codec outperformed those WZ video codec at low bit rate but was
outperformed by some of them at high bit rate. For Salesman, this HB codec
outperform those WZ video codec more than 1dB at all bit rate, and approach H263+
interframe codec.

It’s not surprising that our HB video can outperform WZ video coder in some cases.
This is because we benefit from more accurate motion compensation, by putting more

bits in )A(l , the coarse reconstruction frame, than those WZ coder put in hash.

Regarding to the distortion gap between 5(0 and 5(1, if Y is not available, i.e. no

motion estimation was done at decoder side, the loss (difference of D; and D, in
PSNR) is up to 0.6dB for low bit rate and down to 0.2dB for high bit rate for Foreman
and Mobile, and near to O dB for Salesman and Paris. This indicated that for low
motion video sequences, since residual coefficient coding is already good enough,
motion estimation at decoder side can not contribute more.
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5 Conclusion and Furture Work

In this paper Heegard-Berger theorem was proposed to be used in distributed video
coding. A HB coder for Gaussian source was implemented, by cascading traditional
lossy coder and a post processing LMMSE module. Experiment results show that this
video codec achieve similar performance of those distributed video codec based on
Wyner-Ziv theorem, with less complexity at both encoder and decoder, and no
feedback channel, and computational scalability at decoder, i.e. an acceptable
reconstruction can still be decoded even if the computational capability of decoder is
as low as encoder.

Since the LMMSE estimation scheme in this paper is relatively an initial
implementation of HB coder, it can be expected that the proposed HB video coding
scheme with a two level decoder would perform better if more sophisticated HB coder
was adopted. So for future works, a class ‘c” HB codec can be investigated to take
place the class ‘b> HB codec in this paper to further improve RD performance.
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Appendix: Proof of Theorems

Theorem 1: For quadratic Gaussian case, if Rug(Dg,D1)=Rwz(Dy), thenD, > 0')2(

Proof: The proof is straight forward because RD function for HBC and WZC can be
written as:

oyloy?

1 o203
Ryp(D)=—log" S

1
,and R, (D,)=—log"
2" Dy(min(D,,0%)+0%) w20 =508

(x> +0y*)D,

comparing the two equations immediately yield: min(D,,0;) =073 ,ie. D, > oy

Theorem 2: For quadratic Gaussian case, if Ryg(Dy,D)=Rx(D;), then D, =

Dlo-l%/
D, +0%

Proof: Similar with in proof of theorem 1, we have:

Ry (D) =112log* (03 03 I(Dy (D, +03))1= Rx(D)=1/2log" (6% I D,) »

so that Dy =—1N

which is just the LMMSE estimation noise of X,=E(XIX,,Y)
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Abstract. MPEG-21 BSDL offers a solution for exposing the structure
of a binary media resource as an XML description, and for the genera-
tion of a tailored media resource using a transformed XML description.
The main contribution of this paper is the introduction of a real-time
work flow for the XML-driven adaptation of H.264/AVC bitstreams in
the temporal domain. This real-time approach, which is in line with the
vision of MPEG-21 BSDL, is made possible by two key technologies:
BFlavor (BSDL + XFlavor) for the efficient generation of XML descrip-
tions and Streaming Transformations for XML (STX) for the efficient
transformation of these descriptions. Our work flow is validated in seve-
ral applications, all using H.264/AVC bitstreams: the exploitation and
emulation of temporal scalability, as well as the creation of video skims
using key frame selection. Special attention is paid to the deployment of
hierarchical B pictures and to the use of placeholder slices for synchro-
nization purposes. Extensive performance data are also provided.

Keywords: BSDL, H.264/AVC, STX, temporal scalability, video skims.

1 Introduction

Video adaptation is an active area of interest for the research and standardiza-
tion community [1]. The major purpose of a framework for video adaptation is
to customize video resources such that the resulting bitstreams meet the con-
straints of a certain usage environment. This makes it possible to optimize the
Quality of Experience (QoE) of the end-user. Several adaptation strategies can
be identified, either operating at a semantic level (e.g., removal of violent scenes),
at a structural level (e.g., picture dropping), or at a signal-processing level (e.g.,
coefficient dropping). In this paper, we introduce a real-time work flow for the
structural adaptation of H.264/AVC bitstreams along their temporal axis, based
on describing their high-level syntax in XML. Our approach enables applications
such as the exploitation and emulation of temporal scalability in streaming sce-
narios, as well as the creation of video highlights in off-line use cases.

Y. Zhuang et al. (Eds.): PCM 2006, LNCS 4261, pp. 131-140, 2006.
© Springer-Verlag Berlin Heidelberg 2006
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sub-sequence

output order

oot e

Fig. 1. The IbBbBbBbP coding pattern containing four sub-sequence layers

This paper is organized as follows. Section 2 introduces the two main en-
abling technologies, while Sect. 3 discusses several methods for the XML-driven
extraction of bitstreams of multiple frame rates from a single coded H.264/AVC
bitstream. Finally, Sect. 4 concludes this manuscript.

2 Enabling Technologies

2.1 Temporal Scalability in H.264/AVC

In video coding formats prior to H.264/AVC, temporal scalability is typically re-
alized by the disposal of bidirectionally predicted pictures (B pictures). However,
H.264/AVC only defines I, P, and B slices, and not I, P, and B pictures. Second,
a coded picture can comprise a mixture of different types of slices. Finally, B
slices can be used as a reference for the reconstruction of other slices [2].

Therefore, the recommended technique for achieving temporal scalability in
H.264/AVC is to rely on the concept of sub-sequences [3] [4]. A sub-sequence
represents a number of inter-dependent pictures that can be disposed without
affecting the decoding of the remaining bitstream. In practice, these units of con-
tent adaptation are typically created by relying on a hierarchical coding pattern.
This is a coding structure in which the use of reordering between picture decod-
ing order and picture output order takes the form of building up a coarse-to-fine
structuring of temporal dependencies. Nowadays, it is common to implement
such a coding pattern using B slice coded pictures [5] (further referred to as
hierarchical B pictures). However, hierarchical I slice or P slice coded pictures
can be used as well (if coding efficiency is less important than encoding and
decoding complexity), or a mix of the different slice and picture types.

An example coding pattern, offering four temporal levels, is shown in Fig. 1. A
capital letter denotes a reference picture; a small letter a non-reference picture.
Each picture is tagged with the value of frame num. This syntax element acts
as a counter that is incremented after the decoding of a reference picture, a
functionality useful for the purpose of error concealment and content adaptation.
Note that a hierarchical coding pattern is typically a good structure in terms of
coding efficiency, but not in terms of end-to-end delay.
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2.2 BSD-Driven Content Adaptation

MPEG-21 BSDL. The MPEG-21 Digital Item Adaptation (MPEG-21 DIA)
standard addresses issues resulting from the desire to access multimedia content
anywhere, anytime, and with any device. This concept is better known as Uni-
versal Multimedia Access (UMA). The MPEG-21 Bitstream Syntax Description
Language (MPEG-21 BSDL) is a description tool that is part of MPEG-21 DIA.
The language in question is a modification of W3C XML Schema to describe
the (high-level) structure of a particular media format (file format, coding for-
mat) [6]. This results in a document called a Bitstream Syntax Schema (BS
Schema). It contains the necessary information for exposing the structure of a
binary media resource as an XML-based text document, called Bitstream Syn-
tax Description (BSD), and for the creation of a tailored media resource using a
transformed BSD. This media resource is then suited for playback in a particular
usage environment, for instance constrained in terms of processing power.

In a BSDL-based content adaptation framework, the generation of a BSD is
done by a format-neutral software module called BintoBSD Parser, while the
adapted bitstream is constructed by a format-agnostic engine called BSDtoBin
Parser. How to transform a BSD is not in the scope of MPEG-21 BSDL. In this
paper, Streaming Transformations for XML (STX) are used for the transfor-
mation of BSDs (see further). The functioning of BintoBSD and BSDtoBin is
guided by a BS Schema for a particular media format. As such, the BintoBSD
and BSDtoBin Parsers constitute the pillars of a generic software framework for
media format-unaware content adaptation, and of which the operation is entirely
steered by XML-based technologies (e.g., XML, XML Schema, STX).

Finally, the main advantages of BSD-driven adaptation of binary media re-
sources can be summarized as follows:

— the complexity of the content adaptation step is shifted from the compressed
domain to the XML domain, allowing the reuse of standard XML tools (e.g.,
editors, transformation engines) and an integration with other XML-oriented
metadata specifications (e.g., the MPEG-7 standard);

— the high-level nature of the BSDs allows to think about a media resource on
how it is organized in terms of headers, packets, and layers of data;

— a format-agnostic content adaptation engine can be implemented (i.e., a
combination of a BSD adaptation engine and BSDL’s BSDtoBin Parser).

BFlavor. The first version of the MPEG-21 BSDL specification is characterized
by a number of performance issues with respect to the automatic generation of
BSDs. Indeed, a format-agnostic BintoBSD Parser has to store the entire BSD in
the system memory in order to support the at-run time evaluation of an arbitrary
set of XPath 1.0 expressions. These XPath expressions are used to get access
to XML-structured information that is already retrieved from a media resource,
needed by a BintoBSD Parser for its decision-making while progressively parsing
a bitstream. This behavior of BintoBSD results in an increasing memory usage
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<bitstream

bs1:bitstreamURI=
“trailer_30hz.ave">

<header>0 24</header>
<I>25 2637</1>
<B>2663 746</B>
<P>3410 1451</P>
<B>4862 857</B>
<P>5720 1241</P>

<Ibitstream>

original bitstream
[trailer_30hz.avc]

 bandwidth,
et display size,

BFlavor: enhanced |(if)
version of XFlavor

<bitstream

bs1:bitstreamURI=
“trailer_30hz.avc™>

<header>0 24</header>

<I>25 2637</I>

<P>3410 1451</P>

<P>5720 1241</P>
</bitstream>

[trailer_15hz.avc] BSD

customized bitstream BSDtoBin Parser]<— transformed

Fig. 2. BSD-driven media content adaptation, using BFlavor, STX, and BSDL

and a decreasing processing speed during the generation of an XML description
for the high-level structure of a media resource.

Two different solutions were developed by the authors of this paper to address
the performance issues of BSDL’s BintoBSD process:

1. the first approach adds a number of new attributes to BSDL, allowing a Bin-
toBSD Parser to keep the in-memory tree representation of a BSD minimal
while still guaranteeing a correct output for the BintoBSD process [7];

2. the second solution consists of the development of a new description tool for
translating the structure of a binary media resource into an XML description,
called BFlavor (BSDL + XFlavor) [8] [9].

BFlavor is the result of a modification of XFlavor to efficiently support BSDL
features. It allows to describe the structure of a media resource in an object-
oriented manner, after which it is possible to automatically create a BS Schema,
as well as a code base for a format-specific parser. This automatically generated
parser is subsequently able to generate BSDs that are compliant with the auto-
matically generated BS Schema. As such, this implies that the resulting BSDs
can be further processed by the upstream tools in a BSDL-based adaptation
chain, such as a format-neutral BSDtoBin Parser.

Fig. 2 provides a high-level overview of our XML-based content adaptation
chain. It illustrates the two different approaches for creating BSDL-compliant
BSDs: (1) by relying on an optimized BintoBSD Parser, using our extensions
to BSDL; (2) using a BFlavor-based parser. The transformation of the BSDs
is done by relying on STX while the adapted bitstreams are constructed using
BSDL’s BSDtoBin Parser.

3 Bitstream Extraction in H.264/AVC

In this section, a few experiments are discussed that were set up to evaluate the
expressive power and performance of the XML-driven content adaptation chain
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Table 1. Bitstream characteristics for The New World movie trailer

ID coding pattern frame rate resolution #slices/ #NALUs® duration size,

(Hz) picture (s) (MB)
TNW; IbBbBbBbP 23.98 848x352 5 17808 148 42.9
TNW; IbBbBbBbP 23.98 1280x544 5 17808 148 78.7
TNW3 IbBbBbBbP 23.98 1904x800 5 17808 148 126.0

% NALU stands for Network Abstraction Layer Unit; size, stands for original file size.

Table 2. BSD generation using an optimized BintoBSD Parser and BFlavor

BintoBSD,,, Parser BFlavor
1D throughput MC® BSD BSD. throughput MC BSD BSD.
(NALU/s) (MB) (MB) (KB) (NALU/s) (MB) (MB) (KB)

TNW, 124 1.7 44.3 326 1164 0.7 28.9 308
TNW2 110 1.7 44.2 335 s 0.7 29.0 317
TNW3 97 1.7 44.3 332 533 0.7 29.0 314

% MC stands for peak heap Memory Consumption; BSD. for compressed BSD size.

as proposed in Fig. 2. The focus is hereby put on the real-time adaptation of
H.264/AVC bitstreams along the temporal axis. The media resources involved
are three different versions of the same movie trailer, called The New World!.
The performance analysis was done by breaking up the XML-driven content
adaptation chain in its three fundamental building blocks: BSD generation, BSD
transformation, and bitstream construction. Real-time means that every building
block, typically running in a pipelined fashion on different processing nodes, is
able to achieve a throughput that is at least as fast as the playback speed of the
original media resource.

The most important properties of the bitstreams used, encoded with the
H.264/AVC reference software (JM 10.2), are shown in Table 1. The coding
pattern employed is visualized by Fig. 1. The results were obtained on a PC
with an Intel Pentium IV 2.61 GHz CPU and 512 MB of memory. All time mea-
surements were done 11 times, after which an average was taken of the last 10
runs in order to take into account the startup latency. BSDs were compressed
using WinRAR 3.0’s default text compression algorithm. The anatomy of the
H.264/AVC bitstreams was described up to and including the syntax elements
of the slice headers, once in MPEG-21 BSDL and once in BFlavor.

3.1 BSD Generation

Table 2 summarizes the results obtained during the generation of BSDs for
the bitstreams involved. The BFlavor-based parser outperforms our optimized
BintoBSD Parser on all metrics applied: the parser is faster than real-time for all
bitstreams used (i.e., its throughput is always higher than the playback speed of
23.98 x 5 NALUs/s or 120 NALU/s) and is characterized by a very low memory
footprint. The BFlavor-driven parser also produces textual BSDs that are much

! Online available at: http://www.apple.com/trailers/.
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Table 3. BSD transformation using STX and tailored bitstream construction using
BSDL’s format-neutral BSDtoBin Parser

BSD transformation bitstream reconstruction

ID operation throughput MC BSD BSD. throughput MC size,
(NALUs/s) (MB) (MB) (KB) (NALUs/s) (MB) (MB)

TNW; remove EL® 3 835 1.2 21.5 159.0 406.2 2.0 98.4
TNW, remove EL 2 4 3 980 1.2 11.0 81.0 361.2 2.3 65.2
TNW3 remove EL 1 + 2 + 3 1098 1.3 5.8 41.0 264.3 2.2 38.6
TNW; replace EL 3 537 1.7 36.9 194.0 515.2 2.1 98.5
TNW, replace EL 2 4 3 445 1.7 335 121.0 554.7 2.3 65.3
TNW3 replace EL 1 4+ 2 + 3 447 1.3 33.1 84.6 537.2 2.2 38.8

* EL stands for enhancement layer.

smaller than those created by the BintoBSD Parser. This is due to the design
of our manually created BS Schema (used by the BintoBSD and BSDtoBin
Parser): it is less optimized than BFlavor’s automatically generated BS Schema
(only used by a BSDtoBin Parser) for the purpose of readability.

3.2 BSD Tranformation and Bitstream Reconstruction

The transformation of the BSDs was done using Streaming Transformations
for XML (STX)?2. This transformation language is intended as a high-speed, low
memory consumption alternative to XSLT as it does not require the construction
of an in-memory tree. As such, STX is suitable for the transformation of large
XML documents with a repetitive structure, which are typical characteristics for
BSDs describing the high-level structure of compressed video bitstreams. Indeed,
several publications have shown that XSLT, as well as a hybrid combination of
STX/XSLT, are unusable in the context of XML-driven video adaptation, due to
a respective high memory consumption and high implementation overhead [10].
A number of STX stylesheets were implemented in the context of this re-
search, dependent on the targeted use case. In what follows, the semantics and
performance of the different transformation steps are outlined in more detail.

Exploiting Temporal Scalability by Dropping Slices. A first STX style-
sheet was written to drop the different temporal enhancement layers as visualized
in Fig. 1. The decision-making process was implemented by checking the values of
the following syntax elements: nal ref idc, slice type, and frame num. The
value of gaps in frame num value allowed flag in the Sequence Parameter
Set (SPS) was modified to one, signaling to a decoder that reference pictures were
intentionally dropped. As shown in the upper half of Table 3, the implementation
of the removal operations, at the level of a BSD, can be done very efficiently
in terms of processing time and memory consumption needed. The STX engine
used was the Joost STX processor (version 2005-05-21).

Emulation of Temporal Scalability Using Placeholder Slices. In the
context of digital video coding, it is important to separate the concept of what

2 Online available at http://stx.sourceforge.net/.
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is encoded in the bitstream, which is essentially a compact set of instructions
to tell a decoder how to decode the video data, from the concept of what is
the decision-making process of an encoder. The latter process is not described
in a video coding standard, since it is not relevant to achieving interoperability.
Consequently, an encoder has a large amount of freedom about how to decide
what to tell a decoder to do. This freedom can also be exploited by a content
adaptation engine to offer a solution for resynchronization issues that may occur
after the adaptation of an elementary bitstream in the temporal domain.

The traditional view of temporal scalability is to remove certain coded pictures
from a bitstream while still obtaining a decodable remaining sequence of pictures.
This approach is typically applied when using BSD-driven bitstream thinning.
However, a major drawback of this method is that it fails when, for instance,
the remaining pictures are to be resynchronized with an audio stream.

Elementary bitstreams usually do not convey (absolute) timing information as
this responsibility is typically assigned to the systems layer (e.g., file formats, net-
work protocols), and not to the coding layer. Consequently, after having dropped
certain pictures in a bitstream, it is often impossible to synchronize the remain-
ing pictures with a corresponding audio stream without an external knowledge,
an observation that is especially true when varying coding patterns are in use.
Therefore, we propose to exploit temporal scalability in elementary video bit-
streams by replacing coded pictures with placeholder pictures, a technique that
operates at the same level as BSDL, i.e. at the coding layer [10].

A placeholder or dummy picture is defined as a picture that is identical to a
particular reference picture, or that is constructed by relying on a well-defined
interpolation process between different reference pictures. Therefore, only a lim-
ited amount of information needs to be transmitted to signal placeholder pictures
to a decoder. Placeholder pictures are used to fill up the gaps that are created
in a bitstream due to the disposal of certain pictures, a technique that is fur-
ther referred to as the emulation of temporal scalability. This approach makes
it straightforward to maintain synchronization with other media streams in a
particular container format, especially when a varying coding structure is in use
because the total number of pictures remains the same after the adaptation step.
As such, from the bitstream’s point of view, emulating temporal scalability can
be considered a substitution operation, and not a removal operation.

Several STX stylesheets were developed to translate the B slices in the tem-
poral enhancement layers of the H.264/AVC bitstreams to skipped B slices and
skipped P slices (see Fig. 3).

— A picture consisting of skipped B slices tells an H.264/AVC decoder to re-
construct the picture by doing an interpolation between the previous picture
and the next picture in output order®.

— A picture consisting of skipped P slices instructs a decoder to output the
last picture in the decoded picture buffer?.

3 The interpolated picture is computed based on the relative temporal positions of the
list 0 and list 1 (decoded) reference pictures.
4 This is, the first (decoded) reference picture in list 0.
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<stx:group name="BtoskippedP">
<stx:template match="jvt:coded_slice_of_a_non_IDR_picture" public="no">
<stx:element name="coded_slice_of_a_skipped_non_IDR_picture" namespace="h264_avc">
<stx:process-children group="BtoskippedP"/>
</stx:element>
</stx:template>
<stx:template match="jvt:slice_layer_without_partitioning_rbsp" public="no">
<stx:element name="skipped_slice_layer_without_partitioning_rbsp" namespace="h264_avc">
<stx:process-children group="BtoskippedP"/>
</stx:element>
</stx:template>
<stx:template match="jvt:slice_type" public="no">
<stx:element name="slice_type" namespace="h264_avc">0</stx:element>
</stx:template>
<stx:template match="jvt:slice_qp_delta" public="no">
<stx:element name="slice_qp_delta" namespace="h264_avc">0</stx:element>
</stx:template>
<stx:template match="jvt:if_slice_type_eq_B" public="no"/>
<stx:template match="jvt:slice_data" public="no">
<stx:element name="skipped_slice_data" namespace="h264_avc">
<stx:element name="mb_skip_run" namespace="h264_avc">234</stx:element>
<stx:element name="rbsp_trailing_bits" namespace="h264_avc">
<stx:element name="rbsp_stop_one_bit" namespace="h264_avc">1</stx:element>
<stx:element name="rbsp_alignment_zero_bit" namespace="h264_avc">0</stx:element>
</stx:element>
</stx:element>
</stx:template>
</stx:group>

Fig. 3. Extract of the STX stylesheet for translating B slices to skipped P slices in the
XML domain. Similar logic is used for translating I and P slices to skipped P slices.

Skipped B slices were used as a substitute for the B slices in the third en-
hancement layer when only this layer is to be removed; the use of skipped P
slices would lead to a wrong output order (i.e., IyB4B3B4B2B4B4B4P1), due
to the fact that By is the last picture in the decoded picture buffer. Skipped
P slices were used as a substitute for all B slices when at least two enhance-
ment layers are replaced; a correct output order can be obtained then (e.g.,
IyB2B2B2B2B2B3BoP; when dropping two enhancement layers).

Performance results are provided in the lower half of Table 3. It is clear that
the translation operations, which are entirely expressed in the XML domain,
can be executed in real time. The same observation is true for the behaviour of
BSDL’s BSDtoBin Parser [11]. The overhead of the skipped slices in the resulting
bitstreams can be ignored, as one can notice in the column with label size,.

Video Skims by Key Frame Selection. Finally, our XML-driven content
adaptation approach was also used for the production of video skims. These
compact abstractions of long video sequences are typically created by filtering
out relevant pictures, e.g. key pictures that are located near the beginning of a
shot. Therefore, a STX stylesheet was implemented that takes as input the shot
detection information as produced by the IBM MPEG-7 Annotation Tool® , and
that subsequently identifies and marks the I slice coded pictures located near
the start of a shot. More precisely, the information about the different shots is
embedded by the STX stylesheet as additional attributes in a BSD (see Fig. 4).
The resulting BSD is then provided as input to a next STX stylesheet; it filters
out the relevant I slice coded pictures and translates all remaining I and B slices
to skipped P slices to maintain synchronization with the original audio stream.

® Online available at: http://www.alphaworks.ibm.com/tech/videoannex.
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<bitstream xmlns="h264_avc" xmlns:jvt="h264_avc" bitstreamURI="the_new_world_h480p_IbBbBbBb.h264">
<byte_stream>

<byte_stream_nal_unit pic_cnt="0" shot="false">

<!-- Sequence Parameter Set -->
</byte_stream_nal_unit>
<byte_stream_nal_unit pic_cnt="0" shot="false">

<!-- Picture Parameter Set -->
</byte_stream_nal_unit>
<byte_stream_nal_unit pic_cnt="1" shot="true">

<l-- First coded slice of I_0 (an IDR picture) -->
</byte_stream_nal_unit>
<byte_stream_nal_unit pic_cnt="2" shot="false">

<l-- First coded slice of I_1 (a non-IDR picture) -->
</byte_stream_nal_unit>
<byte_stream_nal_unit pic_cnt="3" shot="false">

<!-- First coded slice of B_2 (a non-IDR picture) -->
</byte_stream_nal_unit>
<!-- Remaining byte stream NALUs in decoding order -->
</byte_stream>
</bitstream>

Fig. 4. Embedding shot information as additional attributes in a BSD

Note that the IbBbBbBb coding pattern was used instead of IbBBbBbBbP, offer-
ing random access at regular picture intervals as every picture in the base layer
is encoded as an I slice coded picture. The summary of the video bitstream also
results in a significant reduction of its file size: from 44.7 MB to 4.40 MB when
TNW], is used with the IbBbBbBb pattern. This technique may be of particular
interest for the repurposing of content for constrained usage environments.

4 Conclusions

This paper introduced a real-time work flow for the description-driven adapta-
tion of H.264/AVC bitstreams along their temporal axis. The key technologies
used were BFlavor for the generation of BSDs, STX for the transformation of
BSDs, and BSDL’s format-neutral BSDtoBin Parser for the construction of tai-
lored bitstreams. Our approach was validated in several use cases: the exploita-
tion of temporal scalability by dropping certain slices; the emulation of temporal
scalability by relying on skipped slices; and the creation of video skims. The use
of video skims, new in the context of BSD-based video adaptation, is made
possible by enriching a BSD with additional metadata to steer the BSD adap-
tation process. As an example, an overall pipelined throughput of at least 447
NALUs/s was achieved when emulating temporal scalability in a high-definition
H.264/AVC bitstream by substituting all slices in the enhancement layers by
skipped P slices, together with a combined memory use of less than 5 MB.

A remaining bottleneck in this content adaptation system is the size of the
textual BSDs. Further research will also concentrate on shifting the focus of
BSD-driven content adaptation from a structural level to a semantic level.
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Abstract. Not much has been done in utilizing the available informa-
tion at the decoder to optimize the decoding performance of watermark-
ing systems. This paper focuses on analyzing different decoding meth-
ods, namely, Minimum Distance, Maximum Likelihood and Maximum
a-posteriori decoding given varying information at the decoder in the
blind detection context. Specifically, we propose to employ Markov ran-
dom fields to model the prior information given the embedded message is
a structured logo. The application of these decoding methods in Quanti-
zation Index Modulation systems shows that the decoding performance
can be improved by Maximum Likelihood decoding that exploits the
property of the attack and Maximum a-posteriori decoding that utilizes
the modeled prior information in addition to the property of the attack.

1 Introduction

An image watermarking system is subject to three conflicting requirements: in-
visibility, robustness and capacity. Invisibility requires that the original and the
watermarked images look perceptually identical; robustness implies that a useful
version of the embedded message can be recovered after attacks; given the fixed in-
visibility and robustness, it is desirable to embed as much information as possible.

Figure 1 is a block diagram depicting the processes involved in a typical water-
marking system: embedding, attacking channel and detection. The embedder takes
an image, x, as input into which the message m. of length [,,_, is to be embedded.
The message, m. € {0,1}!me_ is either in its original binary form or error correc-
tion coded to aid subsequent decoding. Note that before the message is embedded
into the image, it may undergo some pre-processing, such as dividing the image
into blocks, transforming the image into another convenient domain and extract-
ing coefficients or feature vectors as the embedding signals, x* (x¥’, x¥, - - -, x¥),
n=l,,,. The encoder then maps t-th bit,t = 1,2,---,n, of m, to a watermark sig-
nal that is inserted into x}’ to produce the watermarked signal s;’. The mapping is
usually subject to a secret key, k, that determines the security of the watermarking
system. All watermarked signals s*(s¥’, s¥, - - -, s¥), are appropriately processed
and assembled to produce the watermarked image s in the pixel domain.

The watermarked image, s, goes through the attack channel, C, which may
include common signal processing, incidental modifications or even intentional
attacks, before being received at the detector as y, a distorted version of s. Inside
the detector, some pre-processing similar to that employed at the embedder is

Y. Zhuang et al. (Eds.): PCM 2006, LNCS 4261, pp. 141-149, 2006.
© Springer-Verlag Berlin Heidelberg 2006
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EMBEDDER DETECTOR

P L B | B L D Lpne
Pro*ssing E_.-‘, I ,,'__’ f Processing r’w ™
X

w
L=
!
-
I
I

------ 11

ey e key

Fig. 1. A typical watermarking system

applied to produce possibly distorted watermarked signals, y* (y¥, y¥, - -+, y¥),
n=l,,,. For each watermark signal, y}", a detection value, d, is calculated based
on the watermark signal generated using the same key, k. We denote as d-map,
d, all calculated detection values, dy,ds,---,d,. The decoding problem can be
formulated as the estimation of the message my based on the d-map, d.

Most of existing literature has focused on optimizing the embedding process.
Efforts in this direction include the class of host-signal interference non-rejecting
systems, e.g., the Spread Spectrum (SS) system [1]; the class of host-signal reject-
ing systems, e.g. Quantization Index Modulation (QIM) [3]; and encoder with
the side information [2]. Various strategy to seek the best domain and the most
appropriate embedding signals for achieving robustness against a set of possible
attacks [5, 4, 6] have been studied in the past.

1.1 Contribution of the Paper

In this paper we focus on the detector and develop strategy to utilize any infor-
mation available at the decoder. Knowledge of the model of the attack can be
used to implement noise (distortion) removal or reduction, in the received image
v [1]. Most decoders to date have relied on the d-map calculated on the distorted
image, y, and estimated the embedded message based on analysis of y. We refer
to this simple decoding method as Minimum Distance (MD) decoding,.

For any watermarking system, the detection values, d € d-map, are random
variables that possess some probability distribution. The impact of an attack can
be reflected in the change of the distribution. In other words, the distribution of
detection values can be considered as a characterization of the attack that the
watermarked image has gone through and a maximum likelihood (ML) decoder
can utilize such information to improve the decoding. In [7], an ML decoder
was proposed for QIM systems. However there was no conscious exploitation
of the property of the attack to which the image was subjected. Attacks may
change the distribution of the detection values in different ways and without the
appropriate estimation of the property of the attack, ML does not necessarily
improve the decoding performance.

The distributions of the bits in the binary representation of the embedded
message vary with different messages and can be exploited if appropriately
modeled. Specifically for structured logos, the neighborhood dependency can
be modeled by Markov random field, MRF, to estimate prior information about
such message. Maximum a-posteriori, MAP, decoding is then adopted to exploit
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prior information and the property of the attack to enhance the decoding per-
formance. We analyze these three decoding methods under the assumption of
availability of different information at the decoder. Through experimentation we
provide examples of applying the decoding methods in a QIM system and com-
pare performances. Results show that proper estimation of the attack’s property
and modeling of the prior information can certainly be used by ML or MAP
decoders to boost the decoding performance.

2 Optimal Image Watermark Decoding

2.1 Minimum Distance (MD) Decoding

The MD decoder only has access to the d-map, d, calculated from y. For each
watermarked unit y, we define 62 and 6} as the distances between y¥ and the
nearest bit 0 and 1 centroid, respectively. For any watermarking system W, there
exists a function Fyy(.) that maps the detection value to the pair (69, 6}), i.e.,
(62, 61 )=Fw (d;). Generally, for a message, m, we define the aggregated distances

2
to nearest bit 1 and 0 centroid as, d{y,m}:\/Z? (62%)", with b, as the t-th bit
of message m. The MD decoding strategy is to find a message r that minimizes
diy,m}- In other words the estimated message m, is,

m = arg mniln diy,m} (1)

Note that d{y ) is minimized if each 6? is minimized and the decoding can be
carried on each embedding unit independently,

[ 1if6) > 6}
bt_{mfé?gétl (2)

where b; represents the bit decoded on yi’, and mg = {b1,ba, -+, bn }.

2.2 Maximum Likelihood (ML) Decoding

For a given attack, C, let pc(d|m) be the probability of the d-map, d, conditioned
on the embedded message, m. The decoding strategy is to choose the message
m that maximizes the conditional probability, i.e.,

m = argmax p(d|m) (3)

The number of possible messages is considerably large and in most cases the
calculation of pc(d|m) cannot be done in reasonable time. Therefore, it is often
assumed that the noise added to each unit s} is independent. If we assume that
the data model, p(d;|b;), represents the conditional probability of the detection
value d; conditioned on embedding bit b; in a unit after the attack C,

n=l;,

p(dim) = 1] p(d:lbe) (4)
t=0

p(d|m) can then be maximized when each bit b; is individually optimized.
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In contrast with MD decoding, ML exploits both the data model of the attack
and the d-map. Rather than employ pre-decoding noise reduction processing, ML
decoding estimates the data model, i.e., the modification of the distribution of
the detection values, and utilizes it to enhance the decoding.

2.3 Maximum a-posteriori (MAP) Decoding

When the message is a binary bit map, such as a logo with some spatial struc-
ture, incorporation of the structural information into the decoding may further
improve the robustness. We propose to model the prior structural information
using Markov random field (MRF) [9, 8]. MAP decoding can employ such mod-
eled prior information to further improve the decoding.

Let D ={D;:1 <t < N} be a random field defined on a lattice L, where
N = w X h = ly,, is the number of bits and ¢ = j + w x ¢ is the index of the
bit at (¢,7). We consider a d-map, d, the vector of the detection values, that is
calculated from y as a realization of the D = {D; : t € L}, d* = {d, : t € L}.
We also consider the embedded logo m. as a true but unknown labeling of the
d-map and assume that the labeling is a realization of a random field M = {M, :
te L}, m* ={b :t e L}, where b, € {0,1}. Then the problem of decoding
the embedded logo can be formulated as an estimation of the labels, 1, that
maximizes the a- posteriori probability [8] given the observed d-map. The m
then becomes the estimated message my. Using Bayes rule

p(M = m|D = d) x p(D = d|]M = m)p(M = m) (5)
Assuming M is an MRF defined in a neighborhood system, 7, and {D;,t =
1,2,---, N} is conditionally independent and each D; has the same conditional
pdf, f(d:|b:), dependent only on b; , then Eq.( 5) becomes
p(M =m|D =d) x H f(de]be)p(be[bor) (6)
tel

where p(d;|b;) is known as the data model that captures the property of the
attack and p(be|bg:) = e_u(;ilbat) is the prior pdf, known as the prior model, of b;
given its neighbors, by, defined in a neighborhood system 7, [8]. Z; is a partition
function and u(-) is usually referred to as an energy function. With the given
models, the MAP estimation of the embedded message is

m = arg ggg tl_g f(d¢|b)p(by \bat) (7)
IS

It is not computationally feasible to find an optimum solution of Eq.( 7).
However, there are three well-known algorithms for local optimum solutions:
Simulated Annealing (SA) [9], Maximizer of Posterior Marginal (MPM) [8] and
Iterated Conditional Modes (ICM) [10]. We adopted ICM due to its simplicity
and reasonable performance. ICM is a deterministic algorithm and iteratively
updates the current decoding by at pixel ¢ on the basis of the observation d-map
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and the decoding of its neighbors. The locality property of MRF has led to the
updating rule for the ICM algorithm

i)t = arg n})ax f(dt|bt)p(bt\b3t) (8)

The prior model, or especially the energy function u(-), can be empirically
defined over cliques in a second-order neighborhood system [9] as

u(belbor) = —(v + B Z 6(by — b)) 9)

s€ot

where ~ enforces the utilization of the probability of the embedded bits and §
is a parameter to encourage (big value) or discourage (small value) the spatial
coherency of the decoded bits and 6(-) is a delta function. When embedded
messages are random or unknown to the decoder, p(M = m) is equiprobable for
all possible messages, MAP decoding then degrades to ML decoding.

3 Application to QIM

In QIM, each detection value d; contains d° and d' that represent the distances
between y}’ and the nearest bit 0 and 1 centroid, respectively. Figras then yields,

50 = df
ta 10

With ML and MAP, the data models against certain attacks must be either
theoretically or empirically derived. For the modeled prior information, the pa-
rameters such as the bit probabilities of the message and the influences from
different directions should be estimated either in advance or adaptively adjusted
during the decoding for MAP decoders.

3.1 Experimental Results

The results of application of the three decoding methods only on QIM are reported
for the sake of brevity. Images are divided into 4 x 4 blocks; QIM is applied on aver-
ages of blocks [6]. The quantization step A is set to 10, so that the PSNR between
the original and watermarked images is around 38.8. We test a total of 80,512x 512
gray-scale images that contains reasonably large number of 1.3 million 4 x4 blocks.
Those images are also carefully selected to cover a wide range of texture, contrast,
edge strength and directions. Random messages and ten logos with varying geo-
metric shapes, numbers and characters are chosen as the message and repeatedly
embedded into the images. ICM is adopted to implement the MAP decoding. In
ICM, for logos, f = 1, thus assuming same influences from all directions; and
a = 0, so that no bit probability is employed. ICM converges in less than 6 iter-
ations in most cases; for random messages, ICM runs for one iteration and g = 0
and « is set to match the bit probability for messages.
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Fig. 2. (Top): from left to right, d°, d* distributions after JPEG and d°, d* after
JPEG2000; (Bottom): some data models of Gaussian and uniform attacks

&
gy

"
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Fig. 3. (Top) MD, ML and MAP against JPEG(left); JPEG 20% attack:(middle)MD
and ML decoded logo, DER=21.7%; (right)MAP(ICM 6 iterations), DER=5.9%;
(Bottom) MD, ML and MAP against JPEG2000; JPEG2000 rate=0.05 attack:
(middle)MD and ML decoded logo, DER=28.8%; (right)MAP(ICM 6 iterations),
DER=9.6%

Fig. 4. Decoded logo against uniform|-2,8] attack:MD(le ft) DER=75.5%;ML(middle)
DER=23.5%;MAP (right)(ICM 3 iterations), DER=6%
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The Gaussian noise N (p, o), the uniform noise[n;, n2], JPEG and JPEG2000,
are used to attack watermarked images. Fig.2 (Top) shows the distribution of
d® and d' after JPEG and JPEG2000 compression at two different levels for
applying QIM on local averages. Our goal is to compare the performances of de-
coding methods and therefore we do not discuss the estimation of data models
in detail. We may approximate the pdf as a Laplacian distribution with different
means and variances, p(d = d;) = 2106—@6—;1,\ . In experiments, we set u=0 and
o=5, half of A, for simplicity. Fig.2 (Bottom) from left to right shows the distri-
butions of d° after Gaussian attacks N (u=0,0=5), N(u=0,0=8); N(u=2,0=5),
N(p=3,0=5) and N(u=4,0=>5); the data models of uniform attacks [-5,5] and[-
8,8]; [-3,7](p=2), [-2,8](1=3) and [-1,9](u=4). The distributions of d* is similar
to those of dV. Clearly, the distributions of d° and d' are quite different in the
face of different attacks or even same attacks but with different parameters.

Fig.3 and 5 shows the plotted curves of Decoding Error Rate (DER) for MD,
ML and MAP against the chosen attacks. For JPEG, JPEG2000 and white noise
attack, ML and MD are equivalent. However, ML outperforms MD against non-
white Gaussian and uniform noise at higher level of attack strength. And for all
high levels of attack, MAP continue to outperform ML on decoding logos. Some
of MD, ML and MAP decoded logos from the host image lena against JPEG 20%,
JPEG2000 rate of 0.05 compression and a uniform attack are also shown in Fig.3
and 4 for visually justifying the results. In Fig.5 (right), ML can also correct the
error bits against non-white noise on decoding random messages, but MAP shows
very limited edge over ML in this case. The results clearly show that the appropri-
ate utilization in the property of the attack and the modeled prior information by
ML or MAP decoder effectively improves the decoding performance.
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Fig.5. (Top) MD, ML and MAP against Gaussian: (left) on logos, pu=0, o 1-10;
(middel) on logos , (right) on random messages u 1-5, o =5; (Bottom) MD, ML and
MAP against uniform: (left) on logos u=0, m -1 to -5 and n2 1-5; (middel) on logos,
(right) on random messages p from 1-5, 71 -4 to -1 and 72 6-9
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4 Discussion and Conclusion

4.1 Discussion

It has to be pointed out that the proposed MD, ML and MAP decoding can
be applied to other systems by appropriate derivation of (§°, §') from d, i.e.,
deriving the function F'(.) for a particular system. For instance, in the case of SS
the correlation coefficient, d.., can be the detection value. The possible detection
lies in the interval [-1,1]. Note that the signals that share the same direction with
w results in d.. of 1 and those share similar sign with —w produces d.. of -1. w
and —w can be equivalently treated as a set of the bit 1 and 0 centroid in SS
and Fgg can then be defined as

60 = doy — (1)
{53 1= oy (11)

Other watermarking systems could similarly derive the definition of the (6°,
6') and then apply the appropriate decoding method.

4.2 Conclusion

Existing literature focused on improving the performance of watermarking sys-
tems at the embedder by choosing the appropriate domain and embedding signal,
or encoding with the side information. We focus on analyzing three different
decoding methods given varying information at the decoder. ML decoding is
adopted for exploiting the property of the attack to which the image is sub-
jected. We also propose to model the prior information about the structured
message by random fields and apply MAP decoding to exploit such informa-
tion. Experimental results show that depending on the available information the
decoding performance can be improved.
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Abstract. A new block-based DCT framework has been developed recently
in[1] in which the first transform may choose to follow a direction other than
the vertical or horizontal one — the default direction in the conventional DCT. In
this paper, we focus on two diagonal directions because they are visually more
important than other directions in an image block (except the vertical and hori-
zontal ones). Specifically, we re-formulate the framework of two diagonal
DCTs and use them in combination with the conventional DCT. We will dis-
cuss issues such as the directional mode selection and the cross-check of direc-
tional modes. Some experimental results are provided to demonstrate the effec-
tiveness of our proposed diagonal DCT’s in image coding applications.

1 Introduction

Over the past three decades, a lot of image compression methods have been
developed, such as predictive coding, transform-based coding, vector quantization,
and sub-band/wavelet coding. Among various image coding techniques, the block-
based transform approach has become particularly successful, thanks to its simplicity,
excellent energy compaction in the transform domain, super compromise between bit-
rate and quantization errors, etc.

With almost no exception, each transform-based scheme chooses the 2-D discrete
cosine transform (DCT) that is applied on individual image blocks of a square
size NxN . Practically, this conventional DCT is always implemented separately
through two 1-D DCT’s, one along the vertical direction and another along the
horizontal direction; and it does not make any difference by doing the vertical
direction first or the horizontal direction first.

Both vertical and horizontal directions are important according to the human
visual system (HVS). In the meantime, a lot of blocks in an image do contain vertical
and/or horizontal edge(s). Thus, the conventional DCT seems to be the best choice for
image blocks in which vertical and/or horizontal edges are dominating. On the other
hand, however, there also exist other directions in an image block that are perhaps as
equally important as the vertical and horizontal ones, e.g., two diagonal directions.
For instance, let us consider two image blocks as shown in Fig. 1 where two constant
regions are separated along one diagonal direction. Then, it is easy to understand that
the conventional DCT may not be the most appropriate choice, as some unnecessary
non-zero AC coefficients will be generated.

Y. Zhuang et al. (Eds.): PCM 2006, LNCS 4261, pp. 150-158, 2006.
© Springer-Verlag Berlin Heidelberg 2006
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Fig. 1. Two image blocks that contain diagonal edges

In order to avoid this defect, we have recently developed a block-based directional
DCT framework in [1]. In this framework, the first transform may choose to follow a
direction from a total number of seven modes, namely, vertical/horizontal (Mode 0),
diagonal down-left (Mode 3), diagonal down-right (Mode 4), vertical-right (Mode 5),
horizontal-down (Mode 6), vertical-left (Mode 7), and horizontal-up (Mode 8). In
principle, these are the same as the intra prediction modes defined in H.264 [3] where
the vertical mode and horizontal mode have been merged into a single one as both are
the same as the conventional DCT.

In this paper, we focus on two diagonal directions (i.e., Modes 3 and 4), because
they are visually more important than Modes 5-8. In the next section, we will re-
formulate the framework for these two diagonal DCT’s. Two practical issues will be
discussed in Section 3, i.e., the directional mode selection and the cross-check of
directional mode. Some simulation results are shown in Section 4 to illustrate the
effectiveness of our diagonal DCT’s. Finally, Section 5 presents some conclusions.

2 Diagonal Discrete Cosine Transforms

For simplicity, all results presented in this section are based on image blocks of
size 4x4 : a=[a,,lss ; whereas the extension to the NxN block size is
straightforward.

u+v=kk=0123

o LV VNV
“ AV }u+v=k,k=4,5,6
i 1 1 .~ r
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f 4
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Fig. 2. A 4x4 image block in which the first DCT is performed along the diagonal down-left
direction

Let us consider the diagonal down-left mode (Mode 3) first. As shown in Fig. 2,
the first DCT will be performed along the diagonal down-left direction, i.e., for each
diagonal line with u+v=4k, k=0,---,6 . Totally, there are 7 diagonal DCT’s in the
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first step, whose lengths are [N,]=[1,2,3,4,3,2,1]. The resulting coefficients after each
DCT are placed back along the corresponding diagonal line and expressed into a
group of diagonal vectors

A, =[Ao,k’Al,k’.“’ANk—l,k]T’ k=0,,--.,6 ey

Notice that each diagonal vector A; is of a different length N, , with the DC
component placed at bottom-left position, followed by the first AC component and so
on, along the bottom-left to up-right diagonal direction, see left part of Fig. 3 for the
details.

Next, four L-shaped DCT’s are applied, see the middle part of Fig. 3, where the
coefficients along each L-shaped line are [4, ,],-,6-, foru=0,---,3. The coefficients
after the second-step DCT’s are denoted as [/Alu,v]vzo:ﬁ_z” for u=0,---,3 and placed
back along the corresponding L-shaped line, see the right part of Fig. 3.

ol Ayl Ao 3 Ao | Ao | Ao | Aso
~ ~ A N

01| Ao Ha 4 i + 0.1 A],l o1 | Aa
{> {3 5 L”_> ~ A~ ~ ~

1.4

0.2 Al,z Al,} 1,4
3 4 5 6 A A A

Ags| Ava| Avs| Avs

Fig. 3. Left: arrangement of coefficients after the first DCT. Middle: four L-shaped DCT’s in
the second step. Right: arrangement of coefficient after the second DCT.

Clearly, all coefficients produced after two transforms fit into the 4x4 block
exactly. Therefore, any available zigzag scanning can be used directly to convert the
2-D coefficient block to a 1-D sequence so as to facilitate the runlength-based VLC.

It can be derived that a simple (horizontal or vertical) flipping of Mode 3 will yield
Mode 4. This relationship has been used in [1] to develop the diagonal DCT for Mode
4. In this paper, however, a different approach is adopted. With reference to Fig. 4, we
perform the first DCT directly along each diagonal down-right direction. All resulting
coefficients are then flipped horizontally and placed along the diagonal down-left
direction, with the DC component placed at the up-right position, followed by AC
components along the up-right to down-left diagonal direction.

—

Fig. 4. Diagonal down-right DCT (Mode 4)
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After making this new arrangement, we need to use a different DCT in the second
step, which is now an anti L-shaped one. As will be described in the next section, this
arrangement consequently facilitates a cross-check so as to automatically distinguish
Mode 3 and Mode 4 without sending any overhead bits for representing the mode
information. Also, a cross-check between Mode 0 and Mode 3/4 will be discussed in
the next section.

As both diagonal DCT’s formulated above are of a different length in different
diagonal line, they cannot be applied directly on image blocks, because they would
suffer from the so-called mean weighting defect [2]. To understand this in detail, let
us consider the simple example of a spatially uniform image block, i.e., all pixels in
the block have the same gray value. After the diagonal DCT in the first step, all AC
coefficients are zero, but the resulting DC coefficients will become different for
different diagonal lines. Consequently, the L-shaped (or anti L-shaped) DCT’s in the
second step will unavoidably generate some unnecessary non-zero AC coefficients —
which is rather absurd.

One way to solve this problem is to modify the weighting factor used in the DCT
matrix. However, the DCT matrix after such modification will become to be a non-
unitary one, whereas the transform coding theory suggests that the use of a non-
unitary transform is highly disadvantageous for coding efficiency, because it would
suffer from the so-called noise weighting defect [2] - some statistics of quantization
errors, e.g., spatial distribution of error variances or the frequency characteristics of
the error signal, will be weighted in an uncontrollable manner.

To solve this dilemma problem, Kauff and Schuur proposed a novel method that
consists of two steps: (1) DC separation and (2) ADC correction, in their work on SA-
DCT [2]. This method can be readily applied in our case, with a brief description as
follows.

In the DC separation step, the mean value m of an image block is calculated and it
will be quantized tom . Then, m is subtracted from the initial image block, and,
subsequently, the diagonal DCT and L-shaped (or anti L-shaped) DCT are applied in
the first and second steps, respectively, on the resulting zero-mean image block.

In the ADC correction step, the DC component produced above will be set to zero
and thus will not be transmitted; while all AC components will be quantized. Next,
the L-shaped or anti L-shaped IDCT is applied. Then, a ADC term is computed and
the ADC correction will be done before the diagonal IDCT. Finally the quantized
mean value m will be added back to the reconstructed image block.

It has been demonstrated in [2] that the ADC method is consistently better than
modifying the weighting factor by 1-2 dB, and such conclusion has been confirmed in
our experimental results. Therefore, the ADC method is always adopted in our
diagonal DCT-based image coding.

3 Diagonal DCT-Based Image Coding

There are a number of other issues that need to be solved before the developed
diagonal DCT framework can be applied in image coding.

A. Selection of best DCT mode
It is easy to understand that two diagonal DCT’s formulated above have to be used
together with the conventional DCT - thus resulting in three DCT modes: Mode 0



154 J. Fu and B. Zeng

(conventional DCT), Mode 3 (diagonal down-left DCT), and Mode 4 (diagonal down-
right DCT). Clearly, how to effectively select the most suitable mode for each image
block is an important issue. However, we choose to leave it as one of our future
works; instead, a brute-force method is adopted here: we run quantization and VLC
for three modes and select the best according to a productive rate-distortion criterion —
the product of the MSE and bit-count in each image block.

B. Cross-check of DCT modes

It seems that two (overhead) bits are needed to represent the selected DCT mode for
each image block. In practice, however, we can reduce this number significantly, as
explained in the following.

First of all, overhead bits of each image block are introduced in two stages. At the
first stage, one overhead bit is used to distinguish the conventional mode (Mode 0)
and the diagonal mode (Mode 3 or 4). Another overhead bit is needed at the second
stage only when the diagonal mode is called at the first stage so as to distinguish
Mode 3 and Mode 4. We observed from our simulation results that usually more than
half of image blocks will choose Mode 0 according to the productive R-D criterion
described above, consequently, the average number of bits per block for representing
the mode information can be reduced to be below 1.5.

To further reduce the number of overhead bits per block, we propose to carry out a
two-stage cross-check, with some details described below. Suppose that an image
block B is coded in a mode that is unknown. After the inverse VLC, inverse zigzag
scanning, and de-quantization, we obtain the DCT coefficients of B and then apply
the IDCT according to Mode 0, Mode 3 and Mode 4, respectively, with the
reconstructed blocks denoted as B, , B3, and B, .

(@ (b) (5]

Fig. 5. Neighbor difference pattern of three modes (a) Mode 0 (b) Mode 3 (c) Mode 4

Next, we compute the neighbor difference of B, , B; and B, using Eq. (2)
according to the information of the image blocks which have been reconstructed.

N-2

Diffy = 3" |B, (.0)- N, <i,7>\+§ 18,0, /)~ N, (7. j)

i=0

Diff, = 3 |B,(:0)~ Ny (+1.7)+3 [B,(0. /)= N, (7. j+1) @

j=0

N-2 N-1
Diff , = Z ‘34 (i,O)— N, (i_1’7)1+z ‘34 (0’ j)_Nl (7’ j_l)‘
i=0 j=0
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The results will be processed in two stages ( piff is the minimum value
of Diffy , Diff 3 Diff,, ):

Stage I: Mode 0 is called if pjf = Difr, ; Mode 3/4 is called otherwise.
Stage 2: Mode 3 is called if pjf = Difr; ; Mode 4 is called otherwise.

In the first stage, we attempt to distinguish Mode 0 from Mode 3/4 where neighbor
difference method is used. Let’s use P, to denote the correct cross-check rate (i.e.,

Mode O is correctly detected as Mode 0 or Mode 3/4 is correctly detected as Mode

3/4); whereas 1- P, will be the wrong cross-check rate (i.e., Mode 0 is incorrectly

detected as Mode 3/4 or Mode 3/4 is incorrectly detected as Mode 0). Suppose that
such a cross-check is done at the encoder side. Clearly, one bit per block is needed to
tell whether the cross-check is correct or not, and this bit needs to be sent as overhead.
Based on P, , these overhead bits within an entire image can be further coded in an

arithmetic coding so that the average number of overhead bits per block £, can be
approximated as

E;=-Plogy, P —(1-P)log,(1-P) 3)

which represents the entropy of a two-symbol memoryless source with probability
distribution [B 1-A] and is always smaller than 1.

The same principle is applied in the second stage to distinguish Mode 3 and
Mode4, after a diagonal mode is called in the first stage. P, is used to denote the

correct cross-check rate (i.e., Mode 3 is correctly detected as Mode 3 or Mode 4 is
correctly detected as Mode 4); whereas 1— P, will be the wrong cross-check rate (i.e.,

Mode3 is incorrectly detected as Mode4 or Mode4 is incorrectly detected as Mode3).
Thus, the average number of overhead bits per block E, in this stage is approximately

Ey =—=Pylogy P, —(1=Py)log, (1= Py). 4

Finally, the average number of overall overhead bits per block is

E=E +E,-P 6))

where P represents the percentage of image blocks that have chosen Mode 3 or 4
according to the productive R-D criterion described earlier.

Clearly, E would be very small if the cross-check is highly accurate in both
stages, i.e., P, >>1- P, and P, >>1- P, . In this paper, we only tested a gradient-based

scheme where the horizontal and vertical gradients are computed in Mode 0, while
two diagonal gradients (down-left and down-right) are computed in Modes 3 and 4,
respectively, referring to Eq. (2). Our results show that the correct cross-check rate is
about 75~95% at both stages and the average number of overhead bits per block has
been reduced to the range 0.45~1.2 for all test data and quantization parameters.

It is worth to point out that all overhead bits can be ignored completely if our
diagonal DCT’s are used in combination with the intra prediction modes defined in
H.264 [3] for the coding of all intra blocks — which is indeed one of our future works.
On the other hand, our another future work is to attempt to apply such diagonal
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DCT’s in motion-compensated frames in video coding. In this scenario,
(significantly) reducing the number of overhead bits becomes quite crucial.

4 Experimental Results

In this section, we provide some experimental results to illustrate our diagonal DCT
framework. To this end, we select the first frames of four video sequences: “Akiyo”,
“Foreman”, “Stefan”, and “Mobile” (of the CIF format). We fix the block size at 8x8
for all test data and implement the H.263 quantization/VLC in which the QP value is
selected in the range [3, 31] with incremental step being set at 2.

Some simulation results are shown in Fig. 6, where only image blocks that have
chosen Mode 3 or 4 in our diagonal DCT framework are included. It is clear that a
significant gain has been achieved for the frames of “Akiyo” and “Foreman”: ranging
from over 1 dB in the high bit-rate end to 3-4 dB in the low bit-rate end. The gain is
also quite noticeable (0.5~2.0 dB) for the frames of “Stefan” and “Mobile”.
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Fig. 6. Experimental results for video frames

Figure 7 shows the distribution of modes in each test data when QP=20, in which
Mode 0, Mode 3, and Mode 4 are represented as black (with gray value = 5), a gray-
color (with gray value = 128), and white (with gray value = 250), respectively. While
the distribution seems rather random in general, we do observe some patterns (in
white-color) at the up-right corner of “Foreman”. It is easy to justify that these
patterns are the desired ones as the texture of “Foreman” at this corner is highly
oriented along the diagonal down-right direction (Mode 4).
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Stefan Mobile

Fig. 7. Distribution of various DCT modes for four video frames (QP = 20)

(c) Conventional DCT (d) Directional DCT

Fig. 8. Subjective comparisons between the conventional DCT and our directional DCT
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Finally, Fig. 8 gives some subjective comparisons between the conventional DCT
and our diagonal DCT for the frames of “Foreman” and “Mobile”. All black blocks
indicate that Mode 0 has been chosen in our diagonal DCT so that the conventional
DCT and our diagonal DCT produce the same result. The purpose of blacking these
blocks is to highlight all blocks that have chosen a diagonal coding mode in our
diagonal DCT scheme. It is clear that the visual quality achieved in our diagonal DCT
has been improved significantly.

5 Conclusions Remarks

In this paper, we formulated a new framework for two diagonal DCT’s in which the
first transform can choose to follow a diagonal direction, instead of the vertical or
horizontal one - the default direction in the conventional DCT. To complement the
diagonal DCT in the first step, the second transform is arranged to be an L-shaped or
anti L-shaped one. By selecting the best suited one from three DCT modes for each
individual image block, we demonstrated that a remarkable coding gain has been
achieved in the rate-distortion performance.

We also introduced the principle of performing a cross-check of DCT modes so as
to minimize the number of overhead bits for representing the mode information.
While a simple gradient-based cross-check scheme has been adopted in this paper —
yielding fairly reasonable results, we attempt to develop more advanced cross-check
schemes in our future works where the goal is to reduce the number of overhead bits
to be close to zero. Once this goal is achieved - we feel optimistic with it, our
diagonal DCT framework can be applied to inter frames in video coding, which
would make our framework much more valuable.

Other research issues in our future works include: implementing this new
framework in combination with the intra prediction modes developed in H.264 where

we may need to develop integer-based DCT’s for a non- 2" length; independently
selecting the DCT mode effectively so as to avoid the brute-force selection scheme;
and theoretical analysis to justify the effectiveness of our diagonal DCT framework.
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Abstract. Traditional 2D texture synthesis methods mainly focus on
seamlessly generating a big size texture, with coherent texture direc-
tion and homogeneous texture scale, from an input sample. This paper
presents a method of synthesizing texture with variational direction and
scale on arbitrary planar region. The user first decomposes the inter-
est region into a set of triangles, on which a vector field is subsequently
specified for controlling the direction and scale of the synthesized texture.
The variational texture direction and scale are achieved by mapping a
suitable texture patch found in the sample via matching a check-mask,
which is rotated and zoomed according to the vector field in advance. To
account for the texture discontinuity induced by not well matching or
different texture directions/scales between adjacent triangles, a feature
based boundary optimization technique is further developed. Experimen-
tal results show the satisfactory synthesis results.

Keywords: Computer graphics, texture synthesis, texture direction and
scale, feature matching.

1 Introduction

Texture synthesis means generating a big size texture from an input texture
sample, such that the big size texture appears similar pattern with the sample
locally while presents some stochastic attribute globally. As its wide applications
in game/film producing, virtual reality, etc., texture synthesis has been widely
studied by the researchers of computer vision/graphics for many years [1-11].
Earlier methods emphasize on analyzing the stochastic property of the tex-
ture [1-6], and apply obtained texture model to supervise the synthesis process.
Recently, some methods deem the synthesis process as a Markov process and
texture the given region based on neighbors’ matching [7-11]. That is, to synthe-
size texture on a certain region, a rectangular patch is recursively textured to fill
in this region, and the current patch to be textured is only related with its neigh-
bors’ texture. Although nearly seamless synthesis results can be obtained with
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above methods, most of them can only generate texture with identical texture
direction and homogeneous texture scale on a rectangular region. It is difficult
for them to conveniently synthesize texture with variational texture direction or
scale. However, this class of texture is much useful and universal in our life, such
as the tiles of winding road, the pattern of fabric, tree’s skin, etc.

In this paper, we present a method of synthesizing texture with variational
direction and scale. The method still regards the synthesis process as a Markov
process, while applies triangle as the synthesis unit. So we can generate texture
on arbitrary 2D region. The variational direction is achieved by rotating the
current triangle to be textured and a check-mask, with the angle composed of
a given referenced vector and the specified vector adhering to the current tri-
angle, when searching for the suitable texture patch in the sample. Meanwhile,
variational scale is generated by zooming in or out the current triangle and its
check-mask according to the proportion between the module of the referenced
vector and that of the specified vector. To relax texture discontinuity between
adjacent triangles, we further introduce a feature matching and warping based
boundary optimization technique, which in fact results in resolving the “assign-
ment problem” in linear programming with high efficiency. It is convenient to
extend this method to directly synthesize variational texture on surface.

The rest of this paper is organized as follows. Section 2 introduces some related
work. We provide the method of synthesizing variational texture detailedly in
section 3, and present the feature based matching and warping technique in
section 4. Some experimental results are given in section 5. The last section
summarizes our work and highlights the future work.

2 Related Work

Earlier methods concentrated on analyzing the texture models and can be clas-
sified by the models they applied, such as reaction-diffusion [1], and random
field models [2-3], etc. Some also used hybrid models that include a periodic
component and a stochastic component [4].

Recently, neighborhood based methods have attracted much attention and
achieved significant progress [7-11]. The most important stage of these methods
is to search for a suitable texture pixel/patch in the input sample, which is most
matched with its neighbors’ existent texture. Among these methods, applying
pixel as the synthesis unit and texturing a pixel in each step can achieve fine
results, but the efficiency is low. Although applying patch as the unit can enhance
the performance, texture discontinuity between adjacent patches is a key issue
that should be addressed carefully.

To resolve this problem, some methods perform a fusion operation in the
common region of the current patch and the existing one, whereas the methods
in [8][10] optimize the patch merging stage and find a best texture segmentation
by dynamic programming or graph cut technique. With the help of feature map,
Wu et al. developed a novel algorithm to perform feature matching and alignment
by measuring structural similarity [11], and got remarkable synthesis results.
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3 Synthesizing Variational Texture

Our method of texture synthesis adopts triangle as the synthesis unit. As any
2D region with close boundaries can be triangulated by the standard Delaunay
algorithm, we can synthesize texture on arbitrary planar region.

In the following, we mainly describe the method of synthesizing texture on
the triangulated region, and how to generate the effect of variational direction
and scale. First of all, the creation of vector field will be addressed.

3.1 Creation of Vector Field

After triangulating the interest region, we need designate the vector field on this
region for controlling the synthesized texture’s direction and scale. The user first
specifies the vectors of a few seed-triangles, then the inverse distance weighted
interpolation method is used to generate the vectors on the rest of the triangles.
Besides the vector field, a referenced vector should also be given by the user,
which indicates the standard texture direction/scale in sample.

3.2 Texture Synthesis on Triangles

Our method is still neighborhood based. However, it is not feasible to texture the
triangulated region with scan line order as most previous methods have done.
Instead, we use a priority based traversal method to texture each triangle. The
priority of a triangle is defined as the number of its neighbors that have been
synthesized. Initially, all the triangles included in the region are pushed into
a priority queue with zero priorities. After this, the triangle with the highest
priority will be iteratively removed from the queue and be textured, and the
priority queue is refreshed simultaneously.

It it obvious that, for the first time, since the triangle removed from the queue
has zero priority, this triangle is filled with an arbitrary texture patch selected
from the sample. Additionally, the priority of each triangle in fact predicates the
constraints to this triangle. That is, the higher priority, the more constraints its
check-mask includes. Synthesizing the triangle with the highest priority in each
step can actually facilitate searching for the matched texture patch, and reduce
efficiently the discontinuity between adjacent triangles.

In the following subsections, we exploit some details of the algorithm.

3.3 Extraction of Check-Mask

Classical neighborhood based methods, like [5, 7], utilize the overlapped region
between the current unit and its adjacent synthesized ones as the template to
search for the best matched texture patch in the sample, which works well for
most kinds of textures.
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Fig. 1. Check-mask. The left: the current triangle 7" and its synthesize adjacent neigh-
bors (filled with blue dashed. The right: the check-mask, which is a square surrounding
the T'.

However, in our method, we can not easily define a regular template as most
previous methods have done, for the unknown and irregular shape of the synthe-
sized triangles. Instead, we define here a check-mask, which is in fact a square
surrounding the current triangle as shown in Fig. 1. Assume that the triangles
filled with the blue dashed have been textured (the left figure). Then their corre-
sponding region lying in the blue square (the right figure) will take effect during
the searching process, while the rest area in the mask is useless.

The size of the check-mask is selected in proportion to the size of the bound-
ing box of the current triangle. In fact, the smaller the mask is, the faster the
searching speed is; or else the lower the speed is. Nevertheless, if the mask is
too small, the continuity or structure of the synthesized texture can not be well
preserved. So it is a balance to felicitously select its size. We empirically value
the mask 1.2 multiple of the bounding box in our experiments, and restrict its
width within 20 pixels as well to ensure the synthesis speed. Experimental results
show that this mechanism for choosing the mask works well in most cases.

3.4 Transformation of Check-Mask

To generate the effect of variational texture direction and scale, we need trans-
form the check-mask in the light of the specified vector of the current triangle 7.
The transformation here in fact can be factorized into a rotation part answering
for the variational direction, and a zoom one accounting for the different scale.
The check-mask is rotated in term of the angle between the referenced vector
specified and the vector of T, and zoomed in or out according to the proportion
between the module of the referenced vector and that of T’s vector.

Once we have transformed the check-mask, we can search for the suitable tex-
ture patch for T in the sample. The searching process is performed by traversing
all possible positions of the mask in scan-line order in the sample, and computing
the color difference between the color of the mask and that of its corresponding
position in the sample. The position with the minimal color difference indicates
the texture patch best matched, which are therewith mapped to the position of
T in the interest region.
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4 A Feature Based Boundary Optimization Technique

For most neighborhood based methods, a key issue existent is the texture dis-
continuity at the boundary of the adjacent synthesis units. This problem is much
more serious in our method incurred by different texture directions and scales
between adjacent units. To resolve this problem, we introduce here a feature
matching and warping based post processing technique to optimize the bound-
ary.

In fact, for textures with salient features, especially highly structured textures,
discontinuity is frequently caused by mismatching of features at the edges of
triangles. So if we can rematch the features near the common edge and align
them with minor deformation, the synthesis effect will be notably enhanced.

4.1 Feature Matching

Suppose Tp is the current triangle textured, and T is one of its neighbors
synthesized. We first detect the feature points, for example the image gradient
exceeding a given threshold, on the common edge of Tp and Tg. Assume that
they are: Sp = {p1,p2, ..., pn} for Tp and Sg = {q1, g2, ..., gm } for T respectively
(see Fig. 2). Our idea is to find a best match between the points of Sp and those
in Sq, relying on which, we align the textures near the common edge via minor
deformation.

Fig. 2. Rematch of features. The blue/green curves represent the features detected for
To/Tp near the common edge, on which the blue/green nodes are the feature points
to be matched and aligned.

We first define the matching energy about two points p;, g; as:

fij = wifa(pi,a5) + wafe(pir qj) + w3 fq(pi, q5). (1)

Where f; is the normalized Euler distance between two points punishing the
large distortion and ensuring small texture deformation. f., f, denote the nor-
malized color and gradient differences respectively. wy, we and w3 are the weights
balancing the actions of fq4, f. and fy, which are valued with 0.4, 0.3, 0.3 in our
experiments.
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Then the total energy for matching the points between Sp and Sg is specified
as:

min(n,m)

F(P.Q)= Y firge, (A<ix<n,1<j5<m). (2)
k=1

For a valid matching of (2), the following terms are required. (a) Any two points
in Sp should be matched with dissimilar points in Sg. For two points in S,
the term is the same. (b) The points in one set should be orderly matched with
the points in the other set. That is, cross matching is forbidden, since that will
cause texture jumping.

According to above conditions, note that, since the points number of Sp may
be not equal to Sg, some redundant points are automatically abandoned after
the matching process. The points in Sp or Sg with the less number will be fully
matched.

The objective function for the best matching is thus:

arg mln{ik,jk,(k:l,...,min(n,m),1§ik§n,l§jk§m)}F(P7 Q).

In fact, solving such a function can be easily converted into solving a “as-
signment problem” in linear programming, by adding some virtual points in the
set with less points. The detailed solution can be found in [12]. However, as the
number of feature points lying on the common edge is usually not large, we only
need to enumerate all valid matchings (the number of which totals C’:Z;Z((Zg))h
then the one with the minimal energy is the best matching. In most cases, the
solution can be found in nearly real-time.

4.2 Texture Warping

With the matched result, we deform the texture of T'p slightly along the common
edge. Without losing generality, assume the point number of Sp is less than Sg.
Thus any point included in Sp is matched with a point in Sq.

Fig. 3. Comparision between the results with (the left) and without (the right) our
algorithm
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We first add some virtual points along an edge parallel to the common edge,
which have the same number with the points in Sp and preserve consistently
relative positions on this edge with the points of Sp on the common edge. The
region of Tp near the common edge is then uniformly triangulated with these
points. Finally, the texture in each triangle is mapped to its new triangle re-
sulting from the feature matching process. Fig. 3 compares the synthesis results
generated with and without the algorithm.

5 Experimental Results

We have performed our experiments on an Intel Pentium IV 1.6GHz PC with
512MB main memory under the Windows XP operating system. Figs. 4, 5
demonstrate our experimental results.

Fig. 4 (a) & (b) give two synthesis results with direction field in vortex shape.
The rectangle region consists of 96 triangles, and synthesis timing is 25 seconds.
Fig. 4 (¢) & (d) demonstrates two results. The synthesized textures become
larger progressively from the top-right angle to the bottom-left of the square.
We divide the rectangle region into 128 triangles, and fulfill the synthesis using
32 seconds. Fig. 4 (e) show the corresponding direction field for Fig. 4 (c) & (d).

(d)

Fig. 4. Synthesis results. The direction field is similar to that shown in Fig. 1. Resolu-
tion is (256x256).

Fig. 5. Synthesis results. The diameter of each synthesized texture is 256 pixels.

Fig. 5 shows the results of synthesizing circular texture, whose scale around
the center is smaller than that near the border. The circle is divided into 400
triangles, and it takes 96 seconds to synthesize one result.
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6 Conclusions and Future Work

We have presented a method for synthesizing 2D texture with variational di-
rection and scale, which was not dealt with by previous methods. By searching
in the sample a check-mask transformed automatically according to the speci-
fied vector, the synthesized texture varies progressively satisfying the user’s will.
Furthermore, a feature based matching and warping post processing technique
is developed, to treat with texture discontinuity between adjacent units. In the
future we intend to extend our method to directly synthesize variational texture
on 3D surface.
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Abstract. The four most important issues in content-based image retrieval
(CBIR) are how to extract features from an image, how to represent these fea-
tures, how to search the images similar to the query image based on these fea-
tures as fast as we can and how to perform relevance feedback. This paper
mainly concerns the third problem. The traditional features such as color, shape
and texture are extracted offline from all images in the database to compose a
feature database, each element being a feature vector. The “linear scaling to unit
variance” normalization method is used to equalize each dimension of the fea-
ture vector. A fast search method named equal-average K nearest neighbor
search (EKNNS) is then used to find the first K nearest neighbors of the query
feature vector as soon as possible based on the squared Euclidean distortion
measure. Experimental results show that the proposed retrieval method can
largely speed up the retrieval process, especially for large database and high
feature vector dimension.

Keywords: Image Retrieval, Content-based Image Retrieval, Fast .K-Nearest
Neighbor Search.

1 Introduction

The amount of digital visual information over the Internet has grown exponentially in
recent three decades, which brings the research upsurge in visual information retrieval
(VIR). The ultimate goal of VIR is to retrieve desired images or video clips among
massive amounts of visual data in a fast, efficient, semantically meaningful, friendly,
and location-independent manner. Over the past three decades, there have been basi-
cally three ways of retrieving previously stored multimedia data, i.e., free browsing,
text-based retrieval [1] and content-based retrieval [2]. Free browsing is only accept-
able for the occasional user and cannot be extended to users who frequently need
to retrieve specific multimedia information for professional applications. It is a tedi-
ous, inefficient, and time-consuming process and it becomes completely impractical
for large databases. Text-based retrieval has two big problems associated with the

Y. Zhuang et al. (Eds.): PCM 2006, LNCS 4261, pp. 167 -174, 2006.
© Springer-Verlag Berlin Heidelberg 2006
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cataloguing phase: 1) the considerable amount of time and effort needed to manually
annotate each individual image or clip; and 2) the imprecision associated with the
subjective human perception of the contents being annotated. In a content-based vis-
ual information retrieval (CBVIR) system, instead of being manually annotated by
keywords, images are indexed by their own visual content, such as color [3], texture
[4], object’s shape and movement [5], which are more essential and closer to the hu-
man perceptual system than the keywords used in text-based image retrieval systems.

The four most important issues in content-based image retrieval (CBIR) are how to
extract features from an image, how to represent these features, how to search the
images similar to the query image based on these features as fast as we can and how
to perform relevance feedback. This paper concerns the third problem. The main idea
of this paper is to introduce the fast search algorithm [6] formerly used in K-nearest-
neighbor (KNN) classification to CBIR systems. This fast search algorithm is derived
from the equal-average nearest neighbor search algorithm [7], which is used in fast
codeword search for a vector quantization (VQ) [8] based encoding system. In fact, a
lot of newly-developed fast codeword search algorithms [9,10] can be also introduced
in KNN classification and CBIR. Considering the extra storage requirements and
offline computation burden, we select the simplest one, i.e., the equal-average K-
nearest-neighbor search algorithm [6]. Another purpose of the proposed scheme is to
introduce the vector quantization technique in CBIR systems. In fact, VQ codebook
design techniques have been used to classify the images in the database before re-
trieval [11, 12]. However, they don’t take into account the problem how to speed up
the process of the similarity comparison, which is the main concern in this paper.

2 Feature Database Construction

In this section, we introduce how to construct a feature database offline. This process
includes three sub-processes, i.e., feature extraction, feature vector normalization and
feature vector sorting. In this paper, we select four kinds of features, i.e., color, tex-
ture, shape and global translation-rotation-invariant features. All of these features are
based on the HSV color space. The dimension of all selected features is 200, includ-
ing 192-dimensional color features based on three color components, 3-dimensional
texture features based on V component, 4-dimensional shape features [13] based on
the V component and a 1-dimensional global invariant feature [14] based on the V
component. Each feature vector is computed and normalized offline.

When the Euclidean distance is used to measure similarity between images in con-
tent-based image retrieval, it implicitly assigns more weight to features with large
variances than those with small variances. In order to reduce this effect, we should
normalize each dimension and thus make each dimension have the same range. In this
paper, we use the “linear scaling to unit variance” method [15]. Assume the feature

vector  y, =(¥,,, ;.Y 35> Y; p) has been extracted from the image M, ,

i=0,1,...,1 —1, where D is the dimension of each feature vector and I is the number

of images in the database. To normalize each component into the same range [-1, 1],
we use the following equation:
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1 (i=0L..1-1,j=12,...D)

Vij=y 1 (1)

where j}l.,/. is the normalized feature vector component, and
1 I-1
=—2 Vi
72
1 I-1 )
0;= Z()’l—,,- —m;)
-1 i=0

After normalization, we use the following weighted Euclidean squared distance to
denote the difference between two normalized feature vectors.

365 =3 w50 =3 236,57
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where X and y are two normalized feature vectors of x and y respectively, X, and
y , are the [-th sub-vectors, D, is the dimension for the [-th sub-vector, and fc“ and
¥, are the components of the vector X, and y, respectively. Because our fast algo-

rithm is based on squared Euclidean distance measure, we convert the distance form
from d(x,y) into d(X,y), where X and y are called weighted normalized feature

vectors, X,, = X,,-4/w,/D, and y,.=3,.-\Jw,/D, are the components of sub-
vectors X, and y, respectively. In our test systems, D=192, D,=3, D=4, D,=1 and

thus D=200 and we use w;=w,=w3=w,;=0.25.

In order to perform a fast search more efficiently, we should sort the feature vectors
in the ascending order of the mean value calculated from each weighted normalized
feature vector, i.e.,

VO<i<j<I-1, m;<m, )

Where

Mm

S5

®)

‘<l

l
D%
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Note that we should also save the mean values of weighted normalized vectors in the
feature database file. We can view this value as the first dimension of the weighted
normalized vector, namely the sorted weighted normalized vector can be denoted as
follows.

yi = {5;1‘,0’3;1'} = (yi,O’ii,l""’yi,D) = (ﬁ/li’yi,l”"’yi,D) (i=0l...1-1) (©)

Where y, is the i-th sorted weighted normalized D+1 dimensional feature vector in

the feature database.

3 Proposed Fast Image Retrieval Method

In this section, we give a new fast search method. Assume the total number of images

in the database is 7, the user wants to get the first M (M =< 1) most similar images to
the query image, but the system interface can only display R images in each page.
Thus the required number of pages for displaying is P=[(M-1)/R]+1. Here, [ ] denotes

the operation to get the integer part. In most cases, £ >1 but P is small and the users

want to get the first P pages of most similar images (i.e. the first K = P- R most
similar images) at the same time before displaying. In the conventional query-by-
example CBIR system, the similarity comparison is performed between the input
feature vector and each feature vector in the database, which is referred to as a full
search (FS) scheme, where we should search the whole database to get the first P
pages of most similar images. Different from that, in this paper, we propose a fast

retrieval algorithm to obtain the first K = P - R most similar images as soon as pos-
sible. First we give Theorem 1, which is the foundation of EKNNS, as follows.

Theorem 1: Define A, (x,y,)=,/d(X,y,)/ D, where X is a weighted normalized

D-dimensional query feature vector and yp is the p-th weighted normalized D-
dimensional feature vector from database (0 < p <1 —1). Assume that the current
minimum distortion is d,; =d(X,y,) . and the mean values of X and y,
(i=01,...1—-1) are m_and j, , respectively. If ‘nﬁi —ﬁx‘ZAD(f,yp) , then
d(¥,y)2d(%,y,).

The proof of this theorem can be referred to [7]. Based on this theorem, we know that
if i, <m,—A,(¥,y,) orm, >ii, +A,(¥,y,), then the distortion of vector ¥,
must be larger than ip . Thus, if we have sorted the feature vectors in the ascending
order of their means, we can search the nearest vector by modifying A, (¥ .¥,) itera-
tively. Developed from this conclusion, the main idea of EKNNS is: If we have gotten

K vectors and the vector from them with the largest distortion is we can

y index_max °
ensure that there are at least K vectors that have less distortion than those with mean
values out of the interval [77, — A, (X, ¥iier max ) »r T Ap (X, Vindex max ) 1-
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By searching the candidates near the initial best match vector yp in an up-and-

down manner and updating the K vectors iteratively, we can reduce the searching
range. The algorithm can be illustrated as follows:

Step 1: If the query image is outside of the image database, then we need to calculate
the query image’s weighted normalized feature vector X and its mean value 77 . In

the mean-value-sorted feature database, get the initial index p of the vector with the
minimum mean distance from the query vector’s mean value by the following bisect-
ing method.

Step 1.0: Set i=0,j=1-1.If n"éxzﬁi/., then set p=j and go to Step 2; If
m, <, thenset p =i and go to Step 2.

Step 1.1: Set p=(i+ j)/2.1f fﬁx Sn"ép,then j = p;Otherwise i=p.

Step 1.2:If j—i>1, goto Step 1.1.

Step 1.3: If ‘ﬁix - n"i,‘ > ‘fﬁx —im;,|,then p =i;Otherwise p = j.

Step2: Define two flags, flagl =false and flag2 = false, which denote whether
the search process can be terminated or not in the up and down search directions re-
spectively. Set low=p—-K/2 , high=p+K/2-1 . If low<0 , then
low=0, high=K -1 and flagl =true . If high>1—-1, then high=1-1,
low=1—-K and flag2=true . Calculate and sort the distances
d(x,y,,).d(X,¥,,.)s-d(X, ¥,ien) in the ascending order based on bubble sort

method. Save the corresponding distances in the array d_. [i] and their indices in the

array index[i], i =0,1,...,K —1.

Step 3: Search the K best-match vectors to the query vector. Note that we don’t re-
quire searching the vectors with the indices from low to high.

Step 3.0: Set j=min{p—Ilow+1, high—p+1}.If low=0, then j=high—p+1.1f
high=1-1, then j=p—low+l . Set i ; =m, —A,(X, Y 4x-1,) 2nd
ﬁimax = ﬁ;lx + AD (f, iindex[Kfl] ) :

Step 3.1: If flagl = true and also flag2 = true, then the algorithm can be termi-
nated with the final K indices of the most similar vectors, index[i], i =0,1,...,K —1.

Step 3.2: If flagl =true , go to Step 3.3. If p—j<0 or m,  , <m then

flagl =true , go to Step 3.3. Otherwise, we use partial distance search (PDS)
method [16] to compute d(X,y, ;). if d(X,¥, ;) <d(%, ¥,y 1) then insert
d(x,y, ;) into d, [i] and index p—j into index[i] in the ascending order of

distances, and also update the lower and wupper limits of means,

mmin = mx - AD(x’ yindex[l(—l]) and mmax = mx + AD (x’ yindex[Kfl]) :

Step 3.3: If flag2=true , go to Step 3.4. If p+ j=>1 or m,, >, » then

flag?2 = true, go to Step 3.4. Otherwise, we use the partial distance search (PDS)
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method to compute d(X,y,, ;). if d(X,¥,,;)<d(% ¥,k - then insert
d(x, j?p ,;) into array d . [i] and index p+ j into array index[i] in the ascending

order of distances, and also update the lower and upper limits of means,

mmin = mx - AD(x’ yindex[l(—l]) and mmax = mx + AD (x’ yindex[Kfl]) :

Step 3.4: Set j= j+1, go to Step 3.1.

4 Experimental Results

To demonstrate the effectiveness of the proposed methods, we use two databases in
the experiments. The first one is a database with 1000 images of size 384x256 or
256x384, which are classified into ten classes (i.e., People, Beach, Building, Bus,
Dinosaur, Elephant, Flower, Horse, Mountain and Food), each class including 100
images. This database is used to test the performances of recall vs. time and precision
vs. time. The other is a database with 20000 images of various sizes (without classifi-
cation), which is only used to test the time performance. In our experiments, we use a
Pentium IV computer with 2.80GHz CPU to test the performance. First we compute
the feature vectors offline for all images in the database, and also normalize, weight
and sort them offline. Each weighted normalized feature vector is a 200-dimensional
vector, which includes 192-dimensional color features, 3-dimensional texture fea-
tures, 4-dimensional shape features and 1-dimensional invariant feature as described
in Section 2. We do following two experiments.

The first experiment is based on the classified 1000 images. We randomly select 2
images from each class, and thus totally 20 images, as the test query images. For each
test query image, we perform the full search method and our proposed EKNNS
method respectively with P=1, 2, 3, 4, 5, 6, i.e., the six cases where the users want to
obtain K=16, 32, 48, 64, 80, 96 returned images. Then we can obtain corresponding
required time, recall and precision performances for these 6 cases respectively. For
each case, we average the time, recall and precision over the 20 test query images.
After averaging, we can compare EKNNS with FS search method by the performance
of recall, precision and time as shown in Table 1. Note that, for the full search
method, no matter how many images are returned for users, it has to perform the
whole search over all images in the database, so the required time in each case is the
same for the full search method. For our EKNNS algorithm, because P only varies
from 1 to 6, and is not so large, so the required time is also nearly the same for vari-
ous returned pages.

The second experiment is based on unclassified 20000 images. This experiment is
only to show the time performance of the full search method and EKNNS for differ-
ent numbers of pages, i.e., P varies from 1 to 10, the ten cases are K=16, 32,..., 160.
We randomly select 40 images from the database to be the test query images. For
each test image, we obtain the required time for each case and each method. After
averaging the required time for each case and each method over the 40 test query
images, we obtain the curve as shown in Fig. 1.
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From the experimental results, we can see that the proposed EKNNS algorithm
only needs 18% time of the full search method while guaranteeing the same recall and
precision in the case of K=16, D=200 and /=1000. And when K varies from 16 to 160,
D=200 and /=20000, the proposed EKNNS only needs 2%-3% of the required full
search time. For K << I, the EKNNS algorithm needs nearly the same time for vari-
ous returned pages, which means the EKNNS is affected less by the number of re-
turned images.

Table 1. Comparisons of FS and EKNNS algorithms with 1000 classified images (D=200)

P=1 P=2 P=3 P=4 P=5 P=6
K=16 K=32 K=48 K=64 K=80 K=96
Average Precision | 70.31% | 59.06% | 53.44% | 49.06% | 45.5% | 41.56%
Average Recall 11.25% | 189% | 25.65% | 31.4% | 36.4% | 39.9%

Returned Pages

FS CPU Time 16ms 16ms 16ms 16ms 16ms 16ms
EKNNS
CPU Time 3ms 3ms 3ms 3ms 3.1ms 3.2ms

6000

5000

4000 4

BFs
DOEKNNS

Time(ms) 3000 4

2000 1

1000 A

04

Fig. 1. Experimental results based on 20000 unclassified images

5 Conclusions

In this paper, two novel fast schemes named EKNNS and IEKNNS for CBIR are
presented. These methods are suitable for the CBIR systems with multiple displaying
pages, large databases and high-dimensional feature vectors. These methods exploit
the mean values of the feature vectors to speed up the search process while guarantee-
ing the same performances of recall and precision. Experimental results demonstrate
the efficiency of the proposed methods.
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Abstract. The universal recognition that it is critical to improve the
performance of existing systems and protocols with the understanding to
practical service experiences motivates us to discuss this issue in the con-
text of peer-to-peer (P2P) streaming. With the benefit of both practical
traces from traditional client-server (C/S) service systems and logs from
P2P live broadcasting system, in this paper we first characterize end user
behaviors in terms of online duration and reveal the statistically posi-
tive correlation between elapsed online duration and expected remaining
online time. Then we explore the feasibility to improve the quality of
streaming service over P2P networks by proposing Low Disruption Tree
Construction (LDTC) algorithm to take the online duration information
into account when peers self-organize into the service overlay. The ex-
periment results show that LDTC could achieve higher stability of video
date delivery tree and in turn improve the quality of streaming service.

1 Introduction

The increasing growth of Internet and digital content industry introduces a new
area of interaction between huge volume of information and end users. Particu-
larly, streaming media contents, especially in the form of video, to a large pop-
ulation of end users remains interesting and challenging. At the system design
stand, a rich body of literature discussed application layer multicast or overlay
multicast approaches [1,2,3,4] in past years to tackle with the scalability problem
without the need of network infrastructure support. Recently, the peer-to-peer
(P2P) technique emerged as the most prospective means in this arena since it
effectively explored the cooperative paradigm among numerous end users. Each
peer, also interchangeably called node or user, plays the role of both client and
server at the same time and hence the system capacity is amplified. Besides the
popular P2P file sharing and VoIP applications on the Internet, BitTorrent [5]
and Skype [6] for instance, many P2P live video streaming systems were also
designed and deployed to broadcast TV programs [7,9]. Our experiences have
demonstrated that it could scale to reliably support a great number of users [8].

At the measurement study side, the prolific areas of research attempted to offer
insightful understandings towards existing systems or protocols and essentially
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came in two flavors. The first category of previous work commonly examined
server workload, user characteristics and streaming performance of traditional
client-server (C/S) or CDN-based live video streaming service [10,11], while the
other category [12,13,14] analyzed P2P traffic, system capacity and message
protocols of P2P file sharing and VoIP applications mentioned above. Although
it is generally believed that it is critical to look at how the real systems work
before the further betterments could be carried out, little research has been done
in the context of P2P live streaming possibly due to practical difficulties.

Accordingly, the introductory summary frames out that there is both a need
and an opportunity to investigate corresponding issues and further enable new
classes of next generation P2P networks. As the first step, we aim to explore
the feasibility of the interplay between practical properties and system design in
this paper and our study goes beyond exiting work in following two aspects.

1) Characterizing user behavior in C/S and P2P live streaming service. We
make statistical analysis to both more than 10 million service traces from
traditional C/S system in CCTV! and service logs from a practical P2P system
with concurrent online users more than 200,000 for live broadcasting Spring
Festival Evening show in Jan. 2006 over global Internet. We characterize end
user behavior in terms of online duration and reveal the statistically positive
correlation between elapsed online duration and expected remaining online time.

2) Improving service quality with the aid of user characteristics. We propose
the Low Disruption Tree Construction (LDTC) algorithm to exploit the above
practical-oriented feature. LDTC takes the online duration information into ac-
count when peers organize the service overlay. The experiment results show that
LDTC could achieve higher stability of video date delivery tree and in turn im-
prove the quality of streaming service. To the best of our knowledge, this is the
first work to integrate practical observations into the design philosophy of P2P
live video streaming.

The balance of this paper is organized as follows. Sec.2 presents the statistic
analysis to service traces and reveals inherent characteristics of user behavior.
Then we propose Low Disruption Tree Construction algorithm in details and
present the experiment results in Sec.3. Sec.4 discusses some future work and
ends this paper.

2 Statistical Analysis to User Behaviors

A characteristic in P2P network is that the peers change their behaviors and
join or leave the service group continuously and independently, resulting in high
dynamic in overlay topology and peer membership. In particular, the frequent
turnover of upstream peers substantially poses great challenge on comfortable
playback quality at end users in streaming applications. From this viewpoint,
the stability of peer community is intuitively one of most vital factors for global
system performance and thus we select the online duration of rational users as
the first metric to model user behavior in the following two subsections.

! CCTV: China Central Television Station, http://www.cctv.com.
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2.1 Online Duration Analysis in C/S Architecture

It should be stressed that since end users have little knowledge and concerns on
whether the service is provided via C/S or P2P technique, it is important and
feasible to analyze user behaviors in C/S approaches which might be analogous to
those in P2P networks. We hence retrieved more than 10 million traces between
Oct. 2004 and Jan. 2005 from central streaming servers at CCTV global websites.
Tab.1 lists the basic information of those service traces, including the effective
traces and average online duration at each channel(CCTV-News, CCTV-4 and
CCTV-9).

Table 1. Information of service traces

Channel Effective traces Average online Synthesized parameters

1.CCTV-News 8,314,245 772 seconds (1, 0) = (4.421,1.672)
2.CCTV-4 2,349,934 542 seconds (1, 0) = (4.037,1.464)
3.CCTV-9 676,807 704 seconds (1, 0) = (4.161,1.438)
In total 11,340,986 720 seconds NULL
0016 ~ e 8000 -
+ + Channel-1 traces ~+— Channel-1 %

=== Channel-2
===%--- Channel-3

Channel-1 fitted curve
> Channel-2 traces
Channel-2 fitted curve
#+  Channel-3 traces
Channel-3 fitted curve

0.012 6000

0.008 4000

0.004 2000

Proportion of all requests
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10 10’ 10° 10 10 0 2000 4000 6000 8000 10000
Online duration (sec) Elapsed request duration (sec)

(a) (b)

Fig. 1. Analysis to online duration of practical service traces: (a)Distribution of online
duration and fitted curves; (b)Relation between elapsed online duration and expected
remaining online time

To reveal the intrinsic characteristics within the online duration, we depict
the percentage and cumulative percentage of various online duration distribu-
tions, as show in Fig.1(a). Clearly, although the populations (that is, effective
traces) vary in different channels, all the three statistical results substantially
follow the lognormal distribution. The last column in Tab.1 further provides the
synthesized parameters for lognormal distribution in Fig.1(a). The distinctness
of each (u,o) pair indicates the differences between each channel, potentially
comprising contents, popularity and so on.

Only the lognormal distribution characteristic, however, is far from enough. In
P2P networks, each peer is typically served by others and thus the stable peer-pair
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cooperation is of significance in P2P live streaming service. If we denote p(t) as
the online duration probability density, then the expected remaining online time
of peers with elapsed online duration T could be statstically calculated as:

E(t—Tit>T)= Jr (t =Thp(t)dt (1)

J7 p(t)dt
Fig.1(b) further depicts the statistical relation between elapsed online dura-
tion and expected remaining online time. Observe that users who have enjoyed
the service for a longer time would be statistically willing to spend more time.
The main reason of this positive correlation may reside in the ” popularity-driven”
access pattern and synchronous nature of live video programs.

2.2 Online Duration Analysis in P2P Network

As discussed, it could be boldly conjectured that there would be the approximate
positive correlation in P2P live streaming systems. Therefore we attempt to
capture the online duration characteristic in P2P service community in this
subsection.

We have designed, implemented and deployed a practical P2P live video
broadcasting system over global Internet in previous study [8]. Our work builds
on the gossip-based unstructured overlay [15,16] to perform distributed member-
ship management. In such an overlay structure, each peer maintains two lists,
namely the member list and neighbor list. The video packets transmit along
neighbor pairs to the whole group with the aid of efficient streaming mecha-
nism, while the dynamic membership and neighborship are disseminated within
the community in a gossip fashion. As a scalable and cost-effective alternative
to C/S approaches, it was adopted by CCTV to live broadcast Spring Festi-
val Evening show at Feb. 2005 and Jan. 2006. In the first deployment in 2005,
there were more than 500,000 users from about 66 countries with the maximum
number of concurrent users 15,239 on Feb. 8th, 2005. In the second deployment,
more than 1,800,000 users from about 70 countries subscribed the service and
the maximum concurrent users reached its peak about 200,000 on Jan. 28th,
2006, as shown in Fig.2(a).

We then examine the logs to reveal online duration evolution of peers. Fig.2(b)
shows the cumulative distribution of the online session duration. Observe that
nearly 50% peers spent less than 200 seconds in the community, which indicated
that many peers would not stay for a long time, while there were also roughly
20% users who would like to keep active for more than 30 minutes. Besides,
we depict the relation between elapsed online duration and expected remaining
online duration in Fig.2(c). It is obvious that peers who had stayed longer also
would be expected to spend more time, as similar to that in C/S architecture.

Towards this end, the practical traces and logs from C/S and P2P systems
offer in-depth statistical characteristic of user online duration. While the result
of 7the older, the longer” in both approaches seems quite intuitive, it essentially
reflects the stability of service group, which could be deemed important for
efficient system design and comfortable service quality in P2P networks.
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Fig. 2. Analysis to online duration of practical service logs: (a)Practical system evolu-
tion at Jan. 28th, 2006; (b)CDF of online duration; (c)Relation between elapsed online
duration and expected remaining online time

3 LDTC: Low Disruption Tree Construction Algorithm

In this section, we mainly present one feasible algorithm to improve quality of
streaming service by constructing video data delivery tree with the information
of users’ online duration. At the heart of this algorithm is to employ those peers
with longer online duration as the bone of the tree, as well as to diminish the
descendants’ amount of those who are just active for a short while, resulting in
low disruption of packets transmission and in turn high streaming quality.

Before proceeding, let us consider Fig.3 as a representative example. We as-
sume video packets transmit along the simplified tree paths in the right rec-
tangle instead of practical gossip-based overlay mesh for ease of presentation.
Apparently the departures of peers B and D have more negative impacts on the
stability of video transmission than those of the leaf peers C' and E (in sim-
plified model). Note that here we only discuss natural turnover rather than the
unexpected failure of peers or links. Then we start the design of proposed LDTC
with formal notations in Tab.2.

According to the statistical study in Sec.2, there is a positive correlation be-
tween elapsed online duration ¢ and expected remaining online duration remn(t).
And a larger remn(A, t) implies lower possibility for a peer to leave, that is, lower
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Fig. 3. A case of video delivery tree

Table 2. Notations of tree construction algorithm

Notation Explanation

affc(A) Number of peers affected by departure of A, A € P
prob(A,t) Probability of departure of A with online duration ¢
remn(A) Remaining online duration of A with online duration ¢

ance(A) Ancestors of peer A
desc(A) Descendants of peer A
cap(A) Capacity of peer A

A, B .. Access positions of the delivery tree
cap(A") Capacity of access postion A’

prob(A,t). As t increases, E(prob(A,t)) decreases. Then we could calculate the
expectation of disruptions (in terms of affected peers) as:

E@ffe(P)=E()_ prob(A)-af fe(A))= Y (E(prob(A))-|desc(A)])  (2)
vAeP vAeP
The aim of providing stable transmission is hence translated into constructing
a delivery tree with lower E(af fc(P)). Besides, for peer A, it is also possible to
affect the packets forwarding if A’s upstream ancestors leave, that is,

Eaf fe(P Z Z prob(N Z Z E(prob(N))  (3)

VAEPVN€cance(A) VA€ PVNeance(A)

Fig. 4. Tree construction with candidate access positions
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We now proceed to propose the low disruption tree construction (LDTC)
algorithm. As extension to Fig.3, Fig.4 schematically depicts the candidate access
positions ¢ for a new participant F', where ( = {A’, B',C’, D', E'}. The 2-tuple,
(5,600) for example, is assumed to present the service capacity (in terms of
descendants) and elapsed online duration. The details of LDTC are summarized
as following steps.

LDTC tree construction algorithm steps:

1. Calculate the average depth of the delivery tree. In Fig.4, the average
depthis I =(04+1+1+2+3)/5=14;

2. Rank the candidate access positions in ¢ whose depths are not more
than [I] in ascending sort as ¢i. If there is no candidate position
whose depth is more than [I], then ¢; will be composed by those with
minimum depths. In Fig.4, (1 = {{A'},{B’,C"'}};

3. Rank in descending sort the candidate positions in (1 according to the
ancestors online duration to obtain (»;

4. For the new participant I, calculate the number m of peers whose service
capacity are more than that of F' and the number n of total peers in
delivery tree after F's join. In Fig.4, if cap(F) = 2, then m = 3,n = 6;

5. Calculate the ratio r as r = (m + 1)/n, number of available capacity at
each depth C' = {c1, ¢z, ...} and potential position as p = [r-Y . ¢i]. In
Fig.4, r = 0.67, cap(A’) =3 , cap(B’) = 3, cap(C’) =1, C = {c1 = 3,
cg =4}, p=1[0.67 x 7] = 5;

6. Select the access position in (2 according to C and p in previous step. In
Fig.4, since p =15 > ¢1 = 3, F has to subscribe at depth 2 and thus
select B’ to join the delivery tree;

7. If there are more than one peer in (2 with same conditions, then randomly
select one as the access position for F.

To testify the proposed LDTC algorithm, we conduct simulation experiments
and compare it with other tree construction algorithms. Tab.3 lists the basic
experiment setup and note that here we just adopt a median (u, o) to simulate
the online duration distribution of peers. The experiments compare the following
five tree construction algorithms:

(1)Random: randomly select access positions in the tree;

(2)Min-depth: Select the access position with minimum depth in the tree;

(3)Max-online: Select the access position with maximum online duration;

(4)Proposed: Proposed LDTC algorithm;

(5)Contrastive: Randomly sort in step 3 in proposed LDTC algorithm.

Fig.5 depicts the average depths and accumulative disruptions in Random,
Min-depth, Max-online and Proposed algorithms. All the results are averaged by
10-round experiments. Observe that the average depth in Proposed algorithm
is even smaller than that in Min-depth because we intentionally deploy peers
with larger capacity to get closer to the source root while Min-depth actually
achieves the local optimal minimum depth. Proposed algorithm also exhibit the
best performance in terms of tree disruption as compared to other algorithms
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Table 3. Simulation experiment setup

Parameter Value or range
Simulation time 100000 seconds
Capacity of root peer 10
User arrival pattern A =1 (Poisson process)
Online duration  (p,0) = (4.4, 1.6) (Lognormal distribution)
Peer capacity = 2 (Exponential distribution)
4
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Fig. 5. Simulation results of random, min-depth, max-online and proposed algorithms
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Fig. 6. Comparisons between proposed algorithm and contrastive algorithm

in Fig.5(b). Fig.6 compares the Proposed and Contrastive algorithm in terms of
average depth and accumulative disruptions. Since they differ from each other
only with respect to the sort method of candidate positions, the average depth
should be the same, as shown in Fig.6(a). The distinctness in Fig.6(b) indicates
that the online duration essentially provides higher stability when constructing
the tree and confirms the effectiveness of LDTC. Although LDTC seems quite
simple, we claim that in this paper we mainly explore the feasibility to improve
quality of streaming service with the benefit of practical properties and how to
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retrieve users’ private information, e.g. service capacity and online duration, will
be investigated in future work.

4 Conclusion and Future Work

In this paper, we mainly investigate the issue of leveraging practical service ex-
periences to guide the design of P2P live streaming system and in turn improve
the quality of streaming service. Our contributions come in two-fold. Firstly, we
make statistical analysis to service traces from the C/S system and P2P system
and then reveal statistically positive correlation between elapsed online duration
and expected remaining online time. Secondly, we are motivated to propose Low
Disruption Tree Construction algorithm with the benefit of the practical char-
acteristic. It takes the online duration of peers into account when constructing
video data delivery tree and hence offers higher stability for streaming service.

Future research could proceed along several arenas. One is to evaluate the
overheads of LDTC and retrieve peers information in a distributed manner. It
is also interesting to characterize user behavior profile in a more comprehensive
manner for further improvements.

Acknowledgement

The authors gracefully thank the anonymous reviewers for their comments. This
work is supported by the National Natural Science Foundation of China under
Grant No.60432030 and No.60503063.

References

1. Yang-hua Chu, Sanjay G. Rao, Hui Zhang: A Case for End System Multicast. In
Proc. of 2000 ACM SIGMETRICS (2000) 1-12.

2. Suman Banerjee, Bobby Bhattacharjee, Christopher Kommareddy: Scalable Ap-
plication Layer Multicast. In Proc. of 2002 ACM SIGCOMM (2002) 205-217.

3. Miguel Castro, Peter Druschel, et al: SplitStream: High-Bandwidth Multicast in
Cooperative Environments. In Proc. of 2003 ACM SOSP (2003) 298-313.

4. Miguel Castro, Peter Druschel, Anne-Marie Kermarrec, Antony Rowstron:
SCRIBE: A Large-Scale and Decentralized Application-Level Multicast Infrastruc-
ture. IEEE Journal on Selected Areas in Communications, vol. 20, no. 8, (2002)
100-110.

5. B. Cohen. BitTorrent. http://www.bitconjuer.com/BitTorrent/.

Skype, http://www.skype.com.

7. Xinyan Zhang, Jiangchuan Liu, Bo Li, Yum, Y.-S.P.: CoolStreaming/DONet: A
Data-Driven Overlay Network for Efficient Live Media Streaming. In Proc. of 2005
IEEE INFOCOM (2005) 2102-2111.

8. Meng Zhang, Li Zhao, Yun Tang, Jianguang Luo, Shigiang Yang: Large-Scale Live
Media Streaming over Peer-to-Peer Networks through Global Internet. In Proc. of
2005 P2MMS ACM MULTIMEDIA (2005) 21-28.

2



184

9.
10.

11.

12.

13.

14.

15.

16.

Y. Tang et al.

PPLive site: http://www.pplive.com.

Eveline Veloso, Virglio Almeida, Wagner Meira, Azer Bestavros, Shudong Jin: A
Hierarchical Characterization of a Live Streaming Media Workload. In Proc. of
2002 ACM SIGCOMM IMC (2002) 117-130.

Kunwadee Sripanidkulchai, Bruce Maggs, Hui Zhang: An Analysis of Live Stream-
ing Workloads on the Internet. In Proc. of 2004 ACM SIGCOMM IMC (2004)
41-54.

Saikat Guha, Neil Daswani, Ravi Jain: An Experimental Study of the Skype Peer
to Peer VoIP System. The 5th International Workshop on Peer-to-Peer Systems
(2006), available at http://iptps06.cs.ucsb.edu/.

Stefan Saroiu, P. Krishna Gummadi, Steven D. Gribble: A Measurement Study of
Peer-to-Peer File Sharing Systems. In Proc. of 2002 SPIE MMCN (2002) 156-170.
Dongyu Qiu, R. Srikant: Modeling and Performance Analysis of BitTorrent-Like
Peer-to-Peer Networks. In Proc. of 2004 ACM SIGCOMM (2004) 367-378.
Suman Banerjee, Seungjoon Lee, Bobby Bhattacharjee, Aravind Srinivasan: Re-
silient Multicast Using Overlays. In Proc. of 2003 ACM SIGMETRICS (2003)
102-113.

Vivek Vishnumurthy, Paul Francis: On Heterogeneous Overlay Construction and
Random Node Selection in Unstructured P2P Networks. In Proc. of 2006 IEEE
INFOCOM (2006), To Appear.



Interacting Activity Recognition Using
Hierarchical Durational-State Dynamic Bayesian
Network

Youtian Du, Feng Chen, Wenli Xu, and Weidong Zhang

Department of Automation, Tsinghua University, Beijing, 100084, China
dyt02@mails.tsinghua.edu.cn,
{chenfeng, xuwl}@mail.tsinghua.edu.cn,
zwd030@mails.tsinghua.edu.cn

Abstract. Activity recognition is one of the most challenging problems
in the high-level computer vision field. In this paper, we present a novel
approach to interacting activity recognition based on dynamic Bayesian
network (DBN). In this approach the features representing the human
activities are divided into two classes: global features and local features,
which are on two different spatial scales. To model and recognize human
interacting activities, we propose a hierarchical durational-state DBN
model (HDS-DBN). HDS-DBN combines the global features with local
ones organically and reveals structure of interacting activities well. The
effectiveness of this approach is demonstrated by experiments.

Keywords: interacting activity recognition, dynamic Bayesian network,
global feature, local feature.

1 Introduction

Activity recognition is one of the most important open areas in the high-level
computer vision, in which many theories of other fields are involved such as
pattern recognition and artificial intelligence. It is a complex and challenging
task due to the ambiguity caused by human body articulation, mutual occlusion,
environment, etc.

Over the last decade there has been growing interest in the activity recognition
[1,2]. However, few efforts were put into understanding human activities that
have substantial extent in time or involve interactions between people [1,3].

1.1 Related Work

In the field of activity recognition, probabilistic graph models, especially tempo-
ral sequential models such as hidden Markov models (HMMs), are adopted and
have become the most popular approaches.

The conventional HMM is inadequate to model complex activities because it
cannot characterize the hierarchic and shared structure embedded in the activ-
ities. To recognize interactions between two objects, Brand et al.[4] proposed
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a coupled hidden markov model(CHMM), which can model two correlative dy-
namic processes. Based on CHMM, Oliver et al.[3] described a Bayesian com-
puter vision system for modeling and recognizing human interactions, and fea-
tures were extracted based on trajectories. Experimental results indicated that
coupled hidden Markov model (CHMM) was superior to HMM in interacting
activity recognition. Park and Aggarwal[5] estimated the body part poses and
overall body poses with low level and high level of Bayesian network respectively,
and recognized two-person interactions with DBN. To interpret group activities,
Gong and Xiang [6] proposed a dynamically multi-linked hidden markov model
with the structure determined by Bayesian Information Criterion (BIC). Liu and
Chua [7] decomposed the observation of HMMs in multi-agent activity recogni-
tion, which can solve the case that agent number is variable.

1.2 Our Approach

In this paper, a new approach is proposed to the recognition of human inter-
acting activities involving two persons. First, features of the motion are divided
into two classes: global features and local features, which represent activities on
the different spatial scales. Second, a hierarchical durational-state DBN model
structure (HDS-DBN) is presented to model and recognize interacting activities,
combining the two classes of features organically.

The advantages of the approach are: (1) these two classes of features repre-
sent interacting activities more accurately and completely; (2) HDS-DBN reveals
interacting activity structures well; (3) HDS-DBN overcomes the defect of expo-
nential distribution of duration in conventional HMM and some of its extensions.

2 Global Feature and Local Feature

Features play a crucial role in activity recognition. A large amount of work
toward interacting activity recognition has only extracted features based on ob-
ject trajectories to represent activities, but obviously such features are not exact
especially to represent sophisticated activities. To overcome this defect, more
complex features should be extracted [4]. In this paper, features are extracted
on two different spatial scales, which are named global features and local fea-
tures respectively. Global features generally consider each object as a point, and
describe the motion trajectory on a large spatial scale and the relations between
objects or between object and scene. Local features represent the motion details
such as bow, which cannot be described exactly by global features. Fig.1 shows
the architecture of feature extraction.

Global features measure the position, velocity of each object, and from these
data a global feature vector is constructed which consists of:

(1) wvi, the magnitude of velocity of each person, which can be obtained by

2
Y
and y direction respectively,

(2) d, the distance between two persons,

v; = \/vgi + vZ,, where vy; and v,,; are velocities of person ¢ (i = 1,2) in the
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Fig. 1. Feature extraction graph. The left part of the graph shows the global feature
extraction, and the right shows the local feature extraction.

(3) s, the angle between motion directions of the two persons. Note that the
value of s is zero when one or both persons are stationary.

Different from global features, local features describe the human motion de-
tails, and they are more various and complicated to select. In the current work
the local feature vector is composed of the aspect ratio v; of the bounding box
surrounding human region, and the angle of inclination of human body which
is denoted by «;. The first element is discriminative between stand and squat,
and the second one is an easy and reasonable selection to roughly distinguish
between walk and run because the pose of body is different between these two
movements.

3 Modeling and Recognizing Interaction Activities

3.1 Model Framework

In this paper, a hierarchical durational-state dynamic Bayesian network (HDS-
DBN) is proposed to model interacting activities. There are three kinds of states
in HDS-DBN: global activity state, duration state and local activity state. Global
activity state is associated with the activity on a large spatial scale or relations
between people or between people and scene, and it produces global features.
Duration state indicates how long the corresponding global activity state will
last from current time, that is, the remaining duration of the global activity
state. Local state embodies the motion details or posture of each person and it
produces local features. Hence, the model including such three kinds of states
above can model an interacting activity completely. Fig.2 shows the HDS-DBN
structure, where Gy and L; denote the global activity state and the local one at
time t respectively. D; is the duration state and means the remaining duration
of state G; at time t. Of and O? are the global features and local ones at time
t respectively.
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Fig. 2. HDS-DBN model structure

To a common activity, the global activity state holds the dominant role, while
the local one shows the details of the activity. So in the HDS-DBN model, we only
consider the effect from the global activity state to the local one. With this model,
the two classes of features are combined organically. Generally, activities last a
long duration. To overcome the defect of exponential distribution of duration
in conventional HMM, a duration state D; is added in HDS-DBN model with
uniform distribution for modeling the global activity state G¢. Actually the local
activity state L; also lasts a duration, but in this paper we don’t consider it for
the reduction of model complexity. Actually, the duration state of global activity
state also benefits the local one.

The parameter set @ of HDS-DBN ) contains the prior probabilities P(G1)
and P(Ly), the observation probabilities P(O}|G;) and P(O?|L;), the transition
probabilities P(G¢|Gi—1, Di—1), P(L¢|Li—1,Gt), and P(D¢|D¢—1,G¢). These pa-
rameters are expressed as follows:

, . 6(i—j) ifd>0
P(Gy = jlGr1 = 1, Doy = d) = { AT A (1)
P(L¢ = j|Li—y = i,Gy = k) = A*(i, 4, k) , (2)
. i (d! ifd=0
P<Dt:d/|Dtlzd’Gt:Z):{g(El'ldH) Fazo )
Mg
P(O}|Gy = i) =Y weN (O}, pir, Zik) (4)
k=1
M,
P(O}|L; = i) = ZﬁkN(Otzauik, Zik) - (5)

k=1
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Where A! and A? are transition matrixes, §(-) is the Dirac function, p;(-) is a
uniform distribution function, N (z, pk, Xk ) is a Gaussian distribution function
with mean vector p;;, and covariance matrix Xy, and My and M, are the numbers
of elements in GMM for the two observation distributions respectively.

3.2 Parameter Estimation and Inference

We assume that a total of m global activity states have been visited in the
sequence and we denote these states as G, G?, - - -, G™ with durations associated
with each state of di, da, -+, d,,,. The joint probability of observation O =
((0},02),(03,03),---, (0%, 0%))! and activity state S = (G, D, L) for HDS-
DBN model A is given by

dy
P(0,8|\) = P(G")P(L1)pg (di) [ [ agp,_, 1, P(O}|IGH)P(OF|Ly)
t=1
m di+...d,
[ la&rgper(de) [ a&en, .0, PO}G)P(OFIL)],  (6)
r=2 t=d1+...dr—1+1

where aér,lar and a%TLt—lLt are the elements of A' and A? respectively.

In the learning process, the parameters © of the HDS-DBN A model are
estimated to model the corresponding predefined interacting activities. Given a
sequence of training data of the form O;.7, the maximum likelihood parameters
© are estimated according to the following equation:

O = arg max P(04.710) . (7)

For the space limitation of the paper, the estimation results are not given here.

Activity recognition is the inference process given HDS-DBN model structure
and estimated parameters. Given a set of HDS-DBN mode A = {A1, A2, -, Ac},
where C' is the number of models, we select ¢ as the class label of the test activity
with observations Oy.7, where

¢ = arg max P(\;|O1.7) . (8)

3.3 HDS-DBN Model Structure Analysis

A criterion of a good model is to describe the given observation data better.
Here we adopt Schwarz’s Bayesian Information Criterion (BIC)[8] to measure
the goodness of HDS-DBN model against that of another in describing a given
dateset. For a model parameterized by a K-dimensional vector, the BIC is de-
fined as:

BIC = —2log L(\) + Klog N ,
where X is the model, and NV is the size of the dataset.

! Sometimes we denote (Of, O7) with O, for simplicity.
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In the interaction recognition, we have several HDS-DBN models {A1, A, . . .,
Ac'}, which correspond different classes of interactions respectively. The para-
meter dimension of each model probably is different due to the different state
number selected in the model. Hence the Schwarz’s BIC cannot be adopted di-
rectly in our work, and it is modified in our work as follows:

¢ M.
BIC =Y (D —2log P(d{|\c) + kelog Ne) , (9)

c=1 =1

where df is the i¢th data in the cth class, k. is the parameter dimension of model
Ae, M is the number of sample of each class, and N, is the size of each class
of data, c =1,2,---C. The modified BIC can measure goodness a set of models
which have the same structure, and each model corresponds a class of data. In
the subsection 4.2, the comparison between HDS-DBN and HMM is shown based
on the modified BIC.

4 Experimental Results

Experiments were conducted on recognizing interacting activities between two
persons in the scenes of parking lot and footway. The video data is captured by
digital camera with the frame size 352 x 288.

We consider five different interacting activities:

(1) Interl: Two people walk on the same path in the same direction with rela-
tively constant distance.

(2) Inter2: Two people walk on the same path in the opposite direction.

(3) Inter3: Two people run on the same path in the opposite direction.

(4) Interd: Two people walk in the opposite direction on the same path. They
chat with each other when meeting, and then go on separately.

(5) Inter5: Two people approach and meet, one puts an object on the ground
and goes away, and the other takes this object and goes away.

For each activity, we have about 30 samples, and each sample has about 300
frames. The dataset is halved, with one half used for learning and the other half
for testing. Some key frames of Inter5 are shown in figure4d. We employ sliding
window with window length 10 frames and step length 5 frames when extracting
features.

4.1 Recognition Results

According to the complexity of the various activities, HDS-DBN includes three
to five global activity states and three local activity states. Three to five elements
of GMM are used to model the distribution of observations generated by each
global activity state or local one. Table 1 shows the results of the interacting
activity recognition, in which the diagonal components mean the amount of
activities recognized correctly.
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Fig. 3. Key frames in Inter5 (we only show the interesting regions of original images )

Table 1. Recognition results

Interl Inter2 Inter3 Inter4 Interb

Interl 15 0 0 0 0
Inter2 0 12 1 0 0
Inter3 0 1 18 0 0
Inter4 O 0 0 15 0
Inter5 0 0 0 0 11

To testify the performance of HDS-DBN, we recognize the same activities us-
ing HMMs with three to six states. Table 2 illustrates the accuracy of interacting
activities recognition with HMMs and with HDS-DBN. The second column of ta-
ble 2 means observation data of HMM are global features, and the third column
means observation data include both global features and local features. The last
column means observation data of HDS-DBN are not only a kind of feature, but
both global features and local features, which is decided by its structure. Our
approach is superior to HMMs for recognizing the interacting activities, more
significantly, identifying complex activities such as Inter5.

4.2 Model Structure Analysis Results

We have calculated the BIC of both HDS-DBN models and HMMs given the
same 86 sequences, which include total testing data and partial training data.
To HDS-DBN models, the Log-likelihood value, with constant 10 as the base, is
-5 951.4, the parameter dimension k.(c = 1,2,3,4,5) of model A, corresponding
to each interacting activity is 312,312,312,435,590, and the size of each class of
activity data is 285, 315, 281, 545, 404 respectively, where each size is equal to
the sum of length of each sample in the corresponding class. Hence the BIC
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Table 2. Comparison between HMMs and HDS-DBN (%)

HMM(1) HMM(2) HDS-DBN
Inter1 100 100 100
Inter2 84.62 92.31 92.31
Inter3 84.21 84.21 94.74
Inter4 93.33 100 100
Inter5 63.64 81.82 100

value of HDS-DBN is 16 940. To HMMs, the Log-likelihood value is -9 343.3, the
parameter dimension k. of model A\, corresponding to each interacting activity
is 736,736,736,1 150,1 1502. The BIC value of HMMs is 30 279 given the same
data. Hence we know the structure of HDS-DBN is better than that of HMMs.

5 Conclusions

This paper presents a novel approach to the recognition of human interacting
activities. In the work, we divide features into global features and local features,
and propose a new DBN model structure named HDS-DBN to model interacting
activities completely. HDS-DBN combines the two classes of features together
organically and reveals the structure of interacting activities well.In addition,
it overcomes the defect of exponential distribution of duration in conventional
HMM. Experimental results demonstrate that HDS-DBN model has the reason-
able structure and can recognize interacting activities with high correct rates.
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Abstract. In the area of image retrieval, search engines are tender to retrieve
images that are most relevant to the users’ queries. Nevertheless, in most cases,
queries cannot be represented just by several query words. Therefore, it is
necessary to provide relevant retrieval results with broad topic-coverage to meet
the users’ ambiguous needs. In this paper, a re-ranking method based on topic
coverage analysis is proposed to perform the refinement of retrieval results. A
graph called Topic Coverage Graph (TCG) is constructed to model the degree
of mutual topic coverage among images. Then, Topic Richness Score (TRS),
which is calculated based on TCG, is used to measure the importance of each
image in improving the topic coverage of image retrieval results. Experimental
results on over 20,000 images demonstrate that our proposed approach is
effective in improving the topic coverage of retrieval results without loss of
relevance.

Keywords: Image retrieval, re-rank, topic coverage.

1 Introduction

In recent years, the area of image retrieval has drawn extensive attention from
researchers around the world [1]. In semantic-based image retrieval, lots of methods
are introduced to overcome the so-called semantic gap between low-level visual
features and high-level semantic features of image. In [2,3], strategies of relevance
feedback are used to learn the users’ requirement and therefore retrieve more query-
related images. Multi-modal analysis [4,5,6,7,8] is another method that discovers the
semantics of images by exploiting the synergy of texts, audio, video information. In
previous works, most of the image search engines tend to provide users a list of
retrieval results with respect to the relevance score of each image to the query. This
scheme is effective when users’ needs are clear and they care much about the
precision and recall in the results. Nevertheless, in most cases, users cannot describe
their requests only by several query words accurately. Therefore their actual
requirements are ambiguous. For example, the top retrieval results often fall into a
specific subtopics of the queries and users cannot find the images they want from the
retrieval results with limited topic coverage.
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Therefore, it is necessary to provide relevant retrieval results with broad topic-
coverage to meet the users’ ambiguous and various needs. As reported in [9], most
people said they preferred the retrieval results with broad and interesting topics.
Previous works on diversifying document retrieval results has showed great promise
in web search engines [10]. In the literature of image retrieval, several approaches
have been proposed to achieve such target. Goh et al [11] exploit a SVM-based active
learning algorithm, which incorporates diversity [12] for image retrieval. A two-scale
image retrieval scheme using meta-information feedback is another attempt [13]. The
early methods mainly focus on low-level visual feature similarities, either by
clustering and picking up the top results in each cluster or calculating the angle of two
visual feature vectors. This paradigm is based on the hypothesis that topic-related
images tend to be closely associated together in visual feature space. Nevertheless,
most topic-related images are scattered in visual space and can hardly clustered
together. Take the images of cars with different colors for instance, they are scattered
in different visual clusters. Furthermore, images in the same cluster may contain
different topics. The cluster of the color blue may contain sky, sea, or the uniform of
Italian soccer team. Therefore, only choosing the top images in each cluster will result
in enormous loss in topic coverage.

All the investigations motivate us to propose a semantic-based re-ranking method
to enrich the topic coverage of image retrieval results. In this paper, images are
modeled as a graph called Topic Coverage Graph (TCG), whose edges indicate the
degree of mutual topic coverage among images. Then, Topic Richness Score (TRS),
which is calculated based on the graph, is used to measure the importance of each
image in improving the topic coverage of image retrieval results. Images with high
scores are more likely to enrich topic coverage of retrieval results and should be
ranked in top place in the results. A re-ranking algorithm is applied according to the
topic richness score in the end of our proposed method. Five researchers are invited to
evaluate the re-ranked results both in topic coverage and relevance. The experimental
results demonstrate that our proposed approach is effective in diversifying the topic
coverage of image retrieval results and the re-ranking method outperforms the
clustering method in improving the topic coverage of retrieval results significantly
without the loss of relevance.

The rest of the paper is organized as follows. We introduce the proposed method in
detail in section 2. In section 3, experiments and evaluations are reported. We
conclude our work in section 4.

2 The Re-ranking Method

The framework of our proposed re-ranking method is illustrated in Figure 1. For a
given image retrieval set generated by a certain image search engine, a Topic
Coverage Graph (TCG) is constructed to model the degree of mutual topic coverage
among images. Based on the graph, we calculate Topic Richness Score (TRS), which
is introduced to measure the importance of each image in improving the topic
coverage of image retrieval results. In the process of re-ranking, images with highest
TRS are chosen to be presented in the top retrieval results in each iteration to
diversify the retrieval results.
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Topic Coverage Graph Topic Richness Score
Image Set
7}

y

Output

y

Query Relevant Results o+

Re-rank

Fig. 1. Framework of the proposed re-ranking method

2.1 Topic Coverage Graph Construction

Let image set I={i}, i, ..., i,} denote the retrieval results generated by a certain image
search engine. We assume that all the images in / are annotated by several words.
Since annotation is not the main concern in this paper, we investigate the state of art
of annotation and topic discovery in [7,8,14]. The method in [8] requires no parameter
tuning, no clustering, no user-determined constant and has been proved to be effective
in automatic image annotation. Therefore, we adopt it as our annotation strategy and
assume it is effective and accurate. Let W, (1<k<n) denote the annotation set of image
iy(1<k<n). Each different word in annotations is considered as a different topic. The
similarity between an image pair i; and i;is defined as:

| |kaW].| i
sim(i; i) = |Wk| J (1
0 k=]

Where |-1 denotes the set cardinality. Intuitively, sim(i; i) reflects the degree of
mutual topic coverage in an image pair. sim(i; iy)=1 represents that image i; covers all
the topics in i, and sim(i; i)=0 represents image i; and i, contain totally different
topics. Note that the similarity defined here is asymmetric, which reflects the
asymmetry of mutual topic coverage in an image pair.

If images are considered as nodes, they can be modeled as a directed-weighed
graph. Each edge in the graph is assigned a weight sim(i, i), which indicates the
similarities between the corresponding images. Since the graph is constructed based
on the value of sim(i; i), which represents the degree of mutual topic coverage
among images, we call the graph Topic Coverage Graph (TCG). A group of heavily
linked nodes in the graph represents images with high topic-overlapping, while
images connected by week link cover various topics.

2.2 Topic Richness Score Calculation

We use Topic Richness Score (TRS) to measure the importance of each image in
improving topic coverage of retrieval results. TCG is used to perform the calculation.
Let A denote the adjacency matrix of TCG. Each entry of A corresponds to the weight
of an edge in the graph. The formal definition is given as follows:
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sim(i].,i ) k#j
] ={ ‘ @)

0 k=]

Note that matrix A needs to be column-normalized. TRS of each image can be
deduced in a recursive way that is based on the following intuition: the richer topic
coverage an image’s neighbors have, the richer topic coverage it does. Let TRS(iy)
denote TRS of image i, it can be calculated as follows:

TRS(i,) = Y a,TRS(i;) 3)

=L
ay; is used as the weight of TRS computation because it quantitatively characterizes
the degree of mutual topic coverage between an image  pair.

Let @ = [TRS(i,),TRS (i,),---,TRS(i,)] . ., (3) can be written in a matrix form:

nx1 2
D=Md “)

Since topic-overlapping does not exist in every image pair, it is possible that the

matrix A has all-zero rows. This will cause failure in eigenvector computation.

Similar to the random jumping factor in PageRank, a dumping factor c is introduced

to overcome the problem:

1-c.

@O=cMi+—-7¢ o)

n
Where ¢ is a column vector with all its n elements equaling to 1. ¢ is set to 0.85 in
our method. By solving equation (5), we obtain TRS of every image in 1.

The process of TRS calculation can be explained as a random walk model [15, 16].
Given a topic, our goal is to find the image, which has the greatest probability to
diversify topic coverage of retrieval results. The random walker chooses the edge in
two rules: (1) with the probability c, the walker reaches another node in current group,
which is composed of heavily-linked nodes; (2) with the probability of (I-c), the
walker jumps out of current group and reaches another group. @, the solution of
equation (5), represents the stationary probability of each image in diversifying the
retrieval results.

2.3 The Re-ranking Method

Generally, given a retrieval result in terms of the relevance to the query, images with
high TRS are chosen to be presented in the top retrieval results so that the image set
of top results are various in topics. Note that topics that are contained in the chosen
images become less important in enriching topic coverage in further steps. Based on
the intuition, our re-ranking strategy is to decrease the scores of the images whose
topic-related images have already been chosen in the top results. The steps of the
methods are described as follows:

Step 0. Initialize set R = ®, which denotes the retrieval set after re-ranking, set
I ={i.iy.---.i,};, which denotes the retrieval results generated by a certain
search engine,
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Step 1. Sort all the elements in set I by their TRS in descending order.

Step 2. Put the image i, with the highest TRS from set I to set R. For j#k, re-calculate
TRS in the following way: TRS(i;)= TRS(i;)- a;.- TRS(iy)

Step 3. Re-sort the images in set I by the updated TRS in descending order.

Step 4. Go to Step 2 until top N retrieval results are chosen.

In Step 2, we impose a penalty algorithm to the images, which are topic-related to
image i;. The more an image is topic-related to image i;, the more penalties it obtains.

3 Experiments

Our experiments are based on 718 annotated words and over 20,000 illustrations
extracted from digital books in China-American Digital Academic Library (CADAL)
project. For the illustration dataset, our specific consideration lies in that illustration is
a typical collection covers repetitive topics because of the cross-topics in digital
books. Therefore, our proposed approach is more likely to show the improvements in
diversifying the retrieval results compared with other methods.

In our experiments, we choose 20 queries and the top 50 retrieval results of each
query are passed to our approach and k-means algorithm separately to re-rank top 20
results that often draw most attentions of users. For k-means algorithm, we set k=20
and pick up the top 1 result of each cluster to generate the top 20 results. We compare
the re-ranked retrieval results generated by our method with those by the clustering
technique (e.g. k-means).

In order to evaluate the effectiveness of the proposed approach, five researchers in
the area of image retrieval are invited to evaluate topic coverage of the re-ranked
results. They are asked to count the number of topics in the re-ranked results (both by
our method and k-means) of each query. Since the criteria of topic classifying vary
from user to user, results are evaluated in the form of relative changes, which is
defined as follows:

1 i —means
A ZNZ(TiTRS _Tik ) (7)

i=1

Where N is the number of users and N=5 in our experiments. T, denotes the

1

number of topics in the results re-ranked by our method given by user i and
T}~ denotes the number of topics in the results re-ranked by k-means given by

user i. Table 1 shows the relative changes in top 20 retrieval results of each query.

From Table 1, we can tell that our proposed re-ranking method based on TRS
improves the topic coverage in top 20 retrieval results significantly compared with k-
means algorithm. For the query forest, we present the top 10 retrieval result to
illustrate the improvement in topic coverage.

In figure 3, most images in the results re-ranked by k-means are related to forest
landscape. In figure 3, more subtopics related to forest are covered in the retrieval
results, including forest insects, forest product laboratory, forest animals, the Rocky
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Table 1. Relative changes in top 20 results of 20 queries

No. | Relative Changes No. | Relative Changes
1 +5.2 11 +4.2
2 +4.8 12 +4.0
3 +4.2 13 +4.8
4 +3.0 14 +2.8
5 +3.8 15 +4.8
6 +4.4 16 +4.2
7 +3.2 17 +5.0
8 +5.4 18 +3.8
9 +4.8 19 +3.6
10 +4.6 20 +4.2

Fig. 3. Top 10 retrieval results after re-ranking by TRS

Mountain district of the forest service, forest resources of the Douglas-Fir Region.
Retrieval results showed in Figure 2 and Figure 3 demonstrate that our proposed
method achieves more topic coverage improvement in retrieval results.

Although the proposed method achieves significant improvements in topic coverage
of the top retrieval results, we cannot simply obtain the improvement at the cost of
losing relevance in the results. Therefore, the five researchers are also asked to give the
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relevance score of each image in top20 results before and after re-ranking (2-relevant,
1-hard to tell, O-irrelevant). The average relevance score (ARS) of an image set [ is
calculated as follows:

1 N M
ARS(I) = WZZRSk @i;) ®)
k=1 j=1

M denotes the number of images in set I (M=20 in our method). RSy(i;) denotes the
relevance score of image i; given by user k.

Relevance Score Before and After Re-ranking
2 — Before
18k —— After
1 6
1 4F
o

0 8
0 6F
04k
0 2b

Relevance Score

T T S S S W R
2 3 4 5 6 7 8 9 10 11 12 13 14 15 16 17 18 19 20

Query

Fig. 4. Relevance score before and after re-ranking

Figure 4 illustrates the average relevance score of each query before and after
re-ranking. From Figure 4, we can tell that our proposed approach almost has no
influence on the relevance of retrieval results.

4 Conclusions and Future Work

In the area of image retrieval, relevance is used to evaluate the quality of retrieval
results. However, it seems that such criterion does not necessarily ensure the
satisfaction from users due to their ambiguous requirements. In this paper, a re-
ranking method is proposed to provide images with more query-related subtopics in
top retrieval results. In our method, we use topic coverage graph to model the degree
of mutual topic coverage among images. Based on the graph, topic richness score is
calculated to measure the importance of each image in improving topic coverage of
retrieval results. Finally, a new ranking method is introduced to re-rank the retrieval
results to enrich topic variety of top image retrieval results. Experimental results
demonstrate that our proposed approach is effective in improving the topic coverage
of retrieval results without loss of relevance. Post-retrieval processing is an important
and rewarding technique in enhancing the quality of image retrieval results and
therefore deserves more attention in the area of image retrieval. Our future work
includes applying our method to other areas of information retrieval (e.g. text, video
retrieval) and scaling our method to larger dataset.
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Abstract. Relevance feedback plays as an important role in sketch retrieval as it
does in existing content-based retrieval. This paper presents a method of
relevance feedback for sketch retrieval by means of Linear Programming (LP)
classification. A LP classifier is designed to do online training and feature
selection simultaneously. Combined with feature selection, it can select a set of
user-sensitive features and perform classification well facing a small number of
training samples. Experiments prove the proposed method both effective and
efficient for relevance feedback in sketch retrieval.

Keywords: Relevance Feedback, Sketch Retrieval, Linear Programming (LP).

1 Introduction

Due to the fluent and lightweight nature of freehand drawing, sketch-based graphical
communications has attracted a lot of attention [1][2]. While more and more sketchy
shapes would be created and collected in database as a new data type in multimedia
database [3], sketch retrieval has come into being [4][5] to retrieve useful information
from the sketches for users with a sketch-based query. However, similar to the needs
of existing content retrieval, such as text information retrieval and visual information
retrieval, benefiting from advances in sketch retrieval cannot be expected before the
availability of relevance feedback.

The goal of relevance feedback in content retrieval is to learn user’s preference and
bridge the semantic gap between low-level features and high-level concepts [6].
Usually, relevance feedback puts user in the loop through asking the user to give
feedbacks regarding the relevance of the current outputs of the system. The user
marks those results as either relevant or non-relevant and then feeds back to the
system. Based on this feedback, the system presents another set of better results. The
system learns user’s preference through this iterative process, and improves the
retrieval performance.

Early works on relevance feedback mainly employ query vector modification and
weighting adjustment. Owning to the lack of optimality consideration, researchers
begin to look at this problem from a systematic point by formulating it into a learning
problem. Many popular machine learning techniques were employed to relevance
feedback, such as Decision Tree [7], Nearest-Neighbor classifiers [8], Bayesian

* Corresponding author.

Y. Zhuang et al. (Eds.): PCM 2006, LNCS 4261, pp. 201 -210, 2006.
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classifiers [9] and Support Vector Machines [10], etc. Among those, SVM-based
techniques are the most attractive techniques to solve the relevance feedback problem.
Based on the original two-class SVM, one-class SVM [11] and biased SVM [12] were
proposed against the imbalance between the positive and negative samples. However,
it is often difficult to collect enough training data for classifier through the users’
annotation in the relevance feedback process. Learning in the small sample case is a
tough problem in relevance feedback, because classifiers’ performance will largely
drop when facing insufficient training samples. Furthermore, most of the existing
approaches treat all features of content equally, and the user-sensitive features set by
means of feature selection [13]. In fact, the benefits of feature selection are not only to
find the user-sensitive features set, but also to reduce the computation complexity.

In this paper, our key idea for the relevance feedback of sketch retrieval is to
constrain the candidate samples according to the classification results learned from
users’ feedback and to find the user-sensitive features using feature selection. We
bring accordingly the technique of Linear Programming (LP) classification into the
process of relevance feedback. A LP classifier is designed to do training and feature
selection simultaneously. Combined with feature selection, it can select a set of the
user-sensitive features and perform classification well with a small number of
samples. In terms of LP classifier, our proposed process of sketch retrieval can be
described as follow. After submitting initial query to sketch retrieval engine, user first
annotates the candidate results returned by the engine as relevant or non-relevant
ones. The LP classifier is trained online by the users’ annotated samples, and the user-
sensitive features are selected according to their contribution to classification of the
candidates. The trained LP classifier is then used to classify the candidates into the
positives and the negatives. The similarity between the positives and the original
query are updated with the combination of their similarities in both the user-sensitive
feature space and the original feature spaces. Finally, the candidates are re-ranked
according to their updated similarities as the output of relevance feedback.

The rest of paper is organized as following. The principle of the Linear
Programming (LP) classifier with feature selection is introduced in section 2. In
section 3, the similarity calculation of relevance feedback is discussed in detail.
Finally, some experiments and conclusions are given.

2 Linear Programming Classifier with Feature Selection

In the early 1960s, the Linear Programming (LP) technique [14] was used to solve the
pattern separation problem. Later, a robust LP technique [15] was proposed to deal
with linear inseparability, which always generates a linear surface as an optimal
separator for two linearly inseparable sets. In order to cope with the feature selection
problem, the new LP classifier has been proposed for combining the feature selection
with the classifier training process [16].

Here is our notation for describing LP classifier in detail. For a vector x in the n-

dimensional space RR" , X, denotes the vector in R" with components

(x,), =max{x,,0}, a vector of ones in a space of arbitrary dimension will be
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denoted by e. The 1-norm of x, ixi , will be denoted by ”)C”1 . The VeCtOI‘|)C|* has
i=l

components, which are equal to 1 if the corresponding components of @ are nonzero
and 0 if the corresponding components of @ are zero. For a real matrix M € R™",

M" denotes the transpose matrix.

Generally speaking, a binary classification problem can be formalized as a task to
estimate a function f :IR" — {—1,+1} based on independent identically distributed
data:

(s 3 (g, )€ X XY, X =R Y ={-1,+1} (1)

where, the training instances are vectors in n-dimensional space, [ is the number of
training instances. Accordingly, given two sets of samples, A and BinIR", the task
of LP classifier is to find the linear function f(x)=a'x—y  which

stratifies: f(x)>0ifx€ Aand f(x)<0ifxe B.
Obviously, the function determines a strict separating plane W' x= Y with the n-

dimensional normal @€ R" and the real number ¥ that separates sample

set A from B .

Practically, the LP classifier has to deal with the linear inseparable case because of
overlap between the positive and negative points. A robust LP formulation [14] is
proposed which generates a plane that minimizes an average sum of misclassified
points belonging to two disjoint point sets. The LP classifier is based on the following
error-minimizing optimization problem:

1 1
min—[(-A@+ey+e). |+ [Bo-ey+e),|, @

Where, A € R"" represents the m points of the set A, B € R*" represents the k
points of the set B .

The error-minimizing problem in equation (2) is equivalent to a robust linear
programming problem, which solves the classification problem through minimizing
the average sum of misclassification errors of the points, as follow:

-Aw+ey+e<y
e’y e’z
+7), st.y—Aw+ey+e<y (3)

y20,z20

min (
®.7.y.2  m

Feature selection is imposed by suppressing as many components of the normal
vector @Wto the separating plane which gives an acceptable discrimination between

point sets A and B . It is achieved by introducing an extra term with
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parameter A € [0,1) into the objective function while weighting the original objective
function by parameter (1—A) [16]. The objective function is reformulated as
equation (4).

-Aw+ey+e<y

T T
min (1- )2+ 25+ 2e” |
A m ok

sti—Awtey+e<y 4)
y=20,z=20

% 9

Note that e’ |a)x is simply a count of the nonzero elements in the normal vector @,

and this is the key point to combining feature selection with classifier training.
T T

e ez
Equation (4) balances the error in separating the sets A and B, (—y + 7) , and the

m
T
number of nonzero elements of @ , e |a)|* . Furthermore, all the features

corresponding to zero elements of @ are removed, so the features are selected after
LP optimization.

Guo and Dyer [17] developed a method called feature selection via linear
programming (FSLP) to deal with the extra term in the objective function of equation

(4). A simple term e’ s with only one weighting parameter £/ is introduced to replace
the extra term. LP formulation with feature selection is produced as following:

-Aw+ey+e<y
T
. e ez -Aw+ey+e<y
min (—y+ —)+ ,ueTs, s.t. (5)
0.y, m k SSwW<s
y=20,z20
where, [/ is the balance parameter and S is the component-wise absolute value of @ .

Based on the decision function determined by the normal vector @ and the real
number ¥, we can know the instances inside the boundary will be predicted as

positive, otherwise, as negative. Simultaneously, feature selection has been selected
via the LP classifier training.

3 Similarity Measure Constrained by the LP Classifier

In our method, Generalized Ellipsoid Distance is introduced to model the distance
between two samples as equation (6):

ED(x,q)=(x—q)"W(x—q) (6)

Here, W is a real symmetric full matrix that gives a generalized ellipsoid distance
function. Actually, the solution to the optimal distance matrix W can be formulated as
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a minimization problem and the author in [18] shown how to find the solution. The
smaller the value of Ellipsoid distance, or in other words, the closer the two feature
vectors are, the more similar the two corresponding samples look like, and vice versa.
We introduce a threshold to normalize the similarity, so the similarity between
samples can be calculated from the Ellipsoid distances as follows:

0 if ED(x,q)=threshold
SIM (x,q) = 7
(x.q) I—M otherwise ™
threshold

Given a query, the LP classifier is trained online and features are selected based on
user’s feedback. The trained LP classifier is then used to classify the candidates into
the positives and the negatives. At the ranking phase, the positive and negative
samples are treated differently. The similarity between the positives and the original
query are updated with the combination of their similarities in both the user-sensitive
feature space and the original feature spaces. On the contrary, the negatives are
ranked based on their similarity to the query sample using the original features.

Accordingly, we can formulate the overall similarity measure as follows:

S 3 oxSIM (x,q)+ BxSIM (x,,q,) if D(x,0)=0 q
U s (x,q) X MinSim otherwise ®)

Where, the parameters ¢ and ,B represent the importance of the original features and
the selected features, X, stands for the sample’s selected features generated by the LP
classifier, and D(x, ©) is the distance of X to the classifier boundary characterized by

a parameter set © . The distance D(x, ©) is calculated by equation (9):
D(x,0)=w" x—y )

where @, ¥ are determined by the LP classifier. MinSim is the minimal similarity

among the positive samples. SIM (x,q) X MinSim can be viewed as a kind of

normalization of the negative samples’ similarity so that the negative samples’
similarity will be less than the positive ones’.

4 Experiments and Evaluation

Our proposed relevance feedback algorithm is evaluated with sketch retrieval using a
sketchy symbol database. For the data collection, we chose 30 kinds of mechanical
engineering symbols and 25 electric symbols, which resulted in a database of 55
classes of sketchy symbols, as shown in Fig. 1. For each of the 55 classes, ten persons
are asked to draw 20 sketchy symbols respectively. So there are a total of 1100
sketchy symbols in the database. We employ spatial relations graph spectrum as the
retrieval features to represent the content of sketchy symbol, which has been proved
the availability of content representation for sketchy symbol retrieval in our previous
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Fig. 1. Illustration of All 55 classes of sketchy symbols

work [6]. Our experiment environment is a PC with Pentium 4 2.4G CPU, 512MB
memory, running on Windows XP and Visual C++ 6.0.

There are two goals in our evaluation. First, we want to find out whether the LP
classifier is robust enough for relevance feedback. The true positive rate (TP) and the
true negative rate (TN) are employed to evaluate the classifier’s accuracy. The true
positive rate is the proportion of positive cases that were correctly identified. The true
negative rate is defined as the proportion of negatives cases that were classified
correctly. Second, we want to see if the retrieval performance can be improved based
on the scheme proposed above. Recall and precision are used to evaluate the retrieval
performance. Recall is the ratio of the number of relevant images returned to the total
number of relevant images. Precision is the ratio of the number of relevant images
returned to the total number of images returned.

In order to evaluate the LP classifier’s recognition accuracy, we randomly select m
categories of sketchy symbols, which contain 1 positive class and m-/ negative
classes. For the positive class, n instances are picked as training data and 10 instances
are picked as test data. For each negative class, 1 instance is picked as training data
and 10 instances are picked as test data. The true positive rate and the true negative
rate are recorded and the whole process is repeated for 10 times to produce average
value as the final result. To simulate the sample distribution in relevance feedback, we
used m=2, 5, 10, 15 and n=1, 2, 3, 4, 5, 6 in experiment. The experimental results are
shown in Fig. 2, where Fig. 2(a) illustrates the true positive rate curve varied with the
number of training samples and Fig. 2(b) illustrates the true negative rate curve varied
with the number of training samples.

As shown in Fig. 2(a), with the increase of the categories m of sketchy symbols,
the true positive rate goes down because more categories mean that the ratio of
positive training samples to negative samples becomes less. However, when m equals
to 15, the true positive rate reaches about 90% with 6 positive training samples,
though it is practically impossible that there are 15 categories of sketchy symbols in
the retrieval candidates. It means that even when the category number of the
candidates returned to users reaches 15, the LP classifier is still available for
relevance feedback. In Fig. 2(b), the true negative rate is a little lower than the true
positive rate in the experiment but the misclassified negative samples in relevance
feedback can be corrected later through the similarity calculating. That is to say, from
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Fig. 2, we can see that about 5 positive instances are sufficient for both the true
positive rate and the true negative rate, which means that the LP classifier performs
well when facing small training samples. In conclusion, the LP classifier is robust
enough in the small training sample case and it will be also proved in the next
experiment on relevance feedback performance.
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Fig. 2. Recognition accuracy of the LP classifier

In the second experiment, we evaluate the retrieval performance of our method on
the sketchy symbols database, comparing with the relevance feedback algorithm using
query point movement (QPM). A category is first picked from the database randomly,
and this category is assumed to be the user’s query target. The system then improves
retrieval results by relevance feedbacks. In each of iterations of the relevance
feedback process, 40 images are picked from the database and labeled as either
relevant or non-relevant based on the ground truth of the database. The precision and
recall are then recorded, and the whole process is repeated for 10 times to produce the
average precision and recall as the final result. The experimental results are shown in
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Fig. 3, where Fig. 3(a) illustrate the Precision-Recall curve of the relevance feedback
using QPM and Fig. 3(b) illustrate the Precision-Recall curve of the relevance
feedback using our designed LP classifier.
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Fig. 3. Retrieval performance for relevance feedback

From Fig. 3, we can see that the Precision-Recall curve of our proposed method
goes up faster than the QPV method’s, especially in the first round. When the
precision is 0.5, after the first round feedback, the recall of the LP classifier based
method improves to 0.75 compared to QPV method’s 0.42. After 3 times feedback
round, the Precision-Recall curve of our proposed method is significantly improved
contrast with QPV method’s one. It means that the LP classifier based relevance
feedback can improve the retrieval performance better than the method using QPM,
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meanwhile, it also proves that the LP classifier can find the user-sensitive features
effectively in terms of feature selection.

The time cost used in the retrieval process is also a much-concerned factor for
evaluation the relevance feedback method’s performance. In our experiment, the
average response time is 9.3 milliseconds, which is fast enough for real-time
interaction.

5 Conclusion

Training and feature selection of classifier with small set of samples is one of the key
problems in relevance feedback. In this paper, we employ the linear programming
techniques for solving this problem in sketch retrieval. We take into consideration the
users’ perceptual difference in relevance feedback and design a LP classifier to do
online training and feature selection simultaneously, where the LP classifier is trained
online by the users’ annotated samples, and the user-sensitive features are selected
according to their contribution to classification of the candidates. It can be suited for
the need of small training samples in relevance feedback. The experimental results
prove that relevance feedback based on LP classifier is effective and promising for
improving the retrieval performance in sketch retrieval.

However, much more factors affect the performance of relevance feedback algorithm
and it is probably safe to say that no simple scheme is likely to capture users’ retrieval
intentions for sketches. More researches are needed to develop better feature represent-
ation of sketch content and to improve the LP classifier’s generalization capability.
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Abstract. This paper presents a hierarchical motion-compensated frame
interpolation (HMCFI) algorithm based on the pyramid structure for high-
quality video reconstruction. Conversion between images having different
frame rates produces motion jitter and blurring near moving object boundaries.
To reduce degradation in video quality, the proposed algorithm performs
motion estimation (ME) and motion-compensated frame interpolation (MCFI)
at each level of the Gaussian/Laplacian image pyramids. In experiments, the
frame rate of the progressive video sequence is up-converted by a factor of two
and the performance of the proposed HMCFI algorithm is compared with that
of conventional frame interpolation methods.

Keywords: Gaussian/Laplacian image pyramids, hierarchical motion-compensated
frame interpolation, motion estimation, pyramid structure.

1 Introduction

Video compression techniques basically improve the encoding performance by
exploiting the temporal redundancy between subsequent frames as well as the spatial
redundancy existing within a frame. Most of video coding standards utilize motion
estimation (ME) and motion compensation (MC) to remove the temporal redundancy,
thus accurate ME is required for efficient video compression [1][2]. In low bit rate
transmission systems such as video telephone and video conferencing, the number of
transmission bits must be reduced as much as possible to meet real-time requirements
and bandwidth constraints [3]-[4]. For this goal, the number of transmitted frames is
reduced by frame subsampling at the encoder, and then skipped frames are
reconstructed by temporal frame interpolation at the decoder.

Conventional frame repetition, temporal linear interpolation, and spatio-temporal
filtering have been used for frame interpolation for their simplicity of implementation.
However, they give jerky motions and blurring at object boundaries since they utilize
intensity information only. Recently, motion-compensated frame interpolation
(MCEFI) techniques have been used to reduce the visual artifacts [5]-[7]. They make
use of the detected motion vectors (MVs), in which accurate ME is important for
faithful reconstruction of interpolated frames. In MCFI, the motion information of

Y. Zhuang et al. (Eds.): PCM 2006, LNCS 4261, pp. 211-220, 2006.
© Springer-Verlag Berlin Heidelberg 2006
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transmitted frames is used for reconstruction of interpolated frames. For high-quality
video, accurate ME is needed to obtain true MV fields. Several methods such as
three-dimensional (3-D) recursive search BMA and hierarchical BMA (HBMA) have
been proposed to estimate true MV fields [8]. An MCFI that considers occlusion
(covered/uncovered regions) uses skipping fields or frames at the encoder and
reconstructs the missing frames using MCFI at the decoder [9]. In moving picture
experts group (MPEG)-2 [10], bidirectional ME is used to interpolate a B-frame
between two (I or P) reference frames. One of three prediction modes (forward,
backward, and bidirectional) is selected depending on the mean square difference
(MSD) using two MVs (forward and backward MVs). Then the current macroblock
(MB) is interpolated according to the selected MB prediction mode using the previous
and/or current frames, in which the estimated MV field is transmitted.

In the proposed algorithm, we decompose each of the current and previous frames
into a number of Gaussian/Laplacian images. The input frames are decomposed into
lowpass and highpass components and, at each level, ME and frame interpolation are
performed. The interpolated frame at current level is expanded and used for ME at
next level. We perform ME and MCFI hierarchically from top level (coarsest
resolution) to bottom level (original resolution), obtaining final interpolated frames at
bottom level.

The rest of the paper is organized as follows. The proposed HMCFI algorithm is
presented in Section 2. Experimental results and discussions are shown in Section 3.
Finally, conclusions are given in Section 4.

2 Proposed HMCFI Algorithm

The proposed HMCEFI algorithm is based on the Gaussian/Laplacian image pyramid
structures [11]. The image pyramid approach represents an image as a set of images
having different resolutions/scales and processes independently at each resolution
level. The image pyramid technique supports various scalabilities according to image
resolution, image size, frequency band, and amount of data. It is a coarse-to-fine
technique that supports a progressive transmission. Examples of its applications
include ME, still image/video coding, noise reduction, edge detection, and image
matching.

The hierarchical image pyramid structure is composed of Gaussian and Laplacian
pyramids. The Gaussian pyramid is a set of lower resolution images acquired by
lowpass filtering and then decimation. The Laplacian pyramid is defined by the
difference image between two Gaussian images at adjacent levels. It contains high
frequency components such as edges in an image.

We can construct Gaussian and Laplacian pyramids of the previous frame. Using
the decomposed Gaussian/Laplacian images of the previous frame and the current
frame, we perform both ME and frame interpolation at each level, which is different
from the HBMA-based frame interpolation technique that uses the MV obtained from
hierarchical ME [8] for final frame interpolation. The proposed HMCFI algorithm
employs different ME and interpolation procedures depending on the type of the
pyramid level: top, intermediate, and bottom levels, which are explained in the
following.
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Forward ME

Previous frame Current frame

fra= G K= G
1 +l Interpolated frame * *

Fu= GEJ

Fig. 1. Block diagram of the proposed HMCFI algorithm (L=3)

2.1 Top Level Processing

Fig. 1 shows the block diagram of the proposed HMCFI algorithm with the number
of levels L equal to three, in which frame interpolation results at upper level are
delivered to lower level. At each level, different types of ME and MCFI are
performed. The different block size is applied to ME at each level since the
resolution of each level is different. Let M XN denote the size of a block for block
matching.

Forward ME. To obtain the MVs, forward ME is performed using a BMA. The
block size at top level is M/4x N/4 for block matching and the search range is +R.

To obtain more accurate MVs, half-pixel accuracy spiral search is applied [8]. The
mean absolute difference (MAD), as a matching function or a distortion measure can
be written as

M/4N/4

MAD(dx' ay)= A;—?VZZ
x=1 y=I

G (e, y) -G (x +dxi T y+ay? ] : (1)
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Fig. 2. Holes and overlapped regions at top level

where GnL_l(x, y) ( G,ZL__ll(x, y) ) represents the luminance of the (L—1)th Gaussian
image at (x,y) of the current (previous) frame and the MV (dx_f_]',dy}_" j denotes
the displacement that minimizes (1).

cre . -1 . N I
Bidirectional reconstruction of G, . The interpolated Gaussian image GHL i] using

bidirectional MC is reconstructed as

_ de_l* dyL_l* 1 N o o -
G,ﬁ,-l x+fT,y+fT :—{G,,L_ll(x+dxje ! ,y+dy} ! j+GnL l(x,y)}. )

Interpolated Gaussian frames are reconstructed block by block of size M/4x N/4

from G,,L__ll (x,y) and G,f_l(x, y) using forward MVs, where the displacement in the

interpolated frame is linearly interpolated. If the location of the displacement is not on
the integer grid, the intensity value on the fractional grid is bilinearly interpolated
using intensity values of neighboring pixels on the integer grid.

Hole and overlapped region processing. Hole and overlapped regions are generated
in the interpolated frame since the grid of the motion compensated block is not
matched to that of the interpolated frame. To overcome this defect, we apply the hole
and overlapped region processing. Fig. 2 shows holes and overlapped regions

generated in the interpolated frame G,ﬁ,-_l. They are detected by pixelwise flags that

are incremented by one when the pixel in the interpolated frame G,,L;l (x,y) is covered

by the block specified by the displacement in MC. The total number of occurrences
covered by the motion-compensated block in the interpolated frame is stored. Hole
regions (overlapped regions) consist of pixels with the flag value equal to zero (larger
than one).

To process hole regions, we use causal spatio-temporal filtering as error

concealment. We consider the intensity G,ﬁ,-_](x, y) at hole pixel along with three

L-1
n,i

neighboring intensities (G,7'(x—1,y) , G,ifl(x,y—l), and G,; (x+1,y—1)) in the

interpolated frame. We also consider the intensities G,f__l](x, y) and GnL"(x, y) at

pixels in the previous and current frames, respectively, and compute a sum of the
absolute differences (SAD) as a matching function. The SADs can be written as
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SAD

n,prev

=le -Gl -1+

Gl (60 -Gl (e y =D+

G (6. 3) = G (e 1,y = 1)

3

SAD =

n,cur

i ) -Gl =Ly +

GEl (e y) - GE (v - 1)\ +

n,i

G (e ) =Gl e Ly 1)

where the subscript prev (cur) denotes the previous (current) frame.
Two SAD values (SAD, and SAD, ) computed by (3) are compared and the

n,prev n,cur

intensity value G,f__ll(x, y) or G,,L_l(x, y) yielding a smaller SAD value replaces the

intensity value at that (hole) point. The smaller the SAD value, the more the intensity
value at hole pixel similar to neighboring intensity values.

Overlapped regions are detected by the regions having the flag value greater than
one. We compare block MADs of several candidate blocks that cover the pixel (x,y)
in the interpolated frame, select the block yielding the smallest block MAD, and
reconstruct the pixel in the overlapped region using that block.

2.2 Intermediate Level Processing

Construction of Gi ;2. The interpolated frame at top level (I = L—1) is delivered to
the next intermediate level (I = L —2) for ME. The interpolated frame at top level
must be expanded to have the same resolution as the image at next intermediate level.
The expanded image (N},sz is a blurred image, from which it is difficult to estimate

accurate MVs. So we add to (N},sz the high frequency (detailed) information that is
obtained from Laplacian pyramid images Lﬁ:]2 and Lﬁ‘z using MC. Finally, the

Gaussian image G,sz for bidirectional ME can be written as

AT _ l _ _ * _ * _ _ * _ *
G,,Lviz(x,y)=EXPAND(G,,LJI(x,y))JrE{L,L,,]Z(erdxf ! ,y+dy; ! )+L,L, z(x—dxf ! ,y—dy; ! )} 4)

Note that the grid is generated in the interpolated frame.

Bidirectional ME. The bidirectional ME used in MPEG-2 [10] is performed at
intermediate level by using the interpolated frame in (4) as the reference frame. Note
that no holes and overlapped regions exist in the reference frame at intermediate level,
in which the interpolated frame corresponds to the reference frame on which the block
grid is generated.

Forward ME and backward ME are performed to detect forward and backward

MVs (dx}_zl,dy}_i) and (dxbL_i,dybL_2 j, respectively, using é,sz and the
L-2

n—1

The block size for ME is M/2xN/2 and the search range is +2R.

Gaussian images G and GnL_2 of the previous and current frames at current level.

Prediction mode selection. Using the forward and backward MVs, the prediction
mode at current MB is selected depending on the MSDs:
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Forward prediction: MSD, < MSD,,, MSD ; < MSD,,
Backward prediction : MSD,, < MSD,, &)

Bidirectional prediction : otherwise,

where MSD, (MSD,) represents a forward (backward) MSD using the forward

(backward) MV and MSD,; denotes the bidirectional MSD using both forward and
backward MVs.

Frame interpolation at level (L —2). According to the prediction mode of the

current MB, the different MCFI scheme is applied. If the prediction mode of the current
MB is forward (backward), then the MB value of the Gaussian image of the previous
(current) frame is used. If the prediction mode is bidirectional, then the average MB
value of the Gaussian images of the previous and current frames is used.

Construction of G,lu. (1<1< L-2). The interpolated frame G’ at intermediate

n,i

level (1<1< L-2) is delivered to next level for bidirectional ME. To have the same
resolution as the pyramid images G,Il_l and G,ﬂ at next level, the interpolated frame
G,l:i' at upper level must be expanded. The expanded Gaussian image

G!.,1<1<L-2, is obtained by an EXPAND(-) operator. Similarly, we add to CN},IU

n,i»
the Laplacian images compensated using Lln_l and Lln. As in MCFI, we can obtain

Gl 1<i<L-2, using the prediction mode information and the Laplacian images:

n,i»
Ghi(x,y)= EXPAND(G,ﬁ;‘ (x, y))

Ll,,_1 (x +2X% dxﬁt» ' ,y+2X dy_lf ' j for forward prediction

(6)

+ LIn x—2x dxll, ‘, y—=2x dyll,'. j for backward prediction

E{Lln,l(ﬁzxdx’f Ly +2xdyls )+Li,(x—2xdx,i Ly —2xdy} )} otherwise.

Bidirectional ME using G,lw (1<l<L-2) with the small search range. The MB

prediction mode and estimated MVs are delivered to next level. At next level,
bidirectional ME is performed with a small search range. The MVs delivered to next
level are defined by

dr =25+ Adxt
{ (7

dy" =2xdy'™ +Ady!, 1<i<L-2
where (a’x“rl ,a’yl+1 ) denotes the MV at intermediate level (/+1), whereas

(Adxl. ,Adyll ) signifies the incremental MV refined at intermediate level /.
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Frame interpolation at level / (1</ < L—2). Using the delivered MB prediction

mode information and estimated MVs, frame interpolation is performed. The final
interpolated frame is delivered to bottom level for MV refinement. Note that frame
interpolation is done using forward and backward MVs depending on the prediction
mode.

2.3 Bottom Level Processing

Bidirectional ME. Using GA,?J- and the Gaussian pyramid images G._, and G? at

bottom level, bidirectional ME is performed for MV refinement. The block size for
block matching is M x N with a small search range of +(R —3). The MVs at bottom

level are defined by

¥ =2xdx + Adx®
{ (8)

dy* =2xdy' +Ady”
where [dxﬁ,dylj denotes the MV at level 1 and (Adxo ,Adyoj signifies the

incremental MV refined at bottom level (I =0).

Frame interpolation. Using the MB prediction mode information delivered from
intermediate level and estimated MVs, frame interpolation is performed at bottom
level. Similar to MCFI performed at intermediate levels, different MCFI is applied
according to the prediction mode of the current MB.

3 Experimental Results and Discussions

We present experimental results with two test common intermediate format (CIF)
video sequences (352x288, 30 frames): Akiyo and News. The Akiyo sequence is used to
evaluate how the frame interpolation algorithm performs on sequences with small
motions whereas the News sequence is used to test the performance of the frame
interpolation algorithm for sequences containing large and complicated motions (e.g.,
the dancer in the background). In experiments, we assume that two frames f, and

Sfnso are given and the missing frame f, ., is reconstructed by frame interpolation, in

which the frame rate is up-converted by a factor of two. In conventional MCFI
algorithms such as the HBMA based method [8], the four-region segmentation based
method (FRS) [9], and the prediction mode decision based method (PMD) in MPEG-2
[10], the missing frames are estimated using the MV information of the skipped
frames. Note that the proposed HMCEFI algorithm does not use the MV information.
The first experiments are performed with frames 49-80 of the Akiyo sequence.
Note that half-pixel accuracy spiral search for ME is applied to all methods
considered. The HBMA algorithm uses three-level Gaussian/Laplacian pyramids. At
each level, the different block size is employed (4x4,8%8, and 16x16 from top to

bottom levels), and the different search range is used ([-5,5], [-3,3], and [-2,2]
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(b) ' (©

d) ©

Fig. 3. Simulation results (Akiyo sequence). (a) Original (missing) 65" frame, (b) frame inter-
polated by HBMA, (c) frame interpolated by FRS, (d) frame interpolated by PMD, (e) frame
interpolated by the proposed HMCFI algorithm.

from top to bottom levels). The FRS and PMD algorithms use 16x16 blocks with the
search range equal to [-10,10]. The proposed HMCFI algorithm also uses three-level

Gaussian/Laplacian pyramids as in the HBMA algorithm. The block size is varied
(4x4,8x8, and 16x16 from top to bottom levels) and the different search range is

used ([-5,5], [-10,10], and [-2,2] from top to bottom levels).

Fig. 3 shows experimental results of the Akiyo sequence. Fig. 3(a) illustrates the
65" (missing) frame reconstructed using the 64" and 66" frames. Figs. 3(b) and 3(c)
show the frames interpolated by the HBMA and the FRS, respectively, which are
severely distorted near eyes and mouth. On the contrary, the frames interpolated by
the PMD and the proposed HMCFI algorithm shown in Figs. 3(d) and 3(e),
respectively, are well reconstructed.

The second experiments are performed with frames 49-80 of the News sequence.
The same parameter values are used for both Akiyo and News sequences. Fig. 4 shows
experimental results of the News sequence. Fig. 4(a) illustrates the 66" (missing)
frame reconstructed using the 65" and 67" frames. Figs. 4(b) and 4(c) show the frames
interpolated by the HBMA and the FRS, respectively. Similar to the Akiyo sequence
cases, Figs. 4(b) and 4(c) give blocky effects, which are totally unacceptable. Fig.
4(d) shows the frame interpolated by the PMD, in which an afterimage (artifact)
exists. Fig. 4(e) shows the frame interpolated by the proposed HMCFI algorithm that
does not yield an afterimage, showing high visual quality.



HMCEFI Based on the Pyramid Structure 219

(b)

(@

Fig. 4. Simulation results (News sequence). (a) Original (missing) 66" frame, (b) frame inter-
polated by HBMA, (c) frame interpolated by FRS, (d) frame interpolated by PMD, (e) frame
interpolated by the proposed HMCFI algorithm.
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Fig. 5. PSNR comparison of four methods as a function of the frame index. (a) Akiyo sequence,
(b) News sequence.

Figs. 5(a) and 5(b) show the PSNR of four different methods as a function of the
frame index for the Akiyo and News sequences, respectively. In both test sequences,
the proposed HMCFI algorithm gives a higher PSNR than the conventional MCFI
algorithms. Even though the HBMA requires a low computation load for ME, it yields
a lower PSNR than other MCFI algorithms. Since the PSNR is not always a reliable
measure for image quality evaluation, it is desirable to compare the subjective visual

quality. As shown in Figs. 3 and 4, the proposed HMCFI algorithm gives the best
visual quality as well as the PSNR.
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4 Conclusions

This paper presents an HMCFI algorithm based on the Gaussian/Laplacian pyramid
structures for frame rate up-conversion. The proposed algorithm performs ME and
MCFI at each level of the Gaussian/Laplacian image pyramids. We apply a
hierarchical approach to frame interpolation, which yields a higher PSNR and better
visual quality than the conventional MCFI methods. We show the effectiveness of the
proposed HMCFI algorithm for video sequences compared with the conventional
MCFI algorithms such as the HBMA, FRS, and PMD algorithms. The computational
complexity of the proposed HMCFI algorithm is increased by about 20%, with the
increase of the average PSNR by about 1.2dB. Also the subjective quality of
interpolated frames is better than that of the conventional MCFI algorithms. Further
research will focus on the pixelwise frame interpolation techniques to reduce
undesirable blocking artifacts generated by blockwise processing.
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Abstract. Meetings, common to many business environments, generally
involve stationary participants. Thus, participant location information can be
used to segment meeting speech recordings into each speaker’s ‘turn’. The
authors’ previous work proposed the use of spatial audio cues to represent the
speaker locations. This paper studies the validity of using spatial audio cues for
meeting speech segmentation by investigating the effect of varying microphone
pattern on the spatial cues. Experiments conducted on recordings of a real
acoustic environment indicate that the relationship between speaker location
and spatial audio cues strongly depends on the microphone pattern.

Keywords: spatial audio cues, meeting audio analysis, microphone arrays.

1 Introduction

Meetings recordings are currently difficult to access offline as users potentially have
to search through hours of audio/video data to find segments of interest. Efficient
‘browsing’ of meeting recordings is thus of great interest to many business
environments. Research groups currently focus on meeting analysis to facilitate
effective meeting browsing [1]. Browsing requires the meeting to be segmented and
annotated with semantically meaningful information such as speaker identification,
speaker location, speech summary, transcript or level of participant interaction e.g.
monologue, group discussion or presentation.

Many of the annotations can be derived from the meeting audio recordings alone.
A fundamental way to segment meeting audio is by each speaker’s period of
participation, or ‘turn’. For such segmentation, Lathoud et al. represented speaker
location information as Time Delay Estimations (TDE) derived from omnidrectional
recordings, using Generalized Cross Correlation (GCC) based techniques such as
GCC-PHAT and SRP-PHAT [2].

The authors’ previous work extended the concept of using speaker location
information for meeting speech segmentation by representing speaker location
information with spatial audio cues [3]. The cues are derived from the spatial cues in
Spatial Audio Coding (SAC) [4, 5]. When applied to meeting speech segmentation,

* Partially supported by the CSIRO ICT Centre, Australia.

Y. Zhuang et al. (Eds.): PCM 2006, LNCS 4261, pp. 221 -228, 2006.
© Springer-Verlag Berlin Heidelberg 2006
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previous work found that the spatial cues detected multiple concurrent speakers,
whereas GCC-based approaches tended to only detect the strongest speaker in a given
speech frame [3].

This paper further investigates the validity of using spatial audio cues for meeting
speech segmentation. Simulated meetings recorded with different microphone
patterns are analyzed to explore the how microphone pattern affects the relationship
between the spatial cues and speaker location. SAC techniques have not been
previously investigated with microphone array recordings. Rather, research has
focused on resynthesising spatialised recordings e.g. 5.1 surround [6].

In the remainder of this paper, Section 2 outlines the spatial cues extraction from
the recorded speech. Section 3 describes the meeting recording setup, while Section 4
presents the results obtained from these recordings. Section 5 concludes the paper.

2 Spatial Audio Coding

SAC aims to compactly represent multichannel audio for storage and transmission
over mediums such as the Internet. In the encoder, spatial cues are extracted from the
C-channel input audio (where C > 1) and the audio is downmixed into D channels
(where D < C). The D-channel downmix and associated ‘side information’ (spatial
cues) are sent to the decoder for resynthesis into C-channels which aim to recreate the
original perceptual ‘spatial image’ for the user.

This paper explores the use of spatial audio cues for the purposes of meeting
speech segmentation by speaker turn. The spatial audio cues, derived from SAC,
represent the perceptual speaker location information contained in the speech
recordings. Psychoacoustic studies have shown that humans localize sound sources
with two main cues: Interaural Level Difference (ILD) and Interaural Time Difference
(ITD) [7]. These psychoacoustic concepts are adopted by SAC approaches to derive
level and time or phase-based spatial cues from multichannel audio. This paper
employs spatial cues originally introduced by the following SAC schemes: Binaural
Cue Coding (BCC) [4] and Parametric Stereo Coding (PSC) [5].

2.1 Spatial Audio Coding Cues

BCC and PSC encoders accept C-channel input, where C = 2 for PSC. Each time-
domain channel, ¢, is split into M frames using 50% overlapped windows. The
frequency-domain spectrum, X, [k], is obtained by an N-point Discrete Fourier

Transform (DFT) for each channel, ¢, and frame, m [7][8]. The human hearing system
uses non-uniform frequency subbands known as ‘critical bands’ [7]. Thus, X, [k]
is decomposed into non-overlapping subbands of bandwidths that match these critical
bands. The DFT coefficients in each subband are denoted by
ke{A,, A, +1,..., A, =1}, where A, are the subband boundaries and A, =0.

BCC calculates the following spatial cues between each input channel ¢
(2<c¢<C) and a reference channel (taken to be channel one i.e. C = 1), for each
frame, m, and each subband, b [4]:
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e Inter-Channel Level Difference (ICLD)

ICLD ,[b] = 10log,, (%{b ) P.[b] = Z|X [k| 1)
1

k=4,

e Inter-Channel Time Difference (ICTD), which estimates the average phase delay
for subbands below 1.5kHz. Subbands above 1.5kHz estimate the group delay.

The PSC encoder extracts the following spatial cues between the two input channels
for each frame, m, and each subband, b [5]:

e Inter-channel Intensity Difference (IID)

Ay—1 .
D X IKIX[ K]

1D[b] =10log,p| 20— || @)
D X, [kIX 51k

k=4,_,
e Inter-channel Phase Difference (IPD), limited to the range —7 < IPD[b]< 7

A1

IPD[b]= 2| > X, [KIX (k]| . 3)

k=4,

The human auditory system is less sensitive to interaural phase differences at
frequencies greater than approximately 2kHz [7]. Thus, BCC splits the ICTD
calculation at 1.5kHz and PSC only estimates the IPD cue for subbands below 2kHz.

Previous research showed that the ICTD from BCC did not exhibit a strong nor
consistent relationship with speaker location [3]. Thus, this paper implements a
combined BCC and PSC encoder where only the ICLD (which is effectively the same
calculation as the IID) and IPD cues are estimated.

3 Meeting Recordings

To simulate a real meeting environment, recordings were made in an immersive
spatial audio playback system. Fig. 1 illustrates the recording setup. The Configurable
Hemisphere Environment for Spatialised Sound (CHESS) [8] was used to simulate a
meeting with five participants equally spaced (i.e. 72° apart) in a circle approximately
3m in diameter. Each participant was represented by a loudspeaker which played
clean speech sourced from one person.

Clean speech was obtained from the Australian National Database of Spoken
Languages (ANDOSL). Five native Australian speakers, two female and three male,
were chosen as the meeting ‘participants’. The ANDOSL speech files were
upsampled to 44.1kHz from 20kHz, and normalized with silence removed. Previous
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work showed that silence segments produced ambiguous spatial cues, since no
speaker location information exists in such segments [3].

To simulate a meeting, each of the five loudspeakers was played in turn (from
Spkrl to Spkr5 in Fig. 1). Each participant’s turn ranged from 1-1.5 minutes in
duration. This resulted in a 6.5 minute long ‘meeting’ of non-overlapped speech.

To record the speech, two AKG C414 B-XL II multi-pattern microphones were
placed in the centre of the ‘meeting environment’, spaced 20cm apart. All
experiments utilized the two microphones in the Mic 1 and Mic 2 positions, as shown
in Fig. 1. Microphones recorded the speech which was then sampled at 44.1kHz and
stored at 24 bits/sample.

Speaker 1
(Spkr1)

Speaker 5 Speaker 2
(Spkr5) (Spkr2)
Speaker 4 @R ) Speaker 3
(Spkr4) : (Spkr3)

Fig. 1. Recording setup

4 Results

The simulated ‘meetings’ were recorded in CHESS [8] using the two microphones
configured as a pair of omnidirectional, cardioid, hypercardioid, or figure-8 pattern
microphones. For each of the four microphone patterns under study, spatial cues were
estimated from the pair of recordings using the combined BCC/PSC spatial audio
encoder. At a sampling rate of 44.1kHz, this resulted in a decomposition of 21
subbands and a DFT of length 2048 was used.

Fig. 2 plots the ICLD and IPD spatial cues as a function of time. The mean of each
speaker’s ‘turn’ is shown as the solid line. The mean was calculated based upon the
ground truth segmentation from the original speech. The shown ICLD is taken from
the subband centered at 2.5kHz, which is a frequency region that exhibits strong
speech activity. In contrast, the displayed IPD is taken from the subband centered at
382Hz, since pitch information dominates at low frequencies. Fig. 2 shows that the
spatial cues vary significantly depending on the microphone pattern used.
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Fig. 2. ICLD and IPD as a function of time: (a) omnidirectional, (b) cardioid, (c) hypercardioid,
and (d) figure-8 microphones

4.1 ICLD

Fig. 3 illustrates the mean and the 95% confidence interval (CI) of the ICLD cue in
each subband for each speaker. The mean was calculated across all the frames from
each speaker’s ‘turn’ for each subband.

The cardioid (Fig. 3b) and hypercardioid (Fig. 3c) patterns clearly show three
groups of ICLD trends across the subbands. Ideally, the five different speakers should
exhibit five distinct ICLD trends. However, this is not possible with one microphone
pair: in that case, sound localization is limited to sources that are not equidistant
between the two microphones. Thus, the three trends seen in Figs. 3b and 3c
correspond to Speaker 1, and the equidistant pairs of Speakers 2 and 5, and Speakers
3 and 4 (see Fig. 2). In contrast, the omnidirectional (Fig. 3a) and figure-8 (Fig. 3d)
recordings cannot clearly distinguish between the five spatially separated speakers
based on the ICLD cue.
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Fig. 3. Mean ICLD values: (a) omnidirectional, (b) cardioid, (c) hypercardioid, and (d) figure-8

The authors’ previous work showed that the ICLD represented spatial information,
independent of the speaker characteristics [3]. These findings are confirmed by the
cardioid and hypercardioid results in Figs. 3b and 3c. These microphone patterns are
better suited to the level-based spatial cue because the single lobe directionality limits
the influence of background noise that can corrupt ICLD estimation.

In Fig. 3, the ICLD cue does not show inter-speaker trends for very low or very
high frequencies. For the first (centered at 27Hz) and last three subbands (centered at
12kHz, 15kHz, 19kHz), all five speakers exhibit similar means for all microphone
patterns. At high frequencies, although the recordings were sampled at 44.1kHz, the
original speech was sampled at 20kHz and hence no frequency information exists
above 10kHz. In the low frequency subband, however, there is little speech activity in
this frequency region and thus minimal spatial information exists.

In Fig. 3, the mean ICLD value per speaker varies across the subbands. This is due
to the prominence of speech activity around certain frequency regions. In addition, the
ICLD calculation already combines the contribution from a range of DFT frequency
bins (see Equation 1).
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4.2 IPD

Fig. 4 illustrates the mean and 95% CI of the IPD cue in each subband for each
speaker’s ‘turn’. The opposite trends to Fig. 3 are shown in Fig. 4. In Fig. 4, the IPD
cue from the cardioid (Fig. 4b) and hypercardioid (Fig. 4c) pattern recordings do not
show significant differences between the five speakers. Similarly to the ICLD cue,
Speakers 2 and 5, and Speakers 3 and 4 should exhibit similar IPD cues due to the
microphone placement. The pattern that best shows this trend is the omnidirectional
microphone (Fig. 4a). For the figure-8 recordings (Fig. 4d), the cues from Speakers 3
and 4 match more clearly than those from Speakers 2 and 5.

The superior performance of the omnidirectional microphones for IPD cue
estimation is consistent with previous work, which found that omnidirectional pat-
terns are best suited to TDE [2]. The TDE calculation, like the IPD cue (see Equation
3), involves cross-correlation estimation. Such calculations require spatially
distributed microphones that record the same signal but vary according to degradation
from the acoustic environment. The omnidirectional pattern fits this requirement,
while the directional patterns record signals that vary depending on the source

IPD (rad)
IPD (rad)

@+ — Spkrt & — Spkr1
- Spkr2 -- Spkr2

Fig. 4. Mean IPD values: (a) omnidirectional, (b) cardioid, (c) hypercardioid, and (d) figure-8
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direction relative to the main pickup lobe/s. Thus, the figure-8 pattern performs better
than the cardioid and hypercardioid patterns for the IPD cue in Fig. 4. By having two
main pickup lobes, figure-8 patterns can capture signals which do not differ as much
between spatially distributed microphones compared to single main lobe patterns.

Similarly to the ICLD cue, the means of the IPD vary across the subbands. In
addition, the means of the IPD from the different speakers converge to similar values
in the first subband (centered at 27Hz). The lack of spatial information in the first
subband is because of little pitch or speech activity in these frequency regions. Due to
the psychoacoustically motivated subband decomposition, low frequency subbands
also contain fewer DFT bins. Hence, frequency bins that do not contain information
are more likely to corrupt the spatial cue estimation in these smaller subbands.

5 Conclusion

Experiments in this paper have shown that spatial audio cues, derived from spatial
audio coding, do strongly correspond to changing speaker location. Thus, spatial cues
are valid for segmenting meeting recordings into speaker ‘turns’. Recordings made in
a real acoustic environment simulating a meeting showed that the microphone pattern
significantly affected the spatial cue trends. Experiments showed that directional
microphone patterns such as cardioid and hypercardioid were best suited to level-
based cues. In contrast, the omnidirectional pattern exhibited the most consistent
trends for phase-based cues. Thus, appropriate microphone pattern choice can help to
reduce spatial cue degradation from room reverberation and background noise,
without requiring post-processing of the recordings, spatial cues, or modification of
spatial cue estimation techniques. The experimental results in this paper also suggest
that spatial audio coding techniques are suitable for coding microphone array signals.
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Abstract. Motion estimation is one of the most important steps in
super-resolution algorithms for a video sequence, which require estimat-
ing motion from a noisy, blurred, and down-sampled sequence; therefore
the motion estimation has to be robust. In this paper, we propose a ro-
bust sub-pixel motion estimation algorithm based on region matching.
Non-rectangular regions are first extracted by using a so-called water-
shed transform. For each region, the best matching region in a previous
frame is found to get the integer-pixel motion vector. Then in order to
refine the accuracy of the estimated motion vector, we search the eight
sub-pixels around the estimated motion vector for a sub-pixel motion
vector. Performance of our proposed algorithm is compared with the
well known full search with both integer-pixel and sup-pixel accuracy.
Also it is compared with the integer-pixel region matching algorithm for
several noisy video sequences with various noise variances. The results
show that our proposed algorithm is the most suitable for noisy, blurred,
and down-sampled sequences among these conventional algorithms.

Keywords: Sub-pixel motion estimation, watershed transform, region
matching, super-resolution.

1 Introduction

Sub-pixel motion estimation techniques are widely used in video coding. Motion
estimation with sub-pixel accuracy in hybrid video coding schemes possesses
higher coding efficiency than that with integer-pixel accuracy [1, 2]. However,
it requires more computation for additional processes such as interpolation and
search with sub-pixels. Block matching algorithms are frequently used in the
standard video coding schemes. However, block matching algorithms suffer from
the blocking artifacts. Also the residual will be large due to the fault assump-
tion of constant motion vector within each block. As the residual increases,
the bit rate increases. The goal of motion estimation for super resolution (SR)
is to find the exact motion of each pixel. However, it is quite difficult to find
correct motions of all pixels. Existing algorithms of motion estimation search
for approximation to the real motion of each pixel to improve estimation accu-
racy. Therefore, motion estimation with sub-pixel accuracy is a necessary step

Y. Zhuang et al. (Eds.): PCM 2006, LNCS 4261, pp. 229-236, 2006.
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Fig. 1. The segmented arbitrary shaped regions

in SR techniques for a video sequence [3, 4, 5]. Moreover, the sub-pixel infor-
mation required for SR reconstruction must be estimated from noisy, blurred,
and down-sampled observed data. A requirement for an algorithm working well
under these conditions increasingly arises. Many algorithms have been proposed
to estimate motion with sub-pixel accuracy [1, 2]; however a few of them treats
with low resolution sequences [2]. Motivated by an application to SR for video,
in this paper, we propose an algorithm for motion estimation based on arbi-
trary shaped region matching with sub-pixel accuracy. The proposed algorithm
uses the model introduced in [1] to estimate the motion-compensated prediction
errors of the neighbors of the integer-pixel motion vector. Our contribution con-
sists of three points; the first is to use watershed transform based on rain-falling
simulation [6, 7] to segment each current frame into arbitrary shaped regions
which are further used for region matching instead of block matching. The sec-
ond is to search for the best motion vector in three steps like three step search
(TSS) algorithm [8] which needs less computation time than full search (FS)
algorithm. The third is that to use different models to find sub-pixel motion vec-
tors depending on the best matching position with integer-pixel accuracy. The
simulation results of the proposed algorithm are compared with that of the well
known FS algorithm, the region based algorithm with integer-pixel accuracy, and
the full search with sub-pixel accuracy for both noise-free and noisy, blurred and
down-sampled sequences. The organization of this paper is as follows. In Section
2, we introduce the proposed algorithm, which is divided into two sub-sections.
In Section 3, the simulation results are presented. Finally the conclusion of the
paper is presented in Section 4.

2 Robust Sub-pixel Motion Estimation

2.1 Integer-Pixel Motion Vector

The first step in the proposed algorithm is to use the watershed transform based
on the rain-falling simulation [6] to segment the current frame into arbitrary
shaped regions as shown in fig.1. This step will create a number of lakes grouping
all the pixels that lie within a certain threshold. This can reduce the influence of



Region-Based Sub-pixel Motion Estimation 231

N A e
[ L
1 1 _é <
InFeger e
-pixel
motion
vector
Fig. 2. The arbitrary shaped region matching Fig. 3. TSS algorithm

noise and reduce the oversegmentation problem. These regions are shifted right,
left, up, and down in order to search for the best matching region in three steps
in the same way as TSS algorithm [8]. The best matching position gives the
integer-pixel motion vector, as illustrated in Figs. 2 and 3.

2.2 Sub-pixel Accuracy Step

In this step the accuracy of the motion vector is modified by searching for the best
matching position within the eight sub-pixels around the estimated integer-pixel
motion vector in the previous step. The following models have been proposed in
[1] to predict the errors of motion compensation.

filz,y) = a12?y? + e2x’y + c32® + cazy® + 5Ty + 67 + cry® + csy + co, (1)
falz,y) = 122 4 coxy + c3y® + cax + csy + ¢, (2)
f3(z,y) = crxy + caw + c3y + ca, (3)

where f;(x,y) denotes the error at the (z, y)-pixel, and (0, 0) is the best matching
position obtained in the previous steps. The coefficients here can be determined
by the errors at 3x3 integer-pixel positions around the motion vector, while for
the corner positions, the errors at 2x2 integer positions are calculated, and for
the boundary positions, the errors at either 2x3 or 3x2 positions are utilized
depending on the boundary. Specifically, the equation given as

f(=1,-1) 1-11-11 —-11-11] |eg
f(0,-1) 0000 0 O01-11] |ec
f,-1) 1—-111 -1 1 1-11{ |e3
f(=1,0) 0010 0 —-100 1| |ca
£(0,0) =10000 0 00O 1f |ecs (4)
f(1,0) 0010 0 100 1| |cs
f(=1,1) 11 1-1-1-111 1f |er
f(0,-1) 0000 O 011 1] |cs
f(,1) 1111 1 1111 [co]
represents the estimation model for coefficient ¢y, co,...,co in the normal case

where the position of the motion vector is neither at the corner nor at the border.
Then the error at sub-pixel positions can be computed easily by the coefficients
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estimated through an inverse matrix manipulation. When the position of the best
matching is at the borders of the image, we obtain the solution for the six coef-
ficients in the second model as in (2). To this end, we should solve the equation
given as f = AC, where A and f depend on whether the position is at left (A4p,
and fr), right (Agr and fgr), upper (Ay and fi7), or lower (Ap and fp) border,
that is,

11 -11-11 [0 0 01 —-11]

00 01-11 1-111-11

10 -1001 0000071
Ar=100 000 1|"*®=1{1 0100 1|"

1-1-1111 000111

00 0111 11111 1]
fo=1[f(=1,-1), f(0,-1), f(=1,0), £(0,0), f(—1,1), f(0,1)]7,
fr=1[£(0,-1), f(1,-1), £(0,0), £(1,0), £(0,1), f(1,1)]",

11 -11-11 [1 0 —1001]

00 01-11 00 0001

1-111-11 10 1001
Av=110 2100 142= 1121111

00 0001 00 0111

10 100 1 11 1111
fU:[ (_17_) (07 1) f(7 ]-) f( ) ( )7f(]-70)]T7
fD:[f(_L) ( )a (7 )af(_a )7f(0a1)7f(171)]T
c= [61762763764765706]T7

When the position of the best matching is at the corner, we should solve one of
four equations which can be used to get the solution for the four coefficients of
the third model as in (3), by using matrices shown below:

1 —1—11] [0 —101
00 —11 0 001

A= g1 ¢ 1| A= |1 911
00 0 1] [0 011
[0 0—11] (0001
—11-11 0101

Arv =100 0 1|40 =|0011|"
(010 1 1111

fru = [f(=1,-1), f(0,-1), f(=1,0), £(0,0)]",

fuo = [f(=1,0), £(0,0), f(=1,1), f(0,-1)]",

fRU - [f(07 _1)7 f(]-v _1)7f(070)7f(170)]T7

fRD_ [f(oao)vf(lvo)vf( 71)7f(171)]T7

c= [017027C3ac4}T
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Fig. 4. PSNR Quality measure for blurred, noisy, and down-sampled sequences (25dB)

In summary, the proposed algorithm alternates among the three models de-
pending on the position of the integer motion vector.

3 Simulation Results

The proposed algorithm is tested by different image sequences including fast
motion and slow motion with white Gaussian noise with different SNR to con-
firm the effectiveness and robustness. We examined the well known test video
sequences such as football, tennis and carefone sequences and slow motion se-
quences such as flower garden, and foreman sequences. We also tested video se-
quences with a synthetic motion created by shifting a still image with sub-pixel
accuracy such as cameraman and book shelves images. All these sequences are
blurred, degraded by additive noise with different signal-to-noise ratio (SNR),
and down-sampled to simulate conditions similar to super-resolution case. The
algorithm is compared with the well known block matching full search with
sub-pixel accuracy proposed by Jung et el. [1], and also compared with the full
search algorithm with integer-pixel accuracy. Moreover, it is compared with the
region matching with integer-pixel accuracy algorithm. The simulation results
show that the proposed algorithm give better quality than all the other three al-
gorithms for noisy sequences. Figure 4 shows the results for noisy sequences with
additive white Gaussian noise (25dB). Also, Figure 5 shows the results for noisy
sequences with additive white Gaussian noise (20dB). In both cases, the size of
the blocks for the block-based FS algorithm was 8x8. Figures 6 and 7show the
results of different SNR for football, and flower garden sequences respectively. In
these figures, we can observe the effect of noises with several noise levels. It is
interesting that the proposed method is more robust for the images with higher
noise levels. This implies that the proposed algorithm is more appropriate to the
application to super-resolution. Figure 8 shows comparison between the com-
pensated frames resulting from different algorithms with 25dB Gaussian noise.
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Fig. 5. PSNR Quality measure for blurred, down-sampled and noisy sequences (20dB)
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(a) (b)

(c) (d)

()

Fig. 8. Comparison of conventional methods with the proposed algorithm. The 1%

frame, which is noisy, blurred and down-sampled, is the reference for the 2"¢ frame: (a)
1%t (reference) frame (25dB), (b) 2" frame to be estimated (25dB), (c) compensated
frame using integer-pixel FS algorithm, (d) compensated frame using half-pixel FS
algorithm, (e) compensated frame using region-based integer-pixel algorithm, and (f)
compensated frame using the proposed algorithm.

We observe the blocking effect in Fig. 8 (¢) and (d), however, our region-based
algorithm doesn’t generate blocking artifacts.

4 Conclusion

We have proposed a novel motion estimation algorithm for blurred, noisy and
down-sampled sequences with sub-pixel accuracy. The proposed algorithm
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consists of two main steps, the first is the integer pixel motion estimation which
based on TSS for each arbitrary shaped region, and the second is the accuracy
refinement by searching for the best matching within the sub-pixel positions
around the detected integer-pixel motion vector. The proposed algorithm gave
promising results for low resolution sequences with slow/fast motion for blurred
and noisy video sequences. An application the proposed algorithm to super-
resolution for video sequence is on-going. This extension will be reported in the
near future.
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Abstract. This paper presents a novel approach of palmprint authen-
tication for multimedia security by using the differential operation. In
this approach, a differential operation is first conducted to the palm-
print image in horizontal direction. And then the palmprint is encoded
according to the sign of the value of each pixel of the differential image.
This code is called DiffCode of the palmprint. The size of DiffCode is 128
bytes, which is the smallest one among the existing palmprint features
and suitable for multimedia security. The similarity of two DiffCode is
measured using their Hamming distance. This approach is tested on the
public PolyU Palmprint Database and the EER is 0.6%, which is com-
parable with the existing palmprint recognition methods.

Keywords: Multimedia security; biometrics; palmprint authenrication;
differential operation.

1 Introduction

In the computerized society, most multimedia are in digital formats, which are
easy to be modified and reproduced. Biometric based personal recognition is one
of the effective methods to prohibit the multimedia signals from illegal reproduc-
tion and modification [1,2]. Within biometrics, the most widely used biometric
feature is the fingerprint [3,4,5,6] and the most reliable feature is the iris [3,7].
However, it is very difficult to extract small unique features (known as minutiae)
from unclear fingerprints [5,6] and the iris input devices are expensive. Other
biometric features, such as the face and the voice, are as yet not sufficiently accu-
rate. The palmprint is a relatively new biometric feature. Compared with other
currently available features, palmprint has several advantages [8]. Palmprints
contain more information than fingerprints, so they are more distinctive. Palm-
print capture devices are much cheaper than iris devices. Palmprints contain
additional distinctive features such as principal lines and wrinkles, which can be
extracted from low-resolution images. By combining all features of palms, such
as palm geometry, ridge and valley features, and principal lines and wrinkles, it
is possible to build a highly accurate biometrics system.

Y. Zhuang et al. (Eds.): PCM 2006, LNCS 4261, pp. 237-244, 2006.
© Springer-Verlag Berlin Heidelberg 2006
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Many algorithms have been developed for palmprint recognition in the last sev-
eral years. Han [9] used Sobel and morphological operations to extract line-like
features from palmprints. Similarly, for verification, Kumar [10] used other direc-
tional masks to extract line-like features. Wu [11] used Fisher’s linear discriminant
to extract the algebraic feature (called Fisherpalms). The performance of these
methods are heavily affected by the illuminance. Zhang [12, 13] used 2-D Gabor
filters to extract the texture features (called PalmCode) from low-resolution palm-
print images and employed these features to implement a highly accurate online
palmprint recognition system. In this paper, we encoded a palmprint using the
differential operation. This code is called DiffCode. In the matching stage, the
Hamming distance is used to measure the similarity of the DiffCodes.

When palmprints are captured, the position, direction and amount of stretch-
ing of a palm may vary so that even palmprints from the same palm may have
a little rotation and translation. Furthermore, palms differ in size. Hence palm-
print images should be orientated and normalized before feature extraction and
matching. The palmprints used in this paper are from the Polyu Palmprint Data-
base [14]. The samples in this database are captured by a CCD based palmprint
capture device [12]. In this device, there are some pegs between fingers to limit
the palm’s stretching, translation and rotation. These pegs separate the fingers,
forming holes between the forefinger and the middle finger, and between the
ring finger and the little finger. In this paper, we use the preprocessing tech-
nique described in [12] to align the palmprints. In this technique, the tangent
of these two holes are computed and used to align the palmprint. The central
part of the image, which is 128 x 128, is then cropped to represent the whole
palmprint. Such preprocessing greatly reduces the translation and rotation of
the palmprints captured from the same palms. Figure 1 shows a palmprint and
its cropped image.

The rest of this paper is organized as follows. Section 2 discusses diffCode
extraction. Section 3 presents the similarity measurement of palmprints. Sec-
tion 4 contains some experimental results. And in Section 5, we provide some
conclusions.

2 DiffCode Extraction

Let I denote a palmprint image and G, denote a 2D Gaussian filter with the
variance ¢. The palmprint is first filtered by G, as below:

where * is the convolution operator.
Then the difference of I in the horizontal direction is computed as following:

D=1Ip%b (2)

b=[-1,1] (3)

where * is the convolution operator.
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e

(a) Original Palmprint (b) Cropped Image

Fig. 1. An example of the palmprint and its cropped image

Finally, the palmprint is encoded according to the sign of each pixel of D:

. 1, if D(4,5) > 0;
C(i,j) = 4
(i) {O, otherwise. @)

C is called DiffCode of the palmprint I. The size of the preprocessed palmprint
is 128 x 128. Extra experiments shows that the image with 32 x 32 is enough for
the DiffCode extraction and matching. Therefore, before compute the DiffCode,
we resize the image from 128 x 128 to 32 x 32. Hence the size of the DiffCode
is 32 x 32. Figure 2 shows some examples of DiffCode. From this figure, the
DiffCode preserves the structure information of the lines on a palm.

3 Similarity Measurement of DiffCode

Because all DiffCodes have the same length, we can use Hamming distance to
define their similarity. Let C7,Cs be two DiffCodes, their Hamming distance
(H(C4,C5)) is defined as the number of the places where the corresponding
values of C7 and C5 are different. That is,

32 32

H(Cy,Co) = > Ci(i,4) @ Cali, ) (5)

i=1 j=1

where ® is the logical XOR operation.
The matching score of two DiffCodes Cy and C5 is then defined as below:

H(Cy,Cy)

SO = 1=y 5

(6)
Actually, S(Cq,C5) is the percentage of the places where C; and Cy have the
same values.

Obviously, S(Cy,Cs) is between 0 and 1 and the larger the matching score,
the greater the similarity between C7 and Cs. The matching score of a perfect
match is 1. Figure 3 shows the matching results of Figure 2. In this figure, the
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Fig. 2. Some examples of DiffCodes. (a) and (b) are two palmprint samples from
a palm; (¢) and (d) are two palmprint samples from another palm; (e)-(h) are the
DiffCodes of (a)-(d), respectively.

white points of the images represent that the value of the corresponding places
in C1 and Cs are same. Their matching scores are listed in Table 1. According to
this table, the matching scores of the DiffCodes from the same palms are much
larger than that of the ones from different palms.

Table 1. Matching Scores of the DiffCodes in Figure 2

No. of DiffCodes  Figure 2(e) Figure 2(f) Figure 2(g) Figure 2(h)

Figure 2(e) 1 0.8623 0.5811 0.5489
Figure 2(f) _ 1 0.5867 0.5633
Figure 2(g) - - 1 0.8418
Figure 2(h) - - - 1

4 Experimental Results

We employed the PolyU Palmprint Database [14] to test our approach. This
database contains 600 grayscale images captured from 100 different palms by a
CCD-based device. Six samples from each of these palms were collected in two
sessions, where three samples were captured in the first session and the other
three in the second session. The average interval between the first and the second
collection was two months. Some typical samples in this database are shown in
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Fig. 3. Matching Results of Figure 2. (a)-(f) are the matching results of Figure 2(e)
and 2(f), Figure 2(e) and 2(g), Figure 2(e) and 2(h), Figure 2(f) and 2(g), Figure 2(f)
and 2(h), Figure 2(g) and 2(h), respectively.

Figure 4, in which the last two samples were captured from the same palm at
different sessions. According to this figure, the lighting condition in different
sessions is very different. In our experiments, the variance of the 2D gaussian
filter o is chosen as 0.5.

In order to investigate the performance of the proposed approach, each sample
in the database is matched against the other samples. The matching between
palmprints which were captured from the same palm is defined as a genuine
matching. Otherwise, the matching is defined as an impostor matching. A to-
tal of 179,700 (600 x 599/2) matchings have been performed, in which 1500
matchings are genuine matchings. Figure 5 shows the genuine and impostor
matching scores distribution. There are two distinct peaks in the distributions
of the matching scores. One peak (located around 0.82) corresponds to genuine
matching scores while the other peak (located around 0.55) corresponds to im-
postor matching scores. The Receiver Operating Characteristic (ROC) curve,
which plots the pairs (FAR, FRR) with different thresholds, is shown in Fig-
ure 6. For comparisons, the FusionCode method [13], which is an improvement
of the PalmCode algorithm [12], is also implemented on this database. In the
FusionCode method, each sample is also matched with the others. The ROC
curve of the FusionCode method is also plotted in Figure 6 and the correspond-
ing equal error rates (EERs) are listed in Table 2. According to the figure, the
whole curve of the DiffCode approach is below that of the FusionCode method,
which means that the performance of the proposed approach is better than that
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Fig. 4. Some typical samples in the Polyu Palmprint Database
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of the FusionCode method. From Table 2, the EER of the DiffCode approach is
0.13% smaller than that of FusionCode. Furthermore, the size of a DiffCode is
(32 x 32) + 8 = 128 bytes, which is 1/3 of the size of the FusionCode.
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Table 2. Comparisons of Different Palmprint Recognition Methods

Method DiffCode FusionCode
EER (%) 0.64 0.77
Feature Size (bytes) 128 384
3 ;
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Fig. 6. The ROC Curve of the Proposed Approach and FusionCode Method

5 Conclusion and Future Work

A novel approach to palmprint authentication is presented in this paper. The
palmprint DiffCode is extracted using differential operation. The similarity of
the DiffCode is defined using their Hamming distance. The size of the diffCode
is only 128 bytes, which is the smallest palmprint feature, and therefore very
suitable for the multimedia security. The experimental results clearly shows the
high accuracy of this approach.

In future, we will integrate the diffCode into the multimedia systems.
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