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CHAPTER 1

Introduction

The convergence of synchronous communication, media broadcast and playback mech-
anisms on the Internet can create innovative forms of shared experiences. The prelimi-
nary steps towards such innovative shared experiences can already be seen in services,
such as Yahoo Zync. In Zync two users situated at different locations can watch a
YouTube video together while chatting. The play out of the videos at both ends is
synchronized. In this way Zync integrates instant messaging with video playback, en-
abling users to share their experiences about the video. A generic scenario, which
identifies with such shared experiences, consists of the following two features: primar-
ily, the users are connected to each other via an IP based network over which they can
synchronously communicate. This communication can be done via applications, such
as text messaging, audio or video conferencing or in the future 3D immersion [103].
The data sent over the network by these applications is named communication stream.
Secondly, the users consume on demand or broadcast media presentations, which can
originate from different sources depending on their service providers. Each of these
media presentations can be composed of a primary media stream and multiple sec-
ondary media streams. The play out of the primary media streams must be temporally
related across the participants, while the secondary streams may or may not have a
temporal relation with their respective primary stream. Figure 1.1 presents a network
abstracted, application level view of this scenario.

This combination of various communication streams over the Internet, with differ-
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6 Introduction

Figure 1.1: Scenario as seen by the application

ent types of on demand or broadcast media presentations can be used to create inno-
vative shared experiences as shown in Figure 1.2. The figure demonstrates how newer
shared experience applications can be created by the combination of synchronous com-
munication with media streaming. Thus, using this definition for shared experiences,
as demonstrated in Figure 1.2, distributed games become the first shared experiences
to have existed over the Internet. However, to realize these yet to appear shared expe-
riences it is important that appropriate synchronization mechanisms exist. Compared
to traditional synchronization research, synchronization of shared experiences requires
additional elements. This work therefore adopts the term coherence when referring to
synchronization of these shared experiences.

Traditional media synchronization research refers only to orchestrating the play
out of within (intra-media) or across (inter-media) streams. Synchronization across
streams can further be classified on the basis of a number of factors, such as media
sources as shown in Figure 1.3. In addition to orchestrating media play out of the pri-
mary media streams across users, coherence also refers to the unhindered interaction
of users over the communication stream, in addition to the seamless motion of user
presentations to other devices or locations. If users cannot interact with each other then
there is little use of a distributed synchronization mechanism. It is in fact unhindered
user interaction that creates the requirement of distributed media synchronization. Fur-
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ther, the ubiquitous connectivity of newer devices at all times to the Internet will mean
that these sessions need to seamlessly move and adapt from one device to another and
from one network to another as the user moves.
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Figure 1.2: Existing and yet to appear shared experiences

1.1 Research Area
The three identified elements of coherence impose a number of requirements on the
existing Internet: Firstly, the element of unhindered inter-user interaction places a re-
quirement of time-bounded deliveries of the shared experience stream. Secondly, the
element of orchestration of play out of the primary media stream across locations places
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a requirement of the existence of a distributed media play-out synchronization on the
Internet. Lastly, the element of user mobility requires that when users change their
location they must be able to restart their presentations optimized to the new location
and in the same state as they left it. It is a widely held opinion that the current Internet
cannot support all these demands efficiently. This is demonstrated by various projects
that have recently started to appear on designing the new Internet: NetSE1 is the USA,
in Japan AKARI2, Program Future Internet3 in Korea and a proposal of future Internet
architectures [93] by the European Commission. This leads to the question:

Main Question: What is the design for the future Internet that can provide efficient
technical support to coherence in new shared experiences, while sustaining the scala-
bility and maintainability of the existing network?

The designs conceived in the projects mentioned above are broadly split into two
categories: revolutionary or clean slate architectures and evolutionary architectures.
It is a widely held opinion that no successful approach can be completely clean slate
owing predominantly to economic factors. This work, thus, also adopts an evolutionary
approach to future Internet design.

In the next section the main question is split into a number of sub questions based on
the previously identified requirements on the Internet, namely: time-bounded delivery,
distributed media synchronization and user mobility. The questions related to these
areas form the main focus of this thesis. Other complementary issues which are not
directly addressed in this work are presented in section 1.2.5. The contributions of this
work towards these sub questions are highlighted in Section 1.3. This is followed by
the organization of this thesis is Section 1.4.

1.2 Research Questions
The previous section enlisted three main requirements that coherence in shared expe-
rience would impose on the Future Internet: time-bounded delivery, distributed media
synchronization and user mobility. In addition distributed media synchronization will
internally require time synchronization. The key research questions emerging from
each of the three requirements, further supplemented by questions due to the require-
ment of time synchronization, are presented in the following subsections.

1www.geni.net/netse about.html
2akari-project.nict.go.jp/eng/overview.htm
3mmlab.snu.ac.kr/fiw2007/presentations/architecture tschoi.pdf
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Figure 1.3: Overview of media synchronization research

1.2.1 Time-Bounded Delivery
The communication streams such as conferencing streams require time-bounded de-
livery, with bounds of the order of 150ms, for coherence in shared experiences. The
future Internet must stay best effort and therefore these bounds cannot be guaranteed.
However, the architecture can be made more efficient. Time-bounded delivery, also
referred to as real-time delivery, falls in the traditional field of multimedia delivery
research: quality of service (QoS). The current state of the art in quality of service ar-
chitectures, differentiated services [36](Diffserv), provides service class differentiation
of packets based on the required quality of service. For time-bounded delivery its expe-
dited forwarding(EF) class provides the highest priority over all other service classes,
with the assumption of over-provisioning. This thesis looks at the efficiency, in terms
of bandwidth utilization, of this architecture and examines how it can be extended to
the future Internet. The research questions are:

Research Question 1.1 How efficient is the Diffserv network towards communication
streams, such as video conferencing, in networks that are not overprovisioned?
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This assumption of over-provisioning cannot always be practically ensured. This
is especially true across cross-domain links and in the face of bandwidth heavy com-
munication applications, such as video conferencing and 3D immersion [69]. Thus for
practical usability the performance of all QoS architectures must be studied in links
which are not overprovisioned. In fact the assumption of sufficient and overprovi-
sioned links in the design of Diffserv serves in effect as a deterrent to its acceptance.
This is because QoS mechanisms are unimportant to administrators of overprovisioned
networks and non-overprovisioned networks violate the assumption. The in between
sweet spot is hard to find in practical networks. Further, newer applications such as high
definition video conferencing and 3D tele-immersion use large and varying amounts
of bandwidth. Over provisioning becomes an unreasonable assumption for these large
bandwidths. It is therefore important to examine how Diffserv performs over under-
provisioned links.

Research Question 1.2 How can Diffserv-EF be extended to ensure efficient behavior
of the future Internet in links that are not overprovisioned while maintaining scalability
provided by the Diffsev architecture?

Efficient behavior here means that if, say, 5Mbps of bandwidth is available to an
under-provisioned link then all of that 5Mbps is actually utilized to send data to achieve
the best possible quality for the communication stream in the shared experience. The
loss of throughput due to congestion control, flow control, reliable delivery and ap-
plication level bandwidth adaptation mechanisms is well understood [22, 67]. These
mechanisms are however, the lifeline keeping the Internet running today and cannot be
wished away. The idea is to try to provide a QoS infrastructure within the Diffserv ar-
chitecture, such that these mechanisms do not result in underutilization of the available
bandwidth.

Research Question 1.3 Is it possible to provide connection admittance control in the
future architecture, while still maintaining scalability provided by the Diffsev architec-
ture?

Efficient utilization, however, is not enough to ensure a good quality of experience
to users. For example: 500 video conferencing connections through a 5Mbps link re-
sult in 0.01Mbps per-connection. Even though the entire capacity of the link may be
utilized, the user experience of the quality of communication stream will not be satis-
factory. Prior to Diffserv, Integrated services architecture [8](Intserv) was proposed to
ensure end-to-end time-bounded delivery. Due to scalability and economic issues [3]
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Intserv has not been widely accepted. The Intserv architecture also provided a connec-
tion admittance mechanism, which was based on each router being successfully able
to calculate a specific time for the delivery of data packets of the requested connection.
Such an architecture cannot be used in the future Internet since it is not best effort.
Best effort delivery is considered to be the single most salient feature responsible for
the scalability and therefore the success of Internet today. In an evolutionary approach,
thus, at no point must a router have to create persistent memory structures or queues on
a per-connection basis. Thus an innovative approach is required, which automatically
informs the requesting client application that a connection is infeasible.

1.2.2 Distributed Media Synchronization
Media synchronization is important for coherence. Research in this area has so far
primarily focused on synchronization of streams to a single client. This includes both
intra-media synchronization and certain types of intermedia synchronization. Intra-
media synchronization refers to the temporally correct play out of parts of a stream
itself, such as the play out of frames of a video. Inter-media synchronization to a single
client refers to the correct play out of related streams, such as lip synchronization [57]
between audio and video stream of a movie. Distributed synchronization, where media
streams across multiple clients need to be orchestrated are less studied, in particular in
cases where no assumption on the media sources is made. This is shown in Figure1.3.
This thesis examines how newer shared experiences can readapt the synchronization al-
gorithms that have existed in older shared experiences, in particular distributed gaming
Figure 1.2. The questions are:

Research Question 1.4 What levels of distributed play out synchronization does a dis-
tributed media system need to achieve?

Studying distributed media synchronization for future shared experiences as in Fig-
ure 1.2 is incomplete, without first knowing the required level of synchronization ac-
cording to user perception. This question has not previously been studied in research.
Currently, as a rule of thumb of 150 - 200ms is assumed. This value emerges from lip
synchronization [57] and communication industry research.

Research Question 1.5 Can event synchronization, as used in gaming, be extended to
synchronize user actions and to achieve distributed media play out synchronization in
synchronous shared experiences?

User actions such as “pause”, “play” or “jump to scene” should be executed across
all participants in a synchronized manner. Figure 1.2 shows that shared experiences
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include distributed gaming. Distributed games over the Internet have existed and been
successful for about little over a decade. Just as all future shared experiences, dis-
tributed games too require distributed synchronous play out of the game. In the gaming
community this is termed event synchronization. The concept of event synchronization
is that user actions (events) performed at one location of the game must execute si-
multaneously at all other participating users for the game to be fair. It should then be
possible to use the same algorithms, as used in games for event synchronization, to
synchronize user actions in future shared experiences. Further, by classifying play-out
position update packets as periodic pseudo user events it should also be possible to
achieve distributed media play out synchronization using the same algorithms.

1.2.3 User Mobility
Another aspect of providing coherent shared experiences is synchronous user mobility.
User mobility refers to the capability of the system to move the user’s presentation in
a synchronized manner between two locations. Here synchronization means that the
users can retrieve their media presentations in the same state as they left them, and
adapted to the new context. It is different from session mobility in which the user
may stay in the same environment and move only one session of the presentation to
another device. Traditionally user mobility is achieved as a composite functionality of
the comprising sessions’ mobility as in [14], using SIP-refer [82]. This is inefficient in
the signaling plane since it involves the repeated execution of almost identical session
mobility requests. The question then arises:

Research Question 1.6 Can user mobility be more efficient in the signaling plane,
than being considered as a collection of individual session mobility request?

This SIP based session mobility mechanism is intended for communication streams
so that the call need not be dropped. However, for media presentation mobility more
coordination between devices is required to transfer state information, which does not
exist in conferencing-like real-time applications. Furthermore, this mechanism is inef-
ficient in the control plane as the presentations in the future shared experiences become
more complex. Each and every session needs to be renegotiated to the new user context
and transformed accordingly. Thus, a new mechanism for user mobility is required.

1.2.4 Time Synchronization
Distributed media synchronization mechanism assumes time synchronization. The
question then arises:

Research Question 1.7 How accurate are the clocks synchronized using NTP?



Research Questions 13

As mentioned above time-bounded delivery can never be guaranteed in best effort
future networks. In such cases validation of play out position update packets requires
that the different participating nodes speak of the same time-stamps. It is then impor-
tant to examine the efficiency of the existing solution for time synchronization in the
Internet, Network Time Protocol [60]. Previous similar surveys, conducted about two
decades ago on the performance of NTP [61], [68] found that over 95% of the nodes
in the NTP network are within 128ms of each other. The surveys also found that level
1 servers are heavily loaded with in some cases up to 30000 computers connecting to
a single server. The aim of this survey is to update the time synchronization accuracy
results for the current network. Further, a number of existing devices may not have the
capability to run NTP, we also examine what other alternatives exist in such cases.

1.2.5 Other Issues
This section presents other related issues of future shared experiences, which are, for
various reasons, not handled in this thesis.

Reliable Delivery of the primary and secondary media streams is required for the
shared experiences to be meaningful. Transmission control protocol, TCP, is the main-
stay of the Internet since its inception. TCP provides best effort, yet reliable, end-to-end
transfer of data. TCP is well studied in literature, has stable implementations in all op-
erating systems and provides reliable delivery. Thus, TCP will continue to be a part of
evolutionary future Internet architectures. While this reliable delivery is important it is
not critical to provide coherence to shared experiences. Instead, distributed synchro-
nization mechanisms have to account for buffer underflow, overflow or loss in delivery
conditions of the primary and secondary streams.

Causality is the knowledge of the correct chronological order of actions. It is re-
quired by shared experiences to maintain correct ordering over the distributed events
and is very important for coherence. In a distributed system causality is trivial to
achieve if absolute time synchronization can be achieved. However, due to the phe-
nomenon of time dilation we know that absolute time synchronization is a theoretical
impossibility. This of course implies that absolute causality cannot be achieved.

A good approximation is however possible. Each physical system is limited within
certain discrete blocks of time within which the correct order of events is impercepti-
ble or unimportant, including the human brain. Mathematically, if events P1 and P2

happen in between time t1 and t1 + δ then, for each perceptual system there exists a ψ,
such that ∀δ < ψ, the correct chronological ordering over P1 and P2 cannot be seen by
the system. Thus, if P1 and P2 happen within ψ we can say that P1 and P2 happened at
the same time. If a distributed system can be time synchronized to within γ << ψ then
an approximate order over these events can be achieved by assuming all events that
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happen within ψs of each other to have happened together. This principle is behind the
design of time triggered architectures [53] where all nodes in a distributed system will
send out a status report/ position update every ψs intervals at the same time. The values
of the system in between these updates is calculated using dead-reckoning and conflicts
need to be resolved using the application logic at higher layers. The assumption is that
the systems are synchronized to within γ << ψ. All events that have occurred be-
tween consecutive events are said to have occurred at the same time. Causality is thus
well understood in literature and the principle of time-triggered architectures is used in
systems from air traffic radars to embedded system design and thus not addressed by
this work.

Synchronous relations of secondary streams with the primary stream needs to be
expressed and executed accordingly. These synchronization relations can be expressed
in descriptive languages, such as SMIL4 or NCL [86] and executed using compatible
players, such as Ambulant5. These relationships affect the coherence of a single user
more than the overall coherence of the shared experience, and thus are considered out
of the scope of this thesis.

1.3 Contributions
In the last section we identified the seven main questions this thesis addresses. Ques-
tions 1.1, 1.2, 1.3 relate to time-bounded delivery of the communication stream and
are handled in Chapter 3. To answer Question 1.1 this thesis in Chapter 3 examines
the bandwidth efficiency of real-time transmission in Diffserv in experiments over a
replicated edge router setup, using a video conferencing application. The experiments
show that the real-time links using Diffserv can underutilize available provisioned
bandwidth. The future Internet must then ensure efficient behavior of the network
even when not overprovisioned. Which in essence is Question 1.2. Chapter 3 further
presents Estimated Service, an adaption of the deadline-based scheduling mechanism
to multi-hop networks that extends the differentiated networks framework. Using this
deadline-based scheduling mechanism we demonstrate an improved bandwidth utiliza-
tion, while maintaining end-to-end delays, over under-provisioned Diffserv Expedited
Forwarding (EF) [19] links in an Estserv network over the traditional Diffserv archi-
tecture. The experiments are performed using traffic performance generation and mea-
surement tools as well as the video conferencing applications over a controlled net-
work. This work is then extended to the current Internet with similar results. Lastly,
regarding Question 1.3, a best effort mechanism for connection admittance using the

4http://www.w3.org/AudioVideo
5http://www.ambulantplayer.org/
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Figure 1.4: Figure demonstrating the concept of local lag algorithm

estimation mechanism is presented. The work presented in Chapter 3 consists of ex-
tracts from the following publications:

• Ishan Vaishnavi, P.S. Cesar, Dick C. A. Bulterman, Oliver Friedrich, From IPTV
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Services to Shared Experiences: Challenges in Architecture Design. Proceedings
of the IEEE Conference on Multimedia and Expo, in IWITMA 2010, Singapore.

• Ishan Vaishnavi, Dick C.A. Bulterman. Estimate and serve: scheduling soft real-
time packets for delay sensitive media applications on the Internet. June 2009,
NOSSDAV ’09: Proceedings of the 18th international workshop on Network and
operating systems support for digital audio and video.

The next two questions 1.4, 1.5 refer to distributed media play out and are handled
in Chapter 4. Responding to Question 1.4 requires that some implementation of a
synchronization algorithm exists, which in essence is Question 1.5. Thus in Chapter
4 a temporary and static mechanism for achieving media synchronization in a given
environment is described. This system is validated to be accurate within 150ms. Thus
using this system with regards to Question 1.4, Chapter 4 reports on results of user
tests conducted to determine the extent of user tolerance to out of sync videos while
audio conferencing or text chatting with each other using this implementation. With
regards to Question 1.5 the problem with implementing event synchronization is that
in a distributed system events will always take a finite time to travel from one location
to another, and therefore cannot be perfectly simultaneous. During this elapsed time
various actions may occur at the other end, which may conflict with the original events.
For distributed games this problem has been addressed by a technique called local lag
and time warp [59]. Figure 1.4 demonstrates this technique. When the user performs
an action at one end, it is not executed simultaneously at his end. Instead each event
is associated with a global execution time stamp in the future tnow + test, where test
is the worst-case network delay estimate to other participating nodes. This technique
tries to ensure that almost all nodes receive the event before being executed. The same
concept can be extended to other forms of user interaction with distributed media. In
particular the work demonstrates how in distributed media presentations user actions
such as “pause”, “play” or “jump to scene” can be executed across all participants
in a synchronized manner. Further, by classifying play-out position update packets
as periodic events, Chapter 4 shows how distributed media synchronization can be
achieved using this event synchronization infrastructure. An implementation of this
synchronization algorithm is presented. Chapter 4 contains extracts from the following
documents

• I. Vaishnavi, , P. Cesar, O. Friedrich, S. Gunkel and D. Geerts. From IPTV
to Synchronous Shared Experiences: Challenges in Design: Distributed Media
Synchronization. Accepted for publication in Elsevier Journal of Signal Process-
ing: Image Communication, 2011.

• D. Geerts, I. Vaishnavi, R. Merkuria, P. Cesar, and O. van Deventer. Are we
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in Sync? Synchronization Requirements for Watching Online Video Together.
Accepted for publication at CHI 2011, Vancouver.

Work done in Chapter 4 also contributed to IETF draft:

• H. Stokking, M. van Deventer, O. Niamut, F. Walraven, R. van Brandenburg, I.
Vaishnavi, F. Boronat, M. Montagud. RTCP-XR block type for inter-destination
media synchronization. IETF Draft, 2011

Both Estimated service and the synchronization algorithm assume clock synchro-
nization. As mentioned in Section 1.2.5, to align with the principles of time triggered
architectures [53] the upper bounds on the errors in time synchronization, γ, must be
much less than the required perception, ψ. We know that for time-bounded delivery
the value of ψ is 150ms [46], while for distributed media synchronization ψ is mea-
sured by the user tests. The accuracy of time synchronization must be guaranteed to be
within 20ms. This raises Question 1.7 which is handled in Chapter 6. This thesis in
Chapter 6 surveys the health of today’s NTP network similar to the surveys [61], [63].
These surveys were performed about twenty years ago. Since then a lot has changed in
the network and even with NTP. Thus a more recent survey is beneficial. The results of
our survey demonstrate that 60% of the nodes in the NTP network are within 20ms of
each other. This implies that the Internet of today can be synchronized to a reasonably
high level of accuracy provided the nodes are properly administered.

Lastly with regards to Question 1.6 in Chapter 5, recognizing the one to one associ-
ation of presentations with users leads us to propose a presentation layer mechanisms
for user mobility. The idea is to store user’s current presentation state in a descrip-
tive language, such as SMIL, on the service provider’s server when the user indicates
he wants to move from one location to another. At the new location this session is
retrieved, and various optimization decisions on device, network, user context are per-
formed. Then the last saved state is retrieved from the stored file and applied to this new
connection, thereby restoring the old session. In this way the presentation is already
optimized to the new context while preserving synchronous user mobility.

This method helps in re-negotiating all the QoS and synchronization requirements
presented above at the new location independent of the previous location, which could
not be done with session mobility. This improves performance, does not require addi-
tional implementation overhead and provides better user experience. The chapter is an
overview of the following publications:

• I. Vaishnavi, P. S. Cesar, A. J. Jansen, B. Gao, Dick C. A. Bulterman. A pre-
sentation layer mechanism for multimedia playback mobility in service oriented
architectures. December 2008, MUM ’08: Proceedings of the 7th International
Conference on Mobile and Ubiquitous Multimedia
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• Pablo Cesar, Ishan Vaishnavi, Ralf Kernchen, Stefan Meissner, Cristian Hes-
selman, Matthieu Boussard, Antonietta Spedalieri, Dick C.A. Bulterman, Bo
Gao.Multimedia adaptation in ubiquitous environments: benefits of structured
multimedia documents. September 2008, DocEng ’08: Proceeding of the eighth
ACM symposium on Document engineering

• R. Kernchen, K. Moessner, P. Cesar, I. Vaishnavi, S. Meissner, M. Boussard, C.
Hesselman, Intelligent Multimedia Presentation Delivery in Ubiquitous Multi-
Device Scenarios. IEEE MultiMedia (IEEE MM), 17(2), April-June, 2010.

There are three other supporting contributions required for the completeness of
this thesis. Firstly, in Chapter 2 the thesis explains a generic architecture for shared
experiences in detail. Second, as a supporting contribution to Chapter 3, an efficient
bandwidth measurement methodology is reported in Appendix A. Third, as a support-
ing contribution to Chapter 4, a distributed time synchronization algorithm is presented
in Appendix B. This algorithm, called neighbourCast, handles cross-domain time syn-
chronization cases for shared experiences where one or more of the user is unable to
access an NTP server. These peripheral issues are also presented in the following pub-
lications:

• Ishan Vaishnavi, P.S. Cesar, Dick C. A. Bulterman, Oliver Friedrich, From IPTV
Services to Shared Experiences: Challenges in Architecture Design. Accepted
for Publication in IWITMA 2010, Singapore.

• Ishan Vaishnavi, Ahsan Arefin, Dick C. A. Bulterman, Klara Nahrstedt, Raoul
Rivas, Eureka: A Methodology for Measuring bandwidth usage of networked
games, environments and applications. Proceedings of International Conference
on Multimedia and Expo 2010, Singapore.

• Ishan Vaishnavi, Dick Bulterman, Pablo Cesar, Bo Gao. Media Presentation
synchronization for Non-monolithic Rendering Architectures. December 2007,
ISMW ’07: Proceedings of the Ninth IEEE International Symposium on Multi-
media Workshops.

In conclusion, this work argues that the design of the existing Internet has to evolve
further to facilitate the acceptance of synchronous shared experiences in an efficient
manner. More efficient QoS techniques, such as Estimated service presented in this
thesis, that do not violate the best-effort principles should be evaluated and accordingly
deployed on the existing Internet. Further, all designs for the Internet must account for
the way it is managed, both, administratively and economically. Time synchroniza-
tion mechanisms should be inherent to the design of the future Internet to facilitate
synchronous user mobility and distributed media synchronization mechanisms.
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Figure 1.5: Organization of the thesis

1.4 Organization
Figure 1.5 shows the overview of the organization of the chapters. The next Chap-
ter presents the generic architecture of synchronous shared experiences. Therein high
level components are identified and their responsibilities, in terms of the questions pre-
sented in this chapter, are specified. We identify four main topics: quality of service,
distributed media synchronization, user mobility and time synchronization. As can be
seen in Figure 1.5, Chapters 3 through 6 deal precisely with these with these four top-
ics, individually. Each of these four chapters answers the respective questions assigned
to it. A brief summary section is presented at the end of every chapter to highlight
its contributions, with regards to the questions identified in this chapter. Chapter 7
summarizes all the results of this work, presents future opportunities in the area of syn-
chronous shared experiences, and finally presents some personal concluding remarks.
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