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Message from MMTC Chair  

Dear MMTC fellow members, 
 
Time flies, we are now moving into the end of 
year 2010 and some people are planning and 
shopping for the coming holiday seasons. If you 
are still looking for possible vacation destination, 
Miami, Florida could be a warm place for winter, 
full of sunshine, beach, and water activities, you 
also get chance to attend our TC meeting to 
reconnect with old friends, meet new friends, and 
learn the latest advances and activities in the 
community. 
 
Our next TC meeting has been setup on   
       Dec. 9, Thursday, 10:00-12:00 
                (Lunch included) 
at the Room Bayfront A, Intercontinental Hotel, 
Miami, Florida. Intercontinental Hotel is one of 
Venues of IEEE GLOBECOM 2010. This year’s 
GLOBECOM has made many new records in 
history, 4614 paper submissions is the history 
high, more than 2000 registered attendees 
already (5 weeks before the conference) is also 
unprecedented. We believe the conference 
provides a great opportunity for our TC members 
to gather. 
 
I put below the meeting agenda for your 
reference: 
0. Informal discussion and networking time 
1. Welcome new members /introduction 
2. Reports on conferences and workshops 
activities:  
      a. GLOBECOM 2010 
      b. ICC 2011 
      c. ICME 2011 
      d. GLOBECOM 2011 
      e. MMTC supported workshops 
3. MMTC IG Reports – all 13 IGs 
4. MMTC Board Reports – all 6 Boards  
5. Reports on E-Letter and R-Letter activities 
6. Report on ICME and IEEE Transactions on 
Multimedia – ICME/TMM Steering Committee 
7. Suggestions & discussions – everyone 
8. Adjourn 
 
During the past several weeks, MMTC Award 
Board has selected the Year 2010 MMTC 

Distinguished 
Service Award 
winners based 
on the 
nominations 
from our TC 
members. They 
are 
• Dr. Wenjun 

Zeng, Univ. 
of Missorui, 
USA 

 For his 
great 
leadership 
and services in the revamping process of 
ICME conference, in the role of the ICME 
Steering Committee Chair 

• Dr. Qian Zhang, Hong Kong Univ. of 
Science and Technology, China 

 For her great leadership and services in 
expanding the influence of MMTC to a 
much larger community, in the role of the 
MMTC Chair 

Let us congratulate these two Award winners and 
hope them to make new contribution to this 
community in the future.  
 
On the other hand, I would like to congratulate 
Dr. Khaled El-Maleh, Qualcomm, USA, who 
just won out in the voting of IG Chairs, as our 
MMTC’s representative in ICME Steering 
Committee during the year 2011-2012. We hope 
Dr. El-Maleh will lead us to promote ICME to a 
higher standard. 
 
At last but not the least, I would like to 
encourage our members to submit papers to 
IEEE ICME 2011 at Barcelona, Spain 
(http://www.icme2011.org/). The paper 
submission deadline is Nov. 29, 2010. 
 
Thank you very much! 
 
Haohong Wang 
Chair of Multimedia Communication TC of 
IEEE ComSoc 
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Message from E-Letter Directors 
 

Thank you for your support to MMTC and 
welcome to the November issue of E-Letter! 
 
This is the last issue of E-letter for 2010 and we 
would like to take this opportunity to thank all 
editors and contributors for their great efforts in 
year 2010. Their contribution and dedication 
have made E-letter a valuable platform for 
researchers in the multimedia communications 
society to share and exchange ideas. 
 
First of all, we’d like to call your attention to the 
ICME 2011 TPC Chair’s Message on Page 5.  
The paper submission deadline is November 29, 
2010. This is an excellent opportunity to share 
your recent research findings with other 
researchers in the field of multimedia 
technologies. Also, please pay attention to the 
welcome message of Globecom 2010 in Miami 
on Page 7. Globecom is the flagship conference 
of IEEE Communication Society. Besides 
offering the possibility of exploring one of the 
most beautiful beaches in the world, it also 
provides a fantastic chance of meeting with old 
friends and making new friends from around the 
world.    
 

We would like to thank guest editor Dr. 
Yonggang Wen (Cisco, USA) for organizing a 
fantastic special issue on recent Advances in 
Network-Adaptive Video Communications, with 
topics ranging from wireless data transmissions 
to multimedia scheduling in hybrid networks. 
Please find more details about this special issue 
from Dr. Wen’s editorial on Page 9. 
 
In the Technology Advances Column, Dr. Jian 
Tan from IBM T.J. Watson Research has put 
together an excellent issue on Multimedia over 
Future Networks. This issue includes six 
research articles from top-notch researchers from 
both industry and academia. Please check it out 
starting from Dr. Tan’s editorial on Page 37. 
 
Finally, we thank the editors and authors for their 
hard work that makes this issue a success. We 
wish you a happy holiday season! 
 
Chonggang Wang and Kai Yang 
 
Directors IEEE ComSoc MMTC E-letter 
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ICME 2011 TPC Chair’s Message 
Jin Li (Microsoft, USA) 

 

IEEE International Conference on Multimedia & 
Expo (ICME) (http://www.icme2011.org) has 
been the flagship multimedia conference 
sponsored by four IEEE societies. Since its 
inception in 2000, it serves as a forum to 
promote the exchange of the latest advances in 
multimedia technologies, systems, and 
applications from both the research and 
development perspectives of the Circuits and 
Systems, Communications, Computer, and 
Signal Processing communities. Compared to 
other conference venues, one unique strength of 
ICME is its breadth of coverage in the 
multimedia research field. It is one fertile 
breeding ground that you can see the latest cool 
technologies and demos across the entire 
multimedia process chain.  

ICME 2011 will be hold at the beautiful city of 
Barcelona, Spain, Jul. 11-15, 2011. With history 
dates back over 2,000 years retaining major 
relics of its past, Barcelona is a compact city 
with a rich cultural life all year round. It is also 
the only major European metropolis with five 
kilometers of city beachfront, and is listed as the 
best beach city in the world by National 
Geographics. Barcelona has a great number of 
museums, which cover different areas and eras. 
Port of Barcelona is also a major embarkation 
port in the Mediterranean sea.  

As ICME moves to the beautiful city of 
Barcelona this year, the organization committee 
is making a number of major changes in the 
conference program to make ICME more 
enjoyable to all attendees. These changes include: 
 
• For the first time in the history of ICME, 

ICME 2011 opens its high-quality Tutorial 
Program will be free and open to all 
conference attendees. 

• ICME 2011 has confirmed eight top 
scientists as Keynote/Plenary Speakers to 
share visionary thoughts in various 
directions of multimedia area: 
o Andrew Blake, Microsoft Research 

Cambridge, UK  
o Bernd Girod, Stanford University, 

California, USA  
o Anoop Gupta, Microsoft Research, 

USA  

o Thomas S. Huang, University of Illinois 
at Urbana-Champaign, USA  

o Aggelos K. Katsaggelos, Northwestern 
University, USA  

o Werner Purgathofer, Vienna University 
of Technology, Austria  

o Demetri Terzopoulos, University of 
California, Los Angeles, USA  

o Avideh Zakhor, University of California 
at Berkeley, USA 

• ICME 2011 has also confirmed another ten 
world renowned scientists to speak in three 
high-profile forums targeting to 
Audio/Video Coding, 3D Media Analysis 
and Retrieval, and Social Network and 
Social Computing areas. The Invited 
Speakers include: 
o Jonathan Grudin, Microsoft Research, 

USA  
o Mohamed Daoudi, Institut Telecom, 

France  
o Touradj Ebrahim, EPFL, Switzerland 
o Jerry D. Gibson, UCSB, USA 
o Maja Pantic, Imperial College London, 

UK 
o Schuyler Quackenbush, Audio Research 

Labs, USA 
o Remco Veltkamp, Utrecht University, 

Netherlands 
o Thomas Wiegand, Fraunhofer-Institute 

for Telecommunications, Germany 
o Cha Zhang, Microsoft Research, USA 
o Nuria Oliver Ramirez, Telefonica R&D, 

Spain.  
 
Authors are invited to submit a full paper (two-
column format, 6 pages) according to the 
guidelines available on the conference website at 
http://www.icme2011.org. ICME 2011 will 
adopt a double blind review process to ensure 
that the paper is fairly reviewed. The paper 
submission deadline is November 29, 2010.  

ICME 2011 targets an overall acceptance rate of 
30%, with top papers (<15%) presented in oral 
format. Best paper, poster and demo awards will 
be selected and recognized in the conference. A 
select set of high quality papers will be invited to 
be extended and be considered for potential 
publication in a special section of IEEE Trans. 
Multimedia. Accepted papers have to be 
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registered and presented; otherwise they will not 
be included in the IEEE Xplore Library. 

ICME 2011 features workshops on July 11th 
(Monday) and July 15th (Friday). We encourage 
researchers, developers and practitioners to 
organize workshops on various new emerging 
topics. Industrial exhibitions are held in parallel 
with the main conference. Job fairs, 

keynote/plenary talks and panel discussions are 
other conference highlights. Please visit the 
ICME 2011 website for submission details. 
 
Again, we invite all of MMTC members to 
submit your high-quality papers to ICME 2011 
before the paper submission deadline of 
November 29, 2010. 
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MIAMI: Moving Into the Age of Mobile Interactivity 
Welcome to IEEE GLOBECOM 2010 in Miami 

Haohong Wang, (Cisco USA), Kia Makki (TUA, USA), and Niki Pissinou (FIU. USA) 
 
Recent advances in wired and wireless 
communications and networking technologies 
have created unprecedented new possibilities 
across the spectrum of human endeavors, and 
will continue to offer great opportunities for 
economic growth and social prosperity. As our 
reliance on communication and networking 
systems continues to grow, so is our need to deal 
with a host of issues and challenges, some of 
which were known and became critical as these 
systems evolved and others arose recently as a 
result of the increase in their scale, heterogeneity 
and complexity. This year’s conference focuses 
on a broad range of these issues and challenges 
and weaves them through the Keynotes and 
Plenary Speakers, Workshops, Business and 
Tech Forums, Funding Forum, Executive Forum, 
Tutorials and Technical Symposia. 
 
Since its inception in 1957, IEEE Global 
Communication Conference (IEEE 
GLOBECOM) has been bringing together a 
tremendous and rich diversity of authors and 
speakers from universities, government and 
industry around the globe to share ideas and new 
perspectives on a wide range of communications 
and networking research and technologies. 
Addressing new technical and business issues 
essential to advancing today’s engineering and 
technological environments. The popularity of 
GLOBECOM as the premier forum for 
communications and networking research 
continues to grow.  
 
Over the years, GLOBECOM has become a 
prominent forum, where researchers and 
practitioners openly exchange ideas and report 
progress in the exciting area of communications 
and networking. This year, GLOBECOM will 
continue its tradition of excellence and will 
deliver a stimulating, informative and delightful 
program.  
 
After 28 years, Miami welcomes again the IEEE 
GLOBECOM. This year, the response to the 
conference’s call for papers has been outstanding, 
and we expect that the attendance will be equally 
impressive. This time the beautiful Miami is 
hosting IEEE GLOBECOM 2010 and is 

witnessing many new records being broken in 
the GLOBECOM history, these include: 
 
• The highest number of attendees in the 

history of GLOBECOM; more than 2000 
scholars and engineers have registered by 
November 2010 to attend the IEEE 
GLOBECOM2010 conference in Miami; 

• The highest number of paper submissions in 
the history of GLOBECOM; the total of 
4614 papers were submitted to the symposia 
and workshop programs; 

• The largest number of technical sessions in 
the history of GLOBECOM; the total of 451 
technical sessions have been organized. 
These include Keynotes, Plenary Forums, 
Technical Symposia, Workshops, Panel 
discussions and Tutorials; 

• The largest number of high-profile invited 
speakers in the history of GLOBECOM; 
more than 100 world renowned scientists 
and executives have been invited to deliver 
talks in Keynote, Plenary Forums, Business 
and Technical Forums and other Panels; 

• For the first time in the history of 
GLOBECOM, it offers the high-quality 
Tutorials which are open to all the 
conference attendees free of charge; 

• The highest number of submitted tutorial 
proposals and the lowest acceptance ratio in 
the history of GLOBECOM; 12 tutorials 
were selected from among 150 submitted 
tutorial proposals (at 8% acceptance ratio); 

• The highest number of attendance in tutorial 
sessions in the history of GLOBECOM; by 
November 2010 the 12 tutorials have 
received more than 3300 registrations, 
which indicate that each tutorial is expected 
to see more than 250 attendees; 

• The largest number of workshops in the 
history of GLOBECOM; in total, 21 full-
day workshops have been arranged as the 
complementary events to the main program; 

• The largest team of volunteers in the history 
of GLOBECOM; more than 8500 volunteers 
have contributed to the success of the IEEE 
GLOBECOM2010 conference as the 
Executive and  Organizing Committee 
Members, Technical Program Committee 
Members, Reviewers, and Onsite Managers; 
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• For the first time in the history of 
GLOBECOM, it offers Plenary Featured 
Talks and Plenary Forum talks, which 
deliver invaluable visionary thoughts from 
36 world top scientists and executives in a 
wide range of topics;  

• For the first time in the history of 
GLOBECOM, it offers Feature Paper Demo 
Program; 20 Feature Paper Demo have been 
selected and all the Paper demos are 
arranged to showcase the latest research 
achievements and they are running in 
parallel to the poster sessions; 

• For the first time in the history of 
GLOBECOM, it offers Funding Forum; the 
forum invited speakers representing several 
important Government Funding Agencies 
such as NSF, DARPA, ARO, ONR, AFOSR, 
DHS and so on; 

• For the first time in the history of 
GLOBECOM, it offers Early-bird Student 
Award, which promotes productive student 
authors who have submitted  high  quality 
technical papers; 

        
Clearly, the GLOBECOM 2010 program brings 
a wide set of vision, practices, and technical 
expertise to its attendees and it covers both 
fundamental research and new emerging 
advances in both the communications and 

networking areas. At the same time, the Miami 
venue offers conference participants, and those 
accompanying them, an opportunity to explore 
the most beautiful beaches in the world. In this 
idyllic setting, you will be able to network with 
friends, colleagues, customers, and vendors from 
around the world. 
 
The theme of GLOBECOM 2010, “MIAMI: 
Moving Into the Age of Mobile Interactivity”, is 
specifically matched the conference location, 
setting the conference’s focus on promoting 
communications technology to create versatile 
interactions between human being. Clearly this 
interaction has been there since the starting point 
of the conference preparation as the success of 
this event would not have been possible without 
the tremendous efforts and the seamless 
interaction of all 8500+ volunteers who have 
been heavily involved in the whole process of 
making the IEEE GLOBECOM2010 a success. 
The success of this conference is also attributed 
to the authors who have submitted their latest 
research results to the IEEE GLOBECOM 2010, 
and also to the attendees who as always support 
the IEEE GLOBECOM. 
 
We wish all of you to enjoy the IEEE 
GLOBECOM 2010 in Miami. 

. 
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SPECIAL ISSUE ON NETWORK-ADAPTIVE VIDEO COMMUNICATI ONS 
 

Advances in Network-Adaptive Video Communications 
Guest Editor: Yonggang Wen, Cisco, USA 

eewyg@alum.mit.edu 

Predicted by Cisco, Internet traffic, dominated 
by video-related traffic (e.g., video to PC and TV 
and P2P), will grow tremendously in next few 
years, outpacing the growth of global network 
infrastructure. As a result of this mis-match 
between bandwidth supply and demand, the 
quality of service of video communication could 
deteriorate, thus rendering an unpleasant user 
experience. Moreover, the complexity of 
heterogeneous networks, resulted from 
ubiquitous deployments of both established and 
emerging technologies, has made video 
streaming a daunting task in reality. Fortunately, 
this issue has attracted attention from leading 
researchers in our field and we have seen a surge 
of cutting-edge research in the area of network-
adaptive video communications, both from 
theoretic and practical perspectives.  In this 
special issue of E-letter, the editorial team has 
the honor of convincing a few researchers from 
all over the world to share their latest results  
 
In the article titled, ‘How to utilize a stretched 
string: wireless data transmissions with 
deadlines’, researchers from IBM and MIT 
investigate the problem of minimizing energy 
consumption for media streaming over wireless 
networks. Energy and delay issues are becoming 
increasingly important in wireless networks due 
to resource limitations on mobile devices and the 
rapid growth of multimedia traffic having strict 
quality of service requirements. The problem 
studied in this article lends itself to two design 
challenges: i) packets with playback deadlines, 
and ii) stochastic fading channel. The authors 
developed an optimization framework to 
adaptively vary the packet transmission rate in 
response to arriving traffic with packet deadlines 
and time-varying channel quality to minimize the 
total energy consumption.  
 
Video applications will find its way to emerging 
network technologies. This trend is exemplified 
by the article titled with ‘Video over cognitive 
radio networks: when compression meets the 
radios’ in this letter. In this research, researchers 
leverage the advances in cognitive radio 
networks to further enhance video content 
delivery over wireless networks. They 

investigate the problem of optimized video 
streaming under two wireless network 
architectures: (i) an IEEE 802.22 WRAN-like, 
infrastructure-based CR network where the base 
station coordinate spectrum sensing and access, 
and (ii) a multi-hop CR network, such as a 
wireless mesh network with CR-enabled nodes.  
As a result, this research demonstrates the 
feasibility and significant potential of enabling 
content-rich video services in emerging CR 
networks. 
 
Lately 3D media application has made its way 
into headlines, mostly driven by the tremendous 
interest from the commercial world. However, 
transferring 3D contents over an already-
congested network will not be an easy problem. 
The article, titled with ‘Network-aware 
streaming of partially-ordered media’ in this 
issue, presented by a team of international 
researchers, takes an innovative approach to 
model the media content by a partial order, 
translating its *coding* dependency into a 
structural one. As a result, the research sheds 
some new lights on a research area that has been 
investigated intensively. The results obtained in 
this research would encourage further interest in 
this area. 
 
Equally important as theoretical analysis, system 
development and trial over private and public 
networks play an important role of validating 
proposed technologies. Moreover, system trials 
could reveal additional issues that are normally 
unpredictable from reasoning. In the article titled 
with ‘Lesson learned from wireless transmission 
on Nokia smart-phone’, researchers implemented 
a system prototype and tested it in real networks. 
Lesson learned from this adventure could feed in 
our research community to further our 
understanding of network-adaptive multimedia 
streaming. 
 
P2P video application dominates video content 
distribution. In the article titled with ‘Mesh-
based peer-to-peer layered video streaming with 
taxation’, researchers address one critical issue 
in P2P video distribution, i.e., how to balance the 
trade-off between the social welfare and the 
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individual interest in P2P video distribution with 
scalable coding (SVC).  Specifically, a good 
layered P2P streaming solution has to strike the 
right balance between efficiency, fairness and 
incentive. In this paper, researchers integrate 
taxation-based incentive mechanism into P2P 
layered streaming, and develop a practical 
streaming system. Taxation-based P2P streaming 
makes it possible to freely adjust the balance 
between the social welfare and individual peer 
welfare. Extensive trace-driven simulations 
demonstrate that the proposed designs can 
effectively drive layered P2P streaming systems 
to desired operating points. 
 
Video multicast poses additional challenges, 
especially under the constraints of different user 
requirements and time-varying network 
conditions. In the article titled with ‘Resource-
aware adaptive optimization decomposition of 
video multicast with network information flow’, 
Prof. Xiong briefly summarized the resource-
aware adaptive optimization decomposition for 
video multicast over networks, jointly 
considering source rate adaptation, multi-path 
and network coding based routing, and flow 
control to maximize general network utility 
functions over heterogeneous receivers. The 
complexity of such a problem deserves more 
attention from our research community, to not 
only progress our knowledge, but also provide 
unique video experience for end users. 
 
In heterogeneous networks resulted from 
ubiquitous deployment of various technologies, 
video distribution could suffer from network 
outage easily. Motivated by this observation, 
researchers in the article titled with ‘Multimedia 
scheduling in hybrid networks: an availability 
perspective’, design and evaluate a distributed 
availability-aware rate allocation scheme by 
jointly optimizing over media applications, 
networks reliability and service availability. In 
addition, the paper develops a generic media 
distortion model that is indispensible in 
measuring the scheduling performance.  The 

proposed methodology and obtained results 
provide new insights in investigating multimedia 
transmission over heterogeneous networks, 
specifically providing a new perspective to 
improve network-switching hardware and 
protocol in the future. 
 
By no means can one special issue scope all the 
exciting research in the field of network-adaptive 
video communications. In addition, more 
challenges are emerging with large-scale video 
applications deployed all over the world. We 
would like to thank all the authors for their 
contribution and hope these articles can stimulate 
further research works on the area and promote 
emerging technologies in the public interest. 
 

 
Yonggang Wen received his B.Eng. degree in 
electrical engineering from University of Science 
and Technology of China, Hefei, China, in 1999 
and his M.Phil. degree in Information 
Engineering from the Chinese University of 
Hong Kong, Hong Kong, China in 2001 and his 
Ph.D. degree in electrical engineering and 
computer science from Massachusetts Institute of 
Technology, Cambridge, USA, in 2007. 
 
He has been with Video and Content Platform 
Group at Cisco Systems, Inc., San Jose, CA 
since 2008. Before that, he has worked as 
research interns at MERL, Sycamore Networks 
and Bell Labs. His research interests include 
multimedia communications and networks, cloud 
computing and green Internet. 
 
Dr. Wen was a TPC co-chair for the high speed 
network (HSN) workshop co-host with Infocom 
2009, and is the Publicity Co-Chair of IEEE 
ICCCN 2011. 
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How to Utilize a Stretched String: Wireless Data Transmission with Deadlines 
Murtaza Zafer, IBM T. J. Watson Research Center, USA 

Eytan Modiano ,Massachusetts Institute of Technology, USA 
{mzafer@us.ibm.com, modiano@mit.edu}

1. Introduction 
Traffic carried over wireless networks has 
evolved significantly from being primarily voice 
based traffic to now including multimedia driven 
rich traffic content. Multimedia streaming over 
wireless networks imposes strict constraints of 
quality of service (QoS) which translates into 
constraints on data delivery over the network [1]; 
primary among these are strict deadlines on data 
packets. At the same time, wireless devices are 
often battery powered which limits energy 
consumption. The small form factor of these 
devices keeps the battery energy content limited 
while feature rich applications continue to put 
pressure on energy consumption. Clearly, data 
transmission with strict quality of service 
constraints entails transmitting at higher rates 
and consuming more energy.  To increase battery 
lifetime, it is therefore important to design data 
transmission algorithms that minimize energy 
consumption while satisfying packet deadline 
constraints. 
 
2. Transmission Rate Control 
Transmission rate adaptation in wireless devices 
provides a unique opportunity to trade-off data 
rate with energy consumption. Modern wireless 
devices are equipped with rate-adaptive 
capabilities which allow the transmitter to adjust 
the transmission rate over time [2]. Associated 
with a rate there is a corresponding minimum 
power requirement for reliable communication, 
which is generally a convex function of the rate 
[3]. Furthermore, the power-rate function also 
depends on the underlying channel state, which 
is often time-varying. By exploiting the 
convexity and time-varying properties of the 
power-rate function, one can design intelligent 
algorithms for transmission rate control to 
minimize energy expenditure. In the following 
sections, we summarize our contributions 
[4,5,6,7] toward designing optimal algorithms for 
rate control by jointly taking into account traffic 
constraints in terms of packet deadlines and 
time-varying channel conditions.   
 
3. Optimal Rate Control: Stretched String 
Consider first a non-fading scenario in which the 
channel state does not change over the time-scale 
of data transmission. Define three cumulative 

curves which model the flow of data into/out of a 
transmitter and the QoS constraints respectively 
as follows: Let A(t) denote the arrival curve 
which represents the total data flowing into the 
transmitter queue by time t, let D(t) denote the 
departure curve which represents the total data 
flowing out of the queue by time t, and let Dmin(t) 
denote the minimum departure curve which 
represents the minimum amount of data that if 
departed by time t would satisfy the QoS 
constraints. Thus, A(t) denotes how data arrives 
to the queue, D(t) denotes how data departs from 
the queue and Dmin(t) denotes the minimum 
required transmission by time t to satisfy QoS 
constraints.  
 
The objective of minimizing transmission energy 
can now be restated as finding the optimal 
departure curve, the one that has the lowest 
energy cost, while satisfying the causality and 
QoS constraints; i.e.,  find the lowest energy D(t) 
such that Dmin(t) ≤ D(t) ≤ A(t). While the optimal 
solution to this problem can be described 
algebraically, we state below a very intuitive 
graphical visualization as a stretched string [4].  

 
Figure (a) above depicts a general A(t) and Dmin(t) 
curve. Any non-decreasing, continuous curve 
lying between A(t) and Dmin(t) curves is an 
admissible departure curve (i.e., an admissible 
transmission policy). Clearly, there are infinitely 
many admissible departure curves with different 
energy costs. The optimal curve with the least 
energy cost is shown in Figure (b) above; 
graphically, the optimal curve is a stretched 
string (made tight) lying between A(t) and Dmin(t) 
curves. In [4], we provide other generalizations 
of the above setup and also present an online 
policy for rate adaptation that does not require 
any future knowledge of arrival sequence. 
 
4. Optimal Rate Control under Stochastic 
Fading  
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Wireless fading adds another dimensionality to 
the problem allowing adaptive rate control over 
the time-varying channel conditions; in particular, 
intuitively, the rate should be increased in good 
channel states and decreased in bad channel 
conditions. The key question here is: in what 
proportion the rate should be adapted over 
different channel states to minimize the energy 
cost while ensuring packet deadline constraints 
are satisfied. 
 
To address the above question, we formulate the 
problem in continuous-time as a stochastic 
optimal control problem. Considering first a 
canonical setup involving B bits of data that 
needs to be transmitted by a deadline T over a 
Markov fading channel, we obtain the optimal 
transmission policy which takes the following 
intuitive form:  
 

 
 

where “urgency of transmission” is a function 
(computed offline) which depends on the channel 
state and the amount of time left until the data 
deadline.  
 
The result above can be further extended to 
consider average power constraints and multiple 
packet deadlines. Based on the analytical results 
a heuristic policy can be obtained which provides 
energy-efficient rate control for arbitrary data 
arrivals and variable packet deadline constraints 
as shown in [5,6]. In [7], we extend the setup to 
consider a multi-user system, such as the 
downlink channel, and obtain energy efficient 
rate control subject to hard deadline constraints. 
 
4. Conclusions 
Multimedia streaming is a rapidly growing traffic 
class in wireless networks with stringent 
demands on quality of service leading to 
significant drain on network/device resources. 
Transmission rate adaptation provides a unique 
opportunity to tradeoff data rate and energy 
expenditure, and it can be applied to minimize 
energy consumption in serving data with strict 
packet deadline (or other QoS) constraints.  In 
this article, we summarized results in optimal 
rate control and provided appealing graphical 
visualization and simple solutions for energy 
efficient data transmission with strict deadline 
constraints. 
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1. Introduction 
Video content delivery over wireless networks is 
expected to grow drastically in the coming years.  
The compelling need for ubiquitous video 
content access will significantly stress the 
capacity of existing and future wireless networks.  
To meet this critical demand, the Cognitive 
Radio (CR) technology provides an effective 
solution that can exploit co-deployed networks 
and aggregate underutilized spectrum for future 
video-aware wireless networks.   
 
CR was motivated by the FCC’s spectrum 
measurements, where a significant amount of the 
spectrum are found to remain underutilized [1, 2].  
A CR is an advanced radio device that enables 
dynamic spectrum access (DSA).  It represents a 
paradigm change in spectrum regulation and 
access, from exclusive use by licensed, or, 
primary users to sharing spectrum and allowing 
dynamic access for unlicensed, or, secondary 
users, with the objective of enhancing spectrum 
utilization and achieving high throughput 
capacity.   
 
The high potential of CRs has attracted 
substantial interest.  The mainstream CR 
research has focused on developing effective 
spectrum sensing and access techniques (e.g., see 
[1-4]).  Although considerable advances have 
been achieved, the important problem of 
guaranteeing application performance has not 
been well studied.  We find video streaming can 
make excellent use of the enhanced spectrum 
efficiency in CR networks.  Unlike data, where 
each bit should be delivered, video is loss-
tolerant and rate-adaptive.  They are highly 
suited for CR networks, where the available 
bandwidth depends on primary user transmission 
behavior.  Graceful degradation of video quality 
can be achieved as spectrum opportunities 
evolve over time. 
 
We investigate the challenging problem of video 
over CR networks.  Although having high 
potential, this problem brings about a new level 
of technical challenges.  The extra dimension of 
dynamics on channel availability and the 
additional uncertainty from spectrum sensing 
and access make it a challenging task to deliver 

video data with stringent QoS requirements.  
Built upon our prior research, we address this 
problem with a cross-layer optimization 
approach, which leads to effective distributed 
algorithm design with performance guarantees.  
The manifold design trade-offs, multifarious 
network dynamics, limited network resources 
and, on the other hand, video’s tight QoS 
constraints make the proposed approach highly 
suited for “squeezing” the most out of the 
spectrum whitespaces.  The proposed approach 
can be adapted for video streaming over 
traditional cellular networks and wireless mesh 
networks with CR-enabled devices as well. 
 
2. Video Multicast in Infrastructure-based CR 
Networks 
CR is an evolving concept with various network 
models and levels of cognitive functionality [1-
3].  IEEE 802.22 Wireless Regional Area 
Networks (WRAN) is the first CR standard for 
refarming broadcast TV bands, where a base 
station (BS) controls medium access for 
customer-premises equipments (CPEs) [5].  We 
first consider multicasting scalable videos in 
such an infrastructure-based CR network.  The 
spectrum consists of N channels, each allocated 
to a primary network.  The CR network is co-
located with the primary networks, where a CR 
BS seeks spectrum opportunities for multicasting 
multiple video streams, each to a group of 
secondary subscribers.   
 
The problem is to exploit spectrum opportunities 
for minimizing video distortion, while keeping 
the collision rate with primary users below a 
prescribed threshold.  We consider fine-grained-
scalability (FGS) and medium grain scalable 
(MGS) videos.  Unlike prior work on wireless 
video [6], the challenge stems from dynamic 
channel processes, the need to predict future 
channel status under the presence of sensing 
errors, and tightly coupled design choices for 
partitioning, adaptive modulation, and real-time 
scheduling of video data.  Further, there is also a 
need to accommodate heterogeneity and achieve 
fairness among groups of users.  Such a problem 
necessitates joint design of spectrum sensing and 
access, adaptive modulation, scheduling, and rate 
adaptation for concurrent videos.  The dynamic 
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network environment and the large number of 
multicast users also make low complexity 
algorithms highly appealing.  
 
We model the problem of CR video multicast 
over the licensed channels as a mixed integer 
nonlinear programming (MINLP) problem.  We 
then develop a sequential fixing algorithm and a 
greedy algorithm to solve the MINLP, while the 
latter has a low computational complexity and a 
proved optimality gap.  For more details, see [7].  
 
3. Video over Multi-hop CR Networks 
We also tackle the problem of video over multi-
hop CR networks, e.g., a wireless mesh network 
with CR-enabled nodes.  This problem is more 
challenging than the problem in Section 2 due to 
the lack of infrastructure support.  Consider a 
multi-hop CR network that is collocated with K 
fixed primary networks (e.g., multiple cells in a 
traditional cellular network) allocated with N 
licensed channels.  CR users non-intrusively 
exploit spectrum opportunities in the licensed 
bands for streaming multiple unicast video 
streams.  The objective, again, is three-fold: (i) to 
maximize the overall video quality, (ii) to 
achieve fairness among the concurrent video 
sessions, and (iii) to bound interference to 
primary users. 
   
We assume each secondary user is equipped with 
two transceivers.  To model and guarantee end-
to-end video performance, we adopt the amplify-
and-forward approach for video data 
transmission, which is well-studied in the 
context of cooperative communications [8].  This 
is equivalent to setting up a “virtual tunnel” 
through a multi-hop multi-channel path.  In 
addition to allowing a neat formulation of the 
multi-hop video streaming problem, this 
approach also satisfies video’s needs for low 
latency, low jitter, and high bandwidth.  The 
challenging problem, however, is how to set up 
the virtual tunnels, while the available channels 
at each relay evolve over time due to primary 
user transmissions.  The lack of centralized 
control also calls for distributed algorithms.  
Various design factors, such as spectrum sensing 
and sensing errors, spectrum access and primary 
user protection, video quality and fairness, 
channel scheduling and path selection, should be 
considered.   
 
We first obtain an MINLP problem formulation. 
The MINLP problem is first solved using a 
centralized sequential fixing algorithm, which 

provides upper and lower bounds for the 
achievable video quality.  We then apply dual 
decomposition to develop a distributed algorithm 
and prove its optimality and convergence 
conditions.  Please see [9] for more details.  
 
4. Conclusions 
Although considerable advances have been 
achieved in CR research, the important problem 
of guaranteeing application performance has not 
been well studied.  We investigate the problems 
of optimized video streaming under two wireless 
network architectures: (i) an IEEE 802.22 
WRAN-like, infrastructure-based CR network 
where the base station coordinate spectrum 
sensing and access, and (ii) a multi-hop CR 
network, such as a wireless mesh network with 
CR-enabled nodes.  This research demonstrates 
the feasibility and significant potential of 
enabling content-rich video services in emerging 
CR networks.  
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1. Partially Ordered Media Data 
Many media types can be modeled as a partially 
ordered data with no playback deadline. Such 
data types can be modeled as a set of elements. 
We say an element i is a successor of an element 
j (i.e., i > j) if j is needed to decode and display i 
properly. Such dependencies among elements 
can be due to progressive coding or due to 
differential coding among the elements. 
 
Our work focuses on media types with no 
temporal components.  No elements should be 
discarded regardless of when the element is 
received, as every element received contributes 
to the rendering of the media.  Elements, 
however, may vary in importance according to 
their influence on the resulting rendered image.   
 
One example of such media type is image.  
Progressively coded images introduce 
dependencies between the lower resolution 
elements and the higher resolution elements.  
Compressing images with methods that exploit 
spatial redundancy (such as WebP [3]) 
introduces complex dependencies among the 
image blocks.  
 
Another example of partially ordered media data 
is 3D data [1][2].  A progressively coded 3D 
mesh introduces dependencies among vertices 
and faces through vertex split operations.    A 3D 
representation of plants also contains such 
dependencies due to differential coding of 
branches.  
 
As data-capturing technology improves, medical 
images and highly detailed 3D sculptures of size 
in the order of GBs are increasingly common.  
Due to the size, downloading and viewing the 
data only after it is completely downloaded 
would lead to a long waiting time.   A common 
way to reduce the waiting time is to stream the 
data, so that the users can view that partially 
received data while the rest of the data is still in 
transit.   
 

When streaming data of such kind, it is important 
ensure that as many as possible elements are 
decodable at any time at the receiver.  This 
maximizes the quality of the rendered content.  
Considering this goal, the elements should be 
sent in decreasing order of contributions to the 
rendering quality. Further, if i > j  then j should 
be sent before i. 
  
2. Packetization 
Elements are typically grouped into data packets 
for transmission. We can generalize the notion of 
partial order to data packets -- for two data 
packets p and q, p > q if there exists an element 
in p that depends on an element in q to decode 
and display.   Note that we group packets in such 
a way that there is no cyclic dependency among 
the packets.  If packet p is sent before packet q, 
then it is not useful to group element i into p and 
j into q, when i > j .  The resulting dependencies 
among data packets therefore are still partially 
ordered.  
 
Consider what happens when a packet is lost. 
Since every element contributes to decoding 
(there is no deadline) and subsequent received 
packets may need the elements in the lost packet 
to decode, every lost packet must be 
retransmitted.   
 
Now consider what happen between the time the 
lost packet p is supposed to be received t, until 
the time the retransmitted version of p is 
received, t+r.  Any elements received between t 
and t+r  that depends on elements in p could not 
be decoded until t +r.  We say that such elements 
have stalled.  
 
There are several factors that affect the number 
of stall elements.  The longer the network delay 
is (larger r) and the higher the loss rate over the 
network gets, the higher the chances that more 
elements would stall.  Moreover, increasing 
inter-packet dependencies would cause more 
elements to stall.   
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To allow the elements to be decoded sooner, we 
can reduce the inter-packet dependencies, by 
grouping elements that are dependent on each 
other into the same packet.   One can view this 
problem as a graph partitioning problem, in 
which we cut the dependency graph into 
partitions, minimizing the number of edges 
across the cuts, while constrained by the 
maximum size of the partitions. 
 
Minimizing the inter-packet dependencies, 
however, may not be the best decision.  Recall 
that each element contributes differently to the 
rendering quality, and therefore are of different 
importance.  It is desirable to send more 
important elements earlier.    
 
We therefore have two potentially conflicting 
factors that affect our decisions on what to group 
into a packet: to pack a less important element 
that could reduce inter-packet dependency, or to 
pack a more important element that could 
increase the inter-packet dependency. 
 
To solve this issue, we have previously proposed 
a model for analyzing dependencies among 
partially ordered data.  Our model computes, as a 
function of network loss rate, delay, and 
bandwidth, the probability that an element in the 
packet cannot be decoded due to loosing either 
the packet or another packet that the element 
depends on.  We can then compute the expected 
contribution of each element to the rendering 
quality at any time instance for a given sending 
sequence, and thus be able to make a more 
informed decision about which elements to pack 
into the current packet during the transmission. 
 
3. Practical Issues 
We have applied our model to the streaming of 
3D meshes and 3D plants and have shown that 
our packetization could make a significant 
difference in rendering quality, especially during 
the initial phases of a streaming session, where 
the contribution of each element is significant.  
 
A practical issue regarding the application of our 
model to rendering of 3D object is the need to 
quantify the contribution of each element, which 
could be non-trivial for a couple of reasons.  First, 
the contribution should ideally be measured in 
the screen space and therefore is view-dependent.  
Second, the contribution of an element might not 
be independent from the other elements, and 
therefore depends on the sending sequence. In 
our work, we approximate the contribution of an 

element in a 3D progressive mesh, i.e., a vertex 
split, as the length of the edge introduced; and 
the contribution of an element in 3D plants, i.e., 
a branch, as the length of the branch.   It remains 
an open question whether a better way to 
quantify the contribution of elements would lead 
to better rendering quality. 
 
4. Research Directions 
We are taking our work in a few different 
directions.   
 
First, we are modeling the use of FEC (Forward 
Error Correction) in streaming of partially 
ordered data.  Since the elements transmitted at 
the beginning of a streaming session are of 
higher importance, it might be beneficial to 
protect these initial packets with FEC, instead of 
relying on retransmission to repair losses.  Using 
FEC, however, would cause redundant packets to 
be retransmitted.  How much FEC one should 
send would depend on the network conditions, as 
well as the dependency among the elements, and 
their relative importance.   
 
Second, we are considering extending and 
applying our model to retransmission.  The 
sender typically maintains a retransmission 
queue.  At any given time, if the sender has the 
knowledge of which elements at the receiver are 
stalling, then the sender could retransmit the 
elements that would maximize the rendering 
quality.   
 
Finally, we are extending our work to streaming 
of large medical images, encoded with intra-
frame dependencies.   
 
5. Cross-media Partially-Ordered Relations 
So far we have been considering partial ordering 
of elements within a single media type. If we 
consider the usage of multiple media in a 
distributed manner, another partial order arises 
from the causality induced by the way the 
streams are exchanged. 
 
In applications that are concerned with 
interactions between dispersed groups of users, 
group synchronization ensures the coherence 
among all participants of an interactive session. 
They must have the same view or a similar, 
consistent view at virtually the same time. For 
example, in a highly interactive session, the 
video/audio streams exchanged by the 
participants are causally related in such a way 
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that each participant needs to hear the answer to 
a question after seeing the question itself. 
 
Consider a live streaming scenario of a sports 
event (e.g. a soccer match). In this scenario, a 
video stream is sent live from site A to a group 
of users, located on different sites B and C. One 
of the participants (i.e. user B) starts to comment 
the video stream, by broadcasting an audio 
stream. These two streams are in a causal 
relation: the cause of the audio stream is the 
visualization of the video stream.  There is a 
possible consistency problem perceived by 
participant C:  during the transmission, the user 
may hear a segment of the audio stream 
(representing the exclamation ”GOOOAL!”) 
before seeing the part of the video stream 
containing the actual goal. This is a causal 
inconsistency since the exclamation is nothing 
but a consequence of a segment of the video 
stream showing the ball into the net. 
 
Disparity in the speed of communication links as 
well as network congestion can contribute to 
causal order violations.  Solving this problem 
using classic causality protocols may introduce 
significant jitter when playing individual media. 
The challenge is to bound the latency and also 
tolerates inconsistencies up to a certain limit (e.g. 
inconsistencies no larger than 1s) in order to 
have reasonable jitter. To achieve this, we use a 
multi-modal communication service that offers 
the application a flexible degree of causal 
coherence trying to minimize the perceptual 
impact of consistency’s respect on each 
individual stream’s perception.  The stream 
causality is relaxed, since consistency is assured 
only between certain points in the streams.  
 
5. Conclusion 
Many existing media types, such as 3D objects 
and images, can be viewed as partially ordered 
data without playback deadline.  Causality 
constraints across media in a streaming session 
form another partially ordered relation.  
Streaming these media types without violating 
the partially ordered relations and maximizing 
the perceptual quality poses new challenges and 
new interesting problems.  We invite the research 
community to explore these issues with us. 
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1. Introduction 
The emergence of advanced video technology 
and the improvement in network bandwidth 
capacity has resulted in explosive growth of 
multimedia traffic on the Internet. Most of this 
multimedia traffic, however, is user generated; as 
evidenced by the phenomenal popularity of 
video websites such as YouTube and the 
ubiquitous presence of multimedia services such 
as VoD, Video Conferencing, etc. 
 
The rapid advancement in the current and future 
cellular and wireless network technologies such 
as 3G, 4G, LTE, and WiMAX has enabled 
mobile devices with sufficient bandwidth to 
support multimedia streaming [1]. Furthermore, 
the computing power of the processor and 
dedicated video hardware, on-board memory in 
these devices have increased significantly in 
recent years. These hardware and software 
capabilities combined will enable the end-users 
to experience HD (High-Definition) quality 
videos streamed to their mobile devices. 
Recently, the introduction of iPhone and the 
Android-based smart-phones have resulted in a 
paradigm shift in computing towards the mobile 
world [2]. The popularity of these smart-phones 
will further increase the demand for multimedia 
streaming to mobile devices.  
 
Even with the advancement in network and 
hardware capabilities, video streaming in 
wireless environment is challenging due to 
bandwidth fluctuations and packet losses that are 
inherent in a wireless channel. Therefore, any 
streaming solution for mobile devices must 
consider these limitations by having excellent 
video compression properties to save bandwidth 
and network friendly design to adapt to wireless 
environment.  
 
The recently developed H.264/AVC video 
coding standard satisfies these requirements. It 
has high compression efficiency and is error 
resilient. It is particularly designed for video 
streaming purposes under bandwidth limitations. 
The video compression performance largely 
excels the prior video coding standards, such as 
H.263. It is foreseen that H.264 will be an 
essential component in many emerging  

 
multimedia applications in the near future [1] [3]. 
 
2. Experiment 
Since most of the multimedia traffic will be user 
generated, we planned to experiment the 
usability of desktop-based application for the 
mobile video streaming. The primary design goal 
of the wireless video streaming solution was to 
provide the mobile end-users with high-quality 
video content in real time. 
 
We started to experiment with the streaming 
capability of VLC streaming server. Even though 
VLC supports RTSP streaming, it was not 
particularly suited for streaming to mobile 
phones due to high bandwidth fluctuations in 
wireless environment. Therefore, a new client-
server program was written for the experiment.  
 
The video data is pre-encoded with H.264 codec 
and stored at the server. Therefore, no real-time 
video encoding was involved in this system.  
 
 

 

3. Setup 
We chose Symbian [4] based Nokia N95 mobile 
phone for the experiment. Symbian OS was 
chosen for the development purposes because of 
the flexibility it provided to develop streaming 
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Fig 1: Video streaming setup and 
communication flow 
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solutions. At the time of the experiment, Android 
only supported progressive download but no 
streaming capability. iPhone was not considered 
because it lacked the ability to run multiple 
applications simultaneously. The goal was to test 
the streaming capability of H.264 encoded video 
with CIF/QCIF resolution in a wi-fi/3G network. 
Therefore, we used off-the-shelf video player to 
playback the streamed video. 
 
Fig. 1 shows the experimental setup. The client 
side consists of three applications. For the ease 
of usability, we have developed a control 
interface. However, the Symbian OS only allows 
one GUI to run at any time. Therefore, in order 
run the streaming application and play video 
with an existing player simultaneously, we have 
developed a native streaming application based 
on C that is independent of the control interface.  
 
The control works as follows. The user of the 
mobile device first starts the streaming 
application. The application listens to a local port 
for command from the control interface. The 
user then starts the graphical control interface 
application and enters the server address, port 
number, and the output file information. Instead 
of using IPC, we have implemented the 
communication between these two applications 
via local ports.  
 
Upon receiving the server information, the 
streaming application then communicates with 
the server and saves the media file. We then start 
a media player capable of playing H.264 
encoded raw bitstream. 
 
3. Issues with Rate Control 
Rate control was necessary for streaming in 
wireless environment. Without explicit feedback 
from the client phone, the server has no way of 
knowing the channel state. Furthermore, slow 
processing speed of the phone meant that 
simultaneously running streaming and video 
playback applications caused delay that was not 
related to the network condition.  
 
In order to cope with such unpredictability, we 
have implemented a simple receiver driven 
communication protocol. Each packet contained 
a sequence ID. A sender receiving a request for 
packet with sequence ID i+ 1 means that the 
receiver no longer needs the packet with 
sequence ID i. For a packet with fixed size and 
encoding rate, we calculated the expected inter-
packet-gap (IPG). If packet arrival is delayed, the 

receiver quickly adapts the next IPG value, so 
that the receiver buffer remains full.  
 
4. Conclusions 
We developed a video streaming solution for 
mobile devices to test the feasibility of streaming 
H.264 encoded video. It was successfully tested 
on wi-fi network. It was also tested on T-
mobile’s Edge network in the San Jose area in 
California. However, there were significant 
packet losses and delays when running on the 
cell-phone network. This is understandable due 
to Edge’s low bandwidth capacity. 
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1. INTRODUCTION 
Scalable video coding (SVC) [1] has been 
attracting great interests in the P2P research 
community because of its capability to handle 
heterogeneous resource conditions. The adoption 
of SVC into P2P streaming faces two key design 
challenges: 1) layer subscription: how many 
layers each peer should receive; and 2) layer 
scheduling: how to deliver to peers the layers 
they subscribed.  From the system point of view, 
the most efficient solution is to maximize the 
aggregate video quality perceived by all peers, 
i.e., to optimize the social welfare. From 
individual peer point of view, the solution should 
be fair. However, in P2P streaming, due to the 
dual server-consumer role of peers, the notion of 
fairness is much more subtle than that in the 
traditional server-client systems, where clients 
are only considered as resource consumers. A 
solution allocating the same video quality to all 
peers regardless of their contributions would not 
be considered as fair, and therefore would not 
provide incentives for peers to contribute. A 
good layered P2P streaming solution has to 
strike the right balance between efficiency, 
fairness and incentive. 
 
In this paper, we propose a taxation based P2P 
layered video streaming design. Taxation based 
incentive mechanism [2][3] offers a flexible 
framework that allows the tradeoff between 
individual user’s fairness/welfare and the 
system-wide social welfare (see Fig. 1). Let ud  
be the upload bandwidth contributed by user d. 
Under a tax rate 0 ≤ t ≤1, the target received 
video rate of user d is rd = (1 − t )ud + t

N
uii=1

N

∑ , 

where N is the total number of peers in the 
system. The received video rate on a peer 
consists of two parts: a fraction of its own 
contribution (entitled rate), and a fair share from 
the pool of taxed bandwidth (excess rate). The 
tax rate t adjusts the balance between individual 
peer's welfare and the social welfare. As t 
approaches zero, the received video rate 
approaches the contributed rate, mimicking the 
“tit-for-tat” strategy. As t approaches one, the 
received video rate is the same for all peers, thus 
achieve the social optimum.  

 
Figure 1: Social welfare vs. personal welfare. The tax 
rate t determines the balance between social welfare 
and personal welfare.  
 
2. SYSTEM DESIGN 
The existing taxation based P2P streaming 
designs rely on multiple descriptions coding 
(MDC) and tree-based streaming topology.  
Individual substreams are distributed along trees 
formed by peers. The number of trees joined by a 
peer is dynamically adjusted to reflect the 
entitled video quality determined by the taxation 
policy. Any peer departure in a tree, however, 
will impact all of its descendants and reduce  
their received video descriptions. In general, a 
mesh-based topology is more resilient to peer 
churn [4]. 
  
In our design, peers form a mesh over which the 
video is distributed. Video is encoded with SVC 
for its acceptable overhead [5]. A tracker serves 
as the bootstrapping node for the system. 
Multiple virtual streaming overlays, one for each 
SVC video layer, are formed among participating 
peers. Due to the dependency among video 
layers, upper streaming overlays must have 
fewer peers than lower overlays. The key design 
issues for such a layered P2P streaming protocol 
are layer subscription, chunk scheduling, and 
mesh topology adaptation. 
 
A peer uses layer subscription scheme to 
determine how many layers to subscribe to. The 
chunk scheduling algorithms on peers allocate 
bandwidth among different overlays to balance 
the streaming needs of different layers. Finally, 
the mesh topologies need to be dynamically 
adjusted to adapt to the changing layer 
subscription due to peer churn and/or other 
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network dynamics. 
 
A. Dynamic Layer Subscription 
Motivated by the distributed utility maximization 
achieved by TCP in congestion control, we 
propose a distributed layer subscription 
algorithm with Additive Increase Additive 
Decrease (AIAD) and exponential backoff. Upon 
joining the streaming session, peer i sets its 
initial layer subscription, li , to be Li , the 
number of its entitled layers. It also starts a retry 
timer, ti = rand(1,T), where T is the retry time 
period. Upon the expiration of the retry timer, if 
all currently subscribed layers can be received 
and at least one neighbor peer possesses chunks 
of layer li +1, peer i increases its subscribed 

layer by one, li = l i +1, and enters a trial period 

of T'. Peer i sends out requests for chunks in the 
newly added layer. If peer i is able to 
successfully obtain most of requested chunks of 
the new layer at the end of the trial period, it 
passes the test and the new layer subscription is 
accepted. Otherwise, peer i reverts back to 
original subscription, and enters an exponential 
back-off stage. The retry timers is set to be 

ti = rand(1,2kT) , where k is number of 
consecutive failures. Meanwhile, peer i runs a 
parallel subscription decrease process to ensure 
that it can receive all subscribed layers. 
Subscription decrease process periodically 
monitors the status of received layers. If the top 
subscribed layer, li , becomes undecodable, and 
peer is not in the aforementioned trial period, 
peer i reduces the number of subscribed layers to 
li = max(l i −1,Li ) . 
 
B. Chunk Scheduling 
Each peer maintains a downloading window that 
moves forward periodically. Peers periodically 
exchange chunk availability with their neighbors 
using buffer-maps. Neighbors help each other 
retrieve missing chunks. Chunk scheduling 
decides how to issue chunk requests to neighbor 
peers, and how to serve chunk requests from 
neighbor peers. 
 
Chunks are requested in the order of their 
importance: from entitled layer chunks to excess 
layer chunks. A peer selects one neighbor peer 
that owns the missing chunk to request for the 
chunk. The probability of choosing a specific 
peer is proportional to its serving rate to that peer. 
For example, if requester R serves neighbors A, 
B and C with 20Kbps, 50Kbps and 30Kbps 

respectively, it then sends the chunk request to A, 
B and C with probability 0.2, 0.5, and 0.3 
respectively. 
 
Chunk serving is more sophisticated. Individual 
peers maintain two FIFO queues for each 
neighbor. One queue is called entitled queue and 
the other is called excess queue. Entitled queue 
holds chunk requests for entitled layers, while 
excess queue holds excess layers requests. The 
chunk requests in excess queues are sorted in 
ascending order of video layers, with the lowest 
layer chunk requests at the head. The entitled 
queues have strict priority over the excess queues. 
Excess queues would not be served unless all 
entitled queues become empty. If entitled queues 
become empty, the leftover bandwidth serves the 
requests in excess queues in a round robin 
fashion. 
 
C. Mesh Topology Adaptation 
Every peer has a preset peer out-degree. If the 
number of neighbors falls below the preset out-
degree, a peer increases the number of neighbors 
by adding neighbors randomly selected from the 
candidate list returned by the tracker. If the 
current number of neighbors is ok, a peer still 
selects one peer with the lowest contribution and 
replaces it with a new peer from the candidate 
list. Specifically, a peer uses a replacement index 
(RI) to determine which peer to be replaced. 
Suppose peer i needs to adapt its neighbors. Let 

c j
l  be the number of retrieved chunks of layer l 

from peer j, and wl  be the weight associate with 
layer l. The replacement index for peer j is 

defined to be c j
l w ll ∈ i 's⋅ entitled ⋅ layers

∑ . In addition, 

the layer weights w are set such that wl > wk  if 
l > k . The neighbor with the smallest RI is 
selected and swapped out. The length of the 
adaptation period is chosen as ten seconds in our 
design. The philosophy behind this design is 
two-fold. (1) Layer Level: a neighbor offering 
high level layers up to the entitled layers should 
stay. There are fewer peers in the higher virtual 
overlay. Peers who can offer high layer chunks 
are more precious and are more likely of the 
same class (with the same entitled layers). (2) 
Chunk Level: among all neighbors offering 
chunks at the same layer, those uploading more 
chunks should stay. 
 
3. PERFORMANCE EVALUATION 
We developed a flow-level event-driven 
simulator in C++. A real-world PPlive trace is 
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used to drive the simulator. Fig. 2 shows the 
evolution of the number of concurrent peers 
during Nov 22nd 17:43, 2006 to Nov 23rd 17:43, 
2006. In addition, we generated a SVC bitstream 
with JSVM 9.12 and used the video trace to 
drive the simulator. The bitstream statistics are 

summarized in Table I.  
Table I:  Bitstream statistics (FOOTBALL) 

 
The peer download window is set to 30 seconds. 
Peers exchange buffer-maps every second to 
calculate the missing chunk schedule. Mesh 
topology adaptation is conducted every ten 

seconds. The values of T  and T'  in AIAD 
algorithm are set to be 5 and 10 seconds, 
respectively. To reduce the randomness 
introduced by short-lived peers, only peers with 
lifetime greater than one minute are counted in 
this experiment. 
 
A. Effectiveness of Taxation Mechanism 
In taxation based P2P streaming, a peer's 
received video quality, or the number of layers, 
reflects its bandwidth contribution and the 
system-wide tax rate. In addition, the peers with 
similar bandwidth contributions receive similar 
video quality. Both are true as shown in Fig. 3, 
which depicts the Cumulative Distribution 
Functions (CDFs) of the numbers of received 
layers for different types of peers at different tax 
rates1. The peers from the same class receive a 
similar number of layers consistently, while the 
numbers of video layers received by different 
peer classes are close to the preset values--
(5,9,10) under tax rate 0; (6,8,10) under tax rate 
0.5 and (7,7,8) under tax rate 0.95. 
 
B. Received Video Quality 
In this section, we present the subjective video 
quality obtained by using a subjective quality 
model [6]. Fig. 4 shows the CDFs of peers' 
subjective quality. We can see from Fig. 4 that 
the predicted subjective quality experienced by 

                                                 
1 The base layer is decomposed to 3 substreams. 
And each layer is approximated as 100Kbps. 

peers matches the differential service criterion.  

 
Figure 2: PPlive Online Users 

In addition, at smaller tax rate, the quality gap 
between “weak” and “strong” peers is larger than 
that at larger tax rate, which pushes the system to 
equal sharing of system resources. Therefore, by 
tuning the tax rate, our system can operate at any 
desired point, not only in terms of the rate 
allocation but also in terms of the video quality 
of experience (QoE). 
 
C. Smoothness of Received Video  
Another factor that will affect viewing quality is 
the variations of the received video layers over 
time. QoE is degraded if the number of received 
video layers changes frequently. We define the 
following smoothness index to quantify the 
playback smoothness of the received video. 

SI= 1

K

v(k) − v(k −1)

v(k)k= 0

K

∑  

where v(k) is the received decodable layers at 
time period k, and K is peer's total number of 
online time period. The time period is one 
second. Large smoothness index indicates bad 
viewing quality caused by frequent layer 
increasing/dropping. Fig. 5 shows the CDFs of 
smoothness index under different tax rates. 
Under all scenarios, peers contributing more 
enjoy smoother video playback. We also 
observed that as the tax rate increases, the 
smoothness indexes for bandwidth-rich peers 
increase, while the smoothness indexes for 
bandwidth-poor peers decrease. We suspect this 
is caused by the peering topology at different tax 
rates. 
 
4. CONCLUSIONS 
Designing an efficient P2P live streaming system 
that is fair to all peers and offers strong incentive 
for them to contribute is challenging. In this 
paper, we integrate taxation-based incentive 
mechanism into P2P layered streaming, and 
develop a practical streaming system. Taxation-
based P2P streaming allows us to freely adjust 
the balance between the social welfare and 
individual peer welfare. Extensive trace-driven 
simulations demonstrate that the proposed 
designs can effectively drive layered P2P 

Layer Bitrate 
(Kbps) 

PSNR Framerate 
(fps) 

1 303.8 36.97 3.75 
2 420.1 38.32 3.75 
3 503.0 34.89 7.5 
4 595.9 36.36 7.5 
5 705.3 33.65 15 
6 800.4 34.73 15 
7 905.8 32.32 30 
8 992.4 33.91 30 
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streaming systems to desired operating points.  
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     (a) Tax rate 0                                  (b) Tax rate 0.5                                (c) Tax rate 0.95 

Figure 3: Cumulative distributions of received video layers for different types of peers under various tax rates.  

 
     (a) Tax rate 0                                  (b) Tax rate 0.5                                (c) Tax rate 0.95 

Figure 4: Cumulative distributions of average received video quality for different types of peers under various 

tax rates. 

 
     (a) Tax rate 0                                 (b) Tax rate 0.5                                 (c) Tax rate 0.95 

Figure 5: Cumulative distributions of smoothness index for different types of peers under various tax rates.  
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1. Optimization decomposition 
Currently, multimedia communication over 
networks has emerged as a resource-aware 
adaptive streaming in accordance with different 
user requirements and time-varying network 
conditions. From a source coding perspective, 
layered or hierarchical coding of source data, e.g. 
Multiple Description Coding (MDC) [1], was 
originally tailored to accommodate the error-
prone network environment. Scalable Video 
Coding (SVC) is motivated to allow rate 
adaptation not only at the encoder/decoder, but 
also in intermediate network nodes while 
achieving highly efficient rate-distortion 
performance [2]. It permits video transmission 
and decoding at multiple bit rates with 
progressively improved video quality. From a 
network perspective, multirate multicast is 
correspondingly aligned to be commensurate 
with available requirements, capabilities, and the 
capacity of the connected path of different 
receivers. A promising trend to facilitate 
multimedia communication is to integrate the 
various protocol layers into a decomposition 
theory and perform an asynchronous distributed 
computation over the network to implicitly solve 
a global optimization problem [3]. Along the 
trajectory, generalized network utility 
maximization (NUM) is picked as the optimized 
targets where utility functions measure resource 
allocation efficiency and fairness to end users 
and elasticity of application traffic. In general, 
utility functions could be coupled across users 
and depend on rates, reliability, latency, jitter, 
and energy. With the development of network 
information theory [4], e.g. distributed source 
coding and network coding, the joint coding and 
flow optimization for video multicast in 
ubiquitous multimedia communication poses a 
challenge. 
 
2. Network coding based multirate 
multicasting 
The traditional rate control approaches of 
multiple video streams in literature [5-6] are 
recognized to guide an ad hoc designing layered 
protocol stack for wired and wireless networks. 
Typically, those use predetermined distribution 
trees to improve the network throughput and 
overall video quality, accordingly formulate 

cross-layer packet-based local access control 
problems in protocol stack and corresponding 
instantaneous rate adaption. Related to multirate 
multicast issue, the first strict optimization 
model was proposed by Kar et al. [7]. To 
maximize the overall utility of multiple sources 
over their transmission rates, a flow control and 
optimization scheme was addressed in [8]. 
Multirate multicasting over multi-path routing of 
overlay networks has been studied for a heuristic 
solution in [9]. In fact, the cut bound of the 
multicast capacity could be hardly achieved 
when the multicast information is only replicated 
at the intermediate nodes. Network coding is 
recognized to achieve the capacity in single-
source multiple-terminal multicast [10], which is 
regarded as a generalized routing by allowing the 
information to be modified instead of direct 
packet relaying. As a novel paradigm of 
information theory, it extends the functionality 
of network nodes from storing/forwarding 
packets to performing algebraic operations on 
data received. 
 
Incorporating network coding to flow control 
and resource allocation allows us to achieve the 
maximum network throughput and performance 
limit. To optimize flow control with network 
coding based multicasting, Chen et al. developed 
two adaptive rate control algorithms by 
considering networks with and without coding 
subgraphs [11]. [12] addressed a layered 
multicasting problem with network coding and 
multi-path constraints by a heuristic method that 
progressively organizes receivers into separated 
layered meshes and achieves only sub-optimal 
performance. A recent work by Zou et al., 
proposed a prioritized flow optimization 
formulation for scalable video multicast [13]. It 
uses the path cost and prices of each layer as the 
priority parameters to capture inter-layer 
dependency and provided rigorous distributed 
algorithms proven to be stable and convergent. A 
further improvement in [14] constructed layer 
distribution meshes with multipath routing, and 
determines the base layer meshes with minimum 
costs. It is formulated into an aggregate 
minimization programming in which the quality 
variation between layers, the transmission cost of 
the elementary base layer, as well as the efficient 
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resource utilization are fully considered. As an 
extension to hybrid wired/wireless coded 
networks, Li et al. proposed a joint source and 
network flow optimization scheme which not 
only achieves the highest sustainable layered 
video quality, but also takes into account both 
the path-overlapping allocation for different 
receivers which take advantage of network 
coding and the wireless link contention in a 
shared transmission medium [15].  
 
3. Peer-to-peer video streaming 
Peer-to-peer (P2P) communications are getting 
increasingly popular for video streaming over the 
Internet. Unlike traditional client-server 
networking, P2P networks allow peers to play as 
servers and clients at the same time. Due to peer 
dynamics (peers may join or leave the network at 
any time), both the server supplies (the upload 
bandwidth) and the client demands (the 
download data rate) always randomly fluctuate. 
In a P2P network, it is natural to deliver each 
SVC layer through an individual overlay, which 
was constructed by all servers (upstream peers) 
and downstream peers that participate in that 
video layer. The entire network, therefore, forms 
a multi-overlay coexisted network, where the 
total network capacity is shared among all peers 
within multiple overlays. So far, several 
solutions have been proposed to address 
scheduling [16], routing [17], rate allocation [18] 
and framework design [19] issues in P2P layered 
streaming. For instance, Tareq et al. in [18] 
present a distributed rate allocation algorithm to 
achieve optimal layer allocation among peers 
receiving the same video. Guo et al. in [19] 
present a new collaborative P2P streaming 
framework and employ layered video coding for 
bandwidth adaptability. To optimize resource 
allocation, the existing research in this area 
mainly focuses on the assignment and scheduling 
of appropriate video layers to different peers. 
How to resolve bandwidth conflicts among co-
existing overlays so as to maximize the overall 
benefits of all peers still remains an open issue in 
layered video streaming.  
 
In general, each peer can be viewed as a strategic 
player, who struggles for the maximum benefit 
by participating in the P2P streaming system. 
The auction algorithm, resembling the 
interaction of the upstream and downstream 
peers, has been extensively used in network 
resource allocation. G. Tan et al. [20] propose a 
payment-based incentive mechanism, in which 
peers compete for data suppliers in a first-price 

auction procedure. To solve multi-overlay 
bandwidth competitions, Wu et al. [21] 
accommodated multiple coexisting streaming 
overlays to isolated channels of programming, 
and then coordinated multiple streams 
distribution as a series of auction games. Such 
strategy is tailored to non-scalable video 
applications, and does not take into account the 
inherent inter-layer dependency of SVC streams. 
Moreover, it only considers an ideal scenario and 
ignores the impacts of peer dynamics.  
 
For optimum overlay multicast, the existing 
researches mainly model the overlay as an 
independent network graph, in which the 
capacity share of physical links among overlay 
links are usually ignored [22]. To prevent the 
derived network throughput deviating from its 
actual value, the correlation between overlay and 
physical links is accurately described by linear 
capacity constraints (LCC) [23]. Aiming to 
resolve bandwidth conflicts in multiple overlays 
through which layered SVC streams are 
distributed among all competing peers, the multi-
overlay bandwidth allocation process as a series 
of auction games has been modeled in which 
peers bid for and sell the upload bandwidth for 
the maximum benefits [24]. A Nash equilibrium 
is theoretically proved to be existed in the 
proposed auction games. To reduce the 
computation complexity, the multi-overlay 
bidding problem is decomposed into a set of sub-
problems, with each independently solved within 
a single overlay. Moreover, an adaptive layer 
dropping and adding strategy was proposed, 
allowing the peer to adjust its subscription level 
to peer dynamics. Also, it integrates the content 
priority of SVC to avoid bandwidth wastage and 
improve convergence speed.  
 
4. Wireless video sensor network  
When spanning to popular wireless visual sensor 
network (WVSN), it is tasked to capture digital 
visual information about target events, and 
deliver the video data over wireless channels to a 
control unit for further data analysis and decision 
making [25]. Since sensor nodes are typically 
battery powered and visual sensors are required 
to compress and encode data as well as relaying, 
energy conservation becomes a critical problem. 
Moreover, traditional video compression will 
cause high encoding power consumption so that 
it is no more applicable to WVSN.  
 
It was proven that either the minimum 
communication cost or energy consumption for 
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correlated sensed data can be achieved using 
Distributed Source Coding (DSC) and Network 
Coding (NC) when the link communication cost 
is a convex function of the link’s data rate [26]. 
On one hand, lossless Slepian-Wolf [27] and 
lossy Wyner-Ziv distributed source coding 
theory [28] specifies that separate encoding of 
correlated sources can approach the rate of joint 
entropy, provided joint decoding is executed 
with known correlation. On the other hand, 
various potential benefits of network coding 
have been found, including robustness to 
link/node failures [29] and packet losses [30]. It 
is shown that random linear network coding 
suffices for the network coding of correlated 
sources [31]. [32] provided a practical low 
complexity scheme of joint distributed source 
coding and network coding. [33] has been 
motivated to impose a joint coding/routing 
optimization on correlated video sources through 
a power-rate-distortion model of distributed 
video coding, while maintaining a tradeoff 
between the network lifetime and the video 
distortion. Involving network combinatorics and 
information theory over an arbitrary graph 
structure, it aims to investigate the performance 
limit of a generalized WVSN model. Also, 
multipath routing can spread energy utilization 
across nodes within the entire network to keep a 
potentially longer lifetime, and solve the wireless 
contention issues by the splitting traffic. In this 
context, the objective function not only keeps a 
total energy consumption of encoding power, 
transmission power, and reception power 
minimized, but ensures the information received 
by sink nodes to approximately reconstruct the 
visual field. Impressively, a generalized power 
consumption model for distributed video sources 
was developed, where the coding complexity of 
Key frames and Wyner-Ziv frames was 
measured by translating specific coding behavior 
into energy consumption. On the basis of 
distributed multiview video coding and network 
coding-based multipath routing, the balance 
problem between lifetime (costs) and distortion 
(capacity) was modeled as an optimization 
formulation with a fully distributed solution. 
Through decomposition theory, a two-level 
optimization is relaxed with Lagrangian 
dualization and solved by the gradient algorithm. 
The low-level optimization problem is further 
decomposed into a secondary master dual 
problem (encoding, congestion, and energy 
prices update) with four cross-layer subproblems: 
a rate control problem, a channel contention 
problem, a distortion control problem, and an 

energy conservation problem.  
 
4. Conclusions 
The resource-aware adaptive optimization 
decomposition for video multicast over networks 
has been briefly summarized, jointly considering 
source rate adaptation, multi-path and network 
coding based routing, and flow control to 
maximize general network utility functions over 
heterogeneous receivers. In accordance with 
intrinsic content priority of source coding, the 
video distribution meshes with minimum path 
costs are fully investigated. In terms of 
decomposition theory and primal-dual analysis, a 
decentralized solution is envisaged to be feasible. 
At present, our future work to study is the 
robustness of optimization models for 
networking problems. The corresponding 
distributed robust optimization (RDO) algorithm 
would be discussed on the convergence and 
stability when the computation is asynchronous 
and feedback delays are non-negligible. Another 
important task is to test and evaluate the 
algorithm in dynamic networks, e.g. mobility 
connectivity. 
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1. Introduction 
Recently, a diversity of wireless networks is 
emerging to satisfy distinct service requirements, 
radio ranges, and mobility properties [1]. 
Supporting multimedia applications over 
heterogeneous networks is inherently demanded 
as well as a challenging issue in the 
telecommunications and multimedia research 
communities. Fig. 1 shows a typical scenario 
where users transmit multimedia applications 
over hybrid wireless networks [2]. In this 
architecture, there are various kinds of media 
flow streaming from different users. Since 
different networks have diverse capabilities with 
respect to ranges, mobility, bandwidth, and 
Quality-of-Service (QoS), a multimedia 
scheduling policy plays a crucial role in 
efficiently utilizing and managing network 
resources. Furthermore, the performance of a 
heterogeneous system or an ongoing multimedia 
session may be severally degraded if one of the 
networks is out of service.  
A scheduling strategy in heterogeneous systems 
should consider availability information to deal 
with unexpected failures [3]. In the literatures, 
availability information has not been fully 
exploited when making resource allocation 
decisions.  

 
Figure 1: an example of multimedia transmission 
over hybrid wireless networks 
 
Motivated by this, we design and evaluate a 
distributed availability-aware rate allocation 
scheme by jointly considering media 
applications, networks reliability and service 
availability. In addition, we develop a generic 
media distortion model, which is indispensible in 
measuring the performance of scheduling.   
 
2. Availability 

We first introduce the availability cost of 

user s in network n as follows:
 

 , 

where  is the unavailable rate of network n, 
and it is given by  . 

Here,  denote the availability of network n and 
 is a fixed system parameter. The value of the 

parameter  agrees with measurements taken 

from real systems, whereas the availability  
can be estimated and provided by 
software/hardware vendors. It is noteworthy that 
the way of calculating unavailable rates is only 
for illustration purpose, and it is flexible to 
substitute any unavailable rate model. The 
availability [3] experienced  by user s is given 
by 

.  
 
3. Distributed Dynamic Scheduling 
To fully satisfy the user’s availability 
requirements, the proposed scheme tends to 
assign applications to a group of networks that 
can provide high availability levels. It is 
noteworthy that the availability level offered by a 
network is proportional to its transmission ability. 
This alternatively shows that the proposed 
scheme may assign a large number of 
applications into a network with a high 
availability level and transmission ability. As a 
consequence, the QoS achieved by the proposed 
scheme may suffer from a load imbalance. To 
prevent this potential disadvantage, a Load 
Imbalance Detector (LID) is introduced to detect 
whether a network in the heterogeneous 
networks is overloaded or not. LID uses a load 
index to measure the workload in a network. One 
starts to allocate resources to user s in network n. 
Once the resources of the network n are depleted, 
the algorithm will find a different user that can 
free the required resources for user s in another 
network, by allocating part of its rate. This 
operation is performed as long as the overall 
utility of the system can be improved, and as 
long as free network resources still exist in the 
overall system. The algorithm stops when there 
are no more free resources in the network system, 
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or when no other possible user transition can 
bring any improvement in the overall system 
utility. 
Fig. 2 shows the comparison among our 
proposed utility based rate allocation (UBRA) 
scheme, the drop-tail scheme and AIMD [5]. In 
this scenario, packet losses are caused only by 
channel over-pumping. It should be noted that 
due to the use of CBR encoding, the video 
quality is not constant and varies periodically [4]. 
In Fig. 2, the average PSNR using the proposed 
UBRA is 35.3 dB while it is 35.0 dB using 
AIMD-based method and 34.7 dB in the case of 
drop-tail. Thus, the proposed UBRA can achieve 
almost 0.3 dB and 0.6 dB performance gains 
comparing to the AIMD and drop-tail scheme, 
respectively. The average rates computed by the 
proposed scheme for the four GOPs are 1.54 
Mbps, 2.02Mbps, 1.21Mbps, and 1.86Mbps 
respectively. We can see that for GOP No. 1, No. 
2, and No. 4, the allocated transmission rate 
using the proposed UBRA method is higher than 
the fixed 1.50 Mbps. Thus, our rate allocation 
mechanism allows to improve the performance 
compared to using a fixed-rate coding scheme. 
On the other hand, for GOP No. 3, it is clear that 
the fixed source coding rate is higher than the 
allocated transmission rate. Therefore, packet 
loss will occur when the transmission buffer is 
full. This will result in frames loss and hence 
substantial performance degradation. A lost 
frame is concealed by copying the previous 
frame. If several consecutive frames are lost, the 
degradation will be even more serious since the 
concealed frames are then used as correctly 
received frames to conceal the subsequent lost 
frames. This results in substantial error 
propagation. For example, in Fig. 2, we can see 
that there is substantial performance degradation 
around the 90th frame for the no-rate control 
case due to channel over-pumping. Furthermore, 
although the performance degradation caused by 
the channel over-pumping packet losses has been 
partially compensated using passive error 
concealment technique, the performance is still 
not as good as using the rate allocation scheme. 
However, the proposed scheme still outperforms 
the traditional AIMD-based method. 

 
Figure 2: Performance comparison between 
different schemes 
 
4. Conclusions and Future Work 
We first identified the significance of the 
availability metric for resource-intensive 
multimedia transmission in hybrid networks. 
Then, we proposed an availability-aware 
adaptive scheduling algorithm for online 
operation, and this algorithm is proved to 
achieve close-to-optimal end-to-end QoS under 
the overall limited resource budget. The 
methodology and results provide new insights in 
studying multimedia transmission over 
heterogeneous networks. One could argue that 
we can use existing protocols directly to 
availability-aware case for convenience. The 
results of this paper indicate that this is not 
always the case. Furthermore, a main difference 
between the protocol developed in this paper and 
current IMS platform is that the latter takes up a 
few milliseconds to switch networks, while our 
work assumes dynamic switching networks. 
Therefore, our results provide a new perspective 
to improve network-switching hardware and 
protocol in the future. Finally, the main 
advantage of the proposed availability-aware 
strategy results from the prior knowledge of the 
source media requirement, however, obtaining 
this kind of information may be very difficult in 
some applications (i.e., live show etc.). Therefore, 
this paper also reveals the challenge of media-
aware scheduling with blind or simplified source 
availability information. 
 
It will be very interesting in incorporating 
practical challenges for the implementation of 
the proposed scheme. These challenges include: 
1) reducing the dependence of the media content 
or scheduling scheme to automatically adapt the 
original media content; 2) simplifying the 
adaptive scheduling scheme, especially the 
network and source information exchange and 
feedback; and 3) extending the results to multi-
channel multi-radio wireless systems.  
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TECHNOLOGY ADVANCES 
 

Multimedia over Future Networks 
Guest Editor: Jian Tan, IBM T.J. Watson Research Center, USA

tanji@us.in,.com
 
Multimedia applications witness new challenges 
and opportunities in the presence of emerging 
computing paradigms and services in recent 
years. Notably, cloud computing and multimedia 
over wireless spawn new applications and tools. 
In this special issue, we invite six groups of 
researchers to share with us their interesting 
work on a broad range of topics, ranging from 
services over cloud and related security issues to 
scheduling multimedia traffic in wireless 
systems, inferring network characteristics and 
detecting events in videos. 
 
Cloud computing emerges as a promising new 
paradigm for computing and storage.  The article 
“Mobile Multimedia Service over Cloud 
Computing” by Chin-Feng Lai and Athanasios V. 
Vasilakos discusses the challenges and possible 
solutions in using cloud to increase the capability 
of mobile devices for multimedia applications. 
Mobile services can be offloaded to cloud and 
thus, nodes with limited computation resources 
can provide complicated multimedia services 
that are computationally intensive.   
 
To migrate more applications running on 
traditional platforms to cloud, one key issue that 
must be addressed is security, especially for 
businesses with sensitive information. Along this 
line, an important problem is how to guarantee 
assured deletion of data in the cloud upon 
requests of deletion. In the paper “Assured 
Deletion of Digital Files on Cloud” by Patrick 
P.C. Lee, a secure overlay cloud storage system 
is designed and implemented. The appealing 
characteristic of this technique is that it can work 
seamlessly atop existing cloud storage 
infrastructure. With increased security, the 
demand for more cloud service is expected to 
grow continuously.  
 
Multimedia traffic over mobile communication 
networks grows very fast as new applications 
(e.g., social networks) and new systems (e.g., 
smart phones) become popular. How to 
optimally manage the limited communication 
resources for wireless systems plays a vital role 
in making all the new applications possible. 
Changee Joo reviewed the state-of-the-art 

scheduling algorithms in multi-hop wireless 
networks in “Distributed Resource Allocation 
Extending Capacity of Wireless Networks”.  
These new techniques can greatly improve the 
system performance, especially for multimedia 
applications that may consume more resources.  
 
Given that many multimedia applications are 
delay-sensitive, optimally scheduling traffic to 
meet the delay requirements in packet level is 
another important research topic.  Xiaoqiao 
Meng, in his paper “An Adaptive Scheduling 
Discipline for Multimedia Traffic in Wireless 
Networks”, proposed a scheduling policy that 
adapts to the time-granularity of time-varying 
(slow and fast) channels. This discipline is 
shown to be consistently superior to existing 
ones. 
 
Due to the heterogeneity and complexity of 
modern data networks, inferring network 
characteristic is useful for applications that need 
to know the connection type. For example, 
determining whether a connection is Ethernet or 
WLAN can help a peer to choose its neighbors.  
The article “Inferring Network Characteristic 
from Active or Passive Measurements” by Wei 
Wei proposed a light-weight algorithm, which 
identifies wireless traffic accurately in the 
system deployed at the gateway router of UMass.   
 
Going back to multimedia data, event detection 
in sports video is very important for helping 
users to quickly locate the segments of interest, 
especially in a long sports program. The paper 
“Event Detection in Sports Videos using 
Superimposed Caption Detection and 
Recognition” by Dong-Qing Zhang developed 
systematic methodologies and built a test system 
using the proposed algorithms. The test system 
identifies two types of events with highly 
accurate results.   
 
Research in multimedia computing and 
networking has seen both challenges and 
opportunities with emerging new applications 
and systems. We would like to thank all the 
authors for their contributions and hope these 
articles can stimulate further research interests in 
this area. 
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Mobile Multimedia Services over Cloud Computing 
Chin-Feng Lai, National Ilan University, Taiwan 

Athanasios V. Vasilakos, University of Western Macedonia, Greece   
cinfon@ieee.org, vasilako@ath.forthnet.gr

1. Introduction 
With cloud computing, mobile services can be 
offloaded to cloud and fetched back to decrease 
the workload of the mobile device. For normal 
internet services, when the cost of transferring 
and receiving data becomes lower than 
computing locally, cloud computing can increase 
internet service effectiveness and lower the 
power costs of the mobile device. Although, for 
multimedia, the data after decoding with cloud 
computing is far larger than the original. This 
makes the mobile device use large amounts of 
power to download the multimedia data for 
playback. Thus, for mobile devices with limited 
computing abilities, mobile multimedia services 
over green cloud computing becomes an 
important and challenging research topic. 
 
2. The Untouched Research Problem 
Ever since the appearance of cloud computing 
concept, e.g., [1], [2], and [3], many research 
efforts are focused on multimedia analysis and 
search over cloud computing. Many researchers 
focus on a method to increase the efficiency of 
search according to the features of multimedia 
content e.g., [4], [5], and [6]. Through these 
designed methods, multimedia data can be more 
efficiently analyzed through cloud computing as 
well as searching related multimedia information 
to allow the user to quickly find the desired file. 
Even though these research problems on how to 
analyze or search according to multimedia data 
decreased the amount of calculations when it 
came to searching or analyzing multimedia files, 
however the problem of how to increase 
efficiency in multimedia file playback through 
cloud computing has still yet to be solved. 
 
3. Mobile Multimedia Services over Cloud 
Computing 
Traditional mobile multimedia transfer service 
(Fig. 1), includes a few components: 
compression, source node and the mobile device. 
The main function of the compression 
component is taking the large amount of 
multimedia data and compresses it into a size 
that can be transferred through the internet. The 
more powerful the compression function the 
better the effect of transfer. The compression 
component should count as the engine of the 

traditional multimedia transfer system. It is also 
responsible for dividing the compressed 
multimedia data into the form of internet packets, 
making it easier to transfer through the internet. 
Source node component’s main function is to 
provide the set-up of transfer, management, and 
transfer service. Mobile device is responsible for 
receiving and reassembling of packets, 
decompressing, and the synchronized display of 
multimedia data. But when it came to 
transferring multimedia over cloud computing, 
the traditional multimedia transfer procedure is 
not enough anymore.   

 
Fig. 1. Traditional mobile multimedia 
transmission. 
 
As shown in Fig. 2 is the mobile multimedia 
transfer structure combined with cloud 
computing. Since the traditional structure is 
restricted to the limited calculation capabilities 
of the source node and mobile device, restricting 
the multimedia file to the same format for 
compressing and decompression. In other words, 
when the multimedia file is encoded into a 
specific format, as the mobile device receives it, 
it can only decode in a set method to recover the 
multimedia data. Although mobile devices are 
becoming more common, screen resolution, 
processor speed and the supported multimedia 
format also increases. Before the single 
resolution, screen scanning frequency, color 
saturation and compression format multimedia 
files are not in use any longer. In mobile 
multimedia services over cloud computing, when 
the source node only support one type of 
multimedia data compression format, cloud 
computing can still send mobile device requests. 
Because of this mobile device computes the 
multimedia data that is most suitable for 
playback. The data doesn’t have to be 
completely encoded or decoded, but what needs 
to be considered how to increase the mobile 
multimedia service effectiveness over cloud 
computing with the different bandwidth, 
computing capabilities and power source 
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restrictions of the mobile device.  

 
Fig. 2. Mobile multimedia services over cloud 
computing. 
 
Fig. 3 is the experiment platform, we are testing 
when the mobile device receives all types of 
multimedia files from the cloud network, the 
needed bandwidth and power cost, and then use 
these test results to determine the suitable stage 
for each multimedia file to transfer to the mobile 
device. Here the considered factors include 
internet, multimedia conversion, computing 
power and energy costs. Hence we believe some 
research efforts should be focused on these 
research topics and apply some linear planning 
methods to improve the problem. 

 
Fig. 3. An experiment platform. 
 
4. Major Technical Challenges 
In this section，we will point out the technical 
challenges about mobile multimedia services 
over cloud computing。 
 

� Multimedia Compression.  
Ideal multimedia decoding over cloud computing 
can increase the effectiveness of multimedia 
service, specifically in format conversion or 
screen decoding, especially in performing screen 
decoding where there are screen dependency 
problems. Using the decoding processing in 
H.264 as example, the frames can be classified 

into I frame, P frame, B frame, where the P 
frame reference I frame screen data to perform 
decoding, while B frame reference the screen 
data from I frame and P frame. Without proper 
parallel processing, data collision may occur, as 
shown in Fig. 4, when two screens with 
dependencies are being decoded, even if the two 
frames are processed at the same time, the other 
frame would need to wait to referenced frame to 
finish decoding to perform its own decoding. 
Currently parallel decoding has two main 
methods, classified as function partition and data 
partition.  

 
Fig. 4. Data collision of parallel decoding 
processing. 
 
How to effectively perform parallel processing to 
decrease computing time is the target for many 
developers and researchers. 
 

� Network Transmission.  
The main application modes for multimedia 
transfer include two types: on demand and live. 
On demand mode means after the media source 
finishes with processing, it is saved in the 
database, when the player sends a request to the 
server; then server will send the file from the 
database, using the server, and then transfer the 
file to the player through the internet. It would 
need for the entire file to finish downloading to 
view the file. On line means after the media 
source is processed, it would only need to 
download a small segment to start playing; using 
the client terminal memory buffer concept, the 
data wouldn’t need to be physically stored but 
can just go straight to the buffer memory for read 
and display and then immediately discarded. 
This can save space on the terminal storage 
space and saves huge amounts of waiting time 
for when the user is downloading. For on live 
mode, other than the change in internet 
bandwidth due to the position change of the 
mobile device, power cost is also a factor to be 
considered. If multimedia data is completely 
decoded over cloud computing, the data amount 
that needs to be transferred to the mobile device 
is far more than the original data amount in the 
source node. This makes the power cost of the 
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mobile device in internet transfer far greater than 
the original transfer method and unable to show 
the main advantage of cloud computing. Hence 
how to decided the multimedia quality according 
to the internet bandwidth as well as the needed 
time of the multimedia file, also how to balance 
between the decoding of multimedia data and 
internet transfer speed to allow increased usage 
of the mobile device are all interesting topics for 
discussion. 
 
5. Summary 
Mobile multimedia services over cloud 
computing is a very important research topic, 
because multimedia have unique computing 
results. These specific community research 
efforts should focus on the application area that 
combines both cloud and mobile device, 
including the trade-off between decompressing 
calculation power efficiency and the internet 
transfer data load. In this paper, we highlighte a 
specific untouched research problem and 
introduce the concept of mobile multimedia 
services over cloud computing, with a few 
challenging research issues. 
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Assured Deletion of Digital Files on Cloud 
Patrick P. C. Lee, The Chinese University of Hong Kong, Hong Kong 

pclee@cse.cuhk.edu.hk

1. Introduction 
Cloud storage (e.g., Amazon S3 [1]) offers an 
abstraction of infinite storage space for clients to 
outsource data storage in a pay-as-you-go 
manner. For example, SmugMug [6], a photo 
sharing website, chose to host terabytes of 
photos on Amazon S3 in 2006. Thus, instead of 
self-maintaining data centers, enterprises can 
now outsource the storage of a bulk amount of 
digitized content (e.g., audio/video files) to third-
party cloud storage providers so as to save the 
financial overhead of data management. 
 
However, there are critical security concerns of 
how to protect the access of outsourced data on 
the cloud. We must ensure that only authorized 
parties can access the outsourced data on the 
cloud, and prohibit third-party cloud storage 
providers from mining any sensitive information 
of the client data for their marketing purpose. In 
particular, it is important to guarantee assured 
deletion of data, meaning that outsourced data 
will become permanently inaccessible to 
anybody upon requests of deletion. Assured 
deletion of data is desirable, as the data may be 
unexpectedly disclosed in the future due to 
malicious attack or careless management of 
cloud providers. For example, a company has 
archived millions of email messages among its 
employees and customers on the cloud, and later 
decides to delete them to avoid leakage of 
sensitive data. However, the challenge of assured 
deletion is that cloud providers may create and 
distribute multiple backup copies of data over the 
cloud network for reliability reasons. It is unclear 
whether cloud providers can reliably remove all 
backup copies upon deletion.  
 
The security concerns motivate us, as cloud 
clients, to develop a secure cloud storage system 
that provides file assured deletion. However, a 
key challenge of building such a system is that 
cloud storage infrastructures are externally 
owned and managed by third-party cloud 
providers, and hence the system should never 
assume any structural changes (in protocol or 
hardware levels) in cloud infrastructures. Thus, it 
is important to design a secure overlay cloud 
storage system that can work seamlessly atop 
existing cloud storage services. 
 

There have been practical secure storage systems 
(e.g., [2, 4]) that work with today’s clouds, but 
they do not address the assured deletion of files. 
File assured deletion is first introduced in [5], 
and this idea is later prototyped atop peer-to-peer 
networks in [3]. However, both [3, 5] target only 
the assured deletion upon time expiration (which 
we call time-based deletion). They do not 
consider how to generalize the concept of 
assured deletion for different file access policies. 
For example, a file access policy may specify a 
set of authorized users who can access a file, and 
this file must be assuredly deleted if the set of 
authorized users changes. 
 
2. FADE 
In [7], we design and implement FADE, a secure 
overlay cloud storage system that ensures file 
assured deletion, while working seamlessly atop 
today’s cloud storage services. FADE decouples 
the management of encrypted data and 
encryption keys, such that encrypted data 
remains on third-party cloud storage providers, 
while encryption keys are independently 
maintained by a standalone service called the key 
manager. FADE generalizes time-based deletion 
[3, 5] (i.e., files are assuredly deleted upon time 
expiration) into a more fine-grained approach 
called policy-based deletion, in which files are 
associated with more flexible file access policies 
(e.g., time expiration, read/write permissions of 
authorized users) and are assuredly deleted when 
the associated file access policies are revoked. 
 
We now elaborate the mechanism of FADE. We 
associate each file with a single atomic file 
access policy (or policy for short), or more 
generally, a Boolean combination of atomic 
policies. Each (atomic) policy is associated with 
a control key, and all the control keys are 
maintained by the key manager. The file content 
will then be encrypted with a data key, and the 
data key will further be encrypted with the 
control keys corresponding to the policy 
combination. When a policy is revoked, the 
corresponding control key will be removed from 
the key manager. This implies that the data key 
and hence the encrypted content of the file 
cannot be recovered with the control keys of the 
revoked policy. In this case, we say the file is 
deleted, even though its physical copy (which is 
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encrypted) may still exist, as the file is no longer 
accessible to anybody.  
 
The key manager can be deployed as a 
minimally trusted third-party service (e.g., a 
server maintained by the system administrators 
of a company). By minimally trusted, we mean 
that the key manager reliably removes the 
control keys of revoked policies. It is possible 
that the key manager can be compromised. In 
this case, an attacker can recover the files that 
are associated with existing active policies. On 
the other hand, files that are associated with 
revoked policies still remain inaccessible, as the 
control keys are removed. We emphasize that the 
deployment of the key manager is independent of 
the cloud. Thus, we do not require any re-
engineering of the cloud to support FADE.  
 
In [7], we describe how to associate the control 
keys of different file access policies with 
individual files, and how to operate on the data 
and control keys so as to achieve policy-based 
file assured deletion. We implement a prototype 
of FADE that works atop Amazon S3 and 
empirically evaluate the performance overhead 
of FADE. We justify that FADE can be feasibly 
deployed with today’s cloud storage services. 
We refer readers to [7] for details. 
 
3. Conclusions and Future Work 
FADE can be viewed as a value-added security 
service that further enhances the security 
properties of the existing cloud storage services. 
Its design goal is to provide policy-based file 
assured deletion via various cryptographic key 
operations, while working seamlessly with 
today’s cloud storage services. Given that FADE 
relies on the key manager to achieve assured 
deletion, our future work is to improve the 
robustness of FADE by using a quorum of key 
managers to avoid the single-point-of-failure 
problem in key management.  
 
The source code for FADE is available for 
download at: 
http://ansrlab.cse.cuhk.edu.hk/software/fade 
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1. Introduction 
As social networking and mobile advertising 
become popular, multimedia traffic over mobile 
communication networks surges. In wireless 
networks, where resources are scare due to 
limited bandwidth, low-processing power, 
restrictions on transmission power and energy, 
wireless interference, high demands for such a 
large amount of data will force the network 
system to operate under heavy traffic load near 
its capacity boundary.  
 
Recent advances in communication technology 
enable wireless networks to exploit various 
diversities from system dynamics, which can 
lead to significant capacity improvement. For 
example, it has been shown in single-hop 
wireless networks that overall network 
performance can increase by opportunistically 
scheduling links accounting for states of fading 
channels [1]. The idea has been extended even to 
multi-hop scenarios [2-5]. However, these 
solutions are often impractical to implementation 
due to complex control with intensive 
computations and requirement of centralized 
coordination to collect global information of 
network states, which is often unavailable in 
multi-hop wireless networks. Hence, low-
complexity distributed resource allocation 
schemes that can opportunistically utilize 
network resources and that can achieve 
performance gains from such diversity still need 
to be developed. To this end, we focus on 
scheduling, one of network functionalities with 
the highest complexity, in multi-hop wireless 
networks, and study opportunities and challenges 
for development of efficient resource allocation 
schemes that use only local information. 
 
2. Efficient Resource Allocation Schemes 
Tassiulas and Ephremides showed in their 
seminal work [6] that the optimal throughput 
performance can be achieved by scheduling links 
with the largest queue weighted rate sum. The 
algorithm known as the Maximum Weighted 
Scheduling (MWS) policy solves the following 
problem: 

 
where S denotes the set of all feasible schedules, 
ql(t) denotes the queue length of link l at time t, 

and  denotes the link rate vector in the 
feasible schedule. We note that a schedule is 
feasible if all links in the schedule are non-
interfering with each other. In most network 
scenarios, these interference constraints between 
links are very complex, and the set of feasible 
schedules is non-convex and of enormous size. It 
has been shown that the above problem is in 
general an NP-Complete problem [7]. 
 
A suboptimal scheduling called Greedy Maximal 
Scheduling (GMS) has been proposed to reduce 
the complexity. At each time t, it schedules a set 
of links l that are chosen in decreasing order of 
the queue weighted rate ql(t)r l while conforming 
to the interference constraints. GMS provides a 
constant fraction of the optimal performance, and 
empirically achieves the optimal performance 
under a variety of network settings [8]. However, 
it still requires organizing link activities in a 
centralized manner. 
 
In multi-hop wireless networks, low-complexity 
algorithms that are amenable to distributed 
implementation are desirable. In this direction, 
many scheduling algorithms have been 
developed.  Randomized Maximal Scheduling 
(RMS) is one of them. A maximal schedule is a 
feasible schedule that no link can be added to 
without violating interference constraints. RMS 
randomly uses one of the maximal schedules. 
RMS also achieves a guaranteed fraction of the 
optimal throughput performance [9], which 
depends on the underlying network graph. 
 
Toward optimal performance in general network 
graph, a class of scheduling schemes called Pick-
and-Compare has attracted attention [10, 11]. A 
policy in this class picks a schedule at random, 
evaluates this and the current schedule by 
comparing their queue weighted rate sum, and 
chooses the one with the larger sum as the next 
schedule. A weakness of this approach is that the 
comparison process often incurs a large amount 
of message exchanges. This problem has been 
addressed by recently developed Carrier Sensing 
Multiple Access (CSMA) based scheduling 
policies [12, 13], which successfully replace the 
time-consuming comparison procedure with 
evolution of Markovian process using carrier-
sensing functionality. Both Pick-and-Compare 
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and CSMA based approaches suffer from high 
complexity and/or high packet delays. 
 
Another class of distributed scheduling schemes, 
called Queue-length based Random Access 
Scheduling policies, relies on local message 
exchanges to resolve contention [8, 14].  By 
adjusting each link’s attempt probability based 
on queue information in the link’s neighborhood, 
it provides explicit tradeoffs between efficiency 
and complexity.  
 
Although these distributed solutions are efficient, 
they have been designed under many 
assumptions that ignore important recent 
advances in wireless communication. Their 
extension to new technologies will be non-trivial, 
since their performance often relies on long-term 
evolution of the system, while many advanced 
radio techniques exploit instantaneous changes 
of system states.  
 
3. Opportunities and Challenges 
Efficient distributed scheduling can be developed 
using novel methodologies to exploit various 
wireless diversities. These diversities can 
originate from opportunistic scheduling, 
cooperative communications, multi-carrier multi-
channels, and smart antennas. 
 
• Opportunistic scheduling: the optimal 

solution that opportunistically utilizes the 

time-varying link rates has been developed 

by scheduling the set of links that maximizes 

the queue-weighted rate sum. However, in 

multi-hop networks, scalability and 

implementability demand that a low-

complexity decentralized solution be 

developed. Hence, how one can design 

efficient scheduling solutions that operate in 

a distributed manner is an interesting open 

question. 

 
• Multiple-input and multiple-output (MIMO): 

the use of multiple antennas at both the 

transmitter and the receiver end promises 

significant performance improvement in 

throughput and/or transmission range 

through spatial multiplexing. From a 

networking perspective, sub-channels (or 

streams) can be selectively used for efficient 

communication. 

 
• Cooperative communication: multiple links 

can cooperate to strengthen the received 

signal enhancing throughput by allowing 

high-rate modulation and coding schemes. 

Thus it can protect against packet losses in 

noisy wireless environment and provide new 

opportunities for efficient resource usage, 

improving capacity close to information 

theoretical bounds. 

 
• Smart antenna (directional antenna): signal 

radiation can be formed accordingly to 

control transmission power and interference 

between adjacent transmissions. By 

leveraging spatial locations of the 

transmitter and the receiver, smart antenna 

allows multiple capacity pipes to coexist in 

the same frequency band. 

 
Although these communication techniques boost 
the efficiency of radio spectrum, they add further 
complexities to the networking level, and incur 
additional difficulties in designing scheduling 
policies, especially, for systems that require 
distributed control. Therefore, we need to 
investigate the impact of new wireless diversities 
on network performance, where the diversities 
become available from practical issues or 
recently developed communication tools, and 
characterize the capacity improvement. Moving 
from centralization to distributed control, there 
are many practical issues including 
synchronization, information distribution, 
imperfect channel separation, and distributed 
decisions. They will be major challenges to 
practical application of new radio technologies. 
Studying fundamental difficulties in their 
practical implementations, we should design 
novel system architecture and scheduling 
algorithms that are amenable to distributed 
implementation as well as achieve high 
efficiency and low complexity. 
 
4. Summary 
Transfers of multimedia traffic over wireless 
networks are challenging due to limited 
resources available to wireless nodes. To extend 
network capacity close to the theoretical bounds, 
we need to investigate the impact of recently 
developed communication technologies that 
exploit wireless diversities on overall network 
performance in a networking perspective. In this 
paper, we overview the-state-of-the-art efficient 
resource allocation schemes of scheduling in 
multi-hop wireless networks, and explore the 
possibility of significant performance 
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improvement from promising wireless 
communication techniques such as opportunistic 
scheduling, MIMO, cooperative communications, 
and smart antennas.  
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1. Background 
Wireless data networks such as LTE and HDR 
are expected to support a wide variety of 
multimedia applications, e.g., instant messaging, 
Voice over IP (VoIP), and interactive 
multiplayer gaming. Due to the delay-sensitive 
nature of these applications, delay-sensitive 
scheduling is needed to meet their stringent delay 
requirements in packet transmission while 
achieving high throughput in the entire system. 
 
The scheduling problem is significantly more 
complicated in the presence of channel variation. 
Due to Doppler effect, the channel condition in 
3G/4G wireless networks tends to vary over time. 
Most wireless systems offer multi-rate capability 
by adapting the coding, modulation and                                                                                                
error correction schemes to channel conditions.  
For example, the current deployment of 1xEV-
DO (also known as High-Data-Rate (HDR)) 
provides 11 discrete data rates, ranging from 
38.4 Kbps to 2.4 Mbps. More importantly, the 
data rate varies over time at different speed. With 
moderate Doppler effect, the data rate variation 
can occur at a granularity of hundreds of time 
slots (one timeslot is 1.67 ms in the HDR 
system); With strong Doppler effect, the data 
rate can change for a few slots. 
 
The above channel characteristics have important 
implications for packet scheduling design, as can 
be illustrated by a comparison between the time-
granularity of channel variation and the delay 
requirements of typical delay-sensitive 
applications.  Following ITU-T recommendation 
G.114, the end-to-end delay required for VoIP is 
about hundreds of milliseconds. Furthermore, 
according to IEEE 802.1D, the typical end-to-
end delay for video traffic is about 200 ms. With 
such end-to-end delay requirements, the 
maximum delay at the base-station should be 
much smaller, say, tens of time slots. Within this 
time period, the wireless channel may exhibit 
two types of behaviors: almost constant (i.e., 
moderate Doppler effects), or rapidly changing 
in every timeslot (i.e., strong Doppler effects). 
We call them as slow time-varying channel and 
fast time-varying channel, respectively. 
Unfortunately, none of existing scheduling 
designs work well in both scenarios. 
 

2. Summary of result 
To address the previous challenge, we propose a 
scheduling discipline for delay-sensitive 
multimedia data. Performance of the scheduling 
discipline is relatively insensitive to the time-
granularity of the channel variation, as the actual 
scheduling discipline adapts to the variation 
speed automatically. We prove that the proposed 
discipline has a worst-case performance bound in 
the presence of both slow and fast time-varying 
channels. Specifically, 
 
1) A new scheduling discipline is proposed to 
adapt to the time-granularity of channel variation. 
The proposed policy achieves the adaptation by 
interaction among a suite of algorithms. The two 
algorithms developed in this work, 
OPT_UNDERLOAD and ED-EDF, perform 
well in slow time-varying situations, while the 
Greedy algorithm performs better in fast time-
varying situations.  When using the proposed 
policy, the scheduler will differentiate a slow 
time-varying period from the fast varying period, 
and employs the best algorithm for each period.  
 
2) Performance of the proposed scheduling 
discipline is insensitive to traffic load in the 
system.  When the scheduler is under-loaded, we 
develop the algorithm OPT_UNDERLOAD to 
achieve optimality. When the scheduler becomes 
over-loaded, since packet dropping is inevitable, 
we develop an algorithm called Early-Dropping 
EDF (ED-EDF) to decrease the dropped 
throughput. ED-EDF achieves this goal by an 
intelligent packet dropping mechanism whenever 
over-load occurs.  We prove that the ratio of 
dropped throughput between ED-EDF and the 
optimal solution is bounded by a constant. From 
this perspective, ED-EDF outperforms both plain 
EDF and Greedy, since both of them have 
unbounded ratios. 
 
The proposed scheduling policy is evaluated via 
both analysis and simulations. Through analysis, 
we show that when both slow and fast time-
varying periods exist, the proposed policy 
achieves a higher worst-case performance bound 
than the popular EDF and the Greedy algorithm. 
Simulation results demonstrate that  the proposed 
scheduling discipline can better tolerate channel 
variations  than the existing approaches such as 
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EDF [1]  and the Greedy algorithm [2]. 
 
3. Scheduling discipline 
 
 

Is PT empty?

Use ED−EDF to reschedule PT

Transmit packets based on the schedule

PT been fully scheduled?

Use greedy strategy to schedule unscheduled packets

Determine slow time−varying period T

Input: buffered packets and channel prediction

NO

deadline within T. Denote them by PT
Among F, find out all packets with

YES

YES YES

NONO

overloaded within T?
Is the system lightly

Optimally schedule PT within T

Algo OPT_UNDERLOAD

Algo CHECK_OVERLOAD

Algo ED−EDF
(Section V)

(Section VI)

(Section IV)

Greedy algorithm
(Section VII)

 
Figure 1. Diagram of proposed scheduling 
discipline 
 
The proposed scheduling policy consists of a 
suite of algorithms. The most salient feature of 
this policy is its adaptation to channel variation. 
More specifically, it differentiates slow channel-
varying periods, where the rates of individual 
flows do not change, from fast channel-varying 
periods, where the rate set of flows is not 
constant. Scheduling decisions are made 
accordingly based on the channel status. 
Furthermore, our scheduling policy also adapts 
to the network load by changing the scheduling 
strategies under different levels of load. It checks 
the schedulability of packets in the slow channel-
varying period. If the packets are schedulable, it 
determines the best algorithm to maximize 
system throughput. Otherwise, it employs 
algorithms that minimize the dropped throughput.   
The outline of the discipline is shown in Figure 1. 
Several key design components are as following: 
 
Differentiating slow and fast: At the beginning 
of the scheduling period in each time-slot t, the 
base station uses channel prediction to recognize 
a slow channel-varying period if it exists. All 
packets in the buffer with deadline falling into [t, 
t+T] will be identified and denoted as a set P_T. 

Scheduling in slow channel-varying period: It 
is known that in a slow channel-varying period, 
if the packets are schedulable, there exists a 
linear-complexity optimal scheduling algorithm; 
Otherwise, the optimal algorithm is NP-hard. 
Therefore, the scheduling decision in this period 
is made by the following two steps: 
 

1. The scheduler first assumes that all packets 
are schedulable, and uses a linear algorithm 
OPT_UNDERLOAD to schedule P_T. If 
there exist some packets in P_T that cannot 
be scheduled before their deadlines, the 
scheduler realizes that P_T is not 
schedulable, and it has to drop some packets 
and goes to the next step. 

2. In unschedulable cases, the scheduler uses 
the algorithm CHECK_OVERLOAD to 
estimate the over-load on the system. The 
actual strategy depends on an estimate of the 
load. 

 
Scheduling in fast channel-varying period: 
After the scheduling in slow channel-varying 
period is done, the scheduler uses the Greedy 
algorithm to schedule the remaining packets 
within the fast channel-varying period. 
 
4. Conclusion 
We propose a scheduling policy to schedule  
delay-sensitive data over time-varying wireless 
channels. The advantages of our proposed 
scheduling policy are that it is insensitive to the 
time-granularity of channel variation, works 
optimally in under-loaded situations, and is 
consistently better than related work in over-
loaded situations.  The overall performance of 
our scheduling policy is consistently superior to 
existing algorithms. More details of this work is 
referred to [3]. 
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1. Introduction 
The Internet has grown into a tremendously large 
and complex system. Furthermore, an increasing 
fraction of the Internet becomes wireless, most 
noticeable through wireless LANs (WLANs) that 
have been widely deployed at homes, in 
university campus and enterprise networks. 
Because of its size, complexity and heterogeneity, 
understanding the Internet through direct 
measurements has proved to be very difficult. On 
the other hand, inferring network characteristics 
through active or passive measurement has 
proven to be an effective technique [1,2,3]. In 
this letter, we describe two approaches to 
inferring an end user’s connection type. The first 
infers a user’s connection type through light-
weight active measurements [4]; while the 
second one determines whether a user uses 
Ethernet or wireless LAN to connect to the 
Internet through passive measurement at the edge 
of a local area network [6]. Determining a user’s 
connection type is important for a number of 
reasons. For instance, in multimedia streaming, a 
server may determine what content to stream to a 
client depending on the client’s connection type. 
It is also useful for overlay networks and peer-to-
peer networks - after identifying the connection 
type, a peer can choose nodes with Ethernet 
connections to be neighbors, and a super-node 
can choose those with Ethernet connections to be 
overlay nodes or place them at higher levels of a 
multicast tree. 
 
2. Classification of Access Networks through 
Active Measurements 
Accurate connection type classification is not an 
easy task. It is often not possible for an end 
system to reliably report its connection type. This 
is mainly due to two reasons. First, the end 
system may not know its connection type. For 
instance, a laptop connected to a cable or ADSL 
modem through a wireless connection would 
mistakenly report WLAN (instead of cable or 
ADSL) as its connection type. Second, an end 
system may have incentives to conceal its 
connection type, and a compromised machine 
may also report its connection type inaccurately 
(e.g., to degrade the performance of an overlay 
network). 
 
In [4], we propose a simple and efficient scheme 

to classify access networks into three categories: 
Ethernet, WLAN, and low-bandwidth connection 
(cable, ADSL or dialup). Our algorithm uses 
packet pairs (a packet pair contains two back-to-
back packets) and is based on the intrinsic 
characteristics of the various connection types. It 
works roughly as follows. If node A needs to 
determine the connection type of node B, A asks 
B to send it a sequence of packet pairs. Then 
node A determines B's connection type based on 
the median and entropy of the inter-arrival times 
of the packet pairs.  
 
The intuition behind using median and entropy 
of packet-pair inter-arrival times is as follows. 
Median is useful for differentiating low-
bandwidth and high-bandwidth connections - a 
low-bandwidth connection tends to produce a 
larger median value than a high-bandwidth 
connection. Entropy tracks the amount of 
randomness inherent in an access network: in a 
WLAN, a packet pair from a wireless station is 
separated by a random backoff duration, even 
when the channel has no contention or 
transmission errors; in a cable network, a packet 
pair from a cable user is also separated by a 
random backoff duration for resolving contention 
among the users; the other types of connections 
do not use random backoff or the effect of 
random backoff is negligible. 
 
We derive classification rules to different 
Ethernet, WLAN and low-bandwidth users based 
on median and entropy based on analytical 
analysis and empirical study over the Internet. 
Large-scale experiments over 10 countries 
demonstrate that our scheme obtains accurate 
classification results in a very short time (95% 
accuracy in 2 seconds, with 10 packet pairs). 
 
3. Online Passive Classification of Ethernet 
and Wireless Connections 
Differentiating WLAN and Ethernet traffic in a 
local area network cannot be achieved based on 
IP addresses. This is because a network 
administrator may not allocate separate IP 
address pools for wired and wireless hosts. Even 
if there were separate pools, a host with an 
address from the wired address pool may act as a 
NAT box for a set of wireless hosts, or install a 
wireless router and becomes a wireless host.  
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In [6], we propose an online passive approach to 
differentiate WLAN and Ethernet traffic based 
on packet headers collected at an aggregation 
point  (e.g., the gateway router) of the network. 
Through an analysis that exploits fundamental 
properties of the 802.11 CSMA/CA MAC 
protocol and the half duplex nature of wireless 
channels, we first demonstrate that using TCP 
ACK-pairs (i.e., a pair of ACKs that correspond 
to two data packets that arrive at the 
measurement point close in time; it is a concept 
that we introduced in [5]) can effectively 
differentiate Ethernet and wireless connections.  
We develop two online algorithms to detect 
wireless traffic. Both algorithms use sequential 
hypothesis tests and make prompt decisions as 
TCP ACK-pairs are observed at the monitoring 
point. One algorithm requires training data, while 
the other does not. We have built a system for 
online detection of wireless traffic using the 
above algorithms and deployed it at the gateway 
router of the University of Massachusetts, 
Amherst (UMass). Extensive experiments in 
various scenarios have demonstrated the 
effectiveness of our algorithms: (1) The 
algorithm that requires training makes detections 
mostly within 10 seconds, and the false positive 
and false negative ratios are close to zero; (2) 
The algorithm that does not require training 
detects 60%-76% of the wireless hosts without 
any false positives; and (3) Both algorithms have 
computation and storage overhead well within 
the capability of commodity equipment. We 
further demonstrate that our scheme can detect 
connection-type switchings and wireless 
networks behind a NAT box, and it is effective 
even when end hosts have high CPU, disk or 
network utilizations. 
 
4. Conclusions 
Inferring network characteristic through active or 
passive measurements are useful for many 
applications.  We presented two techniques to 
differentiate a user’s connection type. The first 
technique uses active packet pairs that are sent 
from a client to a server, and is based on the 
median and entropy of inter-arrival times of the 
ACK pairs at the server. The second uses passive 
measurements collected at an aggregation point 
of a network, and applies sequential hypothesis 
testing over the inter-ACK times (the inter-
arrival times of the ACK pairs).  We envision 
many other network characteristics can be 
inferred through measurements of the network, 
and will benefit a wide range of applications. 
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1. Event Detection in Sports Video 
Sports video is a popular genre in broadcast 
television media. It has a large audience base and 
extensive production sources. As online video 
services and applications become gradually 
adopted, new tools and systems for adding 
innovative functionalities are needed. One 
specific need is to generate Table of Contents 
and summaries of long sports programs, such as 
baseball videos. Such information is useful for 
helping users navigate through large collections 
of sports video sources and access segments of 
video with specific interest to users.  

Previous systems use audio-visual features to 
detect the events in sports videos. For example, 
Gong et al [1] developed system for soccer video 
parsing, which is based on location recognition 
and ball presence detection. Sudhir et al [2] 
focused on tennis video analysis, They use court 
line detection and player tracking, which are 
combined using high level reasoning scheme to 
extract tennis play events. R.Yong et al [3] 
presented a system for baseball video highlight 
detection. Their system use audio features to 
detect the excited speech and pitch hit detection. 
A multi-channel fusion process is conducted to 
generate the highlights. D. Zhong et al [4] uses 
object segmentation and layout matching to 
achieve pitching view detection. Domain models 
are also learned and used for detecting canonical 
views in baseball and tennis videos. L. Xie [5] et 
al presents a system for structure analysis of 
soccer video by play and break classification. 
They use color, motion features and Hidden 
Markov Models. 
 
These systems achieve encouraging results for 
video indexing. However the limitation of these 
systems is that they are unable to detect the high-
level semantic events, such as score and strike 
out. For video summarization services, it is 
important to provide such crucial information to 
end-users. In this paper, we present a 
methodology to extract such semantic events 
from sports videos through superimposed 
caption box detection, analysis and recognition. 
Such superimposed caption based sports 
summarization system can be used in many 
application scenarios. For example, generating 

sports video previews for online sports video 
watchers. In this paper, we highlight the issues 
and solutions for such a superimposed caption 
recognition based event detection system.  

 
2. Caption Box Detection and recognition 
In sports videos, superimposed caption text that 
contains import game status information is often 
put in a caption box, which is superimposed on 
the video during the video post-processing stage. 
Figure 1. shows some examples of the caption 
boxes in baseball videos. In baseball videos, the 
caption boxes contain important game status 
information, such as inning, score, strike-ball 
count etc.  
 

            
 Figure 1. Caption boxes in baseball videos.  

The first step of the system is therefore to 
localize the caption boxes. Fortunately, in a 
sports video, the position of the caption box is 
usually fixed, and does not change over time 
during the program. Therefore, we can use a 
small video segment at the beginning of the 
video program to detect the location of the 
caption box. After the location of the caption box 
is detected, for the rest of the videos, we only 
need to detect whether or not the caption box is 
present in the detected location. The localization 
of the caption box is realized by extracting 
texture and motion features from the input video. 
The basic assumption is that the caption box is 
static and has high texture energy due to the text 
strokes. Therefore, by identifying and grouping 
the pixels that are static over time and have high 
texture energy, we can obtain a bounding box 
that encompasses the caption box, as shown in 
Figure 1. 
 
The next problem is to identify the text zones 
that correspond to specific game status 
information, such as score, strike-ball count in 
baseball videos. Automatic detecting the text 
zones is a bit challenging because the positions 
of the text zones are very different for sports 
videos from different channels. It is possible to 
identify the text zones according to the change 
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frequency of the content in the text zones. For 
example, in baseball videos, the strike-ball count 
changes much faster than the score number. 
However, in order to ensure the high accuracy of 
event detection, the text zone positions could be 
also obtained by user input. This can be done in 
per channel and per sports video type basis, 
therefore it does not require a lot of manual labor 
work. 
 
After the game status text zones are identified. 
Automatic text recognition can be performed 
within each zone. The recognition task is easier 
than general Optimal Character Recognition 
(OCR) in that only digits and a limited number 
of team names should be recognized. The 
recognition results can be further enhanced by 
enforcing temporal transition rules. For example, 
the score number is monotonically increasing. 
Such transition rules can be modeled as Hidden 
Markov Models [7]. 
 
2. Event Detection 
Event detection is realized by analyzing the 
recognized game status text within the caption 
boxes. For example, in baseball videos, two 
types of important events, score and last pitch, 
can be identified by analyzing the score and 
strike ball count numbers according to certain 
rules. For example, the increase of the score 
number indicates that the score event just 
happened.  
 
Although the caption text analysis should be able 
to give the results of whether or not certain 
events have already happened, it usually cannot 
identify the beginning and ending time points of 
the events. Therefore, the temporal boundaries of 
the events have to be identified by other means. 
One solution is to use extracted visual 
information to identify the event boundary. For 
example, in baseball videos, the beginning point 
of the pitch event can be identified by 
recognizing the pitch scenes[4], which have 
certain unique spatial layout. Once the event 
boundaries are identified, the detected events are 
associated to the event boundaries by analyzing 
the time of the event and the detected event 
boundaries.  
 
3. A Test System 
We built a test system using above described 
algorithms for baseball video event detection [7]. 
Two types of events are identified, including the 
last pitch and score events. The test video data 
include four baseball videos, three from US 

channels, and one from Taiwan channels. The 
total length of the videos is about 6 hours. The 
resolution of the videos is 352x240. For the 
score event identification, the accuracy is 100% 
accuracy with zero miss and zero false alarms. 
For the last pitch event recognition, we have 
5.3% miss and 6.4% false alarms. The 
performance results indicate the test system is 
highly accurate to identify the events in baseball 
videos. 
 
4. Conclusions 
Event detection is important for sports video 
summarization and preview generation 
applications. This paper presents methodologies 
for identifying the events in sports videos 
through superimposed caption box detection, 
analysis and recognition. The advantage of such 
system is its high accuracy to identify important 
semantic events in sports videos.  
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