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Message from MMTC Chair 
 

Dear MMTC colleagues: 

 

Wish you all a pleasant summer and new semester starts with a refreshed spirit. It has been a great honor for me 

to serve as the Asia vice-chair for this vital ComSoc Committee during the period 2012-2014. Supported by our 

community, our TC has made significant accomplishments in 2013 

 

First, ICME 2013 has been a great success in San Jose, California. The conference received 622 valid 

submissions, among which 79 were accepted as oral presentations and 110 were accepted as posters. As one of 

the sponsoring TCs, we have contributed one TPC co-chair (Dr. Weisi Lin from Nanyang Technological 

University), TPC area chairs and TPC committee members. On behalf of Dr. Jianwei Huang, I have chaired our 

TC meeting at ICME with more than 20 community leaders. The discussions and resulted suggestions at the TC 

meeting would shape how MMTC will be further improved in our operations.  

 

Second, supported by our IG leaders, Dr. Chonggang Wang and I have received more than 10 proposals on 

special issues. We are going through the list of proposals right now and hope to consolidate them into 4-6 high-

quality proposals. Our next step will be to connect each team with a senior mentor to ensure a high rate of 

acceptance. In the meantime, we welcome new proposals from our community on emerging topics in multimedia 

communications. 

 

Finally, I would like to offer an invitation to all the MMTC members to join the technical program committee of 

ICC 2014 Selected Area on Communication Symposium on Cloud Computing Track. The CFP can be found at 

http://www.ieee-icc.org/2014/Cloud_Computing.pdf. Representing MMTC, I will serve as the symposium chair 

for this SAC. If it aligns with your research interest, please kindly drop me a note to my email 

(ygwen@ntu.edu.sg).  

 

I would like to thank all the IG chairs and co-chairs for the work they have already done and will be doing for the 

success of MMTC and hope that any of you will find the proper IG of interest to get involved in our community! 

 

 
 

Yonggang Wen 

Asia Vice-Chair of Multimedia Communications TC of IEEE ComSoc 

Assistant Professor, School of Computer Engineering, Nanyang Technological University, Singapore  

http://www.ieee-icc.org/2014/Cloud_Computing.pdf
mailto:ygwen@ntu.edu.sg
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EMERGING TOPICS: SPECIAL ISSUE ON MULTIMEDIA STREAMING OVER 

MOBILE NETWORKS 

 

Guest Editors 

Sanjeev Mehrotra, Microsoft Research, USA, sanjeevm@microsoft.com  

Mohamed Hefeeda, Simon Fraser University, Canada, mhefeeda@cs.sfu.ca

With recent advances in technology, mobile networks 

such as Wi-Fi, 3G networks (e.g., UMTS, EVDO), and 

4G networks (LTE) are increasingly being used to 

access the Internet as they allow for ubiquitous 

connectivity.  At the same time, mobile devices such as 

smartphones, tablets, and even small form factor full-

featured laptops are making it practical and convenient 

for users to utilize a range of applications from 

anywhere at any time. 

 

The rapid adoption of both mobile networks and 

mobile devices makes it practical for users to enjoy a 

range of multimedia applications such as multimedia 

streaming and allowing for new multimedia scenarios 

such as gaming and virtual reality.   At the same time it 

also presents unique challenges since mobile networks 

are inherently different from classical networks in 

terms of available capacity, delay, loss, and variability. 

In addition, mobile devices often have stringent size, 

computational power, and energy constraints. 

 

This special issue of E-Letter focuses on recent 

advances in the broad area of multimedia streaming 

over mobile networks.  It is an honor to have five 

papers contributed by authors from leading academic 

and industrial labs  describing their recent research 

work in the mobile multimedia area. 

 

In the first article, titled “Recent and Future Trends in 

Mobile Video Streaming”, Nabil J. Sarhan from Wayne 

State University presents an overview of video 

streaming over mobile networks, and analyzes recent 

trends in mobile video streaming, and highlights 

several challenges in this area. He also presents an 

overview of adaptive streaming technologies, such as 

DASH, to deal with some of these challenges, and 

discusses methods used for content distribution in 

mobile networks. 

 

The second article, “Dynamic Adaptive Streaming over 

HTTP (DASH) Standardization at MPEG and 3GPP” 

by Ozgur Oyman from Intel Labs goes into further 

detail regarding adaptive streaming using DASH and 

its specific implementation in 3GPP.  The author also 

considers further DASH enhancements specifically 

relevant to mobile networks. 

 

In the third paper, “Energy-Efficient On-Demand 

Streaming in Mobile Cellular Networks”, Yong Cui, 

Xiao Ma, Jiangchuan Liu and Yayun Bao, authors from 

Tsinghua University and Simon Fraser University 

present work on an energy efficient design for media 

streaming applications over mobile cellular networks.  

Lyapunov optimization is used to optimally schedule 

traffic to multiple clients to minimize total energy cost 

to users subject to users’ QoE constraints.   The 

optimization considers both the energy cost required 

when receivers are in high energy radio states as well 

as the additional cost of tail states for each transmission 

burst. 

 

In the fourth paper, “A Marketplace for Mobile 

Applications Supporting Rich Multimedia Feeds” by 

Ngoc Do, Ye Zhao, Cheng-Hsin Hsu, and Nalini 

Venkatasubramanian, authors from University of 

California, Irvine and from National Tsing Hua 

University consider how to enhance the quality of 

service for multimedia applications by creating a 

marketplace where mobile users trade their residual 

data plan using short-range networking technology 

such as Bluetooth and Wi-Fi Direct.  The proposed 

marketplace is realized using a Lyapunov optimization 

framework. 

 

Shervin Shirmohammadi jointly affiliated with the 

University of Ottawa and Istanbul Sehir University 

presents the final paper, “Adaptive Streaming in 

Mobile Cloud Gaming” which considers a relatively 

new application for multimedia streaming which is 

online mobile gaming.  In the mobile gaming scenario, 

challenging network conditions and potential data 

limits may be present on mobile networks.  In addition, 

stringent CPU, memory, and battery life constraints 

may be present on the device.  The author discusses 

adaptation techniques to overcome these challenges. 
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As can be seen from the five papers, mobile networks 

and devices provide both opportunities for new 

multimedia streaming applications as well unique 

networking and device challenges which have to be 

overcome in order for multimedia streaming to work 

well. The high demands of multimedia applications 

coupled with the stringent constraints of mobile 

networks and devices require novel adaptation and 

optimization techniques to allow for good performance.  

Thus it provides an active and fruitful area for research. 

 

While this special issue is far from delivering complete 

coverage of the vast area of multimedia streaming over 

mobile networks, we hope the five papers give an 

overview of some of the exciting research going on in 

the field as well as provide an opportunity to explore 

and collaborate in related fields. 

 

We would like to thank the authors for their 

contribution in making this special issue a success as 

well as thank the E-letter board for making this issue 

possible. 

 

 

Sanjeev Mehrotra is a Principal 

Architect at Microsoft Research in 

Redmond, WA, USA.  He received his 

Ph.D. in electrical engineering from 

Stanford University in 2000.  He was 

previously the development manager 

for the audio codecs and DSP team in 

the core media processing technology 

team and led the development of WMA audio codec. 

He is the inventor of several audio and video codec 

technologies in use today and developed the initial 

prototype version of Microsoft’s Smooth Streaming. 

His work has shipped in numerous Microsoft products 

and standard codecs such as H.264 AVC. His research 

interests include multimedia communications and 

networking, multimedia compression, and large scale 

distributed systems.  Dr. Mehrotra is an author on over 

30 refereed journal and conference publications and is 

an author on over 70 US patent applications, out of 

which 35 have been issued. He was general co-chair 

and TPC chair for the Hot Topics in Mobile 

Multimedia (HotMM) workshop at ICME 2012 and is 

currently an associate editor for the Journal of Visual 

Communication and Image Representation.  He is a 

senior member of IEEE and is a recipient of the 

prestigious Microsoft Gold Star Award for his work on 

WMA codec. 

 

 

Mohamed Hefeeda received his 

Ph.D. from Purdue University, USA 

in 2004, and M.Sc. and B.Sc. from 

Mansoura University, Egypt in 1997 

and 1994, respectively.  He is an 

associate professor in the School of 

Computing Science, Simon Fraser 

University, Canada, where he leads the Network 

Systems Lab. His research interests include multimedia 

networking over wired and wireless networks, peer-to-

peer systems, mobile multimedia, and cloud computing.  

In 2011, he was awarded one of the prestigious 

NSERC Discovery Accelerator Supplements (DAS), 

which were granted to a selected group of researchers 

in all Science and Engineering disciplines in Canada. 

His research on efficient video streaming to mobile 

devices has been featured in multiple international 

news venues, including ACM Tech News, World 

Journal News, SFU NEWS, CTV British Columbia, 

and Omni-TV. He serves on the editorial boards of 

several premier journals such as the ACM Transactions 

on Multimedia Computing, Communications and 

Applications (TOMCCAP), and he has served on many 

technical program committees of major conferences in 

his research area, such as ACM Multimedia. Dr. 

Hefeeda has co-authored more than 70 refereed journal 

and conference papers and filed more than 14 patents 

from his research. He is a senior member of IEEE.
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Recent and Future Trends in Mobile Video Streaming 

 

Nabil J. Sarhan 

Wayne State University, Detroit, USA 

nabil@ece.eng.wayne.edu

1. Introduction 

Video streaming services to mobile and wireless 

devices, including smart phone and tablets, have 

recently grown greatly in popularity. Many wireless 

carriers currently offer on-demand and live video 

streaming services.  Unfortunately, the distribution of 

video streams faces a significant scalability challenge 

due to the high server and network requirements. 

Additionally, the mobile and wireless environment 

imposes other significant challenges. 

 

This paper discusses the current and future status of 

mobile video and the main challenges in mobile video 

streaming. It also discusses recent and future trends in 

the distribution of video streams to mobile devices.  

 

The rest of the paper is organized as follows. Section 2 

summarizes the current and future status of mobile data 

traffic. Subsequently, Section 3 discusses the main 

challenges in mobile video streaming. Sections 4 and 5 

discuss the recent and future trends in mobile video 

streaming, respectively.  

 

2.  Trends in Mobile Traffic 

A 2013 report by Cisco on global mobile data traffic 

forecast demonstrates a huge increase in mobile traffic 

in general and mobile video traffic in particular [1].  

The trends of mobile data traffic in 2012 can be 

summarized as follows: 

 The global mobile data traffic grew by 70 

percent and was approximately 12 times the 

size of the entire Internet in 2000. 

 Nearly a third of that traffic was offloaded 

onto fixed networks through Wi-Fi or 

femtocell. 

 Mobile video traffic was 51 percent of the 

mobile data traffic. 

 The speeds of mobile network connections 

more than doubled. 

 Although 4G connections represent less 1% 

percent of mobile connections, they account 

for nearly 15 percent of the mobile data traffic. 

 

The report’s forecast for 2017 is not less dramatic.   

 Two-thirds of the global mobile data traffic 

will be video. 

 The traffic generated by mobile-connected 

tablets will exceed that of the entire mobile 

network in 2012. 

 4G connections will represent 10 percent of all 

connections and will account for 45 percent of 

the traffic. 

 

With the rising popularity of mobile video, the higher 

connection speeds, and the wider spectrum of devices 

offered and used, the development of high quality video 

streaming services will become increasingly more 

important in the future.  

 

3.  Main Challenges in Mobile Video Streaming 

Mobile video streaming faces significant challenges. 

First, delivering video streaming to a huge number of 

users is very demanding of server and network 

resources.  Video streams require high data transfer 

rates and thus high bandwidth capacities and must be 

received continuously in time with minimal delay. 

Second, supporting heterogonous receivers with 

varying capabilities is hard to achieve efficiently. 

Mobile devices vary greatly in their capabilities, 

including screen resolution, computational power, and 

download bandwidth. Third, the unique characteristics 

of the wireless and mobile environment should be 

considered. These characteristics include noise, multi-

path interference, mobility, and subsequently dynamic 

network conditions, and great variations in the actual 

download bandwidth over time. 

 

4. Recent Trends in Distribution of Mobile Video 

Streams 

The most common approach currently used for 

addressing the scalability challenge in video streaming 

is Content Delivery Networks (CDNs).  As illustrated in 

Figure 1, the content in the origin server(s) is 

automatically stored in surrogate servers, located in 

many cities around the world. Therefore, the user’s 

request for streaming a video is transparently 

transferred to a surrogate server close to the user’s 

geographical location. The delivery of the content by a 

server close to the user leads to fast and reliable video 

streaming and reduces the contention on the Internet [2]. 

An accounting mechanism is typically employed to 

relay access information and detailed logs to the origin 

server(s). 
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Figure 1: An Illustration of a Simple Content Delivery 

Network with Many Distributed Servers  

 

To address the dynamic network and channel 

conditions and to support devices with varying 

resources (such as download bandwidth and screen 

resolution), many mobile video streaming services that 

are provided by wireless carriers started to adopt 

Dynamic Adaptive Streaming over HTTP (DASH), also 

known as MPEG-DASH. DASH uses HTTP because it 

is widely deployed in all Web servers and thus provides 

ease of development. In addition, HTTP allows the use 

of CDNs and offers firewall friendliness.  The MPEG-

DASH standard, published as ISO/IEC 23009-1:2012 in 

April 2012, allows interoperability between devices and 

servers of various vendors [3]. 

 

With DASH, videos are stored with different levels of 

quality, and users dynamically switch to the appropriate 

quality level based on the current device state and their 

preferences.  More specifically, the video is encoded 

into video streams with different bitrates. Subsequently, 

the video streams are partitioned into segments.  These 

segments are then hosted on origin server(s), along with 

metadata information describing the relationships 

among segments and how they collectively form a 

media presentation. This information is referred to as 

Media Presentation Description (MPD). The client 

fully controls the streaming session by making HTTP 

requests to selected segments at different times. 

Therefore, most of the intelligence is at the client, 

freeing the server from containing state information for 

the clients. For further details about DASH, please refer 

to [3, 4] and   ISO/IEC 23009-1:2012. 

 

5. Future Trends in Video Distribution 
As discussed earlier, the main approach that has been 

used for addressing the scalability challenge is CDNs. 

Another approach is Peer-to-Peer (P2P). While the first 

approach requires maintaining a huge number of 

geographically distributed servers, the second still relies 

heavily on central servers [5, 6]. Both these approaches 

mitigate the scalability problem but do not eliminate it 

because the fundamental problem is due to unicast 

delivery [6]. Multicast is highly effective in delivering 

high-interest and high-usage content and in handling 

flash crowds. Recently, there has been a growing 

interest in enabling native multicast to support high-

quality on-demand video distribution, IPTV, and other 

major applications [6, 7]. 

 

Multicast-based video delivery can be used to provide a 

true solution for the scalability problem. This delivery 

can be done on a client-pull or a server-push fashion, 

depending on whether the channels are allocated on 

demand or reserved in advance, respectively. The first 

category includes stream merging [8] (and references 

within), which reduces the delivery cost by aggregating 

clients into larger groups that share the same multicast 

streams. The achieved degrees of resource sharing 

depend greatly on how the waiting requests are 

scheduled for service. The second category consists of 

Periodic Broadcasting techniques [9] (and references 

within), which divide each video file into multiple 

segments and broadcast each segment periodically on 

dedicated server channels.  

 

In contrast with stream merging, periodic broadcasting 

is cost-performance effective for highly popular content 

but leads to channel underutilization when the request 

arrival rate is not sufficiently high. Stream merging 

works well even for lower arrival rates. The most 

effective stream merging technique is Earliest 

Reachable Merge Target (ERMT) [10]. It is a near 

optimal hierarchical stream merging technique, which 

allows streams to merge unlimited number of times, 

leading to a dynamic merge tree. Specifically,  a new 

user or a newly merged user group snoops on the 

closest stream that it can merge with if no later arrivals 

preemptively catch them [10]. To satisfy the needs of 

the new user, the target stream may be extended, and 

this extension may change that stream’s merging target 

[8].  

 

The practical use of stream merging has been hindered 

by few complications. First, user interactions (such as 

pause and jump) cause requests to leave ongoing 

streams, thereby negatively impacting the stream 

merging process and complicating the server design. 

Second, supporting heterogonous receivers becomes 

complicated. Third, supporting video advertisements 

along with premium video content is also complicated 

when stream merging is employed.   

 

Fortunately, recent work has addressed most of these 

challenges [8, 9, 11, 12], and thus multicast-based video 

delivery is becoming more viable. 

 

6. Conclusion 

The interest in mobile video has increased dramatically, 

and mobile video is expected to account for two-thirds 
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of the global mobile data traffic in 2016. In this paper, 

we have discussed the main challenges in mobile video 

streaming. We have also argued that while DASH 

coupled with CDN will offer the best solution for 

mobile video streaming in the near future, multicast-

based video delivery will likely become more viable in 

the long term.  
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Dynamic Adaptive Streaming over HTTP (DASH)  

Standardization at MPEG and 3GPP 

 

Ozgur Oyman, Intel Labs, Santa Clara, CA, USA (ozgur.oyman@intel.com)

1. Introduction on DASH 
 

HTTP adaptive streaming, which has recently been 

spreading as a form of internet video delivery with the 

recent deployments of proprietary solutions such as 

Apple HTTP Live Streaming, Microsoft Smooth 

Streaming and Adobe HTTP Dynamic Streaming, and 

is expected to be deployed more broadly over the next 

few years. Several important factors have influenced 

this transition to HTTP streaming, including: (i) broad 

market adoption of HTTP and TCP/IP protocols to 

support majority of the internet services offered today, 

(ii) HTTP-based delivery avoids NAT and firewall 

traversal issues, (iii) HTTP-based (non-adaptive) 

progressive download solutions are already broadly 

deployed today, and these can conveniently be 

upgraded to support adaptive streaming,  and (iv) 

ability to use standards HTTP servers and caches 

instead of specialized streaming servers, allowing for 

the reuse of the existing infrastructure and thereby 

providing better scalability and cost effectiveness.  

 

In the meantime, the standardization of HTTP 

Adaptive Streaming has also made great progress with 

the recent completion of technical specifications by 

various standards bodies. In particular, Dynamic 

Adaptive Streaming over HTTP (DASH) has recently 

been standardized by Moving Picture Experts Group 

(MPEG) and Third Generation Partnership Project 

(3GPP) as a converged format for video streaming 

[1,2], and the standard has been adopted by other 

organizations including Digital Living Network 

Alliance (DLNA), Open IPTV Forum (OIPF), Digital 

Entertainment Content Ecosystem (DECE), World-

Wide Web Consortium (W3C) and Hybrid Broadcast 

Broadband TV (HbbTV). DASH today is endorsed by 

an ecosystem of over 50 member companies at the 

DASH Industry Forum. 

 

2. Technical Overview of DASH 

 

The scope of both MPEG and 3GPP DASH 

specifications [1,2] includes a normative definition of a 

media presentation or manifest format (for DASH 

access client), a normative definition of the segment 

formats (for media engine), a normative definition of 

the delivery protocol used for the delivery of segments, 

namely HTTP/1.1, and an informative description on 

how a DASH client may use the provided information 

to establish a streaming service. This section will 

provide a technical overview of the key parts of the 

DASH-based server-client interfaces which are part of 

MPEG and 3GPP DASH standards. More 

comprehensive tutorials on various MPEG and 3GPP 

DASH features can be found in [3]-[5]. 

 

The DASH framework between a client and web/media 

server is depicted in Figure 1. The media preparation 

process generates segments that contain different 

encoded versions of one or several of the media 

components of the media content. The segments are 

then hosted on one or several media origin servers 

along with the media presentation description (MPD), 

that characterizes the structure and features of the 

media presentation, and provides sufficient information 

to a client for adaptive streaming of the content by 

downloading the media segments from the server over 

HTTP. The MPD describes the various representations 

of the media components (e.g., bitrates, resolutions, 

codecs, etc.) and HTTP URLs of the corresponding 

media segments, timing relationships across the 

segments and how they are mapped into media 

presentation.  

 
Figure 1 – Server-client interface for DASH-based 

streaming. 

 

The MPD is an XML-based document containing 

information on the content based on a hierarchical data 

model as depicted in Figure 2: Each Period consists of 

one or more Adaptation Sets. An adaptation set 

contains interchangeable / alternate encodings of one or 

more media content components encapsulated in 

Representations, e.g., an adaptation set for video, one 
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for primary audio, one for secondary audio, one for 

captions, etc.   In other words, Representations 

encapsulate media streams that are considered to be 

perceptually equivalent.  Typically, dynamic switching 

happens across Representations within one Adaptation 

Set. Segment Alignment permits non-overlapping 

decoding and presentation of segments from different 

Representations. Stream Access Points (SAPs) indicate 

presentation times and positions in segments at which 

random access and switching can occur. DASH also 

uses a simplified version of XLink in order to allow 

loading parts of the MPD (e.g., periods) in real time 

from a remote location. The MPD can be static or 

dynamic: A dynamic MPD (e.g., for live presentations) 

also provides segment availability start time and end 

time, approximate media start time, and the fixed or 

variable duration of segments. It can change and will 

be periodically reloaded by the client, while a static 

MPD is valid for the whole presentation. Static MPD’s 

are a good fit for video-on-demand applications, 

whereas dynamic MPD’s are used for live and PVR 

applications. 

 

 
Figure 2 – DASH Media Presentation Description 

(MPD) hierarchical data model. 

 

A DASH segment constitutes the entity body of the 

response when issuing a HTTP GET or a partial HTTP 

GET requests and is the minimal individually 

addressable unit of data. DASH segment formats are 

defined for the ISO Base Media File Format and 

MPEG2 Transport Stream formats. A Media Segment 

contains media components and is assigned an MPD 

URL Element and a start time in the media presentation. 

Segment URLs can be provided in the MPD in the 

form of exact URLs (segment list) or in the form of 

templates constructed via temporal or numerical 

indexing of segments. Dynamic construction of URLs 

is also possible, by combining parts of the URL (base 

URLs) that appear at different levels of the hierarchy. 

Each media segment also contains at least one SAP 

point, which is a random access or switch-to point in 

the media stream where decoding can start using only 

data from that point forward. An Initialization Segment 

contains initialization information for accessing media 

segments contained in a Representation and does not 

itself contain media data. Index segments, which may 

appear either as side files, or within the media 

segments, contain timing and random access 

information, including media time vs. byte range 

relationships of sub-segments. 

 

DASH provides the ability to the client to fully control 

the streaming session, i.e., it can intelligently manage 

the on-time request and smooth playout of the 

sequence of segments, potentially adjusting bitrates or 

other attributes in a seamless manner. The client can 

automatically choose initial content rate to match 

initial available bandwidth and dynamically switch 

between different bitrate representations of the 

media content as the available bandwidth changes. 

Hence, DASH allows fast adaptation to changing 

network and link conditions, user preferences and 

device states (e.g., display resolution, CPU, 

memory resources, etc.). Such dynamic adaptation 

provides better user quality of experience (QoE), 

with higher video quality, shorter startup delays, 

fewer re-buffering events, etc.  

  

3. MPEG and 3GPP DASH Standards 
 

At MPEG, DASH was standardized by the Systems 

Sub-Group, with the activity beginning in 2010, 

becoming a Draft International Standard in January 

2011, and an International Standard in November 2011. 

The MPEG-DASH standard [1] was published as 

ISO/IEC 23009-1:2012 in April, 2012. In addition to 

the definition of media presentation and segment 

formats standardized in [1], MPEG has also developed 

additional specifications [8]-[10] on aspects of 

implementation guidelines, conformance and reference 

software and segment encryption and authentication. 

Toward enabling interoperability and conformance, 

DASH also includes profiles as a set of restrictions on 

the offered media presentation description (MPD) and 

segments based on the ISO Base Media File Format 

(ISO-BMFF) [7] and MPEG-2 Transport Streams [6], 

as depicted in Figure 3. In the meantime, MPEG 

DASH is codec agnostic and supports both multiplexed 

and un-multiplexed encoded content. Currently, MPEG 

is also pursuing several core experiments toward 

identifying further DASH enhancements, such as 

signaling of quality information, DASH authentication, 

server and network assisted DASH operation, 
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controlling DASH client behavior and spatial 

relationship descriptions. 

 

   
Figure 3 – MPEG DASH Profiles 

 

At 3GPP, DASH was standardized by the 3GPP SA4 

Working Group, with the activity beginning in April 

2009 and Release 9 work with updates to Technical 

Specification (TS) 26.234 on the Packet Switched 

Streaming Service (PSS) [11] and TS 26.244 on the 

3GPP File Format [12] completed in March 2010. 

During Release 10 development, a new specification 

TS 26.247 on 3GPP DASH [2] has been finalized in 

June 2011, which is a compatible profile of MPEG-

DASH based on the ISOBMFF format. In conjunction 

with a core DASH specification, 3GPP DASH also 

includes additional system-level aspects, such as codec 

and Digital Rights Management (DRM) profiles, 

device capability exchange signaling and Quality of 

Experience (QoE) reporting. Since Release 11, 3GPP 

has been studying further enhancements to DASH and 

toward this purpose collecting new use cases and 

requirements, as well as operational and deployment 

guidelines. Some of the documented use cases in the 

related Technical Report (TR) 26.938 [14] include: 

Operator control for DASH, e.g., for QoE/QoS 

handling, advanced support for live services, DASH as 

a download format for push-based delivery services, 

enhanced ad insertion support, enhancements for fast 

startup and advanced trick play modes, improved 

operation with proxy caches, multimedia broadcast and 

multicast service (MBMS) [13] assisted DASH 

services with content caching at the UEs, handling 

special content over DASH and enforcing specific 

client behaviors, and use cases on DASH 

authentication. 
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I. Introduction 

With the rapid development of wireless access 

technologies and mobile terminals (e.g. tablet, 

smartphone), end users are able to enjoy abundant 

applications with heavy workload on mobile platforms 

from anywhere at anytime. However, due to limited 

terminal size and portable requirement, mobile devices 

are difficult to provide sufficient computation and 

battery capacity, hence making the Quality of 

Experience (QoE) of mobile platform applications hard 

to guarantee [1]. 

 

Among the different sorts of heavy-workload 

applications, media streaming is a representative one 

[2]. Since media content needs to be transmitted, 

decoded and played on mobile devices, the energy of 

both wireless network interface, processor and screen 

is cost during the entire process. Recent literature has 

shown that transmission costs up to 50% of total 

energy on average [3, 4]. In the literature, media 

content encoding/decoding [5, 6] or traffic shaping [7, 

8] are usually employed to reduce transmission energy 

cost. The former one needs to modify the media 

encoding/decoding pattern to reduce the amount of 

transmission or change the traffic pattern in a more 

energy-efficient way, while the latter one is transparent 

to both source and destination and is more flexible to 

multiple video/audio encoding/decoding formats. 

 

In the last one decade, 4G LTE standardized by 3GPP 

[9] has witnessed a rapid development. With the 

advantages as high speed, wide coverage range, etc., it 

has attracted an increasing number of researchers to 

devote themselves to it. However, recent literature has 

shown that both 3G and 4G LTE are not adapt for 

media streaming transmission from energy 

consumption perspective [10, 11]. The power control 

mechanisms of 3G (RRC) and 4G (DRX/DTX) both 

have their inherent limitations that make the wastage of 

energy even more severe. For instance, the 

inappropriate setting of the inactivity timer could 

increase tail energy cost by nearly 60% percentage in 

3G network [12]. Moreover, real-environment 

experiments have shown that the signal strength of 

cellular radio can also significantly influence the unit 

transmission energy cost per bit. According to 

Bartender [13], when the signal is weak, the energy  

Media content 
database

Application
server

BTS/Node B

BTS/Node B
RNC

I
N
T
E
R
N
E
T

Cellular 
network

GGSN Load
Balancer

Local
proxy

Local
proxy

Proxy

Player

 
Figure 1. System Architecture 

 
consumed per bit is as much as 6x higher than when it 

is strong. Therefore, the traffic scheduling objective is 

to make transmission happens during superior network 

condition and to avoid too many tail states. 

 

In this paper, we consider energy efficient design of 

media streaming applications in mobile cellular 

networks. Particularly, since the energy saving in our 

solution is achieved by traffic scheduling, to ensure 

sufficient schedulable time interval, on demand video 

streaming is considered as the objective application 

since the server possesses the entire media content at 

the beginning of the scheduling process. We employ 

proxy-based traffic shaping in our solution to avoid 

transmission during high energy-consuming radio state 

and to reduce unnecessary occurrence of tail energy 

state. To ensure high quality of experience (QoE) of 

streaming user, we propose a deadline-based strategy. 

However, since the performance is based on accurate 

signal strength prediction and it may cause too many 

tail states, we further employ Lyapunov Optimization 

as a tool to solve multi-client traffic scheduling 

problem to achieve the objective of minimizing total 

energy cost and guaranteeing users’ QoE 

simultaneously. Simulation result has shown that our 

scheme can achieve a feasible tradeoff between the 

QoE of media streaming applications and the energy 

saving of mobile clients. 

 

II. System Architecture 

In this section, we intend to illustrate the basic idea of 

our scheduling mechanism: traffic shaping by proxy 

between media streaming server and client to make 

transmission happens during superior network 

condition; and control the number of bursts to avoid  
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Figure 2. An example of traffic shaping 

 

too much energy wasted by tail state. Figure 1 

illustrates our basic system architecture. It mainly 

consists of a Load Balancer (LB), several Local 

Proxies (LPs) and client-side proxy (CP) locating on 

each mobile client. 

 

Local proxy locates behind each base station 

(BTS)/Node B and is responsible for shaping the 

streaming traffic directed to each client within the 

coverage area of the BTS according to the signal 

strength of each client. Therefore, client-side proxy 

should transmit its signal strength variation to the local 

proxy hence the proxy can make scheduling decision in 

a more energy-efficient way. Since caching streaming 

data on local proxy may cause congestion from 

network operator perspective, a load balancer is 

involved in mobile backbone network to dynamically 

schedule traffic among different BTSs.  

 

While deferring traffic to avoid bad-signal periods is a 

simple idea, it has many potential problems. First, 

media streaming is delay-sensitive, how to ensure 

user’s quality of experience during the entire 

scheduling process is a problem. Second, after traffic 

shaping, the original continuous traffic may be broken 

into several traffic bursts, which may cause more time 

of cellular radio spent on tail state. Third, consider 

multiple clients locating within the coverage area of 

one base station and require media content 

simultaneously, the signal strength based scheduling 

may lead to traffic distribution imbalance on base 

station hence the channel resource is not sufficiently 

utilized. In this paper, we intend to design a longterm 

online optimization to achieve high QoE and low 

energy consumption and make the system stable. 

 

Figure 2 provides a simple example of our traffic 

shaping mechanism. The sub-figure on the top is the 

signal strength variation from 0s to 180s. Without 

traffic shaping, the entire transmission may perform 

like the figure in the middle. Since signal strength also 

has an impact on throughput, the variation trend of 

throughput is consistent with that of signal strength. 

There is only one tail state since the transmission is not 

interrupted. If traffic shaping is enabled, the 

transmission from 20s to 100s is deferred to avoid bad-

signal period, two tail states are incurred. If the energy 

cost by one additional tail state is lower than the energy 

wasted by transmitting during bad-signal period and 

the QoE can be guaranteed throughout the entire 

process, traffic shaping obtains positive profit. 

Furthermore, if the user is extremely power hungry, the 

energy saving can be achieved even more under 

sacrificing a portion of QoE. 

 

III. Solution Analysis 

During the entire transmission process on local proxy, 

the cached media content cannot be infinitely delayed 

since otherwise the user-side playback may be stuttered. 

If the video/audio playback rate is obtained by local 

proxy, the deadline of each data packet can be 

predicted by the proxy. We define the schedulable time 

duration of a data packet to be the time from entering 

local proxy to the deadline. Therefore, a simple 

strategy would be to choose the time slot within the 

schedulable time duration in which the signal strength 

is better. However, this strategy may need to predict 

the signal strength in the near future, the effect highly 

relies on the accuracy of the prediction. Moreover, it 

does not consider the overhead brought in by additional 

tail states (since one continuous flow is broken into 

multiple bursts). In the literature, there are several 

related work following this prediction-based strategy 

[13, 14]. Since the strategy is not practical and has 

many disadvantages, we try to propose an online traffic 

scheduling mechanism that only relies on current state 

information. 

 

Assume there are N (1, 2, ..., N) mobile clients located 

within the coverage area of one BTS. To model the 

transmission process of client i, we denote the amount 

of data on the local proxy to be transmitted to client i at 

the moment t to be Qi(t), the amount of data belonging 

to client i that arrives proxy at the moment t to be Ai(t). 

Since the throughput and signal strength vary with time, 

we denote the throughput at the moment t to be wi(t), 

the transmission energy cost per bit to be Pi(t). 

Therefore, the decision should be made to determine 

whether transmitting data to client i at time slot t or not. 

Define a decision parameter i(t) to be, 






idle

tQtransmit i
i

0

)(1
                  (1) 

Therefore, we can define the amount of data that leaves 

local proxy and prepares to transmit to client i to be bi(t) 

= i(t)wi(t), Where  is the duration of one time slot. 

Hence, the energy cost of client i at time slot t can be 

denoted by Ei(t)= i(t)( Pi(t) + Ptailtinterval), where Ptail 

is the average tail power and tinterval(0, Ttail) is the 
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duration of the tail state. Note that we both consider the 

transmission energy and tail energy cost. 

 

As a result, the average energy cost of the N clients 

over a long time duration can be depicted as follows, 
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To depict the requirement of user’s QoE, the average 

queue length Q(t) of the N clients throughout a long 

time duration should be stable, 
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Having the equations above, our energy-QoE tradeoff 

problem can be formulated by: 

QtsE ..min                     (4) 

To achieve system stability in the long run, we employ 

Lyapunov optimization in control theory to address the 

problem formulated by Eq.4. We first define a 

Lyapunov function  


N

i i tQtQL
1

2 )(
2

1
))((  to depict 

the congestion level of the queue. The larger the L 

function is, the more the clients will be suffered from 

congestion. To keep the system stable, we involve 

Lyapunov drift (Q(t)) to depict the difference of the L 

functions between two adjacent time slots, 

))(())1(())(( tQLtQLtQ               (5) 

Therefore, we can minimize the following equation to 

tradeoff between delay and energy, 

)())(( tVEtQ                               (6) 

Where V is a non-negative weight that is chosen as 

desired to affect an energy-delay tradeoff. The more 

the V is, the more the energy saving effect will be and 

vice versa.  

 

By bounding the upper-bound of Eq.6, it can be 

derived that we can minimize the following simplified 

equation to minimize the upper-bound of Eq.6, 

 


N
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)()()(                         (7) 

As a result, the traffic scheduling algorithm can be 

easily designed based on the analysis above. At every 

time slot t, choose an appropriate decision vector (t) 

= {1(t), 2(t), ..., N(t)} to minimize Eq.7. At the next 

time slot t+1, update Qi(t+1)= Qi(t)+ Ai(t)- bi(t) based 

on the decision made before. The QoE and energy 

saving can be simultaneously well-guaranteed since 

Lyapunov optimization has provided such good 

characteristics. 

 

IV. Simulation 

In this section, we evaluate our scheme on C++ 

platform. The throughput at the beginning of each time 

slot follows a uniform distribution on [0, 200bps]. The 

number of users is N = 20. The average tail power is 

set to 0.7W. The duration of each time slot  is 100ms 

and data packet size is 100bits.  

 

 
Figure 3. The influence of tradeoff parameter V 

 

 

Figure 3 illustrates the variation of the time-averaged 

queue backlog and the average energy consumption 

with the change of tradeoff parameter V. We can see 

from the figure that the average energy consumption 

falls quickly at the beginning and then tends to 

decrease slowly while the time-averaged queue 

backlog grows linearly with V. It verifies our 

theoretical analysis that the parameter V can 

significantly influence the tradeoff between energy 

saving and QoE of media streaming application. 

 

V. Conclusion 

Mobile streaming service has become increasingly 

popular on mobile handset platforms in the last one 

decade. However, a large amount of energy is wasted 

during media content transmission due to the inherent 

limitations of power control mechanisms of cellular 

radio. This paper introduces an energy-aware traffic 

shaping mechanism that saves media streaming energy 

consumption by re-scheduling traffic to avoid 

transmission during bad network condition and to 

decrease tail energy wastage. To achieve load-

balancing from network operator perspective, we 

develop a network-wide long-term optimization 

mechanism in an online fashion to avoid rush hour on 

BTS/node B in cellular networks. Simulation results 

have approved that our approach is able to achieve a 

feasible tradeoff between the QoE of media streaming 

applications and the energy saving of mobile clients. 
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1. Introduction 

 

Mobile devices are pervasive today; multimedia 

applications executing on smartphones and tablets are 

also commonplace. Rich content involving images, 

voice, audio, video, graphics, and animations is a part 

and parcel of the mobile experience for a wide range of 

applications ranging from entertainment to crisis 

response.  The large volumes of information being 

captured, exchanged, disseminated through wired and 

wireless networks result in network congestion, packet 

drops and consequently low Quality of 

Service/Experience for end-users.  Often a single 

network alone is incapable of supporting a large 

number of rich feeds.  

 

For example, current cellular providers are not able to 

support massive live video broadcast of popular 

sporting events (such as World Cup Soccer games) to a 

large number of diverse devices. Recent efforts have 

indicated that combining cellular infrastructures with 

ad hoc network capabilities offer additional scalability 

[1].  Similarly, in a disaster situation, surge loads and 

damages to infrastructure often cause a loss in network 

capacity when it is critically needed. Multimodal 

citizen reports through participatory sensing on mobile 

phones, social media and the Internet can aid 

situational awareness. The use of multiple networks 

concurrently has also been shown to help fast 

dissemination of rich alerts in that situation [2].  The 

ability to share mobile Internet access, that may be 

spotty, unavailable or expensive, is critical in each of 

these cases.  

 

Mobile Internet usage is also influenced by the fact that 

a large fraction of mobile operators, today, only offer 

tiered data plans. It is therefore tricky for mobile users 

to “select” contracts, e.g., (1) light mobile users may 

want to avoid data plans all together, (2) heavy mobile 

users may accidently exceed the monthly quotas and be 

charged at higher rates, and (3) most mobile users may 

waste their residue quotas every month.  Volume-based 

access plans are generally unsuitable for rich 

multimedia feeds; the ability to share network access 

across devices offers additional flexibility to users. 

However, mobile devices are limited in resources; one 

such key consumable resource that impacts the desire 

and ability to share access is the available battery 

capacity on the mobile host offering the shared access.   

 

While users may be motivated to share mobile Internet 

access and utilize their local resources in dire situations 

(e.g., emergencies), users need to be incentivized to 

share access in more general scenarios. We envision a 

marketplace where mobile users trade their residual 

data plan quotas over short-range networks, such as 

Bluetooth and WiFi Direct to enable a more flexible 

data plan quota usage [3]. Such a marketplace also 

allows cellular operators to: (1) extend the cellular 

network coverage and (2) offload some of the traffic 

load from the crowded cellular networks – the latter is 

possible because the short-range networks run on 

different frequency bands causing virtually no 

interference to the cellular networks and providing 

additional access networks (which are not managed by 

cellular operators).  

 

There are multiple challenges in creating the basic 

functionality to enable such a marketplace that we will 

discuss in this short article.   Firstly, we will highlight a 

generalized system architecture that spans multiple 

providers, network types and entities.  The entities of 

this ecosystem include mobile devices, mobile hotspots 

(those mobile devices providing connectivity to a 

backbone network for Internet access), brokers, service 

and content providers.  We argue that a control 

framework that controls low level information flow 

reliably is required to enable shared access – we 

believe that Lyapunov based control theoretic 

framework can provide a good basis for this.  In this 

short article, we also discuss non-functional challenges 

that dictate the viability of the proposed scheme – 

security, pricing and payment are some key issues.  

 

2. An Architecture and Control Framework for 

Enabling Shared Mobile Internet Access  

 

Figure 1 illustrates the high-level architecture of the 

considered marketplace, in which mobile users who 

need Internet access, called mobile clients, hire nearby 

mobile users, called mobile hotspots, to transport 

mobile data for a small fee. As an illustrative example, 

mobile clients C1 and C2 hire mobile hotspots H1 and 

H2 for Internet access. To join the system, mobile users 
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register at a proxy and billing server, which is managed 

by cellular operators or third party companies. The 

mobile clients make a monetary deposit to the proxy 

and billing server before they can gain Internet access 

from mobile hotspots. They are charged for their data 

usage transferred through the mobile hotspot’s data 

connection. For each request from a mobile client, the 

mobile hotspot may charge the client three fees: (1) 

data plan fee: for the used cellular quota, (2) resource 

fee: for the local resources, such as energy and storage, 

and (3) SLA fee: for setting up a Service-Level 

Agreement (SLA) with the cellular operators for 

transferring data plan quotas. The considered 

marketplace works for various mobile applications, e.g., 

video upload/download, video streaming, Web 

browsing, and Online Social Network (OSN) updates. 

 

 
 

Figure 1 The proposed marketplace. 

 

A Potential Solution using the Lyapunov 

Framework.  To realize the proposed marketplace, a 

control mechanism that allows for reliable exchange of 

content between devices is essential. We present high-

level software architecture in Figure 2 to enable the 

content exchange. To illustrate the flow of information 

in a concrete scenario, we consider video upload 

applications, in which each video is divided into 

multiple segments to better adapt to the network 

dynamics (the intuition here is similar to that of 

Dynamic Adaptive Streaming over HTTP (DASH) 

[4]). When a mobile client wants to upload a video, it 

first sends a request for each video segment and hires a 

mobile hotspot to transfer the segment to the Internet. 

A mobile hotspot invokes the Client Request Admission 

module to decide if it would admit the request based on 

the mobile hotspot’s current workload and optimization 

objectives (revenue maximization for example). Then 

the mobile hotspot sends a reply to the client with a 

segment transfer delay and a cost/price to serve the 

request. The client may receive multiple replies from 

surrounding mobile hotspots. The client uses the 

Hotspot Selection module to choose the hotspot with 

the most preferred trade-off between segment transfer 

delay and cost, and transmits the video segment to the 

mobile hotspot. The incoming video segments 

transmitted via the Data Transfer module at both 

mobile hotspot and client. The mobile hotspot and 

client also employ the AAA (Authentication, 

Authorization and Accounting) module for secured 

connection establishment and payment.   

 

 
Figure 2 Software components. 

 

One of the key functionalities in the system is provided 

by the Client Request Admission module running on 

each mobile hotspot, which admits or rejects the 

incoming requests from multiple mobile clients in 

order to: (a) maximizing the long term revenue 

(measured as average revenue over time), (b) ensuring 

overall stability of the system (implying no buffer 

overflow instances), and (c) providing a distributed and 

practical implementation.  We develop the admission 

control algorithm using a Lyapunov optimization 

framework. It makes admission decisions based on the 

characteristics of the incoming requests, their potential 

to generate increased revenue, and the current set of 

ongoing commitments made by the mobile hotspot. 

The Lyapunov approach provides a meaningful 

theoretical underpinning for stability analysis of the 

dynamic execution environment [5].  

 

3. Potential Research Challenges 

  

There are plenty of other challenges to make the data 

plan marketplaces into reality. We briefly discuss some 

of them in the following.  

 

Multihoming support for multimedia applications. 

Multimedia applications require low delay and high 

bandwidth; a difficult challenge for cellular networks. 

One promising approach is allowing mobile devices to 

hire multiple nearby mobile APs and WiFi APs for 

higher aggregate bandwidth, more stable connectivity, 

and lower latency. Concurrently leveraging multiple 

access networks is known as multihoming in the 

literature, e.g., for high-quality video streaming [6]. 

However, further study is required to efficiently apply 

the multihoming techniques in data plan marketplaces. 

Moreover, for real-time multimedia applications, it is 

desired to have a comprehensive control framework for 

timely exchanges of delay-sensitive multimedia feeds. 

Dynamic pricing. Instead of assuming that each 

mobile hotspot owner will manually set a price, a 
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possible approach is to have a dynamic pricing 

mechanism based on residual traffic quotas, battery 

levels, network congestion levels, and degree of 

competition. For example, when a mobile AP’s 

residual traffic quota is high, the owner may be willing 

to sell the service at a lower rate, compared to another 

mobile AP that has almost used up its dataplan quota. 

A dynamic pricing mechanism, perhaps based on game 

theory, will allow mobile hotspots to adapt prices based 

on their conditions. Note that embedding the game 

theoretic solution within a real system is not 

necessarily straightforward.  Additionally, the lack of 

popular micro-payment mechanisms may slow down 

the deployment of data plan marketplaces. We believe 

that a credit-based solution may be employed initially, 

and virtual currency mechanisms such as BitCoin [7] 

and Square [8] should be explored in the longer run.  

 

Mobility support. Mobile clients and hotspots are 

often moving, the ability to support continued service 

in spite of this movement is essential in a mobile 

service marketplace. One possibility is to leverage 

mobile host trajectories in order to: (i) improve the 

reliability of mobile Internet access by reducing the 

number of likely disconnections during data transfers 

and (ii) increase the performance of mobile Internet 

access by performing proactive handoff operations. We 

envision a distributed technique for achieving these 

two goals: (i) a lightweight client that runs on 

individual mobile devices to collect local device 

conditions and the neighboring network environment 

and (ii) optimization logics that run on a broker for 

optimal decisions to adapt to device mobility.  

 

Security support. Several practical security 

mechanisms, such as encryption and digital signatures 

[9], can be applied in the data plan marketplaces to 

avoid data manipulation by malicious mobile APs. 

Integrating these security mechanisms is no easy task 

as mobile devices are resource-constrained, and the 

overhead of adding potentially complex security 

mechanisms must be taken into consideration. A 

scalable mechanism that allows users to choose the 

most appropriate security level depending on their 

residual resources and the nature of the data transfers is 

desirable. Another key open issue is that concerning 

user privacy. For example, a mobile device may not 

want to reveal its geographical location, but selecting a 

mobile AP inherently indicates that this mobile device 

is very close to that mobile AP. Mechanisms to keep 

mobile devices (and mobile APs) anonymous for better 

privacy is an interesting direction of research. 

 

 

In this short article, we present our vision of building 

up a marketplace where mobile devices trade their 

resources and residual data plan quotas. Other types of 

resources may also be traded among resource-

constrained mobile devices, and more complex 

ecosystems can be gradually built up. For example, a 

mobile device with abundant battery level may sell 

computational power to near-by mobile devices, or 

even provide them a wireless charging service for a 

small fee. Similarly, public spaces (e.g., malls, airports) 

today deploy expensive WiFi network infrastructures 

to provide the temporary occupants with Internet 

access; one can envision offering incentives (e.g., 

coupons, discounts) to those mobile devices that 

volunteer to serve as mobile hotspots in this case.  In 

general, we see a great potential in creating mobile 

marketplaces–however, there are many challenges that 

need to be addressed before such ecosystems can be 

widely deployed and accepted. 
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1. Introduction 

Cloud gaming leverages the well-known concept of 

cloud computing to provide online gaming services to 

players, including mobile players who have more 

computational or download restrictions than players 

with dedicated game consoles or desktop computers. 

The idea in cloud gaming is to process the game events 

in the cloud and to stream the game to the players. 

Cloud gaming can be single player, where a user plays 

the game on his/her own, or multiplayer, where 

multiple geographically distributed users play with or 

against each other. Since it uses the cloud, scalability, 

server bottlenecks, and server failures are alleviated in 

cloud gaming, helping it become more popular in both 

research and industry, with companies such as OnLive 

[1], StreamMyGame [2], Gaikai [3], G-Cluster [4], 

OTOY [5], Spoon [6], CiiNOW [7], and others 

providing commercial cloud gaming services. 

 

One of the challenges in cloud gaming is adaptive 

streaming of the game to the players. By adaptive, we 

mean that the server has to adapt the game content to 

the characteristics and limitations of the underlying 

network or client’s end device. These include 

limitations in the available network bandwidth, or 

limitations in the client device’s processing power, 

memory, display size, battery life, or the user’s 

download limits as per his/her mobile subscription plan. 

While some of these restrictions are becoming less 

problematic due to rapid progress in mobile hardware 

technologies, battery life in particular and download 

limit to some extent are still problems that must be 

seriously considered. Also, consuming more bandwidth 

or computational power means consuming more battery. 

In this article, we present some approaches for adaptive 

streaming in cloud gaming to reduce battery, processing, 

and bandwidth consumption. We start this by looking at 

the types of streaming that can be done in cloud gaming. 

 

2. Game Streaming in the Cloud 

There are currently three types of game streaming in the 

cloud: graphics streaming, video streaming, and their 

combination. 

 

In graphics steaming, the game objects are represented 

by 3D models and textures, and these are streamed to 

players as needed. Rendering of the game is done at the 

client, but the game logic runs in the cloud and the state 

of the game (position and orientation of objects, as well 

as actions and events) is streamed to clients as an 

update message every 10 to 280 msec, depending on 

game genre and activity levels [8]. The advantage of 

graphics streaming is that except for the textures, the 

3D object models and the update messages are small 

and do not require much bandwidth. So once textures 

are received, which happens only one time, game 

streaming uses very little bandwidth. Depending on the 

client’s storage capacity and the nature of the game, 

textures can be even preloaded at the client when the 

game is installed, reducing bandwidth consumption 

even more during game play. 

 

In video streaming, the cloud not only executes the 

game logic, but also the game rendering. The resulting 

game scene is then streamed to clients as video, 

typically in the 20 frames per second range, and in 

some cases up to 50 frames per second [9]. The 

advantage here is that as long as the client can display 

video, which pretty much all smartphones and tablets 

and most other mobile devices today do, the user can 

play the game without needing 3D graphics rendering 

hardware or software. The disadvantage is that video is 

much bulkier than 3D graphics or updates, and requires 

substantial bandwidth [10], and although bandwidth is 

becoming more affordable, the battery life problem due 

to bandwidth consumption, mentioned in section 1, has 

to be dealt with. 

 

It is also possible to use a hybrid approach and to 

simultaneously mix graphics streaming with video 

streaming, as is done in CiiNO, for example. 

 

With the above explanations in mind, let us now present 

some approaches for doing adaptive streaming in cloud 

gaming for graphics steaming and video streaming, 

respectively. 

 

3. Adaptations in Graphics Streaming 

The network and client limitations mentioned in section 

1 essentially imply that we can stream only a limited 

amount of information at a time. Streaming more 

information than that will not be possible since either 

the network cannot transport it or the client does not 

have enough capacity for it. As such, one approach to 



 

IEEE COMSOC MMTC E-Letter 

http://www.comsoc.org/~mmc/ 21/49    Vol.8, No.5, September 2013 

 

adaptive streaming is to prioritize game objects and to 

first stream the most important objects in the context of 

gameplay. Traditionally, this has been accomplished by 

using Area of Interest management or similar region 

based techniques, whereby objects that are closer to the 

player or within the player’s viewing scope, strictly in 

terms of distance, are streamed first and with higher 

quality [11][12]. But such approaches do not consider 

the context under which the game is played. For 

example, when fighting an enemy in a jungle, the 

enemy has a higher priority than the trees and 

surrounding bushes, and should be updated with higher 

quality in terms of both resolution and update frequency, 

even if the enemy is further away from the bushes and 

trees. Distance-based approaches on the other hand 

would simply render with higher quality whatever is 

closer to the player, which is not necessarily the most 

important object for the player. Therefore, it is more 

logical to adopt a context aware approach whereby we 

classify actions in a game as activities like walking, 

running, aiming, shooting, etc., and we determine how 

important a specific game object is in the context of that 

activity, building a one-time apriori importance matrix 

[13]. Using this matrix, an object selection threshold 

can then be set, according to the bandwidth or client 

limitations (for example download limit), so that less 

important objects in the scene compared to the 

threshold will not be streamed, freeing up resources for 

more important objects. It has been shown that, 

compared to traditional distance based approaches, such 

an approach leads to a higher quality of gameplay in 

terms of game score [13] and that the object selection 

threshold can be set automatically using optimization 

[14].  

 

Of course not streaming less important objects at all 

could have a negative effect in the visual quality of the 

game, as can be seen in Figure 1(I). It is therefore 

preferable to still stream the less important objects, but 

with a lower graphics quality, as shown in Figure 1(II). 

 

To stream an object, we must consider that an object 

consists of two elements: 3D mesh model, and image 

textures. 3D mesh models are relatively small and in 

most cases can be downloaded quickly. In cases where 

the mesh model itself is large, progressive mesh 

streaming approaches can be used such that with each 

update message, the visual quality of the object 

increases [15]. 

 

Textures are the most bandwidth and rendering 

consuming elements of objects. To facilitate texture 

streaming, we can design adaptive approaches that 

would stream textures efficiently according to the 

mobile device’s battery life and/or bandwidth 

restrictions and the importance of textures, with 

textures having different importance levels. For 

instance, in the previous enemy in the jungle example, 

the textures of the enemy can have importance level 1 

(most important), bushes and trees can have importance 

level 2, and the sky with clouds or the water in the lake 

can have importance level 3 (least important). We can 

then design an optimization algorithm that would 

stream textures according to their importance and 

bandwidth/client restrictions, in a progressive manner 

so that with each update message the resolution and 

quality of the texture improves up to a certain threshold 

determined by the said restrictions [16]. 

 

 
Figure 1. Game scene with the less important objects (I) 

not screamed at all (indicated in white), and (II) 

streamed with lower quality. [16] 

 

We can further save battery life by limiting lighting 

effects and doing smarter control of game object 

brightness [17]. Specifically, we can choose the lighting 

effects that are the most computationally expensive 

effects, such as specular highlights, reflection, 

transparency, and shadows, and not apply them to the 

less important objects. In addition, we can make darker 

the less important objects and save display energy, 

hence increasing battery life without significantly 

affecting the gaming experience. It has been shown that 

such approaches can lead to 20% to 33% extension of 

battery life [17]. 

 

The above approaches save battery life by smarter 

streaming of the game graphics. To further save battery 

life, we can enhance the above approaches with 

streaming techniques whereby the wireless interface of 

the mobile device is turned off for a time during which 

the status of an object can be more or less estimated and 



 

IEEE COMSOC MMTC E-Letter 

http://www.comsoc.org/~mmc/ 22/49    Vol.8, No.5, September 2013 

 

so there is no need to transmit update messages for that 

object. Turning off the interface saves more battery life. 

Dead-reckoning has been used for decades in games 

and simulations to determine when an update message 

needs to be received for an object. This can be used to 

design dead-reckoning based game streaming protocols 

that allow the wireless interface to be turned off when 

no updates are expected, and turned on only when 

updates are expected. Such approach can save as much 

as 36.5% of battery life [19]. 

 

4. Adaptations in Video Streaming 

We can apply some of the above approaches for 

graphics streaming to video encoding at the server side, 

and stream a more efficient video to the client. For 

example, we can use the concept of object importance 

and not encode the less important objects in the video, 

leading to as much as 8% bandwidth saving for the 

client and 7% reduction of encoding time in the cloud 

[20]. We can also apply smarter brightness control to 

the video, such that the less important objects appear 

darker, saving display energy and increasing battery life 

with little negative effect on the player’s experience. 

 

For a more efficient streaming technique, we can 

combine the idea of object importance with visual 

attention models, such as Judd's SVM-based model that 

has been trained using a large database of eye tracking 

data. Visual attention models are used when it is 

essential to understand where humans look at in a scene. 

In gaming, the player most of the time looks at the most 

important part of the scene, so such saliency models can 

be used, in combination with object importance models, 

to label scene parts with various priority levels. We can 

then encode each scene part with a different quality 

level, according to the priority of that part, and stream 

the resulting video to the client. Specifically, in each 

frame of the gameplay, we can consider the importance 

of each object and visual saliency features to decide 

which regions of the frame are more important for the 

accomplishment of the player's current activity [21]. 

Then, we encode each region of the game frame with a 

different QP value proportional to the importance of 

that region. To make the technique less time consuming, 

in practice only the first frames of each GOP can be 

analyzed to find the appropriate QP values. 

 

This is shown if Figure 2, where the image on the top 

has been encoded normally with a QP value of 30, but 

the image at the bottom has been encoded with Saliency 

+ Importance approach using three QP values of 30, 35 

and 40 for the high, medium and low importance 

macro-blocks, respectively. In the figure, S1, P1, and 

P2 represent the high quality regions of the saliency 

map, and the high and medium quality regions of the 

importance map, respectively. It has been shown that 

such an approach can reduce the streaming bandwidth 

by as much as 50% [21]. 

 

 
Figure 2. Game frame encoded by a single QP value 

(top) and with three QP values (bottom). [21]  

 

5. Conclusion 

In this article, we gave an overview of different game 

streaming techniques in the context of mobile cloud 

gaming. We presented application-level adaptation 

approaches, specifically for game streaming, which 

reduce battery or bandwidth consumption and therefore 

cope with the limited battery life and download limit of 

mobile players. As cloud gaming become more popular, 

supporting mobile players becomes more important and 

approaches such as those presented in this article need 

to be implemented to improve the quality of mobile 

gaming. 
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Video content is quickly dominating mobile network 

traffic, and, in fact, 2012 was the first year that mobile 

video traffic consumed more than 50% of the total 

traffic over mobile networks, according to Cisco VNI 

[1].  By 2017, Cisco predicts that 2/3 of all the total 

mobile traffic will be video.  Although it will be 

important to continue advancing wireless networks, 

from LTE to LTE-Advanced, as well as network 

infrastructure from macro-cells to small-cells and 

increasing use of WiFi off-loading, this will not be 

sufficient to guarantee a good Quality of Experience 

(QoE) and cost-effective transmission of this video 

traffic.  For the past three years, Intel, Cisco, and 

Verizon have been sponsoring university research to 

find new ways to better manage this video traffic by 

applying greater intelligence throughout the end-to-end 

delivery chain and working to identify other industry 

partners to realize some of these ideas.     

 

This special issue of E-Letter presents some of the 

latest research results on how wireless networks could 

be optimized for more efficient delivery of video traffic 

and how the end QoE can be measured and enhanced.  

We included a diverse set of papers covering a number 

of different opportunities, from perceptual-based QoE 

measurement and monitoring tools to cross-layer 

optimization to content caching to managing 

throughput in a heterogeneous network, as well as 

industry and standards progress to realize a better end-

to-end video delivery system for mobile networks. 

 

One of the most challenging problems in video aware 

networking is to measure end user QoE across multiple 

devices. In the first paper, titled “Video QoE Models 

for the Compute Continuum”, the authors introduce 

existing video quality assessment (VQA) models and 

describe their efforts on estimating QoE via a content 

and device-based mapping algorithm. The paper also 

describes a new dynamic system model of time varying 

subjective quality that captures temporal aspects of 

QoE. 

 

The second contribution, titled “Perceptual 

Optimization of Large-Scale Wireless Video 

Networks”, summarizes the authors’ recent work on 

developing new models for perceptual video quality 

assessment, and using these models to adapt video 

transmission based on perceptual distortion. 

 

Great progress has been made by various standard 

organizations. In particular, the third paper, titled 

“Dynamic Adaptive Streaming over HTTP: Standards 

and Technology”, summarizes the standardization 

efforts on Dynamic Adaptive Streaming over HTTP 

(DASH), by Moving Picture Experts Group (MPEG) 

and Third Generation Partnership Project (3GPP). The 

authors also describe research challenges and recent 

findings in optimizing DASH delivery over wireless 

networks. 

  

In the next paper, titled “Cross-Layer Design for 

Mobile Video Transmission”, the authors consider the 

robust design of a cross-layer optimized system for 

arbitrary mobility.  This paper shows the trade-off in 

performance when considering only application level 

information, only physical layer information, and a 

combination of both (e.g., a cross-layer approach) for a 

range of mobile speeds / Doppler spreads.  Clearly, for 

delivering high-quality video to mobile devices, the 

system must work in a variety of channel conditions. 

 

It’s clear that future wireless networks will consist of 

multiple heterogeneous connections to mobile devices 

including cellular and WiFi.  As a result, it will be 

important to stream video over the best network 

connection while also balancing the overall network 

capacity as well as the delivered QoE.  As such, the 

next paper, titled “Timely Throughput Optimization of 

Heterogeneous Wireless Networks”, addresses this 

important problem of how to optimally allocate 

resources to maximize capacity for delay-sensitive 

video applications over heterogeneous networks.   

 

The significant increase in wireless traffic projected 

over the next several years will require rethinking the 

network infrastructure and, in particular, how the 

network edge as well as mobile devices themselves can 

help reduce the traffic and/or improve the efficient 

delivery of the traffic.  Simply increasing the number 

of base stations comes at a significant cost, and, 

therefore, motivates the need for finding ways to better 

leverage some of the existing devices and infrastructure.  

Thus, the final paper in this special issue, titled “Video 

mailto:jeffrey.r.foerster@intel.com
mailto:michellegong@google.com


 

IEEE COMSOC MMTC E-Letter 

http://www.comsoc.org/~mmc/ 25/49 Vol.8, No.5, September 2013 
 

Caching and D2D Networks”, is focused on caching 

video content at the edge of the network and even 

directly on mobile devices which has the potential of 

significantly increasing the overall capacity of the 

network for delivering video-on-demand content.    

 

While this special issue is far from a complete 

coverage on this exciting research area, we hope that 

the six invited papers provide a sketch of the recent 

research activities in the area. We would like to thank 

all the authors for their contribution and hope these 

articles will stimulate further research on video aware 

wireless networks.  
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1. Introduction 

Video traffic is exponentially increasing over wireless 

networks due to proliferating video technology and the 

growing desire for anytime, anywhere access to video 

content. Cisco predicts that two-thirds of the world’s 

mobile data traffic will be video by 2017 [1]. This 

imposes significant challenges for managing video 

traffic efficiently to ensure an acceptable quality of 

experience (QoE) for the end user. Since network 

throughput based video adaptation without considering 

user’s QoE could lead to either a bad video service or 

unnecessary bandwidth waste, QoE management under 

cost constraints is the key to satisfying consumers and 

monetizing services [2]. 

 

One of the most challenging problems that needs to be 

addressed to enable video QoE management is the lack 

of automatic video quality assessment (VQA) tools that 

estimate perceptual video quality across multiple 

devices [2]. Researchers have performed various 

subjective studies to understand essential factors that 

impact video quality by analyzing compression or 

transmission artifacts [3], and by exploring dynamic 

time varying distortions [4]. Furthermore, some VQA 

models have been developed based on content 

complexity [5] [6]. In spite of these contributions, user 

QoE estimation across multiple devices and content 

characteristics, however, remains poorly understood. 

 

Towards achieving high QoE across the compute 

continuum, we present recent efforts on automatically 

estimating QoE via a content and device-based 

mapping algorithm. In addition, we investigate 

temporal masking effects and describe a new dynamic 

system model of time varying subjective quality that 

captures temporal aspects of QoE. Finally, we introduce 

potential applications of video QoE metrics, such as 

quality driven dynamic adaptive streaming over HTTP 

(DASH) and quality-optimized transcoding services. 

 

2. Improving VQA model for better QoE 

VQA models can be generally divided into three broad 

categories: full-reference (FR), reduced-reference (RR), 

and no-reference (NR). Some representative high 

performing algorithms include: MultiScale-Structural 

SIMilarity index (MS-SSIM) [7] which quantizes 

“perceptual fidelity” of image structure; Video Quality 

Metric (VQM) [5] which uses easily computed visual 

features; Motion-based Video Integrity Evaluation 

(MOVIE) [8] which uses a model of extra-cortical 

motion processing; Video Reduced Reference spatio-

temporal Entropic Differencing (V-RRED) [9] which 

exploits a temporal natural video statistics model; and 

Video BLIINDS [10] which uses a spatio-temporal 

model of DCT coefficient statistics and a motion 

coherence model.   

   

The success of the above VQA metrics suggests that 

disruptions of natural scene statistics (NSS) can be used 

to detect irregularities in distorted videos. Likewise, 

modeling perceptual process at the retina, primary 

visual cortex, and extra-striate cortical areas are crucial 

to understanding and predicting perceptual video 

quality [11].    

 

In addition, the quality of a given video may be 

perceived differently according to viewing distance or 

display size. Similarly, the visibility of local distortions 

can be masked by spatial textures or large coherent 

temporal motions of a video content. In this regard, 

modern VQA models might be improved by taking into 

account content and device characteristics. This raises 

the need to understand QoE for video streaming 

services across multiple devices, thereby to improve 

VQA models of QoE across the compute continuum.  

 

3. Achieving high QoE for the compute continuum 

 

How compression, content, and devices interact 
To investigate perceived video quality as a function of 

compression (bitrate and resolution), video 

characteristics (spatial detail and motion), and display 

device (display resolution and size), we executed an 

extensive subjective study and designed an automatic 

QoE estimator to predict subjective quality under these 

different impact factors [2]. 

 

Fourteen source videos with a wide range of spatial 

complexity and motion levels were used for the study. 

They are in a 4:2:0 format with a 1920 × 1080 

resolution. Most videos are 10~15 second long, except 

Aspen Leaves (4s). To obtain a desired range of video 

quality, the encoding bitrate and resolution sets for each 

video were chosen to widely range from 110kbps at 448 

× 252 to 6Mbps at 1920 × 1080 based on assumed 

realistic video content and display devices. 80 and 96 

compressed videos were displayed on a 42 inch HDTV 

and four mobile devices (TFT tablet, Amoled phone, 
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Retina tablet, and Retina phone), respectively, and 

about 30 participants were recruited for each device to 

rate the videos by recording opinion score using the 

single-stimulus continuous quality evaluation (SSCQE) 

[12] method.  

 

MS-SSIM was used since it delivers excellent quality 

predictions and is faster than MOVIE or VQM. Figure 

1 shows the plots of MS-SSIM against MOS for each 

device along with the best least-squares linear fit. The 

Pearson linear correlation coefficient (LCC) between 

MS-SSIM and MOS is 0.7234 for all data points, while 

LCC using device-based mapping is 0.8539, 0.8740, 

0.7989, 0.8329, and 0.8169 for HDTV, TFT tablet, 

Amoled phone, Retina tablet, and Retina phone, 

respectively. Furthermore, device and content-specific 

mapping between MS-SSIM and MOS shows very high 

LCC (mean: ~ 0.98) as illustrated in Figure 2. To 

validate the proposed methods on a different VQA 

database (DB), we also analyzed the models using the 

TUM VQA DB [13]. LCC between MS-SSIM and 

MOS using the device and content-specific mapping for 

TUM VQA DB shows similar results (mean: ~0.98, 

standard deviation: 0.016). Results indicate that human 

perception of video quality is strongly impacted by 

device and content characteristics, suggesting that 

device and content-based mapping could greatly 

improve the prediction accuracy of video quality 

prediction models.  

 

We then designed a MOS estimator to predict 

perceptual quality based on MS-SSIM, a content 

analyzer (spatial detail (S), motion level (M)), a device 

detector (display type (D), and resolution (R)) [3]. The 

predicted MOS is calculated as, 

          e_MOS = α × MS-SSIM + β               (1) 

where α and β are functions of the four impact factors S, 

M, D, and R above. Using the proposed predictor and 

estimated values of α and β, LCC between the 

estimated MOS and actual MOS is 0.9861. Future work 

includes building a regression model to calculate α and 

β based on the impact factors and extending the video 

data set to better validate the designed predictor. 

 

Temporal masking and time varying quality  
The visibility of temporal distortions influences video 

QoE. Salient local changes in luminance, hue, shape or 

size become undetectable in the presence of large 

coherent object motions [14]. This “motion silencing” 

implies that large coherent motion can dramatically 

alter the visibility of visual changes/distortions in video. 

To understand why it happens and how it affects QoE, 

we have developed a spatio-temporal flicker detector 

model based on a model of cortical simple cell 

responses [15]. It accurately captures the observers’ 

perception of motion silencing as a function of object 

motion and local changes. In addition, we have 

investigated the impact of coherent object motion on 

the visibility of flicker distortions in naturalistic videos. 

The result of a human experiment involving 43 subjects 

revealed that the visibility of flicker distortions strongly 

depends on the speed of coherent motion. We found 

that less flicker was seen on fast-moving objects even if 

observers held their gaze on the moving objects [16]. 

Results indicate that large coherent motion near gaze 

points masks or ‘silences’ the perception of temporal 

flicker distortions in naturalistic videos, in agreement 

with a recently observed motion silencing effect [14]. 

 

Time varying video quality has a definite impact on 

human judgment of QoE. Although recently developed 

HTTP-based video streaming technology enables 

flexible rate adaptation in varying channel conditions, 

the prediction of a user’s QoE when viewing a rate 

adaptive HTTP video stream is not well understood. To 

solve this problem, Chao et al. have proposed a 

dynamic system model for predicting the time varying 

subjective quality (TVSQ) of rate adaptive videos [17]. 

The model first captures perceptual relevant spatio-

temporal features of the video by measuring short time 

subjective quality using a high-performance RR VQA 

Figure 2 Device and content-based MS-SSIM and MOS 
mapping 
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model called V-RRED [9], and then employs a 

Hammerstein-Wiener model to estimate the hysteresis 

effects in human behavioral responses. To validate the 

model, a video database including 250 second long time 

varying distortions was constructed and TVSQ was 

measured via a subjective study. Experimental results 

show that the proposed model reliably tracks the TVSQ 

of video sequences exhibiting time-varying level of 

video quality. The predicted TVSQ could be used to 

guide online rate-adaptation strategies towards 

maximizing the QoE of video streaming services.    

 

Application of video QoE models 

Recently developed QoE models open up opportunities 

to improve cooperation between different ecosystem 

players in end-to-end video delivery systems, and to 

deliver high QoE using the least amount of network 

resources. We have shown that in an adaptive streaming 

system, DASH clients can utilize quality information to 

improve streaming efficiency [18]. The quality-driven 

rate adaptation algorithm jointly optimizes video 

quality, bitrate consumption, and buffer level to 

minimize quality fluctuations and inefficient usage of 

bandwidth, thus achieving better QoE than bitrate-

based approaches [18]. Another usage of the QoE 

model is to allow transcoding services to determine the 

proper transcoding quality on a content-aware and 

device-aware fashion. The QoE metric helps the 

transcoder to achieve the desired QoE without over 

consuming bandwidth. Furthermore, content-specific 

and device-specific video quality information may 

facilitate service providers to design more advanced 

multi-user resource allocation strategies to optimize 

overall network utilization and ensure a good QoE for 

each end user.  
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1. Introduction  

The next generation of video networks will deliver 

unicast and multicast of video content to mobile users, 

leveraging rapidly expanding wireless networks. Video 

networks must operate with high video network 

capacity, essentially maximizing the number of video 

flows that can be supported. Unfortunately, the 

application-agnostic paradigm of current data networks 

is not suited to meet rising video demands. Nor is the 

uniform coverage and capacity goal of cellular 

planning well suited for leveraging the spatio-temporal, 

bursty nature of video. We believe that video networks 

at every time-scale and layer should operate under the 

premise that distortion in the observed video stream, 

and in particular, perceptual distortion as would be 

perceived by a human consumer, should be the ultimate 

measure of error at the destination.  

This paper summarizes key findings from a three-year 

project on video aware wireless networks with the 

objective of increasing (and defining a baseline) video 

capacity by at least 66x to meet projected capacity 

demands. Our research falls into two interconnected 

research vectors, summarized in Fig. 1. The work on 

video quality defined full-reference, reduced-reference, 

and no-reference models that achieve good correlation 

with subjective experiments. The models have been 

used to drive adaptation algorithms in the second 

research vector on spatio-temporal network adaptation.  

The work on network adaptation leverages aggressive 

deployment of small-cell infrastructure and exploits 

properties of stored-video streaming and real-time 

video to enable video-aware scheduling. The remainder 

of this letter summarizes select results in each research 

thrust.    

 
Fig. 3. Research directions and capacity gains. 

 

2. Perceptual Video Quality Assessment 

As discussed in a companion paper in this issue, a 

number of powerful new video quality assessment 

(VQA) models have been developed that deliver 

quality predictions that correlate closely with human 

quality judgments as measured on the Video Quality 

Expert Group (VQEG) FRTV Phase 1 database and on 

the LIVE VQA database [1]. The performance of these 

algorithms is boosted by the use of motion 

measurements [2] and/or natural video statistics, and 

depends on the amount of information available (if any) 

regarding the reference video(s) being tested. Efficacy 

is still high when little or no reference information is 

available; in particular “no reference” (NR) or blind 

models have great potential for assessing video traffic 

in wireless video networks. 
 

Quality of Experience 
Newly developed HTTP-based video streaming 

technology enables flexible rate-adaptation in varying 

channel conditions. The users' Quality of Experience 

(QoE) of rate-adaptive HTTP video streams, however, 

is not well understood. Therefore, designing QoE-

optimized rate-adaptive video streaming algorithms 

remains a challenging task. An important aspect of 

understanding and modeling QoE is to be able to 

predict the up-to-the-moment subjective quality of 

video as it is played. In [3], we proposed a dynamic 

system model to predict the time-varying subjective 

quality (TVSQ) of rate-adaptive videos transported 

over HTTP. The new model effectively predicts the 

time-varying subjective quality of rate-adaptive videos 

in an online manner, making it possible to conduct 

QoE-optimized online rate-adaptation for HTTP-based 

video streaming. Fig. 2 shows that our dynamic system 

model can accurately predict the TVSQ. 

 
Fig. 2. The performance of the dynamic system model 

for TVSQ prediction. 
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A New Mobile Video Quality Database 
Reference databases with mean opinion scores are 

important to allow researchers to compare competing 

VQA algorithms. We built a database of rate-varying 

video sequences called the LIVE Mobile Video Quality 

Database that simulate quality fluctuations commonly 

encountered in video streaming applications [4], [5]. 

We conducted a large scale subjective study on which 

time-varying subjective judgments of video quality 

were collected using two types/sizes of wireless display 

devices (smartphone and tablet). We envision that this 

free, publicly available database will prove useful for 

developing and validating visual quality models for 

quality-varying long videos. 

 

3. Spatio Temporal Interference Management 

 

Interference Shaping for Improved Quality of 

Experience for Real-Time Video Streaming 

Bursty co-channel interference is a prominent cause of 

wireless throughput variability, which leads to 

annoying video quality variations. In [6], we propose 

and analyze a network-level resource management 

algorithm termed interference shaping to smooth video 

quality variations, by decreasing the peak rate of co-

channel best effort users. The proposed algorithm is 

designed to maximize the H-MS-SSIM index [7], 

which incorporates a hysteresis (or ‘recency’) effect in 

predicting the perceived video quality. In Table I, we 

compare the performance of our IS method with a 

transmission scheme that does not incorporated IS. We 

utilized the coefficient of variation of Q (CoQV) 

defined by √          ⁄  as a normalized measure of 

the fluctuation of the video quality. Table I reveals that 

our algorithm improves the average predicted quality 

with reduced predicted quality fluctuations. 

 
Table I COMPARISON OF COQV AND AVERAGE MS-SSIM. 

 

 Single  

Interference 

Multiple  

Interference 

CoQV MS-SSIM CoQV MS-SSIM 

Without IS 0.0694 0.9099 0.0119 0.9851 

With IS 0.0097 0.9859 0.0076 0.9965 

 

Multi-User Rate Adaptation for Stored Video 

Transport Over Wireless Systems  

It has long been recognized that frequent video quality 

fluctuations could significantly degrade the QoE, even 

if the average video quality is high. In [8], we develop 

an online multi-user rate-adaptation algorithm (NOVA) 

to maximize the weighted sum of average quality and 

quality variations. The algorithm only requires minimal 

statistical information about the wireless channel 

dynamics and the rate-quality characteristics. For the 

wireless cellular downlink with fixed number of users, 

the algorithm is asymptotically optimal. Capacity gains 

with the proposed algorithm are in the range of 2x. In 

Fig. 3, we compare the performance of NOVA against 

that of PF-RM (which uses proportional fair resource 

allocation and buffer aware rate matching for quality 

adaptation) and PF-QNOVA (which uses proportional 

fair resource allocation and NOVA's quality 

adaptation) in a wireless network supporting N video 

clients. NOVA provides significant network capacity 

gains. 

 

 
 

Fig. 3. The QoE (mean quality+variation) of NOVA. 

 

MIMO Video Adaptation 

In [11], we introduce an architecture for real-time 

video transmission over multiple-input multiple-output 

(MIMO) wireless communication systems using loss 

visibility side information of video packets. To jointly 

capture video quality and network throughput, we 

define the optimization objective as the throughput 

weighted by the loss visibility of each packet, a metric 

coined perceived throughput. We use the loss visibility 

side information to classify video packets and transmit 

them through different subchannels of the MIMO 

channel. When tested on H.264-encoded video 

sequences, the proposed architecture achieves the same 

video quality (SSIM [12]) at a 17 dB reduction in 

transmit power for a 2x2 MIMO system, giving a 2-4x 

capacity gain over a baseline MIMO system. Fig. 4 

demonstrates the video quality gains achieved over a 

range of antennae. Our prioritized transmission 

methodology only requires an SNR of 3 dB to achieve 

a video quality of 0.9 on 2x2 MIMO systems. By 

comparison, the non-prioritized method requires 20 dB. 

Furthermore, gains in excess of 10 dB are achieved 

over a wide range of antenna configurations. 

 

4. Conclusions 

In this paper we summarized some of our recent work 

on developing new models for perceptual video quality 

assessment, and using these models to adapt video 

transmission based on perceptual distortion. Our 
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adaptive algorithms give capacity gains on the order of 

2-4x depending on the definition of capacity and the 

baseline. A major finding not discussed here is that 

capacity gains of 40x or more could be achieved 

through aggressive deployment of small-cell 

infrastructure [13]. These capacity gains come on top 

of the other gains from adaptive algorithms. In further 

work, we are developing models that better describe 

the quality of experience and using these models to 

develop more advanced algorithms.   

 

 
Fig. 4. Comparison of the loss visibility-based 

prioritization vs. non-prioritized MIMO precoding. 

 

 

Acknowledgements 

This work is supported by the Intel-Cisco Video Aware 

Wireless Networks (VAWN) Program. 

 

References 
[1] K. Seshadrinathan, R. Soundararajan, A. C. Bovik, and L. 

K. Cormack, “Study of subjective and objective quality 

assessment of video,” IEEE Trans. Image Process., vol. 

19, no. 6, pp. 1427–1441, Jun. 2010. 

[2] K. Seshadrinathan and A.C. Bovik, “A structural 

similarity metric for video based on motion models,” 

IEEE Int’l Conf Acoust., Speech, Signal Process., 

Honolulu, HI, April 2007. 

[3] C. Chen, L.K. Choi, G. de Veciana, C. Caramanis, R.W. 

Heath, Jr., and A. C. Bovik, “A dynamic system model of 

time-varying subjective quality of video streams over 

HTTP ,” IEEE Int’l Conf Acoust, Speech Signal Process, 

Vancouver, British Columbia, May 2013. 

[4] A.K. Moorthy, L.K. Choi, A.C. Bovik and G. de Veciana, 

“Video quality assessment on mobile devices: Subjective, 

behavioral, and objective studies,” IEEE J. Sel Topics 

Signal Process., Special Issue on New Subjective and 

Objective Methodologies for Audio and Visual Signal 

Processing, vol. 6, no. 6, pp. 652-671, Oct. 2012. 

[5] A.K. Moorthy, L.K. Choi, A.C. Bovik and G. DeVeciana, 

LIVE Mobile Video Quality Database. Online: 

http://live.ece.utexas.edu/research/quality/live_mobile_vi

deo.html. 

[6]  S. Singh, J.G. Andrews, G. de Veciana, “Interference 

shaping for improved quality of experience for real-time 

video streaming,” IEEE J. Sel. Areas in Commun., vol.30, 

no.7, pp. 1259-1269, Aug. 2012. 

[7] K. Seshadrinathan and A.C. Bovik, “Temporal hysteresis 

model of time-varying subjective video quality,” IEEE 

Int’l Conf. Acoust., Speech Signal Process, May 22-27, 

Prague, Czech Republic, 2011. 

[8] V. Joseph and G. de Veciana, “Jointly optimizing multi-

user rate adaptation for video transport over wireless 

systems: Mean-fairness-variability tradeoffs,” IEEE 

INFOCOM, March 2012. 

[9] Z. Wang, E. Simoncelli and A.C. Bovik, “Multi-scale 

structural similarity for image quality assessment,” 

Asilomar Conf. Signals, Syst, Comput., Pacific Grove, 

CA, Nov. 2003. 

[10] A.A. Khalek, C. Caramanis, and R.W. Heath, Jr., “Loss 

visibility optimized real-time video transmission over 

MIMO systems,” IEEE Trans. Circ. Syst., Video 

Technol., submitted. 

[11] Z Wang, A.C. Bovik, H.R. Sheikh and E.P. Simoncelli, 

“The SSIM index for image quality assessment,” Online: 

http://www.cns.nyu.edu/~ lcv/ssim. 

[12] J. G. Andrews, “Seven Ways that HetNets are a Cellular 

Paradigm Shift”, IEEE Communications Magazine, Vol. 

51, No. 3, pp. 136-44, Mar. 2013. 

 

 

 

Robert W. Heath Jr. is a Professor in 

the ECE Department at UT Austin. He 

received the Ph.D. in EE from Stanford 

University. He holds the David and 

Doris Lybarger Endowed Faculty 

Fellowship in Engineering, is a 

registered Professional Engineer in 

Texas, and is an IEEE Fellow. 

 Al Bovik. See photo and biosketch in 

another letter in this issue. 

 

Gustavo de Veciana is a Professor in 

the ECE Department at UT Austin. He 

received the Ph.D. in EECS from U.C.  

Berkeley. He is the Joe J. King Endowed 

Professor in Engineering, and is an IEEE 

Fellow. 

 

Constantine Caramanis is an Associate 

Professor in the ECE Department at UT 

Austin. He received his Ph.D. in EECS 

from MIT. He is a member of the IEEE. 

 

 

Jeffrey G. Andrews is a Professor in the 

ECE Department at UT Austin. He 

received the Ph.D. in EE from Stanford 

University. He holds the Brasfield 

Endowed Faculty Fellowship in 

Engineering, and is an IEEE Fellow. 

 

http://live.ece.utexas.edu/research/quality/live_mobile_video.html
http://live.ece.utexas.edu/research/quality/live_mobile_video.html
http://scholar.google.com/scholar?cluster=9721383150545892728&hl=en&oi=scholarr


 

IEEE COMSOC MMTC E-Letter 

http://www.comsoc.org/~mmc/ 33/49    Vol.8, No.5, September 2013 

 

Dynamic Adaptive Streaming over HTTP: Standards and Technology 

 

Ozgur Oyman, Intel Labs, Santa Clara, CA, USA (ozgur.oyman@intel.com) 

Utsaw Kumar, Intel Architecture Group, Santa Clara, CA USA (utsaw.kumar@intel.com) 

Vish Ramamurthi, Intel Labs, Santa Clara, CA USA (vishwanath.ramamurthi@intel.com) 

Mohamed Rehan, Intel Labs, Cairo, Egypt (mohamed.m.rehan@intel.com) 

Rana Morsi, Intel Labs, Cairo, Egypt (ranax.a.morsi@intel.com) 

1. Introduction on DASH 
 

HTTP adaptive streaming (HAS), which has recently 

been spreading as a form of internet video delivery with 

the recent deployments of proprietary solutions such as 

Apple HTTP Live Streaming, Microsoft Smooth 

Streaming and Adobe HTTP Dynamic Streaming, is 

expected to be deployed more broadly over the next 

few years. In the meantime, the standardization of 

HTTP Adaptive Streaming has also made great 

progress with the recent completion of technical 

specifications by various standards bodies. More 

specifically, the Dynamic Adaptive Streaming over 

HTTP (DASH) has recently been standardized by 

Moving Picture Experts Group (MPEG) and Third 

Generation Partnership Project (3GPP) as a converged 

format for video streaming [1,2], and the standard has 

been adopted by other organizations including Digital 

Living Network Alliance (DLNA), Open IPTV Forum 

(OIPF), Digital Entertainment Content Ecosystem 

(DECE), World-Wide Web Consortium (W3C) and 

Hybrid Broadcast Broadband TV (HbbTV). DASH 

today is endorsed by an ecosystem of over 50 member 

companies at the DASH Industry Forum. 
 

2. DASH Standards in MPEG and 3GPP 
 

The scope of both MPEG and 3GPP DASH 

specifications [1,2] includes a normative definition of a 

media presentation or manifest format (for DASH 

access client), a normative definition of the segment 

formats (for media engine), a normative definition of 

the delivery protocol used for the delivery of segments, 

namely HTTP/1.1, and an informative description on 

how a DASH client may use the provided information 

to establish a streaming service.  

 

At MPEG, DASH was standardized by the Systems 

Sub-Group, with the activity beginning in 2010, 

becoming a Draft International Standard in January 

2011, and an International Standard in November 2011. 

The MPEG-DASH standard [1] was published as 

ISO/IEC 23009-1:2012 in April, 2012. In addition to 

the definition of media presentation and segment 

formats standardized in [1], MPEG has also developed 

additional specifications [5]-[7] on aspects of 

implementation guidelines, conformance and reference 

software and segment encryption and authentication. 

Toward enabling interoperability and conformance, 

DASH also includes profiles as a set of restrictions on 

the offered media presentation description (MPD) and 

segments based on the ISO Base Media File Format 

(ISO-BMFF) [4] and MPEG-2 Transport Streams [3]. 

Currently, MPEG is also pursuing several core 

experiments toward identifying further DASH 

enhancements.  

 

At 3GPP, DASH was standardized by the 3GPP SA4 

Working Group, with the activity beginning in April 

2009 and Release 9 work with updates to Technical 

Specification (TS) 26.234 on the Packet Switched 

Streaming Service (PSS) [8] and TS 26.244 on the 

3GPP File Format [9] completed in March 2010. 

During Release 10 development, a new specification TS 

26.247 on 3GPP DASH [2] has been finalized in June 

2011, in which ISO-BMFF based DASH profiles were 

adopted. In conjunction with a core DASH specification, 

3GPP DASH also includes additional system-level 

aspects, such as codec and Digital Rights Management 

(DRM) profiles, device capability exchange signaling 

and Quality of Experience (QoE) reporting.  Since 

Release 11, 3GPP has been studying further 

enhancements to DASH and toward this purpose 

collecting new use cases and requirements, as well as 

operational and deployment guidelines. Some of the 

documented use cases in the related Technical Report 

(TR) 26.938 [11] include: Operator control for DASH, 

e.g., for QoE/QoS handling, advanced support for live 

services, DASH as a download format for push-based 

delivery services, enhanced ad insertion support, 

enhancements for fast startup and advanced trick play 

modes, improved operation with proxy caches, 

multimedia broadcast and multicast service (MBMS) 

[10] assisted DASH services with content caching at the 

UEs, handling special content over DASH and 

enforcing specific client behaviors, and use cases on 

DASH authentication. 
 

3. Research Challenges for Optimizing DASH 

Delivery in Wireless Networks 
 

As a relatively new technology in comparison with 

traditional streaming techniques such as Real-Time 

Streaming Protocol (RTSP) and HTTP progressive 
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mailto:utsaw.kumar@intel.com
mailto:vishwanath.ramamurthi@intel.com
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download, deployment of DASH services presents new 

technical challenges. In particular, enabling optimized 

end-to-end delivery of DASH services over wireless 

networks requires developing new algorithms, 

architectures, and signaling protocols for efficiently 

managing the limited network resources and enhancing 

service capacity and user QoE. Such development must 

also ensure access-specific (e.g., 3GPP-specific) 

optimizations for DASH services, which clearly require 

different approaches and methods compared to those 

for traditional streaming techniques. In the remaining of 

this paper, we highlight some of the specific research 

problems we are tackling in this space and summarize 

our related findings. 
 

a)   Link-Aware DASH Adaptation 

One of the key elements in rate adaptation in DASH is 

the estimation of available network bandwidth by the 

DASH client. Traditional approaches use either 

application or transport layer throughput for this 

purpose. However using higher layer throughputs alone 

can potentially have adverse effects on user QoE when 

the estimated value is different from what is available at 

lower layers. This is typically the case when operating 

on wireless links whose characteristics fluctuate with 

time depending on the physical environment as well as 

load on the system.  A lower estimate of available 

network bandwidth results in lower video quality and a 

higher estimate can result in re-buffering To alleviate 

this problem, we proposed in [13], a Physical Link 

Aware (PLA) HAS framework for enhanced QoE. This 

is a cross-layer approach in which physical layer 

goodput information is used as a complement to higher 

layer estimates , such as those based on video segment 

fetch and download times. A link-aware approach 

allows us to track wireless link variations over time at a 

finer scale and thus provide more opportunistic video 

rate adaptation to improve the QoE of the user. Simple 

enhancements were proposed in [13] that use the link 

level goodput to improve user QoE in terms of 

enhanced startup video quality and reduced re-buffering 

percentage. Our simulation results in Fig.  1 show that 

2-3 dB improvement in startup quality (in terms of 

PSNR) can be obtained for 90% of users using PLA 

approach as opposed to physical layer unaware (PLU) 

approach. Fig.  2 shows the reduction in re-buffering 

that can be obtained using PLA. 
 

b)   Server-Assisted DASH 

One of the most common problems associated with 

video streaming is the clients’ lack of knowledge of 

server and network conditions. For instance, clients 

usually make requests based on their bandwidth 

unaware of the servers’ capacity or the number of 

clients streaming from the same server at the same time. 

Thus, clients tend to request the highest possible 

bitrates based on their perception regardless of the 

servers’ condition. This often causes clients to 

encounter playback stalls and pauses. Consequently, the 

clients’ QoE is dramatically affected. The same issue 

applies in cases where some greedy clients tend to eat 

up network bandwidth and stream at higher quality, 

leaving the rest of the clients to suffer much poorer 

QoE. A possible quick fix would be to allocate 

bandwidth equally among streaming clients. However, 

another potential problem might arise in the case where 

clients are streaming different types of content, e.g., fast 

vs. slow motion content, where simply sharing 

bandwidth equally does not necessarily imply same 

QoE for both clients. This is due to the fact content with 

high speed motion need to be streamed at higher 

bitrates to achieve the same QoE achieved by clients 

streaming content with slower motion.  

 

 

Fig.  1: Startup quality improvement using physical 

link awareness. 

We attempt to solve these problems by introducing a 

feedback mechanism between the server and clients. 

The clients notify the server of their perceived QoE so 

far. This is in the form of statistics sent by the client 

regarding the client’s average requested bitrate, 

average quality and number of stalling events. The 

server in return advises each client about the 

bandwidth limit it can request. In other words, the 

server can notify each client which representation can 

be requested at any given time.  In our 

implementation, the server provides the clients with 

a special binary code, Available Representation 
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Code (ARC). This ARC assigns a bit 

(representation access bit), which can be either ‘0’ 

or ‘1’, for each representation. The server uses the 

information sent by the clients in addition to its 

knowledge regarding the content streamed by each 

client to dynamically update the ARC and notify the 

clients accordingly as shown in Figure 3. The 

selection of which representation to be enabled or 

disabled is subject to server-based algorithms. We 

observed that the use of server-assisted feedback has 

resulted in a significant reduction in re-buffering at the 

client side at the expense of little or no perceivable 

quality loss.  

 

 
Fig.  2: Reduced Re-buffering percentage using 

physical link awareness. 
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Fig. 3: DASH Server-assisted feedback 

 

c)   DASH Transport over eMBMS 
As the multicast standard for LTE, e-MBMS was 

introduced by 3GPP to facilitate delivery of popular 

content to multiple users over a cellular network. If a 

large number of users are interested in the same content, 

for e.g., live sports, news clips, etc., multicast 

transmission can significantly lower the cost and make 

better use of the spectrum as compared to unicast 

transmission. Our paper in [14] studies and analyzes the 

quality of experience (QoE) at the end user during live 

video streaming over e-MBMS using a comprehensive 

end-to-end e-MBMS streaming framework that is based 

on H.264/AVC encoded video content delivered using 

the File Delivery over Unidirectional Transport 

protocol, combined with application layer (AL) forward 

error correction (FEC). The study involves QoE 

evaluation in terms of startup delay, re-buffering 

percentage and PSNR metrics and provides 

performance evaluations to characterize the impact of 

various MBMS streaming, transport and AL-FEC 

configurations on the end user QoE. In addition, for 

simulating Media Access Control-Protocol Data unit 

losses, we proposed a new Markov model and showed 

that the new model captures the coverage aspects of e-

MBMS in contrast to the RAN endorsed model [15], 

which assumes the same two state Markov model for all 

the users. A new decoding strategy is also proposed that 

takes into consideration the systematic structure of AL-

FEC codes. We show that this strategy outperforms the 

decoding strategy when a decoding failure leads to the 

loss of the whole source block. 
 

4- 4. Summary and Future Research 
 

This paper gave an overview of the latest DASH 

standardization activities at MPEG and 3GPP and 

reviewed a number of research vectors we are pursuing 

with regards to optimizing DASH delivery over 

wireless networks. We believe that this is an area with a 

rich set of research opportunities and that further work 

could be conducted in the following domains: (i) 

Development of evaluation methodologies and 

performance metrics to accurately assess user QoE for 

DASH services. (ii) DASH-specific QoS delivery, that 

involves developing new policy and charging control 

(PCC) guidelines and QoS mapping rules over radio 

access network and core IP network architectures. (iii) 

QoE/QoS-based adaptation schemes for DASH at the 

client, network and server (potentially assisted by QoE 

feedback reporting from clients), to jointly determine 

the best video, transport, network and radio 

configurations toward realizing the highest possible 

service capacity and end user QoE. (iv) Transport 

optimizations over heterogeneous network 

environments, where DASH content is delivered over 

multiple access networks such as WWAN unicast (e.g., 

3GPP PSS [8]), WWAN broadcast (e.g., 3GPP MBMS 

[10]) and WLAN (e.g., WiFi) technologies.  
 

REFERENCES 

[1] ISO/IEC 23009-1: “Information technology — Dynamic 

adaptive streaming over HTTP (DASH) – Part 1: Media 

presentation description and segment formats” 

0 10 20 30 40 50
0.5

0.6

0.7

0.8

0.9

1

Rebuffering Percent

P
r(

R
e
b

u
ff

e
ri

n
g

 P
e

rc
e

n
ta

g
e

 
 x

)

CDF of Rebuffering Percent

 

 

PLU - 100 Users

PLA - 100 Users

PLU - 150 Users

PLA - 150 Users



 

IEEE COMSOC MMTC E-Letter 

http://www.comsoc.org/~mmc/ 36/49    Vol.8, No.5, September 2013 

 

[2] 3GPP TS 26.247: “Transparent end-to-end packet 

switched streaming service (PSS); Progressive download and 

dynamic adaptive streaming over HTTP (3GP-DASH)” 

[3] ITU-T Rec. H.222.0 | ISO/IEC 13818-1:2013: 

“Information technology - Generic coding of moving pictures 

and associated audio information: Systems” 

[4] ISO/IEC 14496-12: “Information technology - Coding of 

audio-visual objects - Part 12: ISO base media file” 

[5] ISO/IEC 23009-2: “Information Technology – Dynamic 

adaptive streaming over HTTP (DASH) – Part 2: 

Conformance and Reference Software” 

[6] ISO/IEC 23009-3: “Information Technology – Dynamic 

adaptive streaming over HTTP (DASH) – Part 3: 

Implementation Guidelines” 

[7] ISO/IEC 23009-4: “Information Technology – Dynamic 

adaptive streaming over HTTP (DASH) – Part 4: Segment 

Encryption and Authentication” 

[8] 3GPP TS 26.234: "Transparent end-to-end packet 

switched streaming service (PSS); Protocols and codecs" 

[9] 3GPP TS 26.244: “Transparent end-to-end packet 

switched streaming service (PSS); 3GPP file format (3GP)” 

[10] 3GPP TS 26.346: “Multimedia Broadcast Multicast 

Service (MBMS); Protocols and codecs” 

[11] 3GPP TR 26.938: “Improved Support for Dynamic 

Adaptive Streaming over HTTP in 3GPP” 

[12] O. Oyman and S. Singh, “Quality of experience for 

HTTP adaptive streaming services,” IEEE Commun. Mag., 

vol. 50, no:4, pp. 20-27, Apr. 2012. 

[13] V. Ramamurthi and O. Oyman, “Link Aware HTTP 

Adaptive Streaming for Enhanced Quality of Experience,” 

2013 IEEE GLOBECOM Symp. on Comms. Software, 

Services and Multimedia, accepted for publication. 

[14] U. Kumar, O. Oyman and A. Papathanassiou, “QoE 

Evaluation for Video Streaming over eMBMS,” Journal of 

Communications, vol:8, no:6, June 2013. 

[15] 3GPP Tdoc S4-111021, “Channel modeling for MBMS,” 

3rd Generation Partnership Project (3GPP), 2011. 

 
OZGUR OYMAN is a senior 

research scientist and project leader 

in the Wireless Communications Lab 

of Intel Labs. He joined Intel in 2005. 

He is currently in charge of video 

over 3GPP Long Term Evolution 

(LTE) research and standardization, 

with the aim of developing end-to-

end video delivery solutions 

enhancing network capacity and user quality of experience 

(QoE). He also serves as the principal member of the Intel 

delegation responsible for standardization at 3GPP SA4 

Working Group (codecs). Prior to his current roles, he was 

principal investigator for exploratory research projects on 

wireless communications addressing topics such as client 

cooperation, relaying, heterogeneous networking, cognitive 

radios and polar codes. He is author or co-author of over 70 

technical publications, and has won Best Paper Awards at 

IEEE GLOBECOM’07, ISSSTA’08 and CROWNCOM’08. 

His service includes Technical Program Committee Chair 

roles for technical symposia at IEEE WCNC’09, ICC’11, 

WCNC’12, ICCC’12 and WCNC’14. He also serves an editor 

for the IEEE TRANSACTIONS ON COMMUNICATIONS. 

He holds Ph.D.  and M.S. degrees from Stanford University, 

and a B.S. degree from Cornell University. 
 

UTSAW KUMAR is a wireless systems 

engineer with the Standards and Advanced 

Technology division of the Mobile and 

Communications Group at Intel. He is 

author or co-author of over 10 technical 

publications. He holds Ph.D. and M.S. 

degrees from University of Notre Dame, and 

a B.Tech. degree from Indian Institute of 

Technology in Kanpur, India. 
 

VISHWANATH RAMAMURTHI 

received his B.S. degree in Electronics 

and Communication Engineering from 

Birla Institute of Technology, India, in 

2003, his M.S. degree in communication 

engineering from the Indian Institute of 

Technology, Delhi, India, in 2005, and 

PhD in Electrical and Computer Engineering from the 

University of California Davis, CA, USA in 2009. He worked 

as a research scientist at the General Motors India Science 

Lab in 2006, as a research intern at Fujitsu Labs of America 

in 2009, and as a senior member of technical staff at the 

AT&T Labs from 2009 to 2012. Currently he is working as a 

Research Scientist with the Mobile Multimedia Solutions 

group at the Intel Labs in Santa Clara, CA, USA. His current 

research interests include video optimization over wireless 

networks, cross-layer design 4G/5G cellular networks, and 

cellular network modeling and optimization. 
 

MOHAMED REHAN obtained his 

Ph.D. from the University of Victoria, 

Victoria, British Columbia, Canada in 

the area of video coding in 2006. He 

received his B.S. in communications 

and his M.S. in computer graphics in 

1991 and 1994 respectively from the 

department of electronics and 

communications, Cairo University, Cairo, Egypt. Dr. Rehan is 

currently working as a senior research scientist at Intel-labs 

Egypt. His research focus includes video streaming and 

broadcasting over wireless networks.   

Dr. Rehan has been involved in multimedia research and 

development for more than 20 years. He has an extensive set 

of publications in video coding and multimedia. He has also 

been involved in the research and development of several 

products related to video coding and multimedia applications 

including video standards.  
 

RANA MORSI received her BSc. Degree 

in Computer Science and Engineering in 

2012 at the German University in Cairo 

with a grade of Excellent with highest 

honors. Rana currently works as a 

software and wireless applications 

consultant at Intel labs-Egypt as part of 

the mobile video streaming team. Rana 

has several contributions to video 

streaming using DASH protocol. Other research interests 

include Mobile Augmented Reality and Natural Langauage 

Processing. 

 



 

IEEE COMSOC MMTC E-Letter 

http://www.comsoc.org/~mmc/ 37/49    Vol.8, No.5, September 2013 

 

 

Cross-Layer Design for Mobile Video Transmission 

Laura Toni*, Dawei Wang**, Pamela Cosman** and Laurence Milstein** 

*EPFL, Lausanne, Switzerland, **University of California San Diego, USA 

laura.toni@epfl.ch, daw017@ucsd.edu, pcosman@ucsd.edu, lmilstein@ucsd.edu  
 

 

1. Introduction 

The research results summarized in this paper are 

typical of a broader set of results that a aim to optimize 

physical/application cross-layer designs for either real-

time or archival video, where the channel is doubly 

selective (i.e., exhibits both time and frequency 

selectivity). The scenario of most interest to us is when 

there is arbitrary mobility between the transmitter and 

the receiver; the relative velocity between the two is, in 

general, changing with time over the duration of the 

video. This model results in a channel that is 

nonstationary, since the coherence time of the channel 

varies with time, and so it does not lend itself to 

various results in the literature. For example, a standard 

proof of the ergodic capacity for a fast fading channel 

that requires the channel to be both stationary and 

ergodic does not apply. 

  

To approach this type of problem, our philosophy is to 

design the systems to yield performance that is robust 

over a wide range of Doppler spreads. That is, rather 

than designing a system to yield optimal performance 

for a specific set of operating conditions, we design 

systems that perform satisfactorily over a wide range of 

operating conditions, but which might not be optimal 

for any set of such conditions. 

 

The information used in these designs are channel state 

information (CSI) at the physical layer, and distortion-

rate (DR) information at the application layer. The 

combination of this physical and application layer 

information enables us to segregate bits into different 

importance levels, and then protect the bits in each 

level more or less according to its importance class. 

The basic physical-layer waveform that we use is a 

multicarrier waveform, and among the techniques that 

we use to achieve this unequal error protection (UEP) 

are forward-error correction (FEC) and mapping more 

important bits to subcarriers that are experiencing 

larger channel gains. 

 

In what follows, we summarize our key results in two 

areas, video resource allocation for systems operating 

at arbitrary mobility, and slice mapping for non-

scalable video for systems operating at low mobility. 

 

2. Resource allocation 

We study a multiuser uplink video communication 

system where a group of K users is transmitting 

scalably-encoded video with different video content to 

a base station. The frame rate for the videos is the same, 

and the video frames of each user are compressed for 

each group of pictures (GOP). Also, the number of 

frames in a GOP is the same for all users. The system 

operates in a slotted manner, with the slot starting and 

ending epochs aligned for all users, and where the slot 

duration is the same as the display time of one GOP.  

 

On the physical-layer side, we consider a time-varying 

orthogonal frequency division multiplexed (OFDM) 

system with equally spaced subcarriers spanning the 

total system bandwidth.  We assume a block-fading 

model in the frequency domain, and a contiguous 

group of Df subcarriers, defined as a subband, 

experiences the same fading realization, whereas 

different subbands fade independently. 

 

On the application-layer side, to minimize the sum of 

the mean-square errors (MSE) across all users, the base 

station collects the distortion-rate (DR) information for 

every user. For each bitstream, the most important 

video information (e.g., motion vector, macroblock 

ID’s) is contained in a substream called the base layer. 

One or more enhancement layers are added such that 

the MSE distortion decreases as additional 

enhancement bits are received by the decoder. 

 

The source encoder ranks the packets based on their 

importance in the GOP.  If an error occurs in the 

transmission, the entire packet and all the other packets 

with lower priority are dropped, but all the previous 

packets, which have higher priority and which have 

already been successfully received by the decoder, are 

used for decoding the video. 

 

In Figures 1 and 2, the performance of the cross-layer 

algorithm, described in detail in [1], is presented. This 

algorithm is optimized by jointly using the CSI of each 

subcarrier, and the DR curve of each video. The intent 

is to strike a balance between giving users a number of 

subcarriers that is proportional to their individual needs 

(as determined by each user’s own DR curve) and 

assigning each subcarrier to that user whose channel 

gain is largest for that particular subcarrier.  Further, 

two comparison curves are shown in Figures 1 and 2, 

one of which uses just the CSI for the resource 
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allocation (i.e., it makes no use of the application-layer 

information), and the other one of which uses only the 

DR curves for the resource allocation (i.e., it makes no 

use of the physical-layer information). 

 

Consider Fig. 1, which corresponds to three video users 

competing for bandwidth in increments of OFDM 

subcarriers, of which there are 16. The ordinate of Fig. 

1 is the average peak-signal-to-noise ratio (PSNR) and 

the abscissa is the normalized Doppler spread (which is 

the inverse of the number of consecutive channel 

symbols that experience a highly correlated fade). The 

three solid curves show the error-free performance of 

the system (and so represent an upper bound to the 

actual system performance), whereas the three dashed 

curves incorporate the effects of channel noise and 

fading. Within each set, the three curves correspond to 

the cross-layer algorithm, the application-layer 

algorithm, and the physical-layer algorithm. 

 
Figure 1.  Ls = 100, 16 Subcarriers, PSNR versus Normalized 

Doppler Spread. 

 

Note that for low Doppler spreads, the cross-layer and 

the physical-layer algorithms start out with relatively 

high PSNRs, and those PSNRs remain high as the 

Doppler spread increases until a point is reached where 

they abruptly degrade for any additional increase in the 

Doppler spread. This is because both algorithms make 

initial subcarrier assignments based upon which user 

has the strongest channel at each subcarrier location. 

As the Doppler spread increases, the benefit of time 

diversity helps system performance, but beyond a 

certain point, the Doppler spread becomes too large 

and the performance of both systems degrades very 

rapidly. On the other hand, at low Doppler spreads, the 

application-layer algorithm performs poorly, because it 

does not make any use of the CSI when subcarriers are 

allocated, but rather assigns subcarriers to users in a 

random manner. As the Doppler spread increases, the 

application-layer algorithm’s performance increases 

because of the effect of the time diversity, and then it, 

like the other two algorithms, degrades very rapidly as 

the Doppler spread gets even larger. 

 

The key limitation to good performance at high 

Doppler spreads is the need to track the variations of 

the channel sufficiently fast. Otherwise, the CSI will be 

outdated when it is used by the receiver. Since the 

estimates are typically obtained by the use of 

unmodulated pilot symbols, one can compensate for 

rapid fading by decreasing the spacing between the 

pilot symbols. However, this will result in a loss of 

throughput, since the pilot symbols contain no 

information. To see the effect of this tradeoff between 

channel outdating and loss of throughput, consider Fig 

2, which is the same as Fig. 1 except that in Fig. 1, the 

pilot spacing is 100 symbols, and in Fig. 2, the pilot 

spacing is 25 symbols. It is seen that all three systems 

can now function properly at Doppler spreads that are 

about an order of magnitude larger than in the system 

of Fig. 1. 

 
Figure 2.  Ls = 25, 16 Subcarriers, PSNR versus Normalized 

Doppler Spread. 

 

3. Mapping of video slices to OFDM subcarriers 

We considered transmission of non-scalably encoded 

video sequences over an OFDM system in a slowly 

varying Rayleigh faded environment. The OFDM 

waveform consists of Nt subcarriers, which experience 

block fading in groups of M consecutive subcarriers. 

That is, we have N groups of M subcarriers each, 

where the fading in a given group is perfectly 

correlated, and the fading experienced by different 

groups is independent from group to group. Note that 

N is a measure of the potential diversity order of the 

system, while M is a measure of the coherence 

bandwidth of the system.  

 

We make use of a slice loss visibility (SLV) model that 

can evaluate the visual importance of each slice. The 
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cross-layer approach, taking into account both the 

visibility scores available from the bitstream and the 

CSI available from the channel, makes use of the 

difference in importance levels of the bits that 

comprise the video.  

 

In our model, the ith slice of frame k is encoded into 

Lk(i) bits and has a priority level Vk(i). The Vk(i) 

values range from 0 to 1, where Vk(i) = 0 means that 

the slice, if lost, would produce a glitch that would 

likely not be noticed by any observer, and Vk(i) = 1 

means that the loss artifact would likely be seen by all 

users. So, each encoded slice is characterized by the 

pair (Vk (i), Lk (i)), where k = 1, . . . , J , and J is the 

number of frames per GOP. 

 

We consider various scenarios, focusing on the 

availability of instantaneous CSI and SLV parameters. 

We consider all possible combinations of knowing the 

instantaneous CSI and not the SLV, knowing the SLV 

and not the instantaneous CSI, knowing both pieces of 

information, or knowing neither. The main point of the 

approach is that if the sender has at least one of the two 

types of information, then the algorithm can exploit 

that information. In particular, we consider two types 

of exploitation: the first is forward error correction 

using different channel code rates for different slices or 

different subcarriers, and the second is slice-to-

subcarrier mapping, in which the algorithm maps the 

visually more important slices to the better subcarriers. 

Note that the UEP FEC could, in principle, make use of 

the information of either the SLV or the instantaneous 

CSI, or both. That is, heavier error protection could be 

provided to specific slices (because they are more 

important) or to specific subcarriers (because they are 

not reliable). In contrast, the slice-to- subcarrier 

mapping operation requires both the SLV and 

instantaneous CSI information. If the instantaneous 

CSI is available from a feedback channel, the 

subcarriers of the resource block can be ordered from 

the most reliable to the least reliable, and if, in addition, 

the SLV information is available, then the most 

important slices can be allocated (mapped) to the most 

reliable subcarriers. 

 

To illustrate typical results, we consider two baseline 

algorithms as a means of comparison: sequential and 

random. In both of these, we assume that slice 

importance is not known, and so no packet is more 

important than any other. The sequential algorithm 

sequentially allocates the slices of each frame to the 

resource block (RB). This means that the first slice of 

the first frame of the considered GOP is allocated to 

the first subcarrier. When no more information bits are 

available in the first subcarrier, the algorithm starts 

allocating the current frame to the next subcarrier. 

Once the slices of the first frame of the GOP are 

allocated, the second frame is considered. The random 

algorithm allocates each slice of the GOP to a random 

position of the RB. 

 

The results show that the UEP approach gives a 

respectable gain over the baselines, and the slice 

mapping-to-subcarriers approach gives an even larger 

gain over the baselines. Applying both approaches at 

the same time produces a negligible gain over just 

doing the subcarrier mapping. As a consequence, the 

cross-layer algorithm that we discuss below 

corresponds to slice mapping as described above, with 

equal error protection. We refer to this design as 

“Scenario B” to be consistent with the terminology in 

[2]. In Fig. 3, the best VQM score, which is a common 

perceptually-based metric for quantifying video quality, 

whereby a score of zero is the best and a score of unity 

is the worst (see [3]), is plotted as a function of signal-

to-noise ratio (SNR), denoted by γ, for systems with 

(N,M) = (32,4). That is, we have 128 subcarriers, and 

they are divided into 32 groups with 4 subcarriers in 

each group. Note that for each γ value, we provided the 

best VQM optimized over the whole video sequence. 

As expected, the general behavior is that the VQM 

decreases with increasing mean SNR (i.e., with 

increasing channel reliability). More important, for all 

the considered mean SNRs, Scenario B outperforms 

the baseline algorithms, and the gain is as much as to 

0.28 in VQM score (for γ = 13 dB). 

 
Figure 3.  VQM vs. mean SNR for both visibility-based and 

baseline algorithms for systems with (N, M) = (32, 4). 

 

We next consider the case of a variable number of 

independent subbands, and we again compare the 

visibility-based algorithm for Scenario B with the 

baselines. Fig. 4 depicts the system performance when 

(N,M) = (8,16) for the same video. From the figure, it 

can be observed that, even reducing the number of 
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independent subbands, the visibility-based optimization 

in Scenario B, when compared to the baseline 

algorithms, still achieves a large gain in terms of VQM. 

When only 2 independent channels are considered, as 

shown in Fig. 5, as expected, due to the limited 

opportunity for time diversity offered by the channel, 

all the algorithms lead to almost the same performance. 

 
Figure 4.  VQM vs. mean SNR for both visibility-based and 

baseline algorithms for systems with (N, M) = (8, 16). 

 
Figure 5.  VQM vs. mean SNR for both visibility-based and 

baseline algorithms for systems with (N, M) = (2, 64). 

 

 

4. Conclusions 
The first example that we presented was chosen to 

demonstrate the design philosophy that was described 

in the Introduction, namely to design for robustness 

rather than for localized optimality. From either Fig. 1 

or Fig. 2, it can be seen that performance curves of the 

physical-layer algorithm and the application-layer 

algorithm cross one another, with the former yielding 

better performance at low Doppler, and the latter 

yielding better performance at higher Doppler. 

However, the cross-layer algorithm yields the best 

performance at all Doppler spreads. 

 

The purpose of presenting the second example was to 

illustrate robustness in a different context. The goal 

here was to have a system design that would yield 

satisfactory performance over a wide range of channel 

gains. From Figs. 3-5, it is seen that at virtually all 

average channel gains, the cross-layer design yields 

better performance than do either of the two baseline 

approaches, in some cases by very significant amounts. 
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1. Introduction 

With the evolution of wireless networks towards 

heterogeneous architectures, including pico, femto, and 

relay base stations, and the growing number of smart 

devices that can connect to several wireless 

technologies (e.g. cellular and WiFi), it is promising 

that the opportunistic utilization of heterogeneous 

networks can be one of the key solutions to help cope 

with the phenomenal growth of video demand over 

wireless networks. This motivates an important 

problem: How to optimally utilize network 

heterogeneity for the delivery of video traffic? 

In this paper, we focus on this problem in the context 

of real-time video streaming applications, such as live 

broadcasting, video conferencing and IPTV, that 

require tight guarantees on timely delivery of the 

packets. In particular, the packets for such applications 

have strict per-packet deadline; and if a packet is not 

delivered successfully by its deadline, it will not be 

useful anymore. As a result, we focus on the notion of 

timely throughput, proposed in [1,2], which measures 

the long-term average number of “successful deliveries” 

(i.e., delivery before the deadline) for each client as an 

analytical metric for evaluating both throughput and 

quality-of-service (QoS). 

We consider the downlink of a wireless network with 

  Access Points (AP’s) and   clients, where each 

client is connected to several out-of-band AP's, and 

requests timely traffic. We study the maximum total 

timely throughput of the network, which is the 

maximum average number of packets delivered 

successfully before their deadline, and the 

corresponding scheduling policies for the delivery of 

the packets via all available AP’s in the network.  

This is a very challenging scheduling problem since, at 

each interval, the number of possible assignments of 

clients to AP’s, which should be considered in order to 

find the optimal solution, grows exponentially in   (in 

fact, it grows as   ). To overcome this challenge, we 

propose a deterministic relaxation of the problem, 

which converts it to a network with deterministic 

delays in each link. We show that the solution to the 

deterministic problem tracks the solution to the Main 

Problem very well, and establish a bound on the worst-

case gap between the two. Furthermore, using a linear-

programming (LP) relaxation, we show that the 

deterministic problem can itself be approximated 

efficiently (efficient in both approximation gap as well 

as computational complexity). Hence, via the proposed 

deterministic approach, one can find an efficient 

approximation of the original problem. 
 

2. Problem Formulation 

We consider the downlink of a network with   

wireless clients, denoted by          , and  Access 

Points, denoted by          . All AP's are connected 

via reliable links to the Backhaul Network (see Fig.1).  

Figure 1. Network Model. 
 

As shown in Fig. 1, time is slotted and transmissions 

occur during time-slots. Furthermore, time-slots are 

grouped into intervals of length  , corresponding to the 

inter-arrival time of the packets (e.g., 1/30 seconds for 

video frames). Each AP is connected via wireless 

channels to a subset (possibly all) of the clients. These 

wireless links are modeled as packet erasure channels 

that, for simplicity, are assumed to be i.i.d over time, 

and have fixed, but possibly different success 

probabilities
1
. The success probability of the channel 

between     and     is denoted by    , which is the 

probability of successful delivery of the packet of     

when transmitted by     during a time-slot. If there is 

no link between     and    ,      . 

At the beginning of each interval, a new packet for 

each client arrives. Each packet will then be assigned 

to one of the AP’s for delivery during that interval. At 

each time-slot (of that interval), each AP can choose 

any of the packets that are assigned to it for 

transmission. At the end of that time-slot the AP will 

know if the packet has been successfully delivered or 

                                                 
1
 The i.i.d. assumption can be relaxed by considering a 

Markov model for channel erasures. Also, a more realistic 

fading model can replace the packet erasure model. These 

extensions are discussed in detail in [3]. 
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not. If the packet is successfully delivered, the AP 

removes it from its buffer; otherwise it remains for 

possible future transmissions. At the end of the 

interval, all packets that are not delivered will be 

discarded (since they pass their deadlines). The 

scheduling policy determines how the packets are 

assigned to AP’s at the beginning of each interval, and 

which packet each AP transmits at each time-slot. A 

scheduling policy   decides causally based on the 

entire past history of events up to the point of decision-

making. We denote the set of all possible scheduling 

policies by  . 

When using a particular scheduling policy  , the total 

timely throughput, denoted by      , is defined as the 

long-term average number of packets delivered 

successfully before their deadlines. In other words, if 

        denotes a binary RV, which is 1 if and only if 

    successfully receives its packet at interval  , then 

         
   

    
∑ ∑         

   
 
   

 
  

 

Main Problem. 
Our objective is to find the maximum achievable total 

timely throughput, denoted by    , 

       
   

       

and the corresponding optimal policy. Characterizing 

    is challenging, since the dimension of the 

corresponding optimization problem at each interval 

(i.e., the number of all possible assignments) grows 

exponentially as   .  As we discuss next, we propose 

a deterministic relaxation of the problem to overcome 

this challenge. The main idea is to first reduce the 

problem to a closely connected integer program, which 

is a special case of the generalized assignment problem 

(see e.g., [5]). Then, we show that the corresponding 

integer program can be approximated using a linear-

programming (LP) relaxation. We prove tight 

guarantees on the worst-case loss from the above two-

step relaxation, hence providing an efficient approach 

to approximate      and find a near-optimal schedule. 
 

3. Deterministic Relaxation 

Consider the case that     has only one packet to send, 

and wants to transmit that packet to    . Thus,     

persistently sends that packet to     until the packet is 

delivered. The number of time-slots expended for this 

packet to be delivered is a Geometric random variable 

with parameter    , and average 
 

   
. In other words, a 

memory-less erasure channel with success probability 

    can be viewed as a pipe with random delay 

(distributed as a geometric random variable) to deliver 

a packet. To simplify the Main Problem, we relax each 

channel into a pipe with deterministic delay equal to 

the inverse of its success probability. Therefore, for 

any packet of    , when assigned to     for 

transmission, we associate a deterministic delay of 

      for its delivery. This means that each packet 

assigned to an AP can be viewed as an object with a 

weight (representing the delay for its delivery), where 

the weight varies from one AP to another (since    's 

for different  's are not necessarily the same). On the 

other hand, each AP has   time-slots during each 

interval to send the packets assigned to it. Therefore, 

we can view each AP during an interval as a bin of 

capacity  . Hence, our new problem can be viewed as a 

packing problem: we want to maximize the number of 

objects that we can fit in those   bins of capacity  . 

We call this problem the Relaxed Problem (RP), and 

denote its solution, i.e. the maximum possible number 

of packed objects, by     . It is easy to see that RP is 

an integer program, which is a special case of the 

generalized assignment problem (see e.g., [5]). 
 

4. Main Results 

Our main contribution in this paper is two-fold. First 

we show that the Main Problem can be approximated 

via its deterministic relaxation, discussed above. This is 

stated in the following theorem (the reader is referred 

to [3,4] for the proof). 

Theorem 1.     √ (     
 

 
)              

Note that the number of AP's (i.e.,  ), is typically 

small (compared with M), hence in the large 

throughput regime, Theorem 1 implies a good 

approximation of     via solving its deterministic 

relaxation (i.e.,     ). Moreover, the approximation gap 

in Theorem 1 is a worst-case bound, and via numerical 

analysis (see [3] for more details) one can observe that 

the gap between the Main Problem and RP is in most 

cases much smaller. Hence, the solution to RP tracks 

the solution to the Main Problem very well, even for a 

limited number of clients.  

Our second contribution is to show that the 

deterministic relaxation of the main problem can be 

solved efficiently (efficient in both approximation gap 

as well as computational complexity) via a linear-

programming (LP) relaxation, as stated below. 
 

Theorem 2. Denote any feasible packing for RP by a 

N-by-M binary matrix where element       is 1 if and 

only if packet requested by     is packed in bin    

Suppose that        
   is a basic optimal solution to 

the LP relaxation of RP. Then, 

     ∑ ∑ ⌊   
 ⌋ 

   
 
       

Note that finding a basic optimal solution to an LP 

efficiently is straightforward (see e.g., [6]). Hence, 

Theorem 2 provides an efficient approximation 

algorithm for RP with additive gap of at most  .  
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Overall, Theorems 1 and 2 show that we can efficiently 

approximate the Main Problem, by solving an LP 

relaxation of its deterministic correspondent. 
 

5. Numerical Results 

In this section, we numerically demonstrate the impact 

of the proposed timely-throughput optimization 

approach, compared with a greedy scheduling approach 

that ignores the deadline requirements of the packets. 

We consider the network in Figure 2, where there is 1 

Base Station (BS) in the middle, and 4 femto base 

stations around it, and a total of 100 receivers 

randomly located in the coverage area of BS and/or 

femtos. The erasure probabilities of the channels are 

assigned based on the AP-client distances. 

 
Figure 2. A network with 5 access points and 100 clients  
 

We consider 3 different scheduling algorithms. The 

first algorithm ignores the femtos, and only the BS is 

used for delivering the packets. In the second algorithm 

(Greedy Algorithm) each receiver connects to the AP 

that has the best channel to it. Finally, the third 

algorithm (DS Algorithm) considers the deterministic 

relaxation of the problem, solves its LP relaxation, and 

rounds the solution to obtain a scheduling policy that 

assigns clients to AP’s. For    different realizations of 

this setup we run the network for 1000 intervals. If a 

receiver does not receive at least 50% of its packets 

before the deadline (during each period of 50 

intervals), it will be considered to be in outage for that 

period. Table 1 demonstrates the average percentage of 

intervals that clients are in outage (averaged over all 

clients) for the aforementioned three algorithms. As we 

note, our proposed timely-throughput maximization 

approach that efficiently utilizes AP’s for traffic 

delivery, results in large gains, as opposed to a simple 

greedy algorithm that ignores the deadline 

requirements of the clients. 
 

6. Conclusion 

We considered the timely-throughput maximization of 

heterogeneous wireless networks, and proposed a 

deterministic relaxation to efficiently approximate the 

problem. Our results can be extended in several 

directions, such as time-varying channels and traffic 

demands, imposing priority constraints on the clients, 

and considering fading channels (for which a timely-

reward model can be used to formulate the problem). 

The reader is referred to [3] for these extensions. 
 

Table 1 

 Base-Station 
Only 

Greedy 
Algorithm 

DS 
Algorithm 

Average 
Outage 

0.6541 0.1095 0.042 
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1. Introduction 

Video transmission is the driving force for the growth 

in wireless data traffic; it is anticipated to grow by 

almost two orders of magnitude over the next five 

years. The use of new spectrum and better spectral 

efficiency of modulation schemes are not able to 

accommodate such a significant growth. Increased 

spatial reuse through deployment of new base stations, 

in particular femto-stations, may be a viable option; 

however, the necessity of backhaul from all of those 

new stations can be prohibitive and/or too costly. In 

our work we have thus suggested a new network 

structure that exploits a unique feature of wireless 

video, namely the high degree of (asynchronous) 

content reuse. Based on the fact that storage is cheap 

and ubiquitous in today’s wireless devices, we suggest 

to replace backhaul by caching. Notice that caching is 

a well-known solution in current Content Distribution 

networks (CDNs). Nevertheless, CDNs are 

implemented in the Internet cloud, and this approach 

has not solved either the deficit in the wireless capacity 

and the bottleneck problem in the last mile backhaul. In 

contrast, our proposed approach consists of caching 

directly at the wireless edge (through dedicated helper 

nodes) and/or in the user devices. Therefore, our vision 

is radically new and represents a major step forward 

with respect to conventional CDNs. From the caching 

locations video is then transmitted through highly 

efficient short-distance wireless links to the requesting 

users. Thus, caching yields higher spectrum spatial 

reuse at much lower deployment (CapEX) and 

operating (OpEX) cost. Caches can be refreshed at a 

much lower rate through the standard cellular 

infrastructure (e.g., the local LTE base station) at off-

peak times. Hence, our solution also offers a new usage 

opportunity of the existing cellular infrastructure. We 

envision a progression that starts with the widespread 

deployment of helper stations and culminates with 

caching on the user devices and (Base-station 

controlled) device-to-device (D2D) communications 

for efficient exchange of video files between users. 

2. Content reuse 

While traditional broadcasting is not accepted by 

customers, who prefer “on demand” viewing, time-

accumulated viewing statistics still show that a few 

popular videos (YouTube clips, sports highlights, and 

movies) account for a considerable percentage of video 

traffic on the internet. The popularity distribution, 

which often follows a Zipf distribution, changes only 

on a fairly slow timescale (several days or weeks); it 

can furthermore be shaped by content providers, e.g., 

through pricing policies, or through offering of a large 

but limited library of popular movies and TV shows (as 

currently done by Netflix, Amazon Prime and iTune). 

It is thus possible for helper stations and devices to 

obtain popular content, e.g., through wireless 

transmission during nighttime, so that they are 

available when mobile devices demand the content. 

Due to the steep price drop in storage space, 2 TByte of 

data storage capacity, enough to store 1000 movies, 

cost only about 100$ and could thus be easily added to 

a helper station. Even on mobile devices, 64 GByte of 

storage could be easily dedicated to caching. When 

considering n users in a system, the size of the file 

library of interest (i.e., all the files that these users are 

interested in) grows – usually sublinearly – with n.  

3. Helper Systems 

We proposed a system nicknamed ``femto-caching’’, 

where a number of dedicated helper nodes (e.g., Wifi 

or LTE femtocells) are deployed at fixed locations and 

are connected to power sources but not necessarily to a 

wired backhaul. Helpers have on-board caches, 

refreshed periodically by the system provider, through 

a variety of existing networks (cellular, wired, or a mix 

thereof). Users place their requests by connecting to the 

system video server, which re-directs the request to the 

subset of local helpers that contain the requested file. 

Then, the video streaming process takes place on the 

local high-rate links, allowing a large spatial spectrum 

reuse and avoiding the cluttering of the conventional 

cellular infrastructure. In this scenario, we have 

addressed two fundamental problems: 1) optimal file 

placement; 2) dynamic scheduling for video streaming 

from multiple helpers to multiple users.  

Optimal File Placement:  

The network formed by H helpers and N users can be 

represented by a bipartite graph G(H,U,E) where an 

edge (h,u) E indicates that helper h can communicate to 

user u. Each helper can contain M files (assumed of 

constant size for simplicity of exposition). Each link 

(h,u) is characterized by an average downloading time 

per bit . The goal is to place a library of m files into the 

helper caches such that the total average downloading 

time, for a given file request distribution, is minimized. 

In [1] we showed that this problem is NP-hard, but can 

be cast as a maximization of a sub-modular function 

subject to a matroid constraint, for which a simple 

greedy approach (place files one by one by maximizing 
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the objective function increase at each step) yields a 

solution within a factor ½ from the optimal. 

Furthermore, using intra-session coding (e.g., random 

linear network coding or quasi-MDS Raptor coding) 

yields a convex relaxation of the original combinatorial 

problem that can be solved via a linear program.  

 
FIGURE 1: Non-trivial example of the file placement 

problem: users 1, 2 and 4 would like helpers 1 and 2 to 

both contain the same M most popular files, but user 3 

would like helpers 1 and 2 to contain the 2M most 

popular files. 

Dynamic Scheduling for Video Streaming 

Assume a certain network configuration with helpers, 

users, and set of requests. Here the problem is to devise 

a dynamic scheduling scheme such that helpers feed 

the video files sequentially (chunk by chunk) to the 

requesting users. In [2] we have solved this problem in 

the framework of Lyapunov Drift Plus Penalty (DPP) 

scheduling. We represent a video file as a sequence of 

chunks of equal duration. Each chunk may contain a 

different number of source-encoded bits, due to 

variable bit-rate (VBR) coding, and the same video file 

is encoded at different quality levels, such that lower 

quality levels correspond to less encoded bits. We pose 

the problem of maximizing a concave non-decreasing 

function of the users’ long-term average quality indices, 

where the concavity imposes some desired notion of 

fairness between the users. The policy decomposes 

naturally into two distinct operations that can be 

implemented in a decentralized fashion: 1) Admission 

control; 2) Transmission scheduling. Admission 

control decisions are made at each streaming user, 

which decides from which helper to request the next 

chunk and at which quality index this shall be 

downloaded. This scheme is compatible with DASH 

(Dynamic Adaptive Streaming over HTTP), where the 

clients progressively download a video file chunk by 

chunk. In our system, the requested chunks are queued 

at the helpers, and each helper maintains a queue 

pointing at its served users. Users place their chunk 

requests from the helpers having the shortest queue 

pointing at them. Then, transmission scheduling 

decisions are made by each helper, which maximizes at 

each scheduling decision time its downlink weighted 

sum rate where the weights are provided by the queue 

lengths. The scheme provably achieves optimality of 

the concave objective function (network utility 

function) and can be implemented in a decentralized 

manner, as long as each user knows the lengths of the 

queues of its serving helpers, and each helper knows 

the individual downlink rate supported to each served 

user. Queue lengths and link rates represent rather 

standard protocol overhead information in any suitable 

wireless routing scheme.  We have also implemented a 

version of such scheme on a testbed formed by 

Android smartphones and tablets, using standard WiFi 

MAC/PHY [8].  In [9] we have developed a related 

“video-pull” scheme for cache-aware scheduling 

(without the adaptive video component) in networks 

with general interference models and with tit-for-tat 

incentives on user participation.  

 
FIGURE 2: A simulation of our scheduling algorithm 

where a user moves across the network of helpers 

(green straight path) and the scheduler seamlessly 

``discovers’’ new serving helpers as the user moves in 

their proximity. 

4. Device-to-device communications 

We now consider a system where users cache video 

files on their own devices and exchange them through 

D2D communications; files that cannot be transmitted 

through D2D are sent through the traditional cellular 

downlink. Our overall goal is to minimize the 

download time of videos, or maximize the traffic that is 

handled by D2D links. 

Consider a system with n users in a cell, and assume 

that all users employ the same transmit power, and thus 

have the same communication radius r(n). We can 

divide our cell into “clusters” of size r, and assume that 

within each cluster, only a single link can be active at a 

time, but links on different clusters can operate on the 

same time/frequency resources. We then see that 

finding a good communication radius requires a 

tradeoff: as we decrease r, the number of clusters and 

thus the spatial reuse of the time/frequency resources) 

increases. On the other hand, decreasing r also 

decreases the probability that a user will find the file 
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among its neighbors (nodes within the communication 

distance) [3].  

Now what files should be stored by the devices? If 

D2D capabilities would not exist, then clearly each 

user should store the most popular files, as this would 

increase the chance of a “self request”, i.e., the 

probability that the user wants what is already in its 

cache. However, in the presence of D2D capabilities, 

different devices that can talk to each other should 

store different files; we can imagine the devices within 

one cluster to form a “central virtual cache” CVC, such 

that all files within the CVC can be efficiently 

distributed to requesting users. If the BS can centrally 

control what the devices cache, and the devices do not 

move, then each file should be stored only once in the 

CVC, i.e., the content of the caches of devices within 

one cluster should not overlap. If, however, it cannot 

be anticipated which device will be located in which 

cluster at the time of request, then a random caching 

strategy based on a particular probability density 

function is the best approach; in [4] we determine that 

the optimum such distribution has a waterfilling-like 

structure.  

4.1 Optimal Scaling Laws  

In [4] we defined the throughput-outage tradeoff of 

D2D one-hop caching wireless networks, where the 

throughput is defined as the minimum (over the users) 

of the long-term average throughput, and outage 

probability is the fraction of users that cannot be served 

by the D2D network. Our achievability strategy 

consists of random caching, according to the optimal 

caching distribution that maximizes the probability that 

a random request made according to the popularity 

probability , is satisfied within a cluster of given size g. 

Then, the network is partitioned into such clusters, and 

one link per cluster is activated in each time-frequency 

transmission resource according to an interference 

avoidance scheme (independent set scheduling). We 

can prove that in the regime where the library size m 

scales not faster than linearly with the number of users 

n, for any desired outage probability , the throughput 

scales as . Notice that when M/m >> 1/n , i.e., when the 

number of users is much larger than the ratio between 

the library size m and the cache size M,  the caching 

network yields a very large gain with respect to a 

conventional system that broadcasts from a single base 

station. Remarkably, the throughput increases linearly 

with the device cache size M, i.e., we can directly 

tradeoff local memory (cheap and largely available 

resource) for bandwidth (expensive and scarcely 

available resource).  

4.2 Comparisons 

    In [5], a completely different caching scheme based 

on coded multicast is proposed. In the coded multicast 

scheme users cache segments (packets) of the video 

files from the library, such that the total cache size 

corresponds to M files, but no file is entirely cached 

locally. In the presence of a certain set of demands, the 

base station sends a common coded message (coded 

multicast) such that all requesting users can reconstruct 

their demanded file. The scheme is best explained 

through a simple example: consider the case of n = 3 

users requesting files from a library of m = 3 files, A, 

B and C. Suppose that the cache size is M = 1 file. 

Each file is divided into three packets, A1, A2, A3, B1, 

B2, B3 and C1, C2, C3, each of size 1/3 of a file. Each 

user u caches the packets with index containing u. For 

example, user 1 caches A1,B1,C1. Suppose, without 

loss of generality, that user 1 wants A, user 2 wants B 

and user 3 wants C. Then, the base station will send the 

message [A2+B1, A3+C1, B3+C2] (sums are modulo 2 

over the binary field), of size 1 file, such that all 

requests are satisfied. Interestingly, it can be shown 

that this scheme yields the same throughput scaling law 

of our D2D scheme, namely,  . It follows that the two 

schemes must be compared on the basis of the actual 

throughput in realistic propagation conditions, rather 

than simply in terms of scaling laws. We made such 

comparison with the help of Monte Carlo simulation 

for a randomly placed network of caching user nodes 

deployed in a 1 sq.km area, with realistic Winner II 

channel models emulating a mix of indoor and outdoor 

links, with buildings and distance dependent blocking 

probability, line of sight propagation and shadowing. 

We also compared with today’s state of the art schemes, 

i.e., broadcasting  independently to the users from an 

LTE base station (no content reuse), and harmonic 

broadcasting the most popular files in the library [6]. 

Our simulations (see details in [7]) show that the D2D 

caching network yields significantly better 

performance in terms of throughput vs. outage tradeoff 

with respect to all other schemes (see Fig. 3).  

 
FIGURE 3: Throughput-outage performance of the 

D2D caching network and other competing schemes in 

a realistic propagation environment. 
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5. Summary and future work 

In the framework of the VAWN project, we have 

developed a comprehensive framework for caching in 

wireless networks targeted to on-demand video 

streaming, which is a major killer application at the 

basis of the predicted x100 increase in wireless traffic 

demand in the next  5 years. We considered two related  

network architectures: caching in wireless helper nodes 

(femtocaching), such that users stream videos from 

helpers in their neighborhood, and caching directly in 

the user devices, such that users stream videos from 

other users via D2D connections. In both cases we 

have shown large potential gains and solved key 

problems in the design and analysis of such networks. 

Current and future work includes: 1) considering more 

advanced PHY schemes in femtocaching networks 

(e.g., helper nodes may have multiple antennas and use 

multiuser MIMO and advanced interference 

management schemes, beyond the simple WiFi-

inspired schemes considered so far); 2) considering 

more advanced PHY schemes for D2D networks, 

beyond the simple spectrum reuse and interference 

avoidance clustering scheme used so far; 3) 

considering the possibility of limited multi-hop in D2D 

caching networks; Considering a combination of coded 

multicasting and D2D local communication, with the 

goal of combining the advantages of coded 

multicasting with these of D2D dense spectrum reuse.  

In parallel, we are also implementing compelling 

testbed demonstrations of femtocaching networks and 

D2D networks for video streaming (a first example of 

which will be presented in Mobicom 2013 [8]).  
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