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1.

INTRODUCTION

Driving by an insatiate appetite for bandwidth in the Internet, advances in media compression technologies, and accelerating user demand, video streaming over the Internet has quickly risen to become a mainstream “killer” application over the past two decades. Fundamentally different from the
traditional wisdom of starting playback after complete downloads, more and more users are used to
watching streaming video directly, on their portable computers or mobile devices. With video streaming, a user can begin playing a video segment before the entire file has been transmitted. As such,
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video streaming has received a substantial amount of research attention in the past two decades, from
academia and industry alike.
In this paper, we seek to go back in the time machine, and present an extensive overview of the
history of Internet video streaming, covering its main milestones in the past two decades of research
and development. The paper will be presented in three stages, following a chronological order.
Client-server video streaming. During the 1990s and early 2000s, research attention is mostly
focused on new streaming protocols, such as the Real-time Transport Protocol (RTP), designed within
the AVT working group, specifically for streaming media. The initial set of protocols were incorporated
by media players installed as the clients receive video streams from the streaming servers over the
Internet.
Peer-to-peer video streaming. To serve an increasing number of streaming users, from 20032009, peer-to-peer (P2P) media streaming received a substantial amount of research attention, and was
widely applied for both live and on-demand video streaming. It was based on the design philosophy that
peers serve as both clients and servers, compared to the traditional clientserver model where clients
only consume video. Real-world systems, such as PPLive, succeeded to provide a large number of video
streams (at around 400 Kbps) to more than 1.5 million users, while consuming less than 10 Mbps of
server bandwidth.
Cloud-based HTTP streaming and the effects of social media. P2P video streaming requires
users to install dedicated applications to be able to stream the videos. In the late 2000s, web-based
video streaming was accepted by most of the Internet users, due to its convenience. Web-based video
streaming allows users to play videos directly from their web browsers, rather than having to download and install dedicated applications. HTTP streaming works by breaking the overall stream into
a sequence of small HTTP-based file downloads, each download loading one short chunk of an overall potentially unbounded transport stream. Microsoft, Apple, and Adobe have all implemented HTTP
live streaming in their corresponding products. Based on web-based streaming, we are witnessing a
migration to cloud computing and social media as the predominant platforms for hosting and sharing
streaming media.
The remainder of this paper is divided into three main sections. Section 2 covers early research
explorations in streaming video over the Internet. Section 3 covers the tremendous amount of research
work on the use of the peer-to-peer design philosophy to make video streaming scalable. Section 4
presents an overview on the migration to cloud-powered HTTP streaming and the effects of social
media. Finally, Section 5 summarizes the lessons learned and concludes the paper.
2.

INTERNET VIDEO STREAMING USING THE CLIENT-SERVER MODEL

The development of video compression technologies in the 1980s and the growth and popularity of
the Internet in the 1990s motivated video streaming over the Internet, which can be classified as
continuous media because it consists of a sequence of media quanta (i.e., video frames) delivered over
the Internet. The vision of enabling simultaneous video delivery to a large number of receivers has
been driving the research agenda in the networking community for over two decades. For much of the
1990s, the academic and industry communities have paid a substantial amount of research attention
on devising new protocols to stream videos from streaming servers to a large number of clients over
the Internet.
Built on top of the Internet Protocol (IP), video streaming is designed with the aim of providing
Quality of Service (QoS) and achieving efficiency for streaming video over the best-effort Internet. In
this section, we briefly summarize how video streaming has evolved in the first decade using the traditional client-server model, before the advent of peer-to-peer video streaming. While we are not able
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to cover all important research results in this section, excellent survey papers exist in the literature
on this topic (e.g., [Wu et al. 2001]).
2.1

Transport Protocols for Video Streaming

Traditional Internet protocols were used to deliver data without real-time streaming requirements,
including video files that can be downloaded by users and later played back after the download finishes.
In comparison, in order to support interactive controls of video playback during video streaming over
the Internet, a set of new protocols for video streaming have been designed and implemented. As
these protocols became critically important for Internet video streaming, the Internet Engineering
Task Force (IETF) standardized the RTP/RTCP/RTSP protocol suite [Schulzrinne et al. 1996; 2003;
Schulzrinne et al. 1998]. These protocols are designed specifically for video streaming, and fall into the
following two categories:
♦ Transport protocols. RTP, based on the User Datagram Protocol (UDP), defines a standardized
packet format for delivering video over IP, and is designed for end-to-end real-time transfer of stream
data. The RTP Control Protocol (RTCP), also based on UDP, is designed to monitor transmission statistics and QoS, and to achieve synchronization across multiple streams. Important commercial and opensource products, such as QuickTime and VLC, support RTP.
♦ Session control protocols. These protocols are designed to define the messages and procedures
to control video delivery during an established session. The Real Time Streaming Protocol (RTSP)
[Schulzrinne et al. 1998] and the Session Initiation Protocol (SIP) [Rosenberg et al. 2002] are examples
of session control protocols. For example, RTSP creates and maintains media sessions, and provides
VCR-style control functionality, enabling users to pause, resume, or seek in video streams just like
local playback.
To support video streaming over the Internet, it was believed that transport protocols should be
designed to meet real-time video delivery needs, by maximizing video quality in the presence of packet
loss. Bursty loss and excessive delay had a devastating effect on video presentation quality, and they
were usually caused by network congestion. To support Internet video streaming, such congestion
control took the form of rate control and rate shaping [Floyd et al. 2000; Jacobs and Eleftheriadis
1998], which attempted to minimize the possibility of network congestion by matching the rate of the
video stream to the available network bandwidth.
♦ Rate control: Rate control was a technique used to determine the sending rate of video traffic based
on the estimated available bandwidth in the network. Traditional rate control schemes were classified
into three categories [Wu et al. 2001]: source-based, receiver-based, and hybrid rate control.
♦ Rate shaping: The objective of rate shaping was to match the rate of a pre-compressed video
bitstream to the target rate constraint [Jacobs and Eleftheriadis 1998; Chen and Chen 2004]. A rate
shaper was required for source-based rate control, because the stored video was pre-compressed at a
certain rate, which did not match the available bandwidth in the network. There were many types of
rate shapers, such as the codec filter, frame-dropping filter, layer-dropping filter, frequency filter, and
re-quantization filter [Wu et al. 2001].
2.2

Error Control for Video Streaming

While the purpose of congestion control is to avoid congestion, packet loss is inevitable in the Internet
and may have significant impact on perceptual quality. Error control [Wang and Zhu 1998] was a set of
strategies used to ensure the smooth video streaming even when there were errors in packet delivery.
A large number of error control mechanisms have been proposed in the literature:
♦ Forward Error Correction (FEC): The principle of FEC is to add redundant information so that the
original message could be reconstructed in the presence of packet loss [Frossard 2001]. Based on the
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type of redundant information to be added, FEC schemes are divided into three categories: channel
coding, source coding, and joint source/channel coding [Wu et al. 2000].
♦ Error-resilient encoding: The objective of error-resilient encoding is to enhance robustness of compressed video to packet loss. The standardized error-resilient encoding schemes include resynchronization marking, data partitioning, and data recovery [Wang et al. 2000]. However, these approaches are
targeted at error-prone environments like wireless channels, and are not be applicable to the Internet
environment. For video transmission over the Internet, the boundary of a packet already provided a
synchronization point in the variable-length coded bit-stream at the receiver side.
♦ Error concealment: Error-resilient encoding is executed by the source to enhance robustness of
the compressed video before packet loss actually happens [Wang and Zhu 1998]. There are two basic
approaches for error concealment: spatial and temporal interpolation [Kung et al. 2006]. Multiple
Description Coding (MDC) is also designed to conceal losses in Internet video streaming [Goyal 2001].
♦ Delay-constrained retransmission: Retransmission is usually dismissed as a method to recover
lost packets in real-time video, since a retransmitted packet may miss its play-out time. However, if
the one-way delay is relatively short with respect to the maximum allowable delay, a retransmissionbased approach (called delay-constrained retransmission) may still be a viable option for error control
[Kalman et al. 2004].
2.3

Unicast and Multicast Streaming

In the early 1990s, only a small number of users were able to enjoy video streaming on the Internet.
A single streaming server was able to handle all the video requests, where a unicast connection was
established between the client and the server for video content delivery. Unicast streaming worked
either for live streaming or on-demand streaming [Majumda et al. 2002]. As the population of video
streaming users has grown, the unicast approach limits the size of the client population, and has
quickly become infeasible as the number of clients scales up. Multicast protocols have been proposed
to be more scalable to a large number of clients.
The Internet’s original design, while well suited for point-to-point applications, failed to effectively
support large-scale video multicast. A large number of emerging applications, including Internet TV,
broadcast of sports events, required the support for video broadcast, i.e., simultaneous video delivery
to a large number of receivers.
IP multicast. IP multicast has been proposed [Diot et al. 2000; Deering and Cheriton 1990] as an
extension to the IP layer, with the objective of providing efficient multipoint packet delivery. Given
that the network topology is best known in the network layer, multicast routing in this layer is also
the most efficient. However, IP Multicast had several drawbacks that limited its scalability: (1) the
relatively sparse deployment of IP Multicast; and (2) the prohibitive cost of bandwidth required for
server-based solutions or Content Delivery Networks (CDNs). Clearly, there existed a vacuum for costeffective, ubiquitous support for Internet-wide video delivery.
Multicast for heterogeneous users. Another challenge for video multicast was the intrinsic heterogeneity of users. In traditional end-to-end adaptation schemes, the sender adjusted its transmission
rate according to some feedback from its receiver. Bharadvaj et al. [Bharadvaj et al. 1998] studied the
transcoding proxy to support the heterogeneous users. Ooi [Ooi 2005] studied the multicast heterogeneous network environment.
2.4

Stream Replication and Content Caching

Stream replication can be viewed as a trade-off between single-rate multicast and multiple point-topoint connections [Kim and Ammar 2001]. Its feasibility has been well justified in a typical multicast
environment where the bandwidth of receivers usually follow some clustered distribution. As a result,
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a limited number of streams could be used to match these clusters to achieve reasonably good performance. For example, McCanne et al. [McCanne et al. 1996] proposed the first practical adaptation
protocol for cumulative layered video multicast over the Internet. This protocol, known as Receiverdriven Layered Multicast (RLM), takes advantage of the dynamic group concept in the IP multicast
model.
An important technique for improving scalability and reachability and for reducing the latency
of video streaming is video caching, which has been deployed by the publishers, i.e., CPs (Content
Providers) or ISPs (Internet Service Providers). Video caching is beneficial due to the fact that different
clients will load much of the same contents, and it places content closer to the clients by making local
copies of contents that the clients retrieve. With video caching, bandwidth consumption and streaming
server load may be reduced, latencies of streaming video to the clients may be shorter, and availability
may be improved. Video caches can even form hierarchies, such that the load on the original streaming
server can be further alleviated. It has been demonstrated that caching strategies that are specific
to particular types of objects can help improve the overall performance. For example, Sen et al. [Sen
et al. 1999] demonstrated that by only caching the prefixes of videos, a large amount of videos could be
served by a few megabytes of buffer space at the proxy storage.
2.5

Application-Layer Multicast

Since video streaming over the Internet can be fundamentally represented by a multicast problem, the
notion of application-layer multicast was first proposed by Chu et al. [Chu et al. 2000] as a reasonable
application-layer replacement for IP multicast, and has since become an active research topic. When
it was first proposed, it was not only intended for streaming, but for file sharing as well. Though both
application-layer multicast and IP multicast require an intermediate node in the network topology
to support the replication of data packets, its implementation is less demanding on end hosts in the
application layer, as compared to switches and routers in the Internet core [Hosseini et al. 2007].
Chu et al. [Chu et al. 2000] have shown that application-layer multicast performs reasonably well
as compared to IP multicast, incurring a low delay and a reasonable amount of bandwidth penalty. In
initial proposals of application-layer multicast, a single multicast tree is constructed for each multicast
session. For example, Overcast [Jannotti et al. 2000] attempted to organize a bandwidth-efficient tree
by letting peers join near the root, and then migrating them down the tree to a position according to
bandwidth availability. The advantage of such a design, shown in Fig. 1, is its simplicity.
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Fig. 1. Application-layer multicast with a single tree.
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Fig. 2. Application-layer multicast with multiple trees.

As a simple design, single-tree multicast suffers from a few problems. As a start, such a design may
not be fair to all the peers. As we can easily see from Fig. 1, when the tree is formed, some peers are
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chosen to be interior nodes that must contribute their upload bandwidth to support others, while others
are leaf nodes, not requiring to contribute any upload bandwidth. Even if fairness is not a concern, the
multicast rate that a child node can enjoy is restricted by the upload bandwidth available at its parent.
In case the parent node leaves the multicast session, its children will be left in the cold, waiting for a
new parent.
To improve fairness in application-layer multicast, it was proposed in 2003 that streams were split to
multiple “slices,” and distributed across a “forest” of multiple interior-node-disjoint multicast trees [Castro et al. 2003], or a mesh overlay on top of a tree [Kostić et al. 2003]. Fig. 2 illustrates an example
of multicasting with two multicast trees, constructed with the intention that a majority of nodes that
are interior nodes in one tree will be leaf nodes in the other tree. By distributing the responsibility of
contributing uploading bandwidth to most of the peers in the multicast session, the fairness problem
is mitigated, yet the robustness problem remains to be solved.
3.

PEER-TO-PEER VIDEO STREAMING

P2P video streaming was not largely deployed until the pull-based data-driven strategies were invented. The structure of the pull-based overlay was much simpler than the tree-based structures,
and achieved promising performance [Zhang et al. 2007]. Powered by network coding, peer-to-peer
paradigm was proven to be highly efficient to deliver the video streams.
3.1

P2P Video Streaming based on the Conventional Wisdom

With the advent of Napster and Gnutella from 1998 to 2001, the community was the first that brought
design principles of peer-to-peer systems to the attention of academic researchers. As one of the best
example of the values of academic research in peer-to-peer systems, the peer-to-peer design has been
applied to the scenario of large-scale video streaming in 2005, when dedicated interests in analyzing
BitTorrent and in proposing new application-layer multicast protocols have converged to the design of
a new protocol for peer-to-peer video streaming. Some results in [Bharambe et al. 2006; Legout et al.
2006] confirm that the simple rarest-first policy in BitTorrent system performs near-optimally in terms
of upload capacity utilization and thereby the downloading time. Some studies [Kumar et al. 2007] also
discussed the impact of the churn rate on the performance in peer-to-peer streaming.
The peer-to-peer approach is attractive in two reasons. First, it does not require support from the
underlying network infrastructure, and as a result, it is cost effective and easy to be deployed. Second,
in the peer-to-peer design, a peer is not only downloading a video stream, but also uploading it to other
peers watching the same program. As a result, it has the potential to scale with the group size, as a
stronger demand also generates more suppliers.
There exist timing constraints that new streaming protocols must observe: if data blocks do not
arrive in time, they are not useful when it comes to the time to play these blocks back. The design
philosophy in BitTorrent has converged with academic solutions in application-layer multicast, and a
pull-based protocol on a random mesh topology emerged, independently discovered in Chainsaw [Pai
et al. 2005] and CoolStreaming [Zhang et al. 2005b]. In such a protocol, peers exchange information
with their neighbors periodically about what data blocks each of them has in their buffers, and a
missing data block must be explicitly requested and transferred from one of the neighbors who has it.
In comparison, application-layer multicast based on multicast trees adopts a more rigid design, in that
the structure of each tree needs to be actively managed as peers join and leave the session.
In a pull-based video streaming system, a dynamic sliding window of blocks over time needs to be
distributed, unlike a fixed number of blocks in file sharing. As the sliding window moves forward in
the stream over time, blocks are to be received in approximately the same sequence as they are played
back, and out-of-order delivery can only occur within the confines of the sliding window. Each of the
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Fig. 3. An illustration of partnerships in the pull-based peerto-peer streaming system with A being the source.

Fig. 4. Buffer snapshots of BitTorrent (a) and CoolStreaming (b), where shaded segments are available in the buffer.

blocks are distributed using a gossip protocol in a random mesh topology, requiring peers to “pull”
blocks from each other. Since all participating peers are roughly synchronized with respect to their
points of playback, they are able to periodically exchange the states of their respective buffers in the
sliding window. Based on the knowledge of block availability in each other’s sliding windows, a peer
sends requests to its neighbors in order to “pull” blocks it has yet to receive.
The key aspect of the design where the pull-based peer-to-peer streaming system differs from treebased approaches is the lack of a formal structure for video data delivery [Venkataraman et al. 2006;
Magharei et al. 2007]. The main counter-argument is that mesh/pull based protocol has a lot of overhead and large delay. However, several proposed pull-push hybrid protocols have proven that they not
only inherits the robustness of pull-based protocol and can achieve nearly optimal throughput but also
has much lower overhead and delay [Zhang et al. 2007].
Next, we use CoolStreaming as an example to present the key modules in a general pull-based peerto-peer streaming system. A peer consists of three key modules: (1) a membership manager, which
helps the peer to maintain a partial view of other overlay peers; (2) a partnership manager, which
establishes and maintains partnership with other peers; (3) a scheduler, which schedules the transmission of video data.
♦ Group and partner management. A pull-based peer-to-peer streaming system requires newly joining peers to contact the tracker server to obtain an initial set of partner candidates. Each peer also
maintains a partial subset of other participants in the group. In particular, the system employs an
existing Scalable Gossip Membership protocol, SCAM, to distribute membership messages, which enables scalable, light-weight, and uniform partial view at each peer.
A video stream is divided into segments of a uniform length, and the availability of the active segments in the buffer of a peer is represented by a Buffer Map (BM). Each peer continuously exchange its
BM with its partners, and then determines which segment is to be fetched from which partner accordingly. An example of the partnership is shown in Fig. 3. Such partnerships are adaptively configured
throughout a broadcast session.
♦ Scheduling algorithm. Timely and continuous segment delivery is crucial to video streaming systems, but not to file download. In BitTorrent, the download phases of the peers are not synchronized,
and the segments can be downloaded out-of-order. The playback progress of the peers is roughly synchronized, and any segment downloaded after its playback time will be useless. A sliding window thus
represents the active buffer portion, as shown in Fig. 4.
♦ Failure recovery and partnership refinement. A peer can depart either gracefully or accidentally
due to an unexpected failure. In either case, the departure can be easily detected after an idle time, and
an affected peer can quickly react through re-scheduling using the BM information of the remaining
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partners. Besides this built-in recovery mechanism, the system also asks each peer to establish new
partnerships with peers randomly selected from its local membership list periodically. This operation
serves two purposes: first, it helps each peer to maintain a stable number of partners in the presence of
peer departures; second, it helps each peer to explore partners of better quality, e.g., those constantly
having a higher upload bandwidth and more available segments.
Fundamentally, setting up and maintaining trees in application-layer multicast is similar to setting
up a connection in a telephone network: states of parent-child relationships are established so that
data blocks can be transmitted without explicit requests taking place. In contrast, the distribution of
data blocks in a pull-based protocol is similar to gossiping in a social setting.
Following the gossiping philosophy to distribute each of the data blocks to all the peers in the multicast session, the early peer-to-peer video streaming systems have motivated the design of productionquality real-world implementations in the industry, several of which has become core technologies in
start-up companies that specialized in live media streaming (e.g., PPLive [Huang et al. 2008]).
Even though the gossiping philosophy sacrifices some delays in live streaming systems due to delays
involved in periodic information exchanges and explicit requests, its most salient advantage is its
simplicity in design and in implementation. If the current sliding window of the media stream to be
distributed is divided into small media blocks, they will flow through the entire network wherever there
exists idle upload bandwidth that can be tapped into, as if water flows through a wooden house with
gaping holes. In particular, Zhang et al. [Zhang et al. 2007] have studied the performance limitation
of such pull-based video streaming systems – they spotted the tradeoff between control overhead and
delay, i.e., the protocol has either large control overhead or large delay.
3.2

P2P Video Streaming Powered by Network Coding

Since 2005, the use of network coding has emerged as a potentially exciting research topic in peerto-peer video streaming systems [Liu et al. 2010; Park et al. 2006; Chenguang et al. 2007; Seferoglu
and Markopoulou 2007]. Network coding, first proposed in the information theory community in 2000
[Ahlswede et al. 2000], recognized the ability to code at intermediate network nodes in a communication session, in addition to the ability to forward and to replicate incoming packets. In contrast,
traditional multicast only recognized the ability to forward and to replicate packets. In 2003, Ho et
al. [Ho et al. 2003] have further proposed the concept of random network coding, where a network
node transmits on each of its outgoing links a linear combination of incoming packets over a finite
field, with randomly chosen coding coefficients.
It is natural to conceive a simple but new design of peer-to-peer video streaming systems, in which
peers, as end hosts, are able to forward, replicate, and code incoming video data blocks. But will the use
of network coding improve the performance, as compared to the traditional P2P streaming? After the
initial success stories of peer-to-peer live streaming systems, coupled with the debatable advantages
of using random network coding in file sharing systems, an intriguing question is whether random
network coding is a suitable choice to be integrated in the design of peer-to-peer live streaming, based
on pull-based random gossip protocols.
At first glance, it appears that the hazy situation is no different from the use of network coding
in file sharing. However, even with production-quality implementations of pull-based live streaming
protocols, they did have an “Achilles’ heel:” communication overhead. Intuitively, since the sliding window at a peer advances itself over time, buffer availability maps need to be exchanged as frequently
as needed, which may lead to a substantial amount of overhead. To mitigate such an overhead, most
practical live streaming systems choose to exchange buffer states less frequently. An analytical study
[Feng et al. 2009], however, has attributed the performance gap between practical systems and their
theoretically optimal performance to the lack of timely exchanges of buffer states.
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Would the use of random network coding be able to mitigate the problem of communication overhead? Wang et al. [Wang and Li 2007] have raised such a question, and presented several design principles, collectively referred to as R2 , which utilized random network coding to substantially improve
the performance of live streaming systems.
Similar to the use of network coding in file sharing, R2 divides the content of the media stream in a
sliding window into generations, each of which is further divided into m blocks. With the introduction
of generations in R2 , we can afford to design parameter settings so that a block is much smaller than
its counterpart in traditional live streaming systems based on random gossiping. This is due to the fact
that buffer states only need to be exchanged at the granularity of a generation (one bit to represent
each generation), rather than a block. With the same amount of communication overhead to exchange
buffer states, the size of a single block can be much smaller in R2 . When a peer serves a generation s
to its downstream target peer p, it linearly encodes all the blocks it has received so far from s using
random coefficients in GF(28 ), and then transmits the coded block to p. Since each peer buffers coded
blocks it has received so far, it is able to linearly combine them using random coefficients, much like
how random network coding is used in file sharing. Only blocks from the same generation are allowed
to be coded, in order to reduce the computational complexity of network coding.
Since live streaming systems have timing requirements during playback, R2 advocates the use of
random push instead of “pull” to transmit data: each peer randomly selects a small number of downstream peers based on certain criteria. When serving a chosen downstream peer, it then randomly
selects a generation to code within, among those that the downstream peer has not yet completely received. If generations closer to the point of playback have not been completely received, they are given
a higher priority as they are more urgent.
There are a number of clear advantages brought forth by the use of random network coding in R2 .
First, it greatly simplifies protocol design. Since coded blocks within a generation are equally useful,
a peer only needs to blindly push coded blocks in the same generation till the downstream peer has
obtained a sufficient number of them to decode. This eliminates the need of sending explicit requests to
“pull” missing blocks, and saves the communication overhead associated with these requests. Second,
R2 induces much less overhead involved in buffer state exchanges, due to a smaller number of generations in the sliding window. Finally, R2 makes it possible for an incoming peer to start its playback
with the shortest initial buffering delay. Shown in Fig. 5, as a new peer joins the session, multiple
existing peers are able to collaborate and push fresh coded blocks in the first one or two generations
after the playback point, so that the rate of accumulating blocks in these generations is only limited
by the new peer’s available downlink bandwidth.
The advantage of such “perfect collaboration” among multiple upstream peers when serving coded
blocks is not limited to shorter initial buffering delays. It also allows the streaming protocol to be more
resilient to peer dynamics, since the downloading process of a particular generation is not adversely
affected by the departure of any of its serving peers. Without the use of random network coding, a
complex coordination protocol across multiple serving peers is needed to avoid sending duplicates to
the new peer. This is another example where network coding simplifies protocol design, and as a result
it not only reduces the amount of protocol overhead, but also becomes more resilient to packet losses,
excessive delays, and peer departures.
It has become evident that, thanks to the power of random network coding, multiple serving peers
are able to coordinate their actions serving a peer, leading to minimized buffering delays and bandwidth costs on servers. The playback quality has been satisfactory for normal-quality videos. For highquality videos, the use of network coding has mitigated negative effects when the server bandwidth
supply becomes tight in meeting the demand for bandwidth. It certainly appears that, at least in the
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Fig. 5. Peer-to-peer live streaming with the use of random network coding: multiple existing peers are able to collaborate and
serve coded blocks within the same generation to a new peer joining the session, minimizing its initial buffer delay.

context of peer-to-peer streaming systems, network coding has the true potential to deal a winning
hand.
4.

HTTP VIDEO STREAMING OVER THE CLOUD AND SOCIAL MEDIA

Though P2P has proven to be highly efficient in video delivery, there are issues that prevent P2P
streaming from large deployment by content providers: (1) Ease-of-use. In P2P streaming, users are
usually required to install the P2P clients or plugins to be able to cache the video contents watched
and exchange the contents with others – this is not user-friendly given that today’s users are so familiar with using web browsers to consume Internet contents directly; (2) Security. P2P relies on peers’
contribution to the system – peers need to keep TCP or UDP ports open for other users to access for
video chunks. When addressing the firewall block and NAT traversal problems, P2P streaming also
exposes security issues; (3) Copyright. In a P2P streaming system that arose from illegal file sharing,
users exchange contents with each other – it is very difficult for the content providers to control the
copyright in the video streaming. In this section, we present the HTTP streaming, which was proposed
even before P2P video streaming was largely deployed [Carmel et al. 2002], but has been popularly
used to address these issues on today’s Internet.
4.1

Moving to Dynamic Adaptive Streaming over HTTP

Since invented in 1990, web browsers based on HTTP are becoming more and more popular for users to
consume a large variety of multimedia contents. Recently, more complicated multimedia applications
have seen rapid growth over HTTP, including video streaming.
4.1.1 CDN and HTTP Streaming. One thing for the rapid adoption of HTTP is that it can be extensively supported by the CDNs [Peng 2004], which deploy servers in multiple geographically diverse
locations, distributed over multiple ISPs [Vakali and Pallis 2003]. CDN allow users to download the
contents from servers close to them. User requests are redirected to the best available server based on
proximity, server load, etc.. For video streaming, users observe higher quality experience by receiving
a more reliable bandwidth from the CDN servers.
Alternatively to streaming, progressive download may be used for media delivery from standard
HTTP Web servers. Clients that support HTTP can seek to positions in the media file by performing
byte range requests to the Web server [Fielding et al. 1999]. As a result, CDN can be effectively used for
high-quality TV content [Cahill and Sreenan 2004], Adhikari et al. have discovered that the leading onACM Transactions on Multimedia Computing, Communications and Applications, Vol. 2, No. 3, Article 1, Publication date: May 2013.
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Table I. HTTP Streaming/DASH implementation by industry
Type
Adobe
Adaptive
Streaming [Adobe
2011]

Apple HTTP Live
streaming [Apple
2011]

Microsoft
Live
Smooth Streaming
[Microsoft 2012]

Implementation feature
Presuming upon both
RTMP and HTTP protocols but by implementing
different server applications
Applying DASH process
in its simplest form by
clipping the stream into
smaller HTTP-based file
downloads
Using Internet Information Services (IIS) Media
Services

Server

Client

Description File

Flash
Server

Media

Flash Media Player

Standardized formats of VP6 and H246 file types
which are chopped into fragments and used from a
specific manifest, the FMF which is just a similar
format to the one of XML

General
servers

HTTP

QuickTime
player
and the
iOS players
Microsoft
Silverlight
Player

Apple’s manifest reflected on a playlist which contains the list of available qualities – it is divided
into smaller sub-playlists which include URLs for
each M3U segment

Microsoft IIS with
the extension of
Smooth Streaming

Protected Interoperable File Format (PIFF) to convey the table of segments URLs to the client which
contain audio and video material of fragmented
MP4

demand Internet video streaming provider, Netflix which accounts for 29.7% of the peak downstream
traffic in US, employs a blend of data centers and CDNs for content distribution. Torres et al. [Torres
et al. 2011] have studied the metrics for the selection strategies in the YouTube CDN. Yin et al. [Yin
et al. 2009] studied using a hybrid CDN and P2P architecture for video streaming, whose performance
is guaranteed by the CDN while the cost is reduced by the peer contribution.
HTTP video streaming overcomes the problems in case of firewalls and NAT traversals (e.g., UDP
commonly used in P2P video streaming is likely to be blocked by the firewalls). It works by breaking
the overall video stream into a sequence of small HTTP-based file downloads. HTTP progressive downloading [Rubio Romero 2011] is a key to HTTP video streaming – it allows users to download while the
specific file is being viewed or generally played. Since the requests use standard HTTP transactions,
HTTP video streaming is capable of delivering the contents to users over widely available CDNs we
discussed above. Today, HTTP video streaming has been implemented by Microsoft, Google, Adobe in
their corresponding products. Meanwhile, the representative online video providers, including Netflix,
YouTube, Hulu, are all resort to HTTP to stream their videos to the users.
4.1.2 HTTP Streaming and DASH. In recent years, the Internet access has become a commodity
on mobile devices, including the popular iOS and Android devices. The overall traffic caused by mobile
devices is expected to grow to 6 Exabytes per Month by 2014 expanding [Cisco 2010].
The heterogeneous network and devices require that the video streaming be dynamical and adaptive. DASH (Dynamic Adaptive Streaming over HTTP) is a streaming technology which set off in
2010 developing in parallel with MPEG [(MPEG) 2010] and managed to standardize in 2011 with
3GPP [Stockhammer 2011]. In DASH, video segments are hosted on the conventional HTTP streaming servers, along with the media presentation description (MPD), which describes the relation of the
segments and how they form a video presentation. Using the MPD, the clients request the segments for
smooth playback of the sequence of segments, by adjusting bitrates or other attributes. To summarize,
DASH defines a set of implementation protocols across the server, client and description files. In Table
I, we present the popular DASH implementations from the industry.
4.2

Video Streaming over the Cloud

As HTTP streaming is increasingly employed by large content providers, more and more video streaming applications/systems have been invented based on the HTTP-browser paradigm, in which the UGC
(user generated content) video sharing systems (e.g., YouTube) have fundamentally changed the video
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streaming landscape – users dynamically generate the video contents and an elastic video streaming
service resource is in demand for the new HTTP streaming.
Since 2006, leading IT companies, such as Google, Amazon, and Microsoft, have started to build
datacenters that are able to handle demand at scale. The highly centralized design of datacenters had
catapulted the popularity of cloud computing since 2008, and had embraced a design philosophy that
is exactly the opposite to that used by peer-to-peer systems. Attracted by the abundant networking
resources in the cloud and the on-demand “pay-as-you-go” pricing model, many applications are heading to the cloud, including the video streaming service. For example, Netflix, one of the leading video
streaming service providers, has been reported to resort to the cloud service [Cockcroft 2011]. As a
result, the design of network topologies in datacenters has quickly become an emerging active area of
research, drawing significant research attention since 2008. Such a paradigm shift to cloud computing,
in the industry and academia alike, may have stymied research interests in peer-to-peer video streaming systems, even as peer-to-peer streaming systems, such as PPStream, are still being used on a daily
basis by millions of users.
A cloud computing platform offers reliable, elastic and cost-effective resource provisioning, which
has been dramatically changing the way of enabling scalable and dynamic network services. There
have been pioneer studies on demand-driven resource provision; there have been also initial attempts
leveraging cloud services to support media streaming applications, from both industry (e.g., Netflix)
and academia [Wu et al. 2011][Huang et al. 2011]. Content clouds let VoD providers pay by bytes for
bandwidth resources, potentially leading to long-term cost savings given that renting a machine is
relatively cheaper than owning one. VoD providers could save more than 30% bandwidth expense by
migrating 40% traffic to the cloud. Short-term-wise, cloud-assisted deployments can well handle burst
traffic with much lower cost as compared to over-provisioning in self-owned servers.
Fig. 7 shows a generic framework that facilitates the migration of existing live media streaming
services to a cloud-assisted solution [Wang et al. 2012a]. The framework, consisting of a cloud layer and
user layer, adaptively leases and adjusts cloud servers in a fine granularity to accommodate temporal
and spatial dynamics of user demands. Upon receiving a user’s subscription request, the cloud layer
redirects this user to a selected cloud server, with the re-direction being transparent to the user. Given
time-varying user demands, more server resources will be leased upon demand increase during peak
times, or otherwise terminated. In essence, cloud serves a storage- and bandwidth-buffer for the user
layer, which largely mitigate the impact of demand dynamics.
There are however a number of critical theoretical and practical issues to be addressed in this generic
migration framework. First, the cloud servers have diverse capacities and lease prices; the lease duration is not infinitesimally short, either, e.g., 1 hour for Amazon’s EC2. As such, when being leased,
the server and the pricing cannot be simply terminated at anytime. For a newly leased server, the
configuration and boot up takes time, too, e.g., 10-30 minutes for EC2. Though the cloud services are
improving, given the hardware, software, and network constraints, such latencies can hardly be eliminated in the near future. Therefore, it must well predict when to lease a new servers to meet the
ever-changing demands and when to terminate a server to minimize the lease costs [Niu et al. 2012].
These problems are further complicated given the global heterogeneous distributions of the cloud
servers and that of the user demands. Today’s live streaming applications have become highly globalized, with subscribers from all over the world. Such a globalization makes user behaviors and demands
even more diverse and dynamic. For illustration, Fig. 6 shows a one-day normalized user request distribution of a representative channel (CCTV3) in the PPTV system, where the time shown on the x-axis
is aligned to EST. It is easy to see that PPTV, though based on China, has attracted users from all over
the world, and the peak time shifts from region to region, depending on the timezone. The impact of
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Fig. 7. A generic framework for cloud-assisted streaming.

such globalized demand turbulence has yet to be addressed for a single-datacenter-based cloud, and a
distributed cloud would be a better solution.
Besides storage and network bandwidth, modern cloud providers have also enabled computation as
a service. A cloud-based video proxy system is presented in [Zhao et al. 2012], which transcodes the
original video in real time using a scalable codec based on H.264/SVC for streaming videos of various qualities. Offloading computation-intensive tasks from mobile devices is particularly attractive for
mobile devices. To date, video compression on mobile devices remains a challenging task due to their
limited computation power and energy. However, simply transferring raw video files to cloud server
from compression and processing introduces huge energy consumption, which contradicts the benefit.
The question then becomes how to leverage cloud server computation resources through careful partitioning between remote and local computation. Given that motion estimation is the most computation
intensive task, accounting for 90% computation time, it is a natural target. One possibility is to make
use of mesh-based motion estimation by uploading anchor frames and mesh nodes to cloud server for
calculating motion vectors; the motion vectors are then pushed back to mobile devices for motion estimation of sub blocks and the rest video compression steps. By carefully choosing mesh structure, video
compression energy consumption can be largely reduced on mobile devices.
4.3

The Effects of Social Media

Compared with the Internet ten years ago, networked services in the Web 2.0 era focus more on user
experience, user participation and interaction with rich media; people are now actively engaged to be
part of the new ecosystem, rather than passively receive information as in the past.
For streaming services, one prominent example reflecting this change is YouTube. Established in
2005, it is now serving well over 4 billion views a day, with most of the contents being generated by
users. The sheer number of UGC objects is orders of magnitude higher than that of traditional movies
or TV programs, and evolves rapidly. As of March 2013 [you 2013], every second, 1.2 hours worth of
video is uploaded on YouTube by users around the world, averagely attracting almost 140 views for
every person on earth. Earlier industry insiders estimated that YouTube spent over $1 million a day
to pay for its server bandwidth. This has defeated any effort towards increasing server capacity and
improving user experiences. Saxena et al. reveal that the average service delay of YouTube is nearly
6.5 seconds, which is much longer than the other measured sites [Saxena et al. 2008].
While peer-to-peer mechanisms would be a candidate to relieve such server bottleneck, the huge
number of videos with highly skewed popularity implies that many of the peer-to-peer overlays will be
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too small to function well. Moreover, user generated videos are generally short (70% are shorter than
1 minute, even though YouTube has largely relaxed the length limit [Cheng et al. 2012]), implying an
overlay will suffer from an extremely high churn rate. They together make existing per-video based
overlay design suboptimal, if not entirely inapplicable.

Fig. 8. A sample graph of YouTube videos and their links.

On the other hand, the UGC nature introduces new social relations and interactions among videos
and users. In particular, there are interesting relations among the YouTube videos: the links to related
videos generated by uploader’s choices form a small-world network, as illustrated in Fig. 8 [Cheng et al.
2012]. This suggests that the videos have strong correlations with each other. A user often quickly loads
another related video when finishing the previous one. An earlier work that explores such relationships
is NetTube [Cheng and Liu 2009], which introduces an upper-layer overlay on top of the swarms of individual videos. In the upper-layer overlay, given a peer, neighborhood relations are established among
all the swarms that contains this peer. This conceptual relation facilitates a peer to quickly locate the
potential suppliers for the next video and enable a smooth transition. The relations also enables effective pre-fetching of videos. While the repository of short videos is large, the next video in YouTube is
most likely confined by the related list of the current video. This list in general includes 20 videos at
most. Therefore, even if the number of pre-fetched videos is small, the hit ratio of the next video could
still be quite high. After multiple rounds, the rate can easily reach over 90% given the small world of
the videos.
Migrating YouTube-like UGC services to cloud is non-trivial either. A unique and critical step here
is to partition the contents and assign them into a number of cloud servers. Not only the loads of cloud
servers have to be balanced like for traditional standalone videos, but also the relationships among the
videos and users have to be preserved so as to promote access locality. There are some existing works
trying to solve this problem [Pujol et al. 2010; Cheng and Liu 2011], yet an all-around optimal solution
remains to be developed.
The latest development of general social network applications, in particular, Facebook and Twitter,
have further changed the information distribution landscape and even people’s daily life. These online
Social Networking Services (SNS) directly connect people through cascaded relations, and information
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thus spread much faster and more extensively than through conventional web portals or newsgroup
services.
Such word-of-mouth spreading [Rodrigues et al. 2011] has also drastically expanding the ways of
discovering the videos, beyond traditional web browsing and searching. There have been pioneer studies on information propagation over generic networks and, more recently, over social networks [Budak
et al. 2011]. Yet their focuses have been largely on the conventional text or image objects and on their
stationary coverage among users. The sheer and ever increasing data volume, the broad coverage, and
the long access durations of video objects present more significant challenges than other types of objects to the SNS management, and to that of video sharing sites (VSSes). A measurement [Broxton
et al. 2010] based on YouTube data showed that between April 2009 and March 2010, 25% of views on
YouTube come from social sharing. Despite recent work towards this direction [Wang et al. 2012b], the
characteristics of such requests from OSNs have yet to be comprehensively measured at large scales,
so do video requests modeling and generation.
5.

CONCLUDING REMARKS AND LESSONS LEARNED

In retrospect, the rise of research interests in video streaming systems was largely fueled by user demand and the increasingly abundant availability of bandwidth in the Internet, reflected both in the
uplink bandwidth at end users (motivating the peer-to-peer philosophy), and in the downlink bandwidth at servers in the cloud datacenters and in Content Distribution Networks (CDNs).
The rise (and eventual fall) of peer-to-peer designs have reflected an interesting phenomenon that
is worth noting. The major contributing factor to their ability to attract strong academic interests, in
our opinion, was the fact that the design of peer-to-peer systems was able to start from a clean slate,
in that it was not confined by any legacy protocols in the Internet. Due to the freedom of designing
overlay topologies, the peer-to-peer paradigm was also amenable to theoretical treatments, from modeling to analyses. For example, the following are some technical challenges that have received heated
discussions from researchers in peer-to-peer video streaming.
♦ Tree based vs. data driven, could there be any hybrid? Both tree-based structured and pull-based
structureless overlays have shown their success in practical deployment, and yet neither completely
overcomes the challenges from the dynamic peer-to-peer environment. The selling point for pull-based
systems is their simplicity, but they suffer from a latency-overhead trade-off [Venkataraman et al.
2006] [Zhang et al. 2005a]. If peers choose to send notifications for every segment arrival, then the
overhead will increase. Periodical notifications containing buffer maps reduces the overhead, but at
the expense of increasing the latencies. On the other hand, a tree-based system does not suffer from
this trade-off, but has to face the inherent instability, maintenance overhead, and bandwidth underutilization. A natural question is therefore whether we can combine them to realize a hybrid overlay
that is both efficient and robust.
The combination can be achieved in different dimensions. An example is Chunkyspread [Venkataraman et al. 2006], which splits a stream into distinct slices and transmits over separate but not necessarily disjoint trees. The participating peers also form a neighboring graph, and the degree in the
graph is proportional to its desired transmission load. This hybrid design greatly simplifies the tree
construction and maintenance, and largely retains its efficiency and achieves fine-grained control over
load.
Another direction is a more explicit tree-bone based approach [Wang et al. 2007]. The trace studies
have shown strong evidence that most of the data blocks delivered through a mesh-based data-driven
overlay essentially follow a specific tree structure or a small set of trees. The similarity of the trees, defined as the fraction of the common links, can be as high as 70%. The overlay performance thus closely
depends on the set of common internal peers and their organization. This suggests that, while mainACM Transactions on Multimedia Computing, Communications and Applications, Vol. 2, No. 3, Article 1, Publication date: May 2013.
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taining a prior topology for all the peers is costly, optimizing the organization for a core subset is worth
consideration. In particular, if such a subset consists mainly of the stable peers, with others being
organized through a mesh, we can expect high efficiency with low overhead and delay simultaneously.
♦ Incentives and fairness. Many research papers in peer-to-peer video streaming have made an
implicit assumption that users can and are willing to collaborate. In reality, however, this is not always
the case. Measurement studies have shown that, in some peer-to-peer video streaming systems, a small
set of peers are requested to contribute 10 to 35 times more uploading bandwidth than downloading
bandwidth. Such overhead will hinder any potential users from being cooperative. These autonomous
users can be selfish and misbehave in order to maximize their benefits. As a result, there could be many
free riders in a peer-to-peer system that either refuse to contribute or avoid contributing bandwidth,
e.g., in tree construction, always acting as a leaf by declaring a poor outbound bandwidth. This situation
as a result, can seriously affect the overall service quality experienced by cooperative peers. Therefore,
a proper incentive mechanism is critical to the performance of a peer-to-peer video streaming system.
Designing incentive mechanisms for video streaming system is more challenging than traditional
file download applications, due to the real-time requirements. In particular, one solution in the file
download context involves use of reputation based on past performance. However, this is feasible because the total time to download a file can often be long providing sufficient time to collect enough
credits or build reputation. Further, file download users can tolerate slow download rates for a period
of time by keeping the program running at the background. In contrast, users in video streaming applications stay for shorter times, and will simply leave the system when the playback quality is not
satisfying. A micro-payment mechanism may be a good solution that enables video broadcast users
to cooperate. However, this often asks for a centralized broker for coordination that can hinder the
scalability of a peer-to-peer systems. Systems like Coopnet [Padmanabhan et al. 2002] assume each
node contributes as much bandwidth as it receives - however this does not consider the heterogeneity
in node bandwidth.
BitTorrent-like applications adopt a tit-for-tat strategy to solve the incentive problem. Tit-for-tat is
a highly effective strategy in game theory originally proposed for the iterated prisoner’s dilemma. The
strategy works well in peer-to-peer file download because the segments of a file are downloaded independently. The basic idea is when a peer is not uploading in return to a peer’s uploading, the application
will choke the connection with the uncooperative peer and allocate this upload slot to a hopefully more
cooperating peer. However, this approach does not trivially extend to video broadcast because of the
timeliness requirements involved. The design of a scalable, light-weight incentive mechanism which
fits the application of peer-to-peer video streaming system remains receiving discussion these days.
♦ Extreme peer dynamics and flash crowd. During a flash crowd, there is a large increase in the
number of users joining the video streaming sessions in a short period of time. This poses challenges for
a peer-to-peer video streaming system as it has to rapidly assimilate the new peers into the distribution
structure without significantly impacting the video quality of existing and newly-arrived peers. The
opposite situation is when a large number of users leave a video session during a short period of time.
The peer-to-peer video streaming system has to repair the delivery structure to minimize the service
interruption as well. During a high churn situation, users arrive and depart frequently, in which case
the peer-to-peer video streaming system has to continue to adapt with the peer dynamics.
As discussed in [Sripanidkulchai et al. 2004], flash crowd and high churn situation are very common. The extreme scenario can be very difficult to handle. Consider the example of a popular concert
broadcast that attracts 1 million users. If these users arrive within the the first 100 seconds of the
concert, the peak arrival rate will be 10, 000 peers per second. If the video quality is not good for the
initial period, a user is more likely to quit. This not only represents a failure of the system to provide
service to this particular user, but also generates a peer departure event, thus more churn in the sysACM Transactions on Multimedia Computing, Communications and Applications, Vol. 2, No. 3, Article 1, Publication date: May 2013.
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tem. Designing peer-to-peer video streaming system that is robust to extreme peer dynamics is also an
interesting research topic.
However, whether the peer-to-peer design philosophy will thrive or survive hinges upon the crucial
judgment of whether its advantages in substantial bandwidth savings outweigh its drawbacks, being
so vulnerable to flash crowds and high turnover rates. Unfortunately, with recent downward trends in
storage and bandwidth resource pricing, the momentum of the pendulum swing to the opposite side has
accelerated. According to [Stoica 2010], bandwidth pricing of Content Distribution Networks (CDN)
was observed to be dropping quickly every year, from 40 cents per GB in 2006 to less than 5 cents per
GB in 2010. As a result, the streaming cost per hour had decreased 15%–35%, with a streaming cost
of less than 3 cents per hour in 2010. The consequence of these observations was dramatically reduced
distribution costs for content providers. For example, for paid content that is usually priced at $0.99
per episode, the distribution cost is less than 3% of the provider’s total cost; for subscription-based
premium content, it only costs $1.60 per month to stream content to an user watching 2 hours per
day! What contributes to the majority of a content provider’s revenue is the income from ad-supported
premium content. The cost per thousand of ad impressions (CPM) for premium content has reached
$20–$40, with a single ad covering the cost of an entire hour of streaming.
The ever decreasing cost of content delivery and the emergence of such ad-based business models
have boosted the importance of video quality. Recent measurement results have shown that there is a
crucial interplay between video quality and user engagement [Dobrian et al. 2011]. As a consequence,
content providers, with an objective of generating more revenue, care more about the quality of their
streaming service to maximize user engagement, than the cost of bandwidth.
By leasing storage and bandwidth resources to leading content providers such as NetFlix, cloud
computing has emerged as the winner by purchasing resources at wholesale and selling them to cloud
users at retail. As a result, HTTP/DASH streaming powered by cloud computing and datacenters, and
the social media and social effects due to the highly-available online social network services , recently
enjoyed a similar meteoric rise in popularity, attracting an enthusiastic level of research attention just
like peer-to-peer systems did a decade ago.
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