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Abstract—The layered H.264/SVC video format,
which is currently under standardization, allows
scalable encoding and, thus, creates new opportu-
nities for video delivery in a unified manner.
However, video streaming over different wireless
accesstechnologies (from WLAN to WiMAX to 3G
WWANS) remains challenging. After briefly in-
troducing the issues at hand, we present a cross-
layer architecture developed within the EU IST
PHOENIX project, which jointly optimizes source
and channel rates aiming at maximizing wireless
link utilization and improving the user-perceived
video quality. Our proposal capitalizes on recent
advances in scalable, layered video encoding and
provides a platform for future development.

1. Introduction

Ddivering high quality video over wireless net-
works is a challenging task due to the inherent vari-
ability of the access medium, which is exacerbated by
user mobility. Although current wireless data net-
works were not designed for wide-spread video
streaming usage, multimedia applications are catching
on, placing a burden on current protocols. One of the
main goals in the EU-funded PHOENIX research
project (2004-2006) is to develop solutions that ex-
ploit the available bandwidth on varied wireless links
efficiently, and alow for optimized multimedia
trangmission over Internet Protocol (IP) wireless
networks. In order to reach this goal, the PHOENIX
consortium proposed to develop a scheme which
offers the means to let the application world (source
coding, ciphering) “tak” to the transmission world
(medium access, channel coding) over an |Pv6 proto-
cal stack, and jointly optimize the end-to-end quality
of communication via one or more wireless links.
The main guiddinesin this effort are:

Deveop innovative schemes to enable joint opti-
mization over end-to-end wireless links. Thisin-
cludes the development of flexible channel cod-
ing and modulation schemes, the adaptation of
existing source coding schemes with respect to
their ability for JISCC/D and the development of
new ones specifically optimized for this purpose.

Establish efficient and adaptive optimization
strategies that will jointly control the coding
blocks and realigtically take into account the sys-
tem limitations and specifications, such asthe use
of ciphering, the presence of one or several wire-
less hops, and so on.

Build a global network architecture based on joint
optimization for future wireless systems. This
objective includes the development of the
transparent network communication approach,
which will alow applying the optimization

will alow applying the optimization strategies in
any kind of 1P network.

This paper is organized as follows. Section Il setsthe
background by introducing the layered/scalable video
encoding standard H.264/SVC. Section Il reviews re-
cent research results, and Section 1V brings out our pro-
posed system architecture. Finally, Section V details our
current simulation methodology and reports on our pre-
liminary results.

2. Background

After the successful collaboration in developing
H.264/AVC, experts from ISO/IEC MPEG and ITU-T
formed a joint team to develop a new scalable video
coding (SVC) standard as an extension to AVC. The
SVC extension to AVC adds signal-to-noise ratio (SNR)
and spatial scalability, expanding the use of AVC to
several different application settings[1].

2.1. A scalableextension of the H.264/AVC video
coding standar d

The main idea behind the scalable extension of
H.264/AVC is to take the bl ock-based hybrid video cod-
ing scheme one step further and achieve spatio-temporal
and signa-to-noise-ratio (SNR) scalability [2]. Theterm
scalability in the video coding context means that physi-
cally meaningful video information can be recovered by
decoding only a portion of the compressed bit stream.
For example, one should be able to recover from the
compressed bit stream a video with lower resolution than
the origina by decoding only the lowest spatia layer and
discarding other spatial layers.

In SVC, scalability is achieved by taking advantage of
the layered approach. The sructure of the encoding
depends on which kind of scalability is needed. For
example, Figure 1 depicts the block diagram of an SVC
encoder with two spatial layers, which contain additiona
SNR enhancement layers.

In each spatial layer hierarchical motion compensation
and prediction is made. The redundancy between adja-
cent pictures and layers is based on inter- and intra
prediction techniques. After motion-compensated pre-
diction, transform coding is applied using the same trans-
formation techniques as in the H.264/AVC standard.
SNR and quality scalahility is achieved by coding the
difference between transformed and not transformed
dices using progressive coding. These progressively
coded dices can then be truncated at any position within
each dice thus improving the user-perceived visual qual-
ity proportional to the number of bits included in the
truncated dice. Meanwhile, temporal scalability is
achieved using hierarchical B pictures, which provide a
predictive structure aready included in H.264/AVC.
Moation compensated temporal filtering can aso be used
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but it is, for the time being, included as a non-
normative option only for achieving temporal scal-
ability. An example of hierarchical coding structure
for group of pictures (GOP) which length is eight
pictures isillustrated in Figure 2. All of these scal-
ability modes can be combined to achieve three-
dimensional (spatial, temporal and SNR) scalability.
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Figure 2: Hierarchical GOP structure

2.2. The dependency between layersin scalable
video coding

Layersin scalable video coding are classified as a
base layer and enhancement layer(s). In SVC, the
base layer can be decoded using a standard
H.264/AVC decoder. Information from lower layers
is used to remove the redundancy between different
layers. This increases coding efficiency but it also
increases the importance of the lowest layers during
decoding process and reduce error resiliency. If the
base layer or one of the most important layersis lost,
less important layers are useless because decoding
them requires redundant data from the most important
layers. The dependency between layers makes the
prioritization of different layers during transmission
suitable.  The base layer aso usualy needs less
trangmission bandwidth than the enhancement layers,
which is aso quite important when alocating re-
sources to different prioritization classes.

Based on the SVC layer prioritization suitability
we propose a mechanism for adapting the video

trangmission to rapidly changing wireless channd and
network conditions. One of the main requirements for
the architecture is to be general enough to work with
different access networks from IEEE 802.11 (WiFi) and
|EEE 802.16 (WiMAX) to 3GPP and UMTS.

3. Related work

Cross-layer optimization techniques received little at-
tention from the research community until recently,
partly due to the influence of Shannon's joint
source/channel coding theorem [3], from which one can
conclude that “either reliable transmission is possible by
separate source-channel coding or it is not possible at
all” [4]. Of course, the success of a layered network
stack, such as the TCP/IP suite, and its unanimous accep-
tance by academics and practitioners dike, has aso ef-
fectively placed certain cross-layer designs in the same
heap as “spaghetti” or monalithic design. Nevertheless,
and despite rightfully cautionary notes on the topic [5] ,
several researchers have attempted a more integrated
approach in designing efficient wireless network com-
munication systems aiming at, in particular, multimedia
trangmission, see [6],[7],[8] (and the references therein).

We concur with Khan et al. [9] that cross-layer design
should be viewed as a complement, not an aternative, to
layered design. Besides the efforts within the PHOENIX
consortium, which isin the process of ddivering a fully
functional prototype that optimizes multimedia transmis-
sion in IP wireless networks, other researchers have
recently published “proof of concept” implementations.
For example, Haratcherev et al. [10] report on the effec-
tiveness of their hybrid automatic rate control and argue
for the effectiveness of a proposed cross-layer medium
prediction mechanism.

Finally, Ksentini et al. present an architecture [11]
similar to ours, but aim at |IEEE 802.11e-based networks
and do not take into consideration recent developments
in scalable video. As mentioned earlier, we are striving
for a solution that is generic enough, does not depend
soldy on asingle data link layer, and can work with both
wireless LANs and WANS.

4. Architecture

This section presents our approach for introducing
cross-layer communication in the 1ISO-OSl stack, which
allows for information exchange and joint optimization
between different OS| layers. Figure 3 presents the pro-
posed architecture, which implements a cross-layer stack
between application layer source coding tools and the
priority-based queuing module located at the data link
layer of transmitting wirelesslinks. The proposed design
aims primarily at multimedia and video streaming opti-
mization, and utilizes only the most important cross layer
information exchange between layers in order to avoid
“gpaghetti”-like interlayer communication design. Our
intention is to keep protocol interactions simple and
implementation straightforward.

Our godl is to optimize video streaming performance
in a network topology that consists of wireless hops in



addition to wired links. Optimization is enabled by
performing source rate adaptation for the video
stream in case of decreased wireless channd trans-
mission capacity. Rate adaptation is implemented at
the data link layer allowing rapid reaction to channel
state changes of the corresponding wireless channdl.
Adaptation is based on prioritization the transmission
of different H.264 scalable extension video stream
layers in the Multimedia Adaptation Layer (MAL) so
that the most important base layer is trangmitted first,
and enhancement layers are then transmitted in
decreasing order of importance.
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Figure 3: Protocol stack for video streaming optimization

Cross-layer communication is needed to obtain the
required source sensitivity information (SSI) which is
used to perform prioritization. In addition, channe
state information (CSl) and network state information
(NSI) are used to aid the scheduling procedure. The
information transfers between the layers can be classi-
fied as either external or internal communications.
The former comprises exchanging information
through the network, while the latter involves the
communication between different OSl layers inside
the same device. The design aspects of cross layer
communication incude taking into account the intro-
duced overheads and delays, as well as other func-
tional and performance aspects, such as, synchroniza-
tion issues. The video codec at the application layer
provides the SSl-information by marking the video
stream layers according to their importance for the
decoded image quality. This marking information is
given to the transport protocol along with the actual
payl oad.

The packet classification based on SSl-information
utilization, can be performed at the network (IP) level
using Differentiated Services (DiffServ) [12],[13].

We capitalize on the availability of standards-compliant
packet classification in wired and wireless networks
connected with routers or layer 3 switches. In DiffServ,
packets are classified and marked in order to receive a
particular per-hop behavior (PHB) on nodes along their
path. Different PHB are mapped using specific queue
management and packet scheduling mechanisms.  So-
phisticated classification, marking, policing, and shaping
operations need only be implemented at network bounda-
ries including the network edges (first-hop router or
source host) and administrative boundaries. Network
resources are alocated to traffic streams by service pro-
visioning policies, which govern how traffic is marked
and conditioned upon entry to a DiffServ-capable net-
work, and how that traffic is forwarded within that net-
work. There is no need for per-flow state and signaling
at every hop, which makes the DiffServ architecture
scalable.

The DiffServ field, which consists of the first six bits
of the IPv4 header ToS, or IPv6 header Traffic Class
octet, is used for packet marking, which should map into
certain PHBs. Some of the code points are assigned by
IANA, others areleft for experimental and local use.

For wireless networks, including also layer 2 access
points and switches, which do not support layer 3 routing
capabilities a lower level packet classification can be
used in addition to the |P level classification.

The proposed multimedia adaptation mechanism for
the scalable extension of H.264 isillustrated in Figure 4.
On the transmitter side, MAL consists of a packet classi-
fier, which classifies the incoming packets from | P-layer
to gqueues based on frame type and priority information
provided by SSI; it also includes transmit and receive
buffers, and the scheduler engine.
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Figure 4: Transmitter side MAL architecture for scalable extension of
H.264

The scheduler engine takes advantage of CSI and NS
information in transmission frame formation. Depending
on the current channd and network state the scheduling
engine forms the data link frame from the available base
layer and enhancement layers video frames, which can
be transmitted with a certain level of assurance over the



wireless network. The scheduling engine also inserts
a frame identifier to the data link frame, which is
further utilized at the receiver side to identify the
incoming data frame format.

The proposed MAL architectureisrequired for fast
adaptation to rapid channel and network changes.
The MAL solution also provides a medium access-
and physical layer-independent solution for efficient
multimedia transmisson. The architecture can be
easily deployed e.g. with WiF, WiMAX, and UMTS.

5. Performance Evaluation

We have studied the efficiency of the traffic priori-
tization scheme with MPEG-4 Fine Granular Scal-
ability (FGS) coding agorithm in [14], where a pri-
oritization of the enhancement layers of the scalable
MPEG-4 bit stream was ssimulated. Different packet
loss rates (PLR) for different enhancement layers
were used in prioritized scheme and same PLR for
every layer in non-prioritized scheme. Preliminary
simulation results are illustrated in Figure 5. 1t can be
seen from the figures that improvement on image
quality can be achieved by using prioritization and the
improvement is greater when PLR is larger. How-
ever, the coding efficiency of MPEG-4 FGS is quite
poor which also affects the simulation results. The
coding efficiency for SVC hasimproved and together
with combined spatio-tempora and SNR scalahility,
it will provide better suitability to prioritized trans-
mission scheme.
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Figure 5: MPEG-4 FGS with and without prioritization when
PLR=5%.

Although these results are promising, we would
like to smulate a larger and, perhaps, more reditic
set of network topol ogies while being able to compare
the system performance using different video clips
and the most recent video encoding software. We,
thus, have developed the simulation methodology
described next.

5.1. Simulation methodology

Our performance evaluation study aims at investi-
gating the potential for improving the end-user ex-
perience using cross-layer optimizations. In particu-
lar, we want to compare the performance of our cross-
layer solution with more traditiona video transmis-
sion methods, and determine if it is more suitable for
trangmitting layered streaming video.

We are interested in the following scenario: an event
is broadcasted live and encoded in redl timein a scalable,
layered video format, for example H.264/SVC. The
server transmits the scalable video to a number of recipi-
ents, which may use devices with different display capa-
bilities and network access. The frames generated by the
encoding process are subsequently packetized forming
the video stream which is transmitted over an arbitrary
network topology. The network includes wireless and
wired links, and may support traffic prioritization, such
as Differentiated Services, at the network layer, and
priority-based queuing at the data link layer. At the
receiving end, the incoming stream is decoded in real
time and the recipient monitors the quality of the re-
ceived video feed.

As mentioned above, layered video encoding is typi-
caly very efficient in terms of the total amount of traffic
injected in the network, achieving high compression
rates. However, thisis realized by employing computa-
tionally expensive algorithms, in particular when produc-
ing scalable video. For example, encoding a 10-second
video clip in CIF resolution (352x288 pixels) with 2
spatial, 5 temporal and 3 quality layers, requires several
hours on a Pentium 4-class PC using the most current
reference implementation of the H.264/SVC standard.
Clearly, the scenario we are interested in cannot be real-
ized today, and as such, we resort to smulation [15] in
order to qualitatively evaluate the cross-layer optimiza-
tions.

The simulation methodology we use attempts to take
advantage of the state of the art components in both
scalable video encoding and network simulation. As
illugrated in Figure 6, we first use areal video clip and
encode it using a prototype H.264/SVC encoder. Note
that the SVC extension is still under standardization and
all encoder implementations are ill in the prototype
phase of development. In addition to the real encoding,
we extract the packet stream that would have been gen-
erated if the server trangmitted the video as described in
the scenario. We make sure that the packet stream is
compatible with different network technologies, obey
maximum transmission unit (MTU) limitations, calculate
headers, and so on. That is, we do not smply calculate
GOP sizes, but we fragment the frames generating actual
packet payl oads.

The second stage involves smulations with different
topologies and traffic scenariosin ns-2. The H.264/SVC
encoder (D1) is aware of video semantics and can mark
each packet based on, for example, whether it belongs to
a basic or an enhancement layer. Clearly, not al video
packets are created equal: packets from a basic layer are
more important than packets from enhancement layer(s)
and should, thus, receive preferential treatment, such as
prioritized forwarding or reliable ddivery, whilein tran-
sit. Inour studies, thisisachieved by employing either a
DiffServ network or a data link layer traffic differentia-
tion scheme. The fina stage of the methodology in-
volves the analysis of the simulation trace, and the cal cu-
lation of performance metrics
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Figure 6: Simulation methodology

5.2. Results

We use ns-2 to explore the smple scenario involv-
ing two mobile nodes connected via IEEE 802.11b.
The nodes are located 120 m apart on a planar field
and use Dynamic Source Routing (DSR) [16] to dis-
cover each other and maintain connectivity. The first
node transmits a 10-second video packet stream cor-
responding to the H.264/SVC encoding of the well-
known Foreman clip (generated as explained above).
The clip has a resolution of 352 by 288 pixels and is
encoded at 125 kB/s with the basic and five enhance-
ment layers. The sending node has a large interface
buffer, L=250 packets, which is well above the band-
width-delay product in order to avoid congestion
losses. We configure the buffer either as a flat drop-
tail queue without packet differentiation, or asaprior-
ity queue (PriQ) that classifies packets into one of
five buffers (1;=50, i=1...5, as depicted in Figure 4)

At t=10s the sending node starts the transmission
of thevideo file. At the same time, the nodes start to
move away from each other in opposite directions.
Connectivity is lost at about t=11.5s. The nodes re-
verse course at t=14s and are again within communi-
cation range at t=16.5s.

We explore four different trangport methods. First,
we use a draightforward FTP transfer of the entire
encoded video in H.264/SVC. Second, the same
H.264/SV C packet stream is transmitted over UDP as
generated by the encoder; packets are not differenti-
ated based on source coding (layer) information.
Third, we use the same stream but mark each packet
at the source using five different DiffServ codepoints
(DSCP). The basic layer and the next three enhance-
ment layers are associated with DSCP “0” to “3”,
respectively; the last two enhancements layers are
both mapped to DSCP “4". In this case

(“SVC/PriQ”), the network does supports traffic prioriti-
zation (PriQ), but does not provide any notifications
when connectivity is lost or packets are being dropped.
Finaly, we add MAL to the previous scenario
(“SVC/MAL") and repeat the smulation. In this last
case, the sender is programmed to halve its transmission
rate when it receives such notification, which only trav-
erse the sender’ s network stack (internal communication,
see Section 4). Note that we do not yet have a general-
ized mechanism to contral the video bitstream adapta-
tion.

The FTP sender uses TCP NewReno and the receiver
employs the delayed acknowledgements algorithm [17].
TCP is unaware of layer information and cannot priori-
tize frame transmissions based on application-level crite-
rig; it isincluded in our presentation for completeness.
Figure 7 presents the throughput calculated at 100ms
intervals at the recelver side, while Figure 8 presents the
timeline of packet arrivals and drops. Note that this
particular scenario is quite favorable for TCP: the sender
is not application-limited (the entire video clip is avail-
able for download at t=0s), and no random or conges-
tion-related losses occur. TCP takes advantage of all
available network capacity and, due to its greedy nature,
over-shoots well above the average encoding data rate.
During the period of lost connectivity, the TCP sender
times out five times (between t=11.7s and t=17.7s, see
lower part of Figure 8). TCP resumes successful trans
mission a bit after the last timeout, but a valuable period
of more than 1.2s has been lost. Nevertheless, TCP
manages to transfer a significant part of the video before
connectivity is logt, and (by transmitting at full throttle)
finishes the transfer before t=20s.
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Figure 7: Video transfer throughput

Prior to the lost connectivity event (t=10...11.5s), the
three SVC “variants’ proceed streaming in lock step
(Figures 7 & 8). Once connectivity is lost, the buffer at
the sender’s side starts to fill up and then garts to over-
flow. In the case of “H.264/SVC” over drop-tail this
occurs at t=13.28s. In the case of SVC/PriQ and
SVC/MAL packets start to being dropped more than a
second earlier. However, as highlighted in Figure 8, in
the latter case the dropped packets belong to |ower prior-
ity (enhancement) layers. In particular, the majority of
dropped packets in the case of SVC/PriQ and SVC/MAL
belong to layers 3, 4 and 5; no packets from the basic
layer or the first enhancement layer are dropped.



In contrast, the timeline indicates that SVC over
non-priority queues may be of little value as it is
bound to lose packets for the basic layer in cases of
lost connectivity. Figure 9 zooms in the timeline of
packet arrivals and packet drops for t=16...17s. The
lower part reinforces the point made about layer pri-
oritization: without it, packets from the basic layer are
dropped, while athers from the fourth and fifth en-
hancement layers are being delivered over the air
interface. Thisis very critical because it is challeng-
ing the SVC decoder to recover from packet |osses
that belong to the basic layer, and may be forced to
discard any following packets from the same frame.
This smple scenario indicates that in order for SVC
to deliver an improved user experience the network
must employ some kind of traffic prioritization.

However, smple traffic prioritization is not suffi-
cient. For example in the case of SVC/PriQ, once
connectivity is restored, adthough packets from the
basic layer are being received, packets from en-
hancement layers continue to be transmitted by the
sender thereby overflowing the interface buffer.
Source rate adaptation is clearly called upon. The
upper part of Figure 8 & 9 show that by halving the
source rate less stress is placed on the queues for the
lowest priority packets. These savings translate into a
smoother transition into full throttle once connectivity
isrestored (Figure 7, t>16s).

6. Summary and Future Work

We introduced an architecture, which centers on
our Multimedia Adaptation Layer (MAL) and aims at
delivering improved streaming video performance
over wireless networks. MAL builds upon recent
advances in scalable, layered video standards and
employs standards-based network and MAC-layer
traffic prioritization mechanisms. We presented our
methodology for evaluating MAL (and other similar
approaches) based on cutting-edge, prototypical
H.264/SVC video encoding software, and used the
most-widely used network simulator to evaluate
SVC/MAL in a simple scenario, showcasing the ad-
vantages of using red traces in evaluating video
streaming adaptation mechanisms.

We are actively working on devel oping source rate
adaptation agorithms based on peer-, network-, and
media access notifications. Of main interest is the
development of adaptation mechanisms that improve
image qudity. We are looking into more complex
simulation scenarios, which involve more sources,
trangmission-, and congestion-related losses, and
developing metrics that capture the user-perceived
quality in amore formalized way.
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Figure 8: Timeline of packet arrivals
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Figure 9: Timeline of packet arrivals (zoom in)



