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Summary

As wireless technology evolves towards its fourth generation (4G) of development, the prospect of offering
multimedia services such as on-demand video streaming and video conferencing to wireless mobile clients
becomes increasingly more viable. The eventual success of such applications depends on the efficient management
of the limited system resources while taking into account the time-varying wireless channel conditions as well as
the varying multimedia source content. In this paper, we review some of the recent advances in cross-layer design
schemes, which aim at providing significant gains in performance for video streaming systems through content-
aware resource allocation. Advances in both, real-time video streaming, where the video is encoded and transmitted
in real-time, as well as, on-demand video streaming, where the video is pre-encoded in a media server, are
considered. Copyright © 2007 John Wiley & Sons, Ltd.
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1. Introduction

The anticipated popularity of mobile multimedia
devices drives wireless technology towards its fourth
generation (4G) of development. The 4G networks
are expected to provide higher data rates and seamless
connectivity, thus enabling users to access, store, and
disseminate multimedia content without any restriction
on mobility. On-demand video and video conferencing
over mobile devices are among the many potential
‘killer applications’ that stand to gain from the high
data rates offered by such emerging wireless networks.
The eventual success of such applications depends on
the efficient management of system resources such
as transmission power, bandwidth, and even time, in

the case of scheduling of packets with attached delay
constraints. Resource allocation schemes must also
take into account the time-varying and error-prone
nature of wireless channels in a mobile environment.
Great strides have been made in the design of resource
allocation schemes that would enable the streaming
of high quality video over wireless networks. In this
paper, we review some of the recent advances in this
field and discuss new opportunities for research that
would enhance our current capabilities.

Any wireless video streaming system is composed of
three high-level components. They are: (1) the server,
which is either a media server that contains a collection
of pre-encoded video sequences that can be requested
by its clients or adevice that acquires video in real-time,
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compresses it, and then transmits the compressed video
to its clients over the network; (2) the scheduler, which
allocates network resources that determine the trans-
port channels to be used for data transmission; and (3)
the clients that receive the data. It is becoming increas-
ingly apparent that efficient video streaming schemes
will require the joint adaptation of source parameters
such as coding modes for macroblocks (MBs) at the
encoder or server, and network and channel parame-
ters such as packet transmission schedules, and chan-
nel bandwidth allocations at the scheduler, while also
being aware of the video decoding and error-resilience
schemes employed at the receiving client [1-4]. Jointly
adapting such parameters controls the allocation of the
available resources across the multiple OSI network
layers, from the application layer (e.g., through source
bit allocation) to the physical layer (e.g., through power
allocation). In this paper, we review such ‘cross-layer’
design schemes that have been proven to provide signif-
icant gains over the traditional layered schemes. Read-
ers are also referred to Reference [5], which provides
an interesting and important perspective on cross-layer
design.

We consider two different scenarios for video
streaming where cross-layer design schemes have
been shown to be helpful. The first scenario is the
point-to-point streaming of video in real-time. Ap-
plications that encompass this scenario include video
conferencing, as well as applications where mobile
devices may be used to record a scene and transmit the
video to another device or user in real-time. In such
applications, the video must first be transmitted over
an uplink channel to a wireless base station and then
transmitted downlink to the receiving user. The video
is encoded-on-the-fly and the transmitting device has
control over the video coding parameters such as
quantization step sizes of the encoded video blocks,
as well as network parameters such as the allocated
transmission power and bandwidth [6,7]. In the case
of mobile wireless devices, the available energy in
the transmitting device is also a limited resource
to be considered in the overall resource allocation
scheme [8,9].

The second scenario applies to the downlink video
streaming case when the video is pre-encoded and
stored at a media server. In this case, the actual video
coding parameters are not controllable at the scheduler
unless it is capable of decoding, re-encoding, or
transcoding the video in real-time. However, in a
packet-based system, the scheduler can adapt to
channel conditions and control the source rate of the
video by opting to delay or eventually throw out video
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packets instead of transmitting them [10,11]. Another
opportunity for adapting the source rate is provided
by scalable video coding techniques, which allow the
embedding of spatial, temporal, and quality scalability
layers within a single bit stream. For example, quality
scalability allows for the transmission of a base layer at
low quality and bit rate, and then, enhancement layers
that progressively improve the received video quality
at the cost of additional bits [12,13]. In such schemes,
the complete reception of the base layer is vital to
avoid error propagation at the decoder. In the case of
fine granularity scalability (FGS), in MPEG-4 [14-16]
and the emerging scalable extension of H.264 [17], the
enhancement layers may be truncated at any point to
achieve the corresponding best possible video quality.
Such layered encoding schemes also allow for unequal
error protection where different levels of protection can
be provided to the base layer and enhancement layer
video packets [18].

In the following sections, we will elaborate on the
above scenarios and point out the recent advances made
in each direction. We will begin with a description of a
typical wireless video streaming system and the asso-
ciated control parameters in Section 2. Then, we will
describe some important distortion estimation schemes
that determine the relative importance of video con-
tent, in Section 3. Section 4 will show how the differ-
ent components of a video streaming system can be
utilized together for cross-layer optimization schemes.
We will conclude in Section 5 with a discussion of the
opportunities for future research.

2. Wireless Video Streaming Systems

Figure 1 provides a high-level overview of a wireless
video streaming system. As mentioned before, such
a system is composed of a server, which will either
encode the video in real-time or contain pre-encoded
video, a scheduler, which can be more appropriately
termed a network controller, and a client or multiple
clients, which will decode the received video streams.
The video will be transmitted over time-varying wire-
less channels with limited data rates.

2.1. Video Encoding

The raw video is first compressed using a video coding
scheme. The scope of this paper will encompass
the widely accepted compression standards such as
H.263, MPEG-4, and H.264 which use a block-based
motion compensation technique for video coding. In
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Fig. 1. Wireless video streaming system.

these approaches, the video frame is first divided into
MBs, blocks of pixels that are either independently
coded (Intra) or coded using temporal prediction from
previous frames (Inter). Inter coded MBs use motion
vectors (MVs) that specify the location of reference
blocks in a previously transmitted frame. The Intra
blocks as well as the residual blocks after motion
prediction from Inter blocks are then transform coded,
followed by quantization of the transform coefficients
and entropy coding to complete the encoding process.
To improve coding efficiency, MBs within a frame
may also be coded in a spatially predictive manner as,
for example, in the predictive intra coding technique
used in H.264. Error robustness can be introduced by
coding a group of MBs together in a slice, which is inde-
pendently decodable from all other macroblocks/slices
in the same video frame. Therefore, a video packet
could consist of a slice of a frame, which would be in-
dependently decodable at the receiver and whose loss
would not affect the decoding of any other slice in the
frame. A recent review of error-resilient video coding
techniques is provided in Reference [19]. In addition
to the resynchronization ability provided by slices, an-
other important consideration in wireless environments
is the packet loss probability. Longer length packets are
more susceptible to bit errors and can cause larger lo-
calized distortions when lost. Dividing a video frame
into multiple shorter length slices, however, can lead to
significant overhead due to the included slice headers
as well as additional IP/UDP/RTP header data which
must be added for data transport. A discussion on the
importance of considering packet length in a wireless
environment can be found in Reference [20].

Copyright © 2007 John Wiley & Sons, Ltd.

The source coding parameter set, S, in Figure 1 could
denote the MB modes (such as Intra, Inter, or Skip) or
the quantization step sizes for the MBs. In the case of
pre-encoded video, multiple video streams of different
source bit rates corresponding to different compressed
quality levels may be available at the server. Then, the
source parameter set could determine the quality level
of the downlink bit stream to use. H.264 allows for even
greater flexibility by providing the ability to switch be-
tween different pre-encoded source bit streams at pre-
specified points (SP and S/ frames) in each stream. In
scalable coded bit streams, the source parameter can
determine the spatial, temporal, and quality scalability
levels of the transmitted video. The selection of S will
determine the source rate of the video and will also
affect the video quality after decoding at the client.

2.2. The Scheduler/Transmitter

The encoded video packets are then sent to the
scheduler where the network resources, N, will be
allocated for each video packet. The simplest form of
scheduling would be a round-robin scheme, such as
the time division multiplexing (TDM) scheme used in
2G GSM networks where transmission time is shared
equally among all users. Recent research, however, has
shown that channel-aware scheduling schemes, which
allocate greater resources to users with better channel
conditions, can perform significantly better than
round-robin schemes by achieving a multi-user diver-
sity gain [21]. To avoid favoring users that are closer
to the base station, proportionally fair scheduling
schemes have been developed that take into account the
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average throughput of each user as well as the channel
conditions [22]. Other schemes such as the Exponen-
tial Rule [23] attempt to stabilize the queue lengths
for each user, which is beneficial for delay sensitive
applications such as streaming video transmission. In
Reference [24], a gradient-based scheduling scheme is
used, which allocates resources such that the user rates
weighted by the gradients of a given system utility
function will be maximized. This generalized scheme
allows for the use of a broad range of utility functions,
both queue length based and throughput based.

Improved understanding of the benefits of channel-
aware scheduling schemes has led to the development
of 3G architectures such as high speed downlink
packet access (HSDPA) [25], and proposed, possibly
4G wireless architectures such as IEEE 802.16 (com-
monly known as WiMAX) [26] that can support high
data rates to multiple mobile users. In these schemes,
the scheduler makes use of frequently updated channel
state information (CSI) to determine the resource
allocations. For example, in a CDMA/HDR system
[27,22], TDM is used to transmit to a single user
at each time-slot. In a wireless network using the
HSDPA approach, the scheduler uses a combination
of TDM and CDMA, adaptive modulation and coding
techniques, and hybrid ARQ to control the network
resources provided to each user. Approaches such
as HSDPA, CDMA/HDR as well as the 1x EVDV
architecture for CDMA 2000 use short feedback in-
tervals and transmission time slots (2 ms for HSDPA,
1.25ms for 1x EVDYV, 1.67ms for CDMA/HDR)
to enable fast adaptation to varying channel
conditions.

Most packet scheduling schemes currently used in
wireless networks do not achieve the best possible
quality for video transmission, since they do not take
the video content into consideration when making
scheduling decisions. Although they may be more
complex, content-aware schemes could perform sig-
nificantly better in terms of the end-to-end distortion
of the video received by the client and more efficiently
utilize the available resources at the transmitter. Any
such scheduling scheme would need to consider the
video encoding method, the channel conditions as well
as the decoding and error-resilience methods employed
at the decoder to make the best possible scheduling
decisions.

2.3. The Wireless Channel

Schedulers depend on a model of the wireless channel
to determine the relative importance of the allocated
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network resources. Wireless channels typically suffer
from multi-path and shadowing effects which lead to
high bit error rates and low bandwidth. An important
parameter to consider in wireless channels is the signal-
to-noise ratio (SNR) at the receiver. A low received
SNR leads to more bit errors, and thereby, higher
packet loss rates. The SNR is a function of the trans-
mission power and fading in the channel. In CDMA
systems, interference from other users will also add to
the noise in the channel. In general, the probability of
packet loss in a wireless channel can be modeled as

ok = f (Px, Rk, 6k) (D

where pi denotes the probability of loss for packet &,
Py the transmission power, Ry the transmission rate,
and 6y, the channel fading realization.

In Reference [8], the concept of outage capacity
discussed in Reference [28] is used to determine f(-)
analytically. Assuming a Rayleigh fading channel,
outage capacity can be used to determine the packet
loss probability as

_ 1 Re/ W,
p"_l_eXp(Pky(ew (2" k_1>) @

where y(6x) denotes the normalized expected SNR
given 6y, and Wj denotes the available bandwidth. A
Rayleigh fading channel may also be estimated using
a Finite State Markov Channel (FSMC) model [29].

In Reference [30], f(-) is derived for a model based
on a binary phase-shift keying modulation scheme
in a Rayleigh fading channel. The transmission rate
is adapted by changing the amount of forward error
correction (FEC) applied to each packet using a
rate-compatible convolution code. When fast feedback
is available as in 3G and 4G wireless networks, the
transmission rate can also be indirectly adapted to the
channel conditions through ARQ [31].

Another analytical approach would be to use
Shannon’s capacity theorem directly to determine the
maximum rate that can be reliably achieved given
the channel conditions and transmission power. This
approach is used in Reference [9] for transmission
power control and in Reference [24] in a downlink
packet-scheduling scheme.

2.4. Video Decoding/Error Concealment

The final stage in Figure 1 is at the client where the
video will be decoded. The decoder must take into
account the packet errors in the channel, delayed
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packets as well as packets that may have been dropped
due to buffer overflow, and perform some form of
error concealment prior to playing back the video. In
a video streaming system, any packet that arrives after
a given playback deadline will be considered lost by
the decoder.

In general, the error-concealment strategies
employed at the decoder attempt to exploit the redun-
dancies that are common to most video sequences.
Errors in inter coded frames are commonly concealed
using temporal concealment techniques that exploit
the temporal correlations in the scene [32]. Assuming
a MB is lost, the simplest temporal error-concealment
method would be to copy the pixels from the MB in the
same location in the previous frame. More complicated
methods use the MVs from neighboring received MBs
in the frame to determine the position of a motion
compensated MB in the reference frame. Since more
than one candidate MV may be available, a boundary
matching technique can be used to determine the best
possible candidate [33] or to re-estimate the M Vs [32].
Errors in intra frames can be concealed using spatial
concealment techniques [34]. Simple but effective
spatial concealment methods rely on weighted pixel-
averaging schemes [35], where the weight depends on
the distance from the concealed pixels. Hybrid spatio-
temporal error-concealment schemes also exist [36].
A broad review of error-concealment schemes and
their relative benefits can be found in Reference [37].

Figure 2 shows the difference in decoded video qual-
ity using the simple MB copy scheme described above
and the complex concealment strategy, which uses the
boundary matching technique, for a given packet loss
realization. Figure 3 shows an example frame, where
the packet, which contained the information for the
5th row of MBs, has been lost. Clearly, the complex
concealment scheme provides a more visually pleasing
image by taking into account the motion within the lost
packet. Figures 2 and 3 show that the error-concealment
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Fig. 2. Variations in video quality for different error conceal-
ment strategies.

technique used at the decoder has a significant effect
on the received video quality. Therefore, knowledge
of the actual error-concealment scheme that will
be used by the decoder can be very important for
content-aware scheduling schemes as it helps guide
them towards assigning priority to video packets that,
if lost or dropped, would be more difficult to conceal.

3. Distortion Estimation

In content-aware schemes, the prioritization of packets
must be based on the distortion of the decoded video
stream relative to the original. Objective assessment
of video distortion, or inversely, video quality is an
ongoing area of research in the video signal processing
community. Excellent discussions on video quality
metrics can be found in References [38—40]. The scope
of this review will be restricted to the widely used
distortion metrics; those of mean squared error (MSE)

N

(c)

Fig. 3. (a) Decoded frame with no packet losses (b) decoded frame after simple concealment with one lost packet (c) decoded
frame after complex error concealment with one lost packet (lost packet composed of row of MBs indicated by the markers).
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and peak signal-to-noise ratio (PSNR), although the
algorithms discussed will generally work with any
mathematically tractable distortion metric.

In packet-based video streaming where video
packets may be lost due to random channel errors, an
important measure of video quality is the expected
distortion. Given a packet loss probability of pg, the
expected distortion for packet k can be expressed as

E[Di]=(1—p) E[Dri] +okE[DLi] (3

where E[Dy, ;] denotes the expected distortion given
the data packet k is lost and E[Dg ] denotes the
expected distortion given the packet is received. In an
inter coded video frame, distortion can occur even if
a data packet is correctly received, since the packet
may be dependent through motion compensation on a
previously lost data packet. The distortion due to a lost
packet will depend on the particular error-concealment
algorithm used by the decoder. Based on Equation (3),
the end-to-end distortion for a sequence of video
packets can be expressed as a function, g(-), of all the
individual packet expected distortions as

Diot = g (E [Di=1.2....5}]) 4)

where K is the total number of video packets. Note
that, Dy can be a function of both the source coding
parameters (S) which affect the source distortion as
well as the network parameters (N) which affect the
packet loss probability, py.

Due to their importance in content-aware resource
allocation schemes, much effort has been dedicated
to the accurate estimation of Equations (3) and (4).
In Reference [41], multiple independent packet loss
realizations are simulated and the expectation is cal-
culated over the resulting distortions. The accuracy of
this method increases with the number of simulations
at the cost of increased computation time and storage
requirements. A recursive algorithm that calculates
the end-to-end distortion in terms of the expected
mean absolute difference (MAD) of pixels is shown in
Reference [7]. In Reference [42], a powerful algorithm
called recursive optimal per-pixel estimate (ROPE)
is introduced that efficiently calculates the distortion
in terms of MSE, given a probability of packet loss.
The algorithm only relies on a recursive calculation
of the first and second moments of the expected dis-
tortion and therefore significantly reduces the storage
requirements of the system as well as computational
complexity. While the initial ROPE algorithm had
stringent requirements such as needing full-pixel
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MVs, which eliminate cross-correlation terms in the
calculation of expected distortion, some advancements
have since been made in reducing such restrictions by
accurately estimating the cross-correlation terms as
well [43,44]. Other useful methods for distortion
estimation can be found in References [45-47]. Also,
a particular distortion estimation technique well
suited for streaming pre-encoded video streams is
presented in Reference [10] and will be discussed in
subsection 4.2.

While the expected distortion is a useful metric
in developing a content-aware resource allocation
scheme, it is also important to consider the variation of
the distortion from its mean. Such variations occurring
both spatially within a frame and temporally in a se-
quence of frames can severely degrade the perceptual
quality of the received video. In Reference [48], the
variance of the distortion is explicitly considered in
the distortion metric as

= ! S 1 5
Dyo = <E>k§{( — ) E[Di] + aVar [Di]} (5)

where Var[Dy] is the variance of the distortion of the
kth packet and « € [0, 1] is a weighting factor that
controls the relative importance of the first and second
moments.

4. Resource Distortion Optimization

4.1. Resource Distortion Optimization for
Real-Time Video Streaming

A general framework for solving the resource distor-
tion optimization problem on systems in which video
streams are encoded and transmitted in real-time is pro-
vided in Reference [1]. According to this framework,
the source and network parameters, S and N, are explic-
itly controlled in order to achieve the desired objective.
For example, minimizing the expected distortion sub-
jected to a constraint on the available resources can be
expressed as

min Dy (S, N),
{S,N}

s.t. : Ciot (S, N) < Cp, and
Tiot (S, N) < T (6)
where Cg is the maximum allowable resource con-
sumption and Tj is the end-to-end delay constraint. A
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dual formulation to Equation (6), that is
in Ciot(S, N),
{fg\l}} tot( )
s.t., Dot(S, N) < Do, and Tior(S, N) < To (7)

is also considered in Reference [1], as a scheme for min-
imizing the transmission cost subject to video quality
and delay constraints. The formulation in Equation (7)
is especially important for real-time streaming schemes
where the media server may also be a mobile wireless
device with limited available energy [8,9].

Solutions to Equations (6) and (7) can be found
by converting them to unconstrained minimization
problems using Lagrangian relaxation [49,50]. For
example, the unconstrained problem for Equation (6)
can be expressed as

min Jior = Dior (S, N) + A1 - Cior (S, N)
{S,N}

)

+A2 - Tior (S, N) ®)

where A1 and X, are the Lagrange multipliers. As-
suming that a video packet only depends on a small
number of previously transmitted packets, dynamic
programming can be used to determine the optimal
values of S and N for a given A and A;. In the case
that packets depend only on the previously transmitted
packet for error concealment, the complexity of calcu-
lating the optimal values of S and N for a given set of
A’s becomes, O(M x (IN| x |S|)?), where | - | denotes
the cardinality of the set and M denotes the number of
packets considered. Various optimization techniques,
such as cutting plane and subgradient methods, can be
used to efficiently search for the appropriate values of
A1 and A2 [51]. Simulations have shown that the appro-
priate values of A can be found within a few iterations.

Figure 4 depicts the results from an example imple-
mentation of the problem described in Equation (6),
where the Foreman QCIF (176 x 144) sequence is
transmitted at 30 fps, assuming a transmission rate of
360 kbps. The sequence is encoded using an H.263
codec. A method similar to that described in detail
in Reference [52] is used to model the channel as an
11-state FSMC with a set of Reed Solomon codes for
FEC. An MSE-based calculation as in Equation (3)
is used to calculate the expected distortion. System 1
performs joint source channel coding with power allo-
cation where the source parameters, S in Equation (6),
are the MB modes such as (inter, intra, or skip) and
quantization parameters for each MB, and the network
parameters, N, include the coding rates as well as a

Copyright © 2007 John Wiley & Sons, Ltd.
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Fig. 4. Experimental results using joint source channel coding
versus independent source or channel coding.

discrete set of transmission power levels. The available
coding rates for the Reed Solomon codes are restricted
to the set, (9,9), (11,9), (13.,9), (15,9), (17,9), (19,9),
and (21,9), where (N, M) denotes that M information
symbols are coded to an N symbol codeword. The total
energy available for the transmission is assumed to be
limited and forms the cost constraint in Equation (6).
Systems 2—5 assume a fixed power allocation, which
removes the cost constraint from Equation (6) but to
achieve a fair comparison, the power allocation is set
such that the total consumed energy remains the same
as in System 1. System 2 jointly optimizes over the
source and channel coding parameters. System 3 does
not use any FEC (i.e., only optimizes over the source
encoding parameters). System 4 assumes that the op-
timal channel coding rates are as found in System 2
and then performs source encoding without taking into
account the error resilience provided by the channel
coding. This is akin to an independent source and chan-
nel coding scheme. System 5 keeps the channel coding
rate fixed at (13,9) and optimizes over the source cod-
ing parameters. It can be seen that the joint source and
channel coding scheme with power allocation performs
better over the entire range of received SNR and that as
the SNR decreases (i.e., probability of packet loss in-
creases), the gain due to jointly considering the source
and channel also increases.

4.2. Resource Distortion Optimization for
Pre-Encoded Video Streams

An excellent starting point for research on resource
distortion optimized streaming of pre-encoded video
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streams is presented in Reference [10]. An important
feature of pre-encoded video streams is that the ba-
sic characteristics of the individual video packets are
known, or can be calculated in advance for the entire
sequence. In Reference [10], the basic characteristics
for a data packet k are defined as, the number of bits,
By, which is known, the incremental additive distor-
tion gain due to receiving a packet, Ady, which can
be calculated as described below, and a timestamp for
the maximum delay allowed prior to playback, which
depends on the decoder buffer at the receiver.

The additive distortion measure, Ady, is a key com-
ponent of the resource distortion schemes proposed
in Reference [10] and subsequent work in the area.
In a pre-encoded video sequence, the dependencies
between video packets, represented by directed acyclic
graphs in Reference [10], are known in advance. For
example, in a typical group of pictures (GOP) structure
the dependencies between I, P, and B frames are
known. Therefore, the incremental reduction in distor-
tion due to receiving a particular data packet depends
on whether its parent packets have been received, as
well as the error-concealment technique used at the
decoder. While a simple error-concealment technique
is used in Reference [10], approximate solutions that
can be used with more complex concealment tech-
niques are proposed in References [53,54]. Another
non-additive method for distortion estimation based
on dependencies between video packets is discussed in
Reference [55].

A rate distortion optimized scheme based on Refer-
ence [10] for transmitting a pre-encoded video stream
to a single client over a wireless network is presented
in Reference [56]. The goal in this scheme is to deter-
mine the appropriate transmission policy for the avail-
able data packets at a given transmission opportunity.
The transmission policy vector, denoted by m, includes
{1, m2, ..., g}, which are the individual transmis-
sion policies for each data packet in the sequence. Each
individual transmission policy represents a decision on
whether to transmit/retransmit or not to transmit the
corresponding packet. The expected cost

K
Clm) =) Bie(m) )
k=1

can be calculated as a function of the transmission pol-
icy vector. In Equation (9), c(;r;) denotes the expected
cost per source bit for packet k. The incremental ad-
ditive distortion estimation technique is used to calcu-
late the expected distortion as a function of the policy

Copyright © 2007 John Wiley & Sons, Ltd.

vector as

K
D(m)=Dy— Y Ady [] (1 —eCm)) (10)

k=1 k'—k

where Do would be the distortion if no packet is re-
ceived, kK’ — kindicates that k depends on k', and e(7t;/)
denotes the probability that packet k” is not correctly
received within its decoding deadline given the trans-
mission policy.

Based on Equations (9) and (10), the best transmis-
sion policy vector can be defined as the one that min-
imizes D(rx) subject to a constraint on the available
resources, C(ir). This can be found using a Lagrangian
relaxation technique and then using an iterative descent
algorithm to search over the transmission policy vec-
tors [10,56].

The concept of incremental additive distortion is also
used in References [57,11] to develop content-aware
scheduling schemes for wireless networks with multi-
ple clients. Although data packets of individual users
are prioritized in Reference [57], the video content is
not considered when scheduling resources over multi-
ple users. In Reference [11], a TDM scheme is used
where all the system resources will be given to a single
user during a transmission time-slot. The scheme de-
termines the priority across users as a combination of a
content-aware importance measure and the delay of the
head-of-line (HOL) packet. Another heuristic scheme
for scheduling between multiple users is presented in
Reference [58].

In Reference [59], a content-aware scheduling
scheme inspired by the gradient-based resource allo-
cation method [24], tackles the downlink multi-user
video streaming problem. The key idea in Refer-
ence [59] is to maximize the sum of the instantaneous
data rates assigned to each user, which will be a func-
tion of the network parameters for each user, denoted
by N;, weighted by the gradients of a distortion based
utility function. This can be written as

m]\allxz wiuiri(N;) (11)
l

where N contains the network parameter set for all
users, u; denotes the gradient of the utility function for
user i, w; denotes an additional weighting parameter
to ensure fairness across users, and r;(N;) denotes
the achievable information rate for user i given the
network parameters N;. In a content-independent
scheme, u; can be a function of the current average

Wirel. Commun. Mob. Comput. 2007; 7:131-142
DOI: 10.1002/wem



CONTENT-AWARE RESOURCE ALLOCATION SCHEMES 139

AVG PSNR of Each User
40 T

I Content-Aware Utility
[ Queue length with packet ordering
l:ll]unull length withouw! packel ordernng

PSNR (dB)
(™1
R

w
e

25

Variance of PSNR Across Users amd Channel Realizations
12 = T T T T T T T T T
= Comlent-Aware Uility
Queue length with packet ordering

11 d o Queue kendgth without packet ordenng

P3HR Vanance
@
T

a0 all [21] fy 60 a0 oo Mo 1Em 130
Frame #

(b)

Fig. 5. (a) Average PSNR over five-channel realizations and 100-frame sequence for each user (b) Variance of PSNR across all

throughput for user i or the queue-length at user i’s
transmission buffer but in the content-aware scheme
proposed in Reference [59], u; is defined as the
reduction in distortion, after error concealment, in
the video sequence of user i due to the transmission of
an additional video packet. The video packets for each
user are first ordered by decreasing utility gradient to
ensure a concave utility function.

Figure 5 shows some results using the gradient-based
scheduling scheme described above in a simulated HS-
DPA network. The user numbers denote a different
video sequence (1: Foreman, 2: Mother and Daugh-
ter, 3: Carphone, 4: News, 5: Silent, and 6: Hall Mon-
itor). Each video sequence is of QCIF resolution and
is encoded using H.264 such that the average decoded
PSNR of each compressed sequence is 35dB. Only
the first frame of each sequence is coded as Intra (/
frames) and the rest are coded as P frames. Randomly
placed intra MBs are added to each frame to reduce
error propagation due to dropped packets. Figure 5(a)
shows the average decaded PSNR for each user ob-
tained over multiple channel realizations, and averaged
over all the frames in the sequence. The three compared
schemes correspond to one that uses the gradient of a
content-aware utility function in Equation (11), one that
orders the video packets by decreasing distortion util-
ity gradient but then uses a content-independent utility
function (function of each user’s queue length mea-
sured in bits) in Equation (11) to determine the network
parameter assignments, and finally, one that does not
order the video packets and uses a content-independent
utility function. Figure 5(a) shows that the two content-
aware packet ordering and resource allocation schemes

Copyright © 2007 John Wiley & Sons, Ltd.

users.

show a significant gain over the purely channel and
queue-length dependent scheme. Although from plot
(a), packet ordering within each user seems to be suffi-
cient, Figure 5(b), which shows the variance of PSNR
across all users, indicates that the content-aware utility
gradients tend to provide more consistent quality across
users than the queue-length based scheme. The rea-
son for the difference in performance is that sequences
such as Foreman and Carphone (users 1 and 3) tend
to need more bits in order to achieve the same quality
as some lower activity sequences such as Hall Mon-
itor (user 6), an issue which is not addressed by the
content-independent schemes.

5. Future Research Directions

Currently very little research has been conducted
on adapting channel-dependent multi-user scheduling
techniques developed in the wireless communications
community to video streaming systems. Such research
would involve the development of appropriate buffer
management strategies at the transmitter to ensure that
all users receive a reasonable quality of service (QoS).
For example, in the case of pre-encoded video streams,
video packets of some users may need to be dropped at
the transmitter buffer based on a content-aware packet
prioritization scheme. However, the buffer manage-
ment strategy must also be adaptive to the rapidly
changing channel conditions in mobile wireless envi-
ronments. A significant stumbling block in developing
practical content-aware scheduling algorithms is that
of reducing the required computational complexity,
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such that the scheduler can respond dynamically to the
rapidly changing channel conditions. Scalable video
coding techniques, and especially fine granularity scal-
ability, could be easily adapted to channel-dependent
content-aware scheduling schemes, since they provide
a natural packet prioritization strategy for the sched-
uler. Therefore, developing resource distortion opti-
mized scheduling schemes for scalable video coding
techniques is an important area of future research.
Another important direction for research is that of
obtaining objective measures for video quality assess-
ment that are perceptually relevant. The particular types
of errors that can occur due to video packet losses are
specific to the block-based motion compensation tech-
nique used at the encoder as well as the spatial and tem-
poral error-concealment methods used at the decoder.
Video quality measures other than the MSE or PSNR
may be better adapted to measuring the perceptual dis-
tortions caused by such errors. For example, with scal-
able video coding techniques, perceptually degrading
fluctuations in video quality may be caused due to chan-
nel adaptation. Such fluctuations can be avoided by
considering other temporal measures of video quality.
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