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Cross Layer Design and Analysis of Multiuser
Wireless Video Streaming Over 802.11e EDCA
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Abstract—We propose a novel cross layer solution for optimizing
the performance of multiple users, which are concurrently trans-
mitting their delay-sensitive video streams over the same shared
contention-based wireless LAN. To improve the performance of
their applications, they dynamically adapt their medium access
control (MAC) strategies (i.e., retry limits). Higher retry limits will
benefit the user, but they will also lead to an increased congestion
for the other users. Hence, we explicitly consider how the cross
layer strategy adopted by one video user will impact the strategies
of the competing users. Specifically, we analytically model how the
cross layer transmission strategies adopted by each wireless user
impact their own incurred distortion and delay but also that of
their competing wireless stations. We also propose a distributed,
low-complexity, and highly scalable optimization algorithm which
can maximize the utility of the delay-sensitive video application.
We compare our scheme to existing retry limit-based solutions, and
the simulation results show that the proposed solution can outper-
form these solutions and maximize the users’ utilities in a highly
congested multiuser wireless environment.

Index Terms—Cross layer design, multimedia communication.

I. INTRODUCTION

W ITH the proliferation of wireless LANs (WLAN) tech-
nologies, wireless multimedia streaming has started

to emerge in homes, campuses, meeting venues, training
facilities, etc. Contention-based WLAN solutions such as
CSMA/CA mechanisms used in 802.11a/b/g and 802.11e
Enhanced Distributed Channel Access (EDCA) MAC are espe-
cially attractive for multiuser multimedia streaming. However,
transmitting multimedia in real-time over contention-based
WLANs is challenging since the video applications have no
time guarantee for accessing the channel [6], [7]. In this letter,
we focus on how the cross layer MAC and application strategies
can be optimized when multiple users are concurrently de-
ploying real-time prioritized video streaming applications over
a contention-based CSMA/CA (single hop) wireless network
using the 802.11e EDCA WLAN standard.

IEEE 802.11e is a QoS-supported extension to the legacy
802.11 MAC protocols [3]. Past research works on multiuser
multimedia transmissions over WLANs have mostly focused
on contentionless MAC protocols. To enable cross layer op-
timization in contention-based EDCA MAC, accurate analyt-
ical models need to be constructed. In [2], the performance of
EDCA is analyzed under saturated scenarios, yielding infinite
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packet delays. In [9], upper and lower bounds of the EDCA
queueing delay are derived. In [7], the queueing delay is calcu-
lated for the case when each user carries traffic in only one ac-
cess category (AC) and when the differentiated channel accesses
of users of different ACs are neglected. In [6], various MAC
adaptation schemes are proposed for real-time applications. In
[1], the presented error protection method provides QoS for
layered coded video by retry limit adaptation. Summarizing,
no existing analysis can predict when congestion will occur in
EDCA when prioritized video is transmitted. We perform such
an analysis and, based on it, propose a cross layer mechanism
for optimizing delay-sensitive multiuser streaming over con-
tention-based WLANs. Our solution focuses on the transmis-
sion of prioritized video streams. In Section II, we formalize the
transmission problem, while in Section III, we present the cor-
responding cross layer analysis and propose a distributed cross
layer solution. Simulation results are presented in Section IV,
while conclusions are drawn in Section V.

II. MULTIUSER VIDEO TRANSMISSION IN EDCA NETWORKS

A. System Considerations

We consider a set of distinct network users , each user
carrying a layered video streaming application, potentially

along with other traffic such as voice and data. The layered
coding techniques produce a number of quality layers, or sub-
flows [8]. We denote the number of sub-flows by and the

th sub-flow of by . Each sub-flow is characterized by the
source rate, the delay deadline , and the priority level . We
label the sub-flows in ascending priority order. We assume that
the packets within each sub-flow have the same delay deadline.
The generated video is queued per sub-flow and labeled with
their delay and priority information. The packets are then passed
to the EDCA and mapped to one of the four ACs. EDCA [3] al-
lows traffic prioritization that can be used to provide graceful
degradation in a congested multiuser setting. It specifies sev-
eral differentiated MAC parameters for each AC: the contention
window, retry limit, and inter-frame spacing.

We use a nonpreemptive priority queuing structure to model
the EDCA packet scheduler within each video sender. The ser-
vice time accounts for the medium access time of a head-of-line
(HOL) packet. As in [1], for video user , we assume that the
video packet arrivals at layer are characterized by an i.i.d.
inter-arrival time distribution , where is in seconds. We
assume that is Poisson distributed with intensity equal to

, where is the video source rate and is the av-
erage packet length. The Poisson traffic model has been used in
[1], among many other papers, to model the multimedia traffic.
We denote the service time distribution by and its th mo-
ment by . Denote the th moment of by . The
M/G/1 queuing system of video user has a utilization factor

given by . Note that must be
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less than 1 for the system to be unsaturated. If is larger than
1, there exists a layer such that

(1)

In this case, the packets of layers will
experience infinite delay and packets of layer are partially
served. In fact, the transmissions made by the lower layers

will further worsen the video quality by increasing
the experienced delay of the higher priority layers. Thus, the
transmission rates should not exceed the network capacity.

B. Problem Formulation

We now formulate the cross layer optimization problem. The
probability that a sub-flow packet is not received success-
fully at the video receiver is identified by , which will be
computed in the next section. The objective of each video user

is to maximize its video quality utility , which is a nonde-
creasing function of its effectively received video rate vector.
This rate can be computed as the element wise product of the
transmission source rate and the proba-
bility of successfully receiving the packets . We formu-
late the cross layer optimization problem for user as follows:

(2)

where denotes the functional dependence and
denotes the retry limit at the different

ACs employed by user . The dependence of on other
users’ activities is not expressed in (2) for writing simplicity.
Intuitively, adopting a large retry limit increases the packet
transmission. However, the packet service time increases under
highly loaded network scenario, thereby leading to an increased
experienced delay, eventually causing the queue to overflow.
There exists an optimal vector that produces a low and a
maximum received video quality.

III. CROSS LAYER ANALYSIS AND ADAPTIVE
RETRY MECHANISM

A. Cross Layer Analysis

Assume that video users contend for the channel. As-
suming stationary, the probability of user starting to transmit
at an arbitrary slot is denoted by and its probability of
observing a busy channel by , . We obtain

(3)

where represents the combinatory effect of multiple ACs’
transmission probabilities at a backoff slot (denoted by ).

We approximate by the weighted sum expression in (4) at the
bottom of the page, where is defined in (1). After serving a
packet, if ’s queue is not empty, the HOL packet (of the highest
priority non-empty queue) proceeds to backoff. The backoff
process can be modeled based on a two-dimensional Markov
chain, where the state transitions characterize the behavior of
the backoff instance perceived by the shared channel. Such a
backoff Markov chain can be identified for each class- flow
of each user . A state indicates the state in which the
backoff instance is in its th backoff stage and has a backoff
counter equal to . However, differentiation causes the
shared channel to be perceived differently by different ACs, and
thus, the backoff processes are not the same for each AC. To ac-
count for the higher channel blockage probability induced by
the for the lower priority class packets, a probability

is introduced to approximate the equivalent “blocked-from-
backoff” probability seen by the backoff instance, at a generic
backoff slot. The latter describes the effect of the virtual busy
channel period [i.e., the extra guarding slots fol-
lowing the actual busy channel period and the shortest spacing

, where , and is an in-
teger). At each state (whose backoff counter is not equal to 0] of
the backoff Markov chain, the transition probability of staying
at the same state is equal to [9]. Its value is approximated
by us to be given by .

The next step is to obtain the steady-state probabilities
of state . The calculations are omitted here ,and only the
results are presented. After the steady-state probabilities are ob-
tained, the probability of a class- packet of user transmit-
ting in a slot during its backoff session can be repre-
sented as the summation of the steady-state probabilities,

. Let denote the contention window as-
sumed by a sub-flow packet in the th backoff stage. The
state probabilities and the resulting transmit probabilities can
be determined as

(5)

The values of , , and can then be jointly solved by
(3)–(5), provided that the mean inter-arrival time and ser-
vice time in (4) are known. The former information can be
acquired either at the application (video source) or at the MAC
control unit by monitoring such statistics. The first two moments

and are obtained in the Appendix .
Having obtained the service time, the medium contention,

and the packet collision probabilities from the previous section,
we now calculate the waiting time and delay characteristics.

if

if
(4)
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The mean waiting time can be calculated using M/G/1 priority
queuing [4], given by (6) at the bottom of the page. When is
larger than or equal to 1, the mean waiting time is finite only for
the higher ACs.

When the system is saturated ( ), the waiting time for
the nonsaturated higher priority layer packets contains an addi-
tional term that is dependent on the service time of the partially
served layer . Hence, a user should prevent layer from
being transmitted to improve waiting time performance. The tail
probability of the waiting time can then be approximated to be
exponential [5] as follows:

(7)

The packet loss probability can be expressed as function
of two terms: the probability that the packet is dropped at
the MAC because its retry limit is exceeded, and the probability

that the packet is received successfully, but it misses its
delay deadline. Its value is computed as follows:

(8)

B. Verification of the Analytical Results

We use iterative numerical techniques to jointly solve the
system of (3)–(5) and (11) (given in the Appendix ). The ex-
istence of a fixed point is guaranteed following the Schauder’s
Fixed Point Theorem. For illustration, we use the following
traffic setup in all tested cases. Each network user carries 3
G711 coded voice streams (200-byte packets every 20 ms) in
the highest AC. In addition, a scalable coded video stream (the
Forman sequence) is mapped to the middle two ACs, at 30 video
packets per layer per second. The delay deadline is set to 0.533 s
for both sub-flows, which is the interval of one GOP (16 frames
per GOP at 30-Hz frame rate). Each user also carries 80 kbps of
data at the lowest AC. Both the packet sizes of video and data are
set equal to 1000 bytes. The 802.11b physical layer of 11 Mbps
bit rate is employed. In Fig. 1(a), the PSNR of the video stream
as the number of competing users increases is depicted for two
selected retry vector configurations. The lines represent the pre-
dicted analytical results, while the markers indicate the simula-
tion results. We note that the analytical results based on Poisson
traffic assumption are able to predict the achieved PSNRs. Voice
traffic is served using different retry limits, depending on the
network congestion, and the number of users in the network.
Data traffic is not protected in both cases, since the retry limit for
the lowest AC is 0. More results on voice and data traffic are re-
ported in next section. Fig. 1(a) also indicates that one can allow

Fig. 1. (a) PSNR versus number of users. Lines and markers represent ana-
lytical and simulation results, respectively. (b) Optimal retransmission vector
under selected scenarios.

graceful performance degradation by adjusting the retry limit
vector dynamically and adaptively. In Fig. 1(b), the cross layer
optimized retry vector is calculated under 5, 8, and 11 users. As
the network contention increases, the optimal retry limits of the
lower priority ACs begin to degrade. Under high contention (11
users), all retry limits except for the highest AC drop to 0. In
addition, the retry limit for the highest AC degrades to 4, since
a too high limit will cause unacceptable delays, and there is no
point to transmit late packets.

IV. SIMULATION RESULTS

We evaluate the cross layer mechanism by conducting sim-
ulation-based performance comparisons using Qualnet 4.0. We
assume that the delay deadline for voice is 0.1 s and there is
no delay deadline for data. For comparison, we use three other
retry limit solutions: 1) Fixed short retry: the 802.11 short retry
limit ( ) is always used; 2) Fixed long retry: the 802.11 long
retry limit ( ) is always used; 3) Adaptive retry: a time stamp
is recorded as a packet enters HOL of its AC. A packet is re-
transmitted until either the transmission is successful or its HOL
delay exceeds the delay deadline.

In Fig. 2(a), the effective voice (that satisfies the delay target)
and data throughput obtained per user is plotted against the
number of users in the system; in Fig. 2(b), the obtained PSNR
per video stream user is plotted. As the contention grows and the
network becomes overloaded, by using our cross layer mecha-
nism, the data streams are first to starve. The video quality layers

,

,

(6)
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Fig. 2. Simulation results. (a) Effective throughput versus number of users for voice and data. (b) PNSR of video streaming versus number of users. (c) Delay
versus number of users for voice and video traffics.

degrade gracefully as the contention continues to grow. The
cross layer mechanism supports voice for as high as 11 simul-
taneous users. On the other hand, by using the other three poli-
cies, voice traffics fail to meet the QoS requirement as soon as
increasing congestion causes data traffics to stop from transmit-
ting. The other three policies are able to support up to ten video
traffics with acceptable PSNRs, while the cross layer scheme
supports up to 13 video traffics. We find that the adaptive policy,
despite that it considers delay deadlines, performs similar to
the nonadaptive fixed policies. The explanation is that without
an effective analysis, the adaptive policy fails to consider the
overall network congestion and to react in advance, and it can
only adapt passively. In Fig. 2(c), the total delay performance of
voice and video is plotted. The cross layer mechanism signifi-
cantly enhances the performance behavior of the received video
quality.

V. CONCLUSION

We propose a cross layer solution that allows each user to
optimize its quality by adapting the 802.11e EDCA parame-
ters. We design a mechanism that is dynamically adaptive, dis-
tributed, low-complexity, and compatible to the EDCA stan-
dard. Given network activity states and statistics, the setting of
the retry limit parameter effectively balances link failure and
queueing delay to optimize overall received video quality. Our
simulation results show that the proposed cross layer strategy
is able to maximize the utility of delay-sensitive applications in
heavily congested networks.

APPENDIX
COMPUTATION OF SERVICE TIME DISTRIBUTION

The packet service time consists of two parts: the backoff
and the transmission time duration. First, we define the random
variable that denotes the number of transmissions of a packet
until the MAC server moves on to the next packet. It is modeled
by a geometric distribution as follows:

.
(9)

Given the value of , we set a random vector
, whose th entry ( ) represents the number

of backoff slots chosen in the th backoff stage. is uni-
formly distributed in . Let denote the
random time duration of the th slot in the th backoff stage,

. The random matrix is
assumed to consist of i.i.d. random variables. Their outcomes

can be , , or , which, respectively, represent the slot time
duration, the time period engaging a successful transmission,
and that consumed by an unsuccessful transmission. Each
outcome is associated with a probability equal to ,

, and , respectively, where is given by

(10)

The first two moments of the service time are given by

(11)

(12)
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