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A Model-Assisted Cross-Layer Design of an
Energy-Efficient Mobile Video Cloud
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Abstract—In the last decade, one of the main goals in wireless
telecommunications has been to reduce energy consumption of
mobile devices. However, making a network device green can
cause performance deterioration. The target of this paper is to
propose a cross-layer approach for the design of a mobile video
cloud for the uplink transmission towards the Internet. The
proposed approach is adaptive in both the video sources and
the wireless transmitter. A source Rate Controller is applied to
compensate transmission bandwidth reduction due to the energy
saving policies. Energy saving in wireless transmission on the
mobile cloud cellular channel is achieved by introducing an
energy-efficient ARQ protocol. This protocol can apply different
transmission laws, in order to exploit the correlation of the cellular
channel behavior. An analytical model of the system is defined to
compare the transmission laws, and provide some design guide-
lines to choose one of them and design its parameters.

Index Terms—Energy saving, Markov models, mobile video
clouds, QoS, system design.

I. INTRODUCTION

I N THE last years, thanks to the integration of GPS, video
camera and other facilities, mobile devices are really be-

coming mobile supercomputers for multimedia applications [2].
Mobile video is one of the most popular applications in the re-
cent years and the amount of video traffic addressed to mobile
devices is increasing rapidly as the number of hand-held devices
(e.g., smart phones, iPad) grows. According to some statistics
presented by the [3], video accounted for about 40% of con-
sumer Internet traffic in 2010, and will reach 62% by the end of
2015. In order to support this evolution trend, new wireless sys-
tems such as 3GPP LTE (Long Term Evolution) [1] have been
introduced to allow transmissions with high data rate and low
end-to-end latency, so meeting the key requirements of video
applications.
At the same time, in the last few years power consumption

has become very relevant in our life, and there is EU-wide in-
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centive to reduce carbon dioxide emissions by 20% before year
2020.1 More in deep, 3% is expected to come from the ICT
sector and a major role in “greening” telecommunications will
be played by wireless networking technologies. For this reason,
if up to now the main goal of research and industrial work
in telecommunications has been to maximize performance, the
challenge in the next future will be to realize green telecom-
munications networks, and specifically wireless green devices
that currently present the highest energy consumption coeffi-
cient per transmitted bit among all the networking devices. Un-
fortunately, greening a wireless network device can cause per-
formance deterioration.
In this perspective a significant amount of works have been

done in recent years to make both wired [4]–[11] and wire-
less transmissions energy efficient [12], [13]. It is widely ac-
cepted that an effective way to improve performance from the
network level to the application level is to use a cross-layer ap-
proach [14]–[16] in order to maintain perceived Quality of Ser-
vice (QoS) acceptable when energy saving strategies are imple-
mented.
Therefore, a challenging task for a successful deployment of

mobile video services is to focus on both power consumption
at the transmission level, and quality of service (QoS) at the
application level. A challenging issue in this perspective is to
provide system designers with a tool for achieving a tradeoff
between these two opposite targets.
From the transmission level point of view, energy con-

sumed for efficient wireless transmissions is strongly related
to techniques for maintaining reliable communications over
noisy channels, such as the automatic repeat request (ARQ).
However, the channel-state unaware behavior makes the tradi-
tional ARQ techniques energy inefficient. For this reason, some
channel-adaptive link layer protocols, such as GBN-ARQ and
SR-ARQ based on channel probing [17], [18], ARQ based on
stochastic learning automaton [19], and HARQ [20] have been
proposed earlier.
On the other hand, from the application level point of view,

the most widely used approach today to connect a set of mo-
bile multimedia devices to the Internet that are close to each
other is through the cellular connection of each of them, so
not taking advantage of their proximity. However, this means
to maintain the cellular interface of each mobile device active,
causing a strong decreasing of the lifetime of their batteries. A
new approach to this problem that is receiving a lot of interest
nowadays is the communication paradigm called mobile cloud
[21]–[24]. It is a set of mobile devices that are in close proximity
of each other to cooperate in order to achieve energy saving and

1http://ec.europa.eu/clima/policies/package/index_en.htm
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bandwidth usage optimization. Mobile devices are connected to
each other using short-range links, e.g., WiFi or Bluetooth. The
mobile cloud is connected to the Internet through the UMTS
or LTE cellular connection of a limited number of devices, in
the following referred to as cluster heads. In this way only the
cluster heads have to maintain active the cellular connection.
Instead, the other devices in the cloud can switch off it, only
using the WiFi or Bluetooth connection, that consumes less en-
ergy, especially for long streams of traffic. As deeply discussed
in [25]–[30] this is due to the following reasons: 1) the power
consumption of a cellular link is higher; 2) a cellular connec-
tion requires a longer sending period to make the same trans-
mission because WiFi connections allow higher bit rates. The
result is that a cellular connection consumes about three or four
times the energy consumed by aWiFi connection to transmit the
same amount of data. By so doing, we obtain a global reduction
of energy consumption in the mobile cloud as a whole, so saving
energy and lengthening the battery life of mobile devices.
Let us highlight that, if at a first glance a mobile cloud may

appear as a special case of mobile ad-hoc networks (MANET),
we have a deep difference between them derived from the hy-
pothesis underlying mobile clouds, that is that all the mobile
nodes belonging to the same mobile cloud are in proximity to
each other. From this initial hypothesis it derives that many im-
portant problems heavily analyzed for MANET in the past, like
for example routing algorithms, connectivity and path mainte-
nance between twomobile nodes of the sameMANET, topology
dynamicity, are not present in mobile clouds.
The main focus of the current research on this area has been

on the optimization of system architectures for downlink mobile
video streaming [31], [32], [33], [34]. Nevertheless, there are a
number of important application scenarios where a lot of mo-
bile devices, within proximity of each other, need to send video
flows to remote hosts through the Internet. For example, this is
the case of new generation digital video surveillance systems
[35], [36], breaking news video transmission from mobile ter-
minals, real-time video transmission from live events.
With all this in mind, the target of this paper is twofold:
1) to propose an energy-efficient mobile video cloud consti-
tuted by a number of adaptive video sources that share the
same cellular linkto save energy;

2) to define an analytical model to support a cross-layer de-
sign of the proposed system, simultaneously accounting for
quality of service (QoS) and energy saving.

The proposedmobile video cloud presents the following three
features: 1) the cellular connection between the cluster head
and the base station (BS) implements a channel-adaptive ARQ-
based green protocol; 2) transmission bandwidth reductions due
tocellular link quality and the energy saving policies are com-
pensated by a Rate Controller that applies a feedback law to con-
trol theencoding rate of the sources; 3) video sources are adap-
tive to modify their encoding rate according to the available net
bandwidth on the mobile cloud output cellular link. The whole
system we address is therefore adaptive in both video source
coding and ARQ transmission.
More specifically, in order to make the cellular transmis-

sion green, we propose a new version of the stop-and-wait
ARQ (SW-ARQ), here referred to as Energy-Efficient ARQ
(EE-ARQ), with three different transmission laws, to exploit

the correlation of the cellular channel behavior, so minimizing
transmission attempts when the channel state is bad. The three
considered transmission laws differ from each other for their
grade of aggressiveness when transmitting on the cellular
channel during a bad period, and their aggressiveness also
depends on a design parameter .
The analytical model, that is an extension of the model in-

troduced in [37] and [38] by the same authors, has the target of
supporting the design of the proposed mobile cloud, with the
purpose of finding the best parameter setting according to the
time-varying channel conditions, considering that a more ag-
gressive transmission law causes greater energy consumption
but risks to deteriorate performance at the application level. The
model is so general that it is able to capture any channel behavior
model and different implementations of the ARQ protocol, like
for example the HARQ proposed for LTE.
The main innovative points of this paper in respect to the

previous literature are:
1) The paper focuses on a mobile video cloud for the up-
link transmission of video flows. On the contrary, the most
of the current literature is on downlink video streaming
[31]–[34].

2) The paper proposes a cross-layer design approach of
an energy-efficient wireless video transmission. Many
previous works considered this issue in contexts different
from clouds (see for example [39]–[41], [14]–[16]), but to
the best of our knowledge this is the first work that pro-
poses a system to control energy efficiency of the wireless
channel, and performance at both the transmission and the
application levels simultaneously, making adaptive both
the cellular transmitter and the video sources. This goal
is achieved thanks to the introduction of a source Rate
Controller at the application level and a transmission law
at the link level.

3) Many analytical models of ARQ transmission systems
[42]–[45], data multiplexer [46], [47] and multimedia
sources [48], [49] are present in the past literature but, to
the best of our knowledge, this is the first model that is able
to capture the cross-layer behavior of a green transmission
system constituted by a mobile cloud of video sources
served by an energy-efficient ARQ-based cellular link.

The paper is structured as follows. Section II describes the
proposed Green Mobile Video Cloud system we consider in the
rest of the paper. Section III introduces the Markov model of the
system, while Section IV defines the main performance param-
eters regarding both video encoding quality, queue, ARQ trans-
mission and consumed power. In Section V the model is then
applied to a case study to evaluate the performance of a real
case, and derive some guidelines on choosing the best transmis-
sion law and its parameters. Finally, Section VI concludes the
paper.

II. SYSTEM DESCRIPTION AND APPLICATION SCENARIOS

In this paper we consider the Green Mobile Video Cloud
system represented in Fig. 1, in the following indicated as
GMVC. It is a mobile cloud constituted by a cluster of mobile
video sender nodes. The GMVC connection to the Internet is
provided by a Cluster Head (CH) that has in charge to multiply
video flows received by all the mobile nodes in the cloud and
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Fig. 1. Green Mobile Video Cloud system.

Fig. 2. Cluster Head.

send them through a cellular connection to the Base Station
(BS). As described in Fig. 2, the CH contains a Video Multi-
plexer Queue served by a transmitter on a cellular channel.
Video sources are connected to the CH through high-speed

low-delay links like, for example, IEEE 802.11 connections.
In this way only the cellular output link constitutes the system
bottleneck. Since the cellular connection and the WiFi connec-
tions are realized with two different TX/RX modules,2 with two
different antennas and two different ranges of frequency, the
cellular transmission of the CH is not influenced either by the
number of mobile video nodes connected to it or by the amount
of incoming video traffic.
Section II-A will describe the management policies of the

GMVC system, while the architecture of both the CH and the
video sender nodes will be defined in Section II-B.

A. Mobile Cloud Management

Organizing mobile video sender nodes in a mobile cloud has
benefits for both the Cellular Operator and the mobile nodes.
In fact, the Cellular Operator that manages the mobile cloud
obtains energy saving and management simplifications because
it has to maintain active only one cellular connection; mobile
video sender nodes, on the other hand, save energy because
only one of them has to maintain the cellular connection active,
while the others can switch it off, only using the less expensive
(in terms of energy consumption) local WiFi connection [25],
[26], [27], [28], [30]. In addition, mobile nodes receive effective
bandwidth improvements thanks to the statistical multiplexing
provided by the CH.
Two kinds of nodes are present in a GMVC system:
1) Potential cluster heads (PCH), that are able and available to
become a CH. Of course, since a CH needs to maintain its
cellular connection active, some forms of incentives, that
are out of the scope of this paper, are needed to compensate

2Smartphone ARM Architecture, http://www.arm.com/markets/mo-
bile/smartphones.php

consequent energy consumption and connection mainte-
nance costs. A PCH should be a device attached to a power
supply or with a sufficiently charged battery pack.

2) Mobile cloud nodes (MCN), that use the cloud to access
the Internet because they are not able to do it directly.

A GMVC can exist when at least one PCH is present. More
specifically, when the cloud does not yet exist, the first PCH
node that needs a GMVC service, issues a request directly to the
Cloud Manager of the Cellular Operator. Then the Cloud Man-
ager creates the cloud and assigns the CH role to the requesting
PCH node. Once the PCH node becomes CH, it switches on its
WiFi interface, and starts to advertise through this interface the
presence of the new cloud, together with some relating informa-
tion like, for example, the admission password and the service
tariff. When a new node wants to join the GMVC system, it is-
sues an admission request to the CH, specifying whether it is
a PCH or an MCN. In order to satisfy this admission request,
the CH issues to the Cellular Operator a request for bandwidth
increment on the cellular connection and, if accepted, the new
node is accepted in the GMVC system. Otherwise, i.e. in the
case the request is not accepted, and if the new node is a PCH,
it can directly issue the request to the Cloud Manager of the
Cellular Operator to create a new GMVC. Let us notice that,
by so doing, the bandwidth of the cellular connection between
a GMVC system and the Internet is always equivalent to the
bandwidth required by all the mobile nodes.
If the current CH decides to leave its role, for example for a

too low battery level, or to gracefully leave the cloud, it passes
this role to one of the PCH nodes that are present in the cloud.
Several policies can be applied to decide the new CH, for ex-
ample this role can be assigned to the first PCH that has entered
the cloud among the PCH nodes that are currently in the cloud,
or the PCH that has the highest cellular channel quality. Instead,
when a node that is not the CH wants to leave the cloud, it only
communicates this decision to the CH in such a way that this can
request a bandwidth decrement on the cellular connection to the
Cellular Operator. Finally, management of ungraceful abandon
events can be realized by using timers.

B. Cluster Head and Mobile Nodes

The Cluster Head is the entity that has in charge the connec-
tion of the mobile cloud to the Internet. This is realized with
a cellular channel that is characterized by a time-variant bit
error rate (BER) behavior. Channel losses are managed with
the Automatic Repeat reQuest (ARQ) protocol. When channel
conditions get worse, more retransmissions are needed and the
Video Multiplexer queue length increases. To this aim, in order
to avoid congestion, the CH uses a Rate Controller to send feed-
back messages to the video sources to adapt their encoding rate.
The rate control algorithm applied by the Rate Controller will
be described below.
Mobile nodes are adaptive video sources that use the UDP

transport protocol to transmit their video flows, in order to avoid
long-term jitter (on the time scale of the round trip time) that
should be added by TCP to the intrinsic short-term jitter of the
buffer queue in the bottleneck links. The rate control of the video
sources is realized by a video encoding rate controller that, ac-
cording to feedback messages coming from the CH, modifies
their encoding rate run time in order to change their emission
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rate. The encoding standard used by the video sources is out of
the scope of this paper. Let be the encoding rate array, con-
taining all the available emission bit rates of the video sources,
and the quality array, containing the quality levels associated
to the available emission bit rates, expressed in terms of peak
signal-to-noise ratio (PSNR); let be the number of encoding
levels, that is, the cardinality of the sets and .
Packets coming from video sources are subdivided by the CH

in ARQ blocks of bits to be managed by the ARQ protocol.
These ARQ blocks are buffered in the VideoMultiplexer Queue
whose dimension, defined as the maximum number of blocks
that can be accommodated in the queue and in the server fa-
cility, is . Let be the transmission rate on the cellular link,
expressed in bits per second, as seen by the Video Multiplexer
Queue. Thus the time needed to transmit one ARQ block is

.
We consider single-link communication over a block-fading

Rayleigh channel. In such an environment, the fading channel
is constant during each transmission slot and changes indepen-
dently with each retransmission. All signaling messages, such
as Acknowledge (ACK) and Not-Acknowledge (NACK), are
assumed to be significantly shorter than the user data packets,
and therefore transmitted in a negligible time and with a negli-
gible energy consumption.
Any ARQ version can be used in the cellular communication

between the CH of the GMVC system and the Base Station. In
the following we apply the stop-and-wait ARQ (SW-ARQ) ap-
proach since appears the most appropriate one in the considered
scenario because delays introduced by it are not too high, given
that link propagation delays are negligible as compared to the
ARQ block transmission time; in addition it ensures that packets
are received at destination in the same order as they were sent
by the transmitter. Let us stress that other ARQ versions can
be considered and the model that will be described below is so
general that can be easily modified to account such variations of
ARQ. However, in order to make the communication between
the mobile cloud and the Base Station green, in this paper we
propose a modified version of the SW-ARQ protocol. We will
refer to this new protocol as EE-ARQ (Energy-Efficient ARQ).
The motivation at the base of it is that the quality behavior of the
underlying cellular channel is a strongly-correlated stochastic
process, that is, the same signal-to-noise ratio (SNR) level is
maintained for a period that is very long as compared to the
transmission duration of a single ARQ block. For this reason, if
a transmission has failed, it is highly likely that an immediately
successive attempt will follow the same sort. Starting from this
consideration, we propose to use a retransmission policy where
the transmission is attempted with a probability depending on
the number of previous attempts. In such a way, the sender de-
duces the state of the channel and transmits more rarely when
the channel is considered bad. Of course, the choice of the re-
transmission policy is expected to have a big impact on the
performance in terms of both energy-efficiency and quality of
service (QoS), depending on the channels conditions. For this
reason, we consider three different retransmission policies and
compare them in different scenarios. More specifically, as in the
classical SW-ARQ protocol, let be the counter of retransmis-
sion attempts for the same ARQ block ( when the block
is transmitted for the first time). The counter is incremented

by one at each retransmission attempt, and reset to zero when a
block is removed from the service facility because successfully
transmitted or discarded because the maximum number of re-
transmissions, , has been reached. According to the new
EE-ARQ protocol, in a generic instant when the sender should
transmit a block according to the classical SW-ARQ protocol,
the transmission is attempted with a probability de-
pending on the number of previous attempts, . It is defined as

(1)

where is the transmission law associated to the re-
transmission policy. In this paper we consider and analyze three
different transmission laws for the probability to attempt a block
transmission. These transmission laws are defined as follows:
• Exponential: This retransmission policy is similar to the
exponential backoff adopted by IEEE 802.3 CSMA/CD
protocol. When this policy is used, the transmission law,
i.e. the denominator of the probability to attempt a trans-
mission, exponentially increases with the number of pre-
vious attempts of retransmission. It is defined as

(2)

• Linear: When this retransmission policy is adopted, the
transmission law increases linearly with the number of pre-
vious attempts of retransmission. It is defined as

(3)

• Constant: When this retransmission policy is adopted, the
transmission law, and so the probability to attempt a trans-
mission, is constant and does not depend on the number of
previous attempts of retransmission. It is defined as

(4)

Using these laws allows the sender to deduce the state of the
channel to transmit more rarely when the channel is bad. As we
will see in Section V, the choice of the particular law together
with the choice of have a strong impact on the overall system
performance in terms of both application quality and energy
consumption. Let us note that the Exponential and the Constant
laws coincide with the classical SW-ARQ policy when .
As already observed so far, the task of the Rate Controller

is to control the emission bit rate of the video sources with the
target of maintaining the queue length as much constant as pos-
sible, avoiding situations in which the buffer empties or over-
flows due to some channel condition variations. To this pur-
pose the Rate Controller periodically monitors the state of
the Video Multiplexer Queue, defined as the number of ARQ
blocks which are present in the queue and in the service facility;
based on it, the Rate Controller implements a feedback law that
determines at each time slot whether sending “rate-increase”
or “rate-decrease” feedback messages to the video sources. In
order to tune the system reaction time, the Rate Controller de-
cides the number of sources that have to change their rates.More
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Fig. 3. Feedback law.

specifically, at each time slot, the Rate Controller first decides
the kind of message to send to the video sources according to
the state of the queue: when is less than a given threshold
, it sends “rate-increase” messages, while it sends “rate-de-

crease” messages when is greater than another threshold,
; no messages are sent when . Then the Rate

Controller decides the number of sources that have to receive
the above messages. This number is calculated as

, where is the per-source feedback law
mask defined as follows:

(5)

The function is shown in Fig. 3. The coefficient is an
integer whose maximum value is given by the number of mobile
video sources, in the following referred to as . It allows the
Rate Controller to decide the maximum number of sources that
can be contacted simultaneously.
Since the number may not be an integer, it is rounded to

one of the closest integer values with probabilities proportional
to its distance from them. So the final number of sources that
have to change their rate is given by

with probability:
with probability: (6)

where , and indicates the max-
imum integer lower than or equal to . The sources to be
contacted are randomly chosen among the sources loading the
buffer, starting from the ones encoding at the highest bit rate if,

, or from the ones encoding at the lowest bit
rate, if . As already said, these sources receive
a “rate-increase” or a “rate-decrease” message according to the
state of the queue.
The parameters and can be used to tune the reaction

time of the system against the stability of the quality of service
perceived at the user level: the higher the distance between
and , the less reactive the system, but the more stable the
encoding quality. In the case study that will be presented at the
end of this paper we have chosen , resulting
the most suitable choice after a deep analysis in the considered
scenario. However, for different scenarios, characterized by a
strongly uncorrelated cellular channel behavior, different values
for and can be designed by using the proposed analytical
model that will be described below.

III. SYSTEM MODEL

In this section we will model the Green Mobile Video Cloud
system described in the previous section, and in the following
indicated as . As already said, it is a queueing system loaded
by an aggregate of video adaptive sources, and served by a
cellular channel with the energy efficient EE-ARQ mechanism
described so far. The model will be defined by using the most
generalMarkov-modulated process in the discrete-time domain,
the Switched Batch Bernoulli process (SBBP) [50].

A. Markov Chain State Definition

As usual, the first step to define a discrete-time system model
is to choose the time slot. As said so far, ARQ blocks are the
queueing units. Therefore, in the following we will consider, as
the model time slot, the so-called ARQ reaction period, indi-
cated as , and defined as the time needed to transmit an ARQ
block and receive the relative ack on the cellular channel.
Let us indicate the system constituted by the queue and the

service facility as the Multiplexer Queue. Let us define the fol-
lowing processes:
• be the queue drain process of this system, repre-
senting the number of ARQ blocks removed from the
system in the -th slot;

• be the emission process of the Adaptive Source ag-
gregate, representing the number of ARQ blocks sent to the
queue from the source aggregate during the -th slot.

A complete description of the system at the -th slot
requires a two-dimensional Markov chain, whose state in the
generic -th slot is defined as ,
where:
• is the state of the underlying Markov chain
of the adaptive source aggregate emission process

. It is a vector of elements; the -th element,
for , represents the number of sources
using the -th encoding level in the -th slot for the frame
to be encoded;

• is the state of the Markov chain of the queueing
system process; it is a two-dimensional Markov chain de-
fined as where:
— is the queue state, i.e. the
number of ARQ blocks in the queue and in the server
facility at the -th slot;

— is the state of the Markov chain characterizing
the queue drain process ; it is defined as

where:
*

is the ARQ retransmission state. More specifically,
, for , if a block is

transmitted at the -th slot and this transmission is
the -th retransmission for that block (note that

for the first transmission of each
block); , for if
the block in the service is not transmitted at the
-th slot, waiting for the -th retransmission in a
later slot; (queue waiting for a
packet) if there are no blocks in the queue to be
transmitted (i.e. ); the behavior of the
Markov chain is sketched in Fig. 4.
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Fig. 4. Markov chain of the retransmissions.

* is the channel state during the transmission
at the -th slot.

B. System Time Evolution Model

Since we are applying a discrete-time model, the first step
is to define the sequence of events in each slot. To this end
let us consider the values of the system state in the
generic -th and -th slots as and

, respectively, where
and ,

respectively.
Let us now define the structure of the generic system state

transition from the generic slot to the slot . The system
state is monitored at the end of each slot, in a time instant re-
ferred to as theObservation Point, containing the starting values
for the system variables of the next slot. Each transition is struc-
tured according to the following steps:
1. at the beginning of the -th slot, the transmission result (i.e.
failure or success) of the attempt of transmission done in
the -th slot, is known: it determines the occurrence
that in the -th slot a retransmission for the same block is
needed (in case of failure), or a new block in the queue, if
there is any, enters the service substituting the successfully
transmitted one (in case of success); therefore, the value

of the process , representing the number
of ARQ blocks removed from the service, is determined;

2. at the same time, the feedback messages (if any) generated
by the Rate Controller on the basis of the queue state value

in the -th slot, determine the source aggregate
state transition and, consequently, the number
of blocks, , emitted by the source aggregate
during the -th slot;

3. the number of blocks removed from the service, together
with the number of emitted blocks by the source aggre-
gate, deterministically determine the queue state transition

;
4. afterwards, based on the number of packets removed from
the service and on the new value of the queue state
in the -th slot, and according to the adopted transmission
law , the transition of the retransmission counter
state, , is derived;

5. finally, the channel state transition, , occurs.
Once the system state transition is completed, if there is a

block in the service in the -th slot, an attempt of transmission
is done according to the transmission law . The trans-
mission result, based on the channel state in the -th slot,
will be known at the Observation Point at the end of the -th slot.
This result determine the system state transition of the -th
slot.

C. Model of the Whole Green Mobile Video Cloud system

The target of this section is to derive the transition proba-
bility matrix of the Markov process , representing
the state of the Transmission system as a whole. The generic el-
ement of the transition probability matrix is defined as

(7)

Now, applying the total probability theorem for each possible
value of the number of arrivals, ( ranging between 0 and the
maximum number of arrivals ), and the number of blocks
drained from the queue, , after somemathematical elaborations
accounting the memoryless property of Markov chains, we ob-
tain

(8)

The above equation can be rewritten as follows:

(9)

where:
• is the first probability in (8), and repre-
sents the probability that ARQ blocks are drained from
the queue in the -th slot;

• is the second probability in (8); it is the
probability to move from the state to the state ,
including the probability that ARQ blocks are emitted by
the source aggregate when its Markov chain is in the state

;
• , and are the
third, fourth and fifth probabilities in (8), and are elements
of the transition probability matrices of the Queue, the
ARQ retransmission process and the cellular channel state,
respectively.

The matrix will be derived in Section III-D, the
other matrices in Section III-E.
Once the matrix is known, we can calculate the steady-

state probability array of the system as the solution of the
linear system . It may be difficult to solve this



LOMBARDO et al.: A MODEL-ASSISTED CROSS-LAYER DESIGN OF AN ENERGY-EFFICIENT MOBILE VIDEO CLOUD 2313

system directly since the number of states grows explosively as
the queue size increases. Nevertheless, many algorithms [51]
enable to calculate the array maintaining a linear depen-
dency on .

D. Adaptive Video Source Aggregate Model

In this section we derive the model of the emission process of
the Adaptive Video Source Aggregate. As said in Section II, the
emission rate of each source of the aggregate is driven by the
Rate Controller. It implements a feedback law that, according
to the state of the Video Multiplexer Queue, determines the
number of sources a feedback message has to be sent to.
Now let us define the state of the underlyingMarkov chain for

the Adaptive Video Source Aggregate emission process .
This chain has a -dimensional state, i.e. the generic state is

, where is the

number of encoding levels, and the value of , for each
, represents the number of sources encoding

with the -th encoding level in the -th slot.
As said so far, at the beginning of the -th slot, the Rate Con-

troller randomly chooses a set of sources among the sources
loading the buffer, starting from the ones encoding at the highest
bit rate, if , or from the ones encoding at
the lowest bit rate, if . Then it sends them a
“rate-decrease” or “rate-increase” message according to the re-
sult of the comparison of with the two thresholds, and
, as described in Section II.
Therefore the generic state transition depends,

through the feedback law, on the queue state value in the
-th slot. For this reason, let us indicate the transition

probability matrix of the underlying Markov chain of as
. Its generic element can be defined in (10), shown at

the bottom of the page, where the conditions in the last column
of (10) are detailed in Table I. More specifically:
• conditions and identify the state transitions hap-
pening when the queue length is below the threshold
and the Rate Controller sends a “rate-increase” mes-

sage to sources randomly chosen among the
sources encoding with the minimum bit rate; according
to (6), this occurs with probability . If
in the state the lowest encoding level currently
used by the sources is the generic -th level, and at
least sources are encoding with the -th en-
coding level , then
randomly chosen sources out of move to the

-th encoding level (condition ); otherwise

TABLE I
STATE SETS IN (10)

all the sources encoding
with the -th encoding level move to the -th
encoding level, and then randomly
chosen sources move from the -th encoding level
to the -th one (condition );

• conditions and identify the state transitions hap-
pening when the queue length is below the threshold
and the Rate Controller sends a “rate-increase” mes-

sage to sources; according to (6), this
occurs with probability . As in conditions
and , if at least are encoding with
the -th encoding level ,

randomly chosen sources out of
move to the -th encoding level (condition );
otherwise, all the sources encoding with the -th
encoding level move to the -th encoding level, and
then randomly chosen sources
move from the -th encoding level to the -th
one (condition );

• conditions and identify the state transitions hap-
pening when the queue length is over the threshold and
the Rate Controller sends a “rate-decrease” message to

sources; according to (6), this occurs with prob-
ability . If at least are encoding
with the -th encoding level ,

(10)
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randomly chosen sources out of move
to the -th encoding level (condition ); otherwise,
all the sources encoding with the -th encoding
level move to the -th encoding level and then

randomly chosen sources move
from the -th encoding level to the -th one
(condition );

• conditions and identify the state transitions hap-
pening when the queue length is over the threshold

and the Rate Controller sends a “rate-decrease”
message to sources; this occurs with
probability , according to (6). Now, if at least

are encoding with the -th encoding level
, randomly

chosen sources out of move to the -th
encoding level (condition); otherwise, all the sources en-
coding with the -th encoding level move to the -th
encoding level and then ran-
domly chosen sources move from the -th encoding
level to the -th one (condition );

• condition identifies the state transitions happening
when the queue length is below the threshold and the
Rate Controller should send a “rate-increase” message to

sources, but in the state there are less than
sources that can increase their encoding level.

• condition , opposite to the condition , identifies the state
transitions happening when the queue length is over the
threshold and the Rate Controller should send a “rate-
decrease” message to sources; however, in the
state there are less than sources that can
decrease their encoding level.

• condition identifies the cases where the queue length
is within the two thresholds and and no feedback
message is sent by the Rate Controller.

Now, let us derive the emission probability matrix ,
whose generic element is defined as

(11)

For the evaluation of (11), we need to determine the number of
ARQ blocks emitted by the source aggregate during the generic
-th time slot when the state of the underlying Markov chain is

. Previously, we have defined the encoding rate array
as an array containing the emission bit rate of a single source

for each encoding level. Therefore, let us define as the
encoding rate array expressed in terms of ARQ blocks, each of
bits, emitted by the source aggregate during seconds.
Note that for the conversion from bits/s to ARQ blocks/slot,

we have to take into account that the bits of an ARQ block
include the given by the sum of all the higher layer
headers. The generic element of , representing the number

of ARQ blocks emitted by the source ag-
gregate during a time slot when its state is , can be calculated
as

(12)

where is the encoding rate array derived from taking into
account the overhead introduced by the higher-layer protocol
headers.
Note that the maximum number of ARQ blocks that

the source aggregate can emit in each slot is obtained from (12)
by considering the state value where all the sources emit
with the maximum bit rate, (i.e. ,
and ), that is

(13)

where indicates the minimum integer greater than or equal
to . Since in (12) can be a non-integer number, we as-
sume that, in each slot, the number of emitted ARQ blocks by
the aggregate is

with prob

with prob
(14)

where .
In summary, the generic element of the emission probability

matrix of the SBBP modeling the source aggregate emis-
sion process , is

(15)

So far, we have derived the matrices and
completely characterizing the SBBP . Now, according
to [52], we can equivalently represents with the matrix

, defined as the transition probability matrix with
the probability of emitting a given number of ARQ blocks.
Its generic element is defined as follows:

(16)

The matrix can be derived from and
as follows:

(17)

where is the diagonal matrix containing the -th

column of the emission probability matrix .

E. Multiplexer System Model

The target of this section is to define the Markov model of
theMultiplexer System. According to the system time evolution
described in Section III-B, we will first consider the queue drain
process . Then we will derive the transition probability
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matrices of the queue and the ARQ retransmission counter state.
Finally, we will consider the cellular channel state transition.
1) Queue Drain Process: In this section we will describe

the queue drain process , defined as the number of ARQ
blocks removed from the service in the -th slot. According to
the choice of the model time slot , the number of ARQ blocks
removed from the service cannot be greater than 1. More specif-
ically, if the block transmitted in the -th slot
has arrived correctly, or the maximum number of retransmis-
sions has been reached in the same -th slot; otherwise

. Of course, means that the block which is
in the service at the -th slot is removed, and a new block,
if there is any, enters the service facility at the -th slot. The
SBBP process is modulated by the underlying Markov
chain, whose generic state is .
More specifically, its value in the -th slot depends on the state

of the same underlyingMarkov chain in the -th
slot. In addition it depends on the queue state , as
we will see below.
Let us indicate the values of the retransmission counter state

, the channel state , and the queue state
as , and , respectively. The following

situations can occur:
1. in the -th slot the queue is empty, i.e. , thus
there are no blocks to be removed from the service in the
-th slot and . Moreover, this case implies that

;
2. in the -th slot the queue is not empty but, ac-
cording to the EE-ARQ algorithm, no blocks are trans-
mitted waiting “for a more efficient transmission” in
a later slot. Therefore no blocks are removed from
the service at the -th slot, that is, and

;

3. in the -th slot the queue is not empty, and a block
is transmitted. If the block transmission in the -th
slot succeeds, the block is removed from the queue in the
-th slot, and . If the transmission fails and the
retransmission counter in the -th slot has not reached
the maximum allowed value, the block in service is not
removed, and ; otherwise, if , the
block is removed from the service as well, and therefore

.
Consequently, we have (18), shown at the bottom of the page,

where represents the ARQ block error probability in the
channel state ; it will be calculated later in (22).

2) Queue Model: Let us now consider the queue state transi-
tion. To this end let us consider two generic values of the queue
state, and , in the -th and the -th slots, respec-
tively. As discussed so far, the ARQ blocks are the queueing
units. Therefore, at the generic -th slot, the queue is decre-
mented by blocks and incremented by blocks. Thus the value
of the queue state at the -th slot can be obtained through the fol-
lowing equation:

(19)

where is the Multiplexer queue size. Thus, given , and
, and taking into account that if , the generic
element of the queue transition matrix is defined as follows:

(20)
3) EE-ARQ Retransmission Counter Model: The target of

this section is to model the EE-ARQ mechanism. To this end,
let us describe how the retransmission counter state is updated.
Note that the retransmission counter state transition from the

-th slot to the -th slot depends on the evolution of the
service process and the queue state .
Thus the generic element of the transition probability matrix

corresponding to the transition from the state

to the state , is based on the
values and . The following situations can happen:
1. : the queue is empty, thus no blocks are
available for transmission, and the value of the retransmis-
sion counter becomes . Moreover, since
no blocks have been removed from the service ( ), it
follows that the queue in the -th slot is greater than or
equal to . Therefore, being , we
can conclude that also in the -th slot the queue was
empty and the retransmission counter value was ’ ’.
Consequently, in this case, the only allowed transition is

.
2. : the queue is empty and therefore the
retransmission counter value is ’ ’. Moreover, since

, a packet is removed from the service in the -th
slot, meaning that the retransmission counter value
was different from any waiting state. So in this case, the al-
lowed transitions are , where

is the value of the retransmission counter
at the -th slot.

(18)
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3. If : the queue is not empty and no packets
have been removed from the service. This can happen for
one of the following three reasons:
a) the queue was empty in the -th slot,
thus was ‘ ‘, and the only allowed
transitions are or

, with probability
and , respectively;

b) the queue was not empty in the -th slot,
a block was transmitted and the block transmis-
sion failed. Thus, if the maximum number of re-
transmissions, , has not been reached, the
block is retransmitted in the -th slot, with prob-
ability ; in this case the allowed transi-
tions are: with proba-
bility , and
with probability , where

;
c) the queue was not empty in the -th
slot, and the block in the service facility was
not transmitted, waiting for a transmission in
a later slot. Then the block is transmitted at
the -th slot with probability , where

; therefore the allowed tran-
sitions are with probability

, and with
probability .

4. : a block has been removed from the ser-
vice, therefore was different from any waiting state.
Moreover, since the queue is not empty in the -th slot, a
new block is ready to be transmitted for the first time. In
this case the allowed transitions are
with probability , and
with probability , where .

Summarizing, we have (21), shown at the bottom of the page,
where is any value in the set , and is
any value in the set .
4) Cellular Channel Model: Finally, let us describe the cel-

lular channel behavior. As usual (e.g. see [53]), it is described by
means of an -state Markov process. In this way, the channel
statistical behavior can be characterized by the transi-
tion probability matrix of the Markov chain, , and the bit
error rate, , associated to each state . Assuming that

losses of bits are in the channel uniformly distributed during
the time slot, the ARQ block error probability when the channel
state is can be calculated as follows:

(22)

where is the probability that the block is
transmitted correctly, and is the ARQ block size expressed
in bits.

IV. PERFORMANCE EVALUATION

In this section we introduce the main performance parameters
for the proposed system, and analytically derive them. To this
aim, let us first calculate the probability arrays regarding the
video source aggregate emission process, the queue length and
the queue drain processes. They can be obtained from the system
steady-state probability array as follows:

(23)

(24)

(25)

Nowwe can calculate the PSNR distribution array, for each state
, and the mean PSNR value as follows:

(26)
where is the quality array defined in Section II, and rep-
resents the transposing operator.
Now, using the probability distributions of the queue length

process calculated in (24) and the queue drain process calculated
in (25), we can calculate the mean queue and the ARQ block
loss probability defined as the probability that the ARQ protocol
discards a block since unsuccessfully retransmitted for
times

(27)
where we have considered that . The proba-
bility in (27) is given by the channel error probability

(21)
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of each channel state , multiplied by the probability
that the channel state is and the retransmission counter state
is . In addition, we can calculate the mean time spent by
each ARQ block in the queueing system by applying the Little
theorem

(28)

where is the mean number of ARQ blocks that arrive in one
slot. It can be calculated from the matrix derived in (15),
and the steady-state probability array of the source aggregate
derived in (23) as follows:

(29)

The loss probability due to the limited capacity of the Mul-
tiplexer Output Buffer can be calculated as the ratio between
the average number of lost blocks and the average number of
emitted blocks, that is

(30)

where is the cumulative number of blocks lost by the
source aggregate in the discrete-time interval , while

is the cumulative number of arrivals from in the
same interval. The term represents the mean number

of per-slot arrivals from , calculated in (29).
The term represents the mean number of blocks

lost in the generic slot. It can be calculated as

(31)

where the last probability in (31) is calculated as (32) shown
at the bottom of the page. Finally, let us derive the total power
consumption

(33)

where the terms ,
, and

represent the power consumed during a
successful transmission, a failed transmission and anARQ trans-
mitter IDLE state (corresponding to a state when the transmitter
is idle because the queue is empty, or the EE-ARQ algorithm
imposes the transmitter to not transmit in order to save power).
The terms and are input parameters, representing
the power consumed in one slot to transmit an ARQ block or
to be in the IDLE state, respectively. The terms ,

and are the probabilities of a successful
transmission, a failed transmission and a transmitter IDLE
state, respectively. They can be calculated as follows:

(34)

V. NUMERICAL RESULTS

In this section we numerically evaluate the cross-layer design
approach proposed for the Green Mobile Video Cloud system.
The evaluation will be carried out in terms of both quality of
service and power saving, with the purpose of deducing some
design guidelines on the choice of both the EE-ARQ protocol
transmission law among the ones defined so far and its param-
eter , according to the given requirements specified in terms of
QoS and power saving.
In the following we consider the transmission of video se-

quences encoded in CIF format (352 288 pixels) using the
vcodec mpeg2video with the ffmpeg encoder, with a frame rate
of fps, and a Group of Picture (GOP) structure with 3
P-frames and 8B-frames. Each video source is able to use
different encoding levels, characterized by the set of target bit
rates ( kb/s). The correspondent PSNR
values are: dB. In order to analyze
the work of the Rate Controller, we have considered both the
cases where the video is encoded at a constant encoding level

(32)
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Fig. 5. Performance achieved in the case of constant BER (a) Average queue length, kb/s. (b) Average queue length, kb/s. (c) Average queue
length, kb/s (d) Transmission probability, kb/s. (e) Average queue length, adaptive encoding. (f) Average source bit rate, adaptive encoding.

among the available ones (i.e. without Rate Controller), and the
casewhere the encoding rate is adaptive according to the channel
conditions. In both the cases we have set a number of sources of

and a buffer size of ARQ blocks. Each ARQ
block is constituted by bits, the maximum number of
retransmissions is . We consider a Rate Controller
with a V-shaped feedback mask, i.e. , which
represents the most reactive feedback mask, as demonstrated in
[54], and we set the parameter in such a way that only
one source at time is requested to change its encoding rate.
As far as the cellular transmission side is concerned, we used

a channel bit rate of 5 Mb/s; therefore the slot duration is
ms. According to [55], we assumed that

the cellular interface consumes a power of mW
during transmission, and mW when it is idle.
In the following we will present two different cases. In the

first one we consider a channel with a constant BER, in order
to focus our attention on the behavior of our system in different
channel situations, characterized by constant BER belonging to
the set . Instead, in the second case,
we consider a channel with a variable BER, with the aim of
evaluating the capacity of our system to adapt to time-variant
channel conditions. In this last case, we assumed a two-state
channel model, characterized by a BAD state and a GOOD
state. During the GOOD state, we assumed a negligible BER,
i.e. ; on the contrary, as regards the BAD state, we con-
sidered four different situations, with BER , ,
and . The mean duration of both the states was set equal
to 10 ms. This was achieved by setting the terms of the channel
transition matrix as follows:

(35)

Fig. 5 shows results achieved in the case of constant channel
BER, for the three EE-ARQ protocol transmission laws and for
the four considered BER values. The curves have been derived
against the parameter, introduced in the transmission proba-
bility laws defined in (2), (3) and (4). If we consider Fig. 5(d),
that shows the transmission probability in the case of maximum
encoding rate, we can appreciate the effects of the transmis-
sion laws on the transmission probability since in this case the
queue is almost never empty. The results demonstrate that the
EE-ARQ is able to reduce the transmission probability when
the channel conditions get worse, without affecting performance
when the channel behavior is good. In fact, from Fig. 5(d) we
notice that, when the BER is low ( ), the transmis-
sion probability remains constant regardless the particular trans-
mission law or the value of the parameter. Instead, when the
channel conditions are worse, the transmission probability, and
therefore, the power consumption, decreases, and is lower for
higher values of the parameter. Moreover, we can see that
the constant law is the most aggressive between the considered
ones, since the transmission probability remains higher than the
other cases, whereas the exponential law is the least aggressive,
introducing the highest transmission probability reduction. The
only exception is given by the case , where for the expo-
nential and constant laws, we obtain the case of traditional ARQ
(so, of course, no transmission probability reduction is given),
whereas the linear law is active also for e produces some
transmission probability reduction.
However, depending on the traffic load, the use of a transmis-

sion law or values which allow to save more energy, also pro-
duces an increase in the queue length which may cause losses
and QoS degradation. Fig. 5(a), Fig. 5(b) and Fig. 5(c) show
the average queue length for different traffic loads, i.e. for dif-
ferent encoding bit rates. We can see that, when the BER is
low ( , ), the average queue length is quite low even
with high values of [see Fig. 5(a)]. Instead, when the channel
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Fig. 6. Performance achieved in the case of adaptive encoding rate and time variable channel conditions ( ms). (a) Average queue
length. (b) Loss (c) Average source bit rate and PSNR.

conditions are worse, the average queue length increases, so in-
creasing the loss probability, unless the encoding bit rate is re-
duced [as shown in Fig. 5(c)]. More specifically let us note that,
in the case of bad channel and high encoding bit rate, QoS per-
formance are bad for any transmission law, and of course, even
if we use the classical ARQ. On the contrary, when the encoding
bit rate is low, a low value of the parameter gives acceptable
QoS performance even for the least aggressive law, that is, the
exponential one.
Leveraging on the above considerations, we coupled a Rate

Controller to the EE-ARQ mechanism. In order to evaluate the
contribution of the Rate Controller, Fig. 5(e) shows the average
queue length in the case the source is “adaptive”. In this case, we
can see that the combined action of the EE-ARQwith the source
Rate Controller allows to keep the average queue length quite
low even with very bad channel conditions. Fig. 5(f) shows the
effect of the rate controller on the encoding bit rate. As expected,
when the is low, the Rate Controller allows the sources
to encode at the best quality, corresponding to a bit rate of 400
kb/s. Instead, for higher values of , the encoding bit rate
is reduced in order to reduce the probability of queue overflow,
and therefore the loss probability.
The second case we analyze in this paper is the one when

the channel behavior alternates between a BAD and a GOOD
state. In the following we will consider the case of

ms. Sources use the Rate Controller in order to
change their encoding quality as a consequence of the channel
state in order to not deteriorate QoS performance in the queue,
in terms of mean queue length and loss probability for overflow.
Resulting QoS performance are shown in Fig. 6. More specifi-
cally, from Fig. 6(a) we can see that, when the channel presents
worse conditions in the BAD state, i.e. when the EE-ARQ re-
duces the transmission probability, the queue length increases.
Nevertheless, Fig. 6(b) shows that in the worst channel condi-
tions (e.g. ), that is when the highest power
saving is achievable, the average loss per slot is quite constant
regardless the particular transmission law or the value of , and
is equal to the loss achieved with the classical ARQ. This is due
to the concurrent increasing of loss for buffer overflow and de-
creasing of ARQ loss (due to the maximum number of retrans-
mission allowed by the protocol). This result allows us to state
that the EE-ARQ is able to provide great power saving without
introducing QoS degradation.
Fig. 6(c) shows how the Rate Controller adjusts the source en-

coding rate in order to guarantee the best performance. The same

Fig. 7. Perceived quality parameter.

figure also shows the mean PSNR, resulting from the choice of
the source encoding rate. We can see that when channel condi-
tions are good, the source encoding rate is higher, so guaran-
teeing the best quality. On the contrary, when channel condi-
tions get worse, the encoding rate is reduced in order to guaran-
teeing the continuity of the service.
In order to take into account the video quality perceived at

destination, depending on both encoding quality and frame rate
reduction due to frame loss, we have used the objective Quality
parameter introduced in [56]. It starts from the observation
that simply averaging the PSNR over the non-corrupted video
frames could be unfair since the smallest frames are clearly
of poorer quality but also more likely to be received thanks to
their reduced bandwidth requirements. It is defined as follows:

(36)

where is the mean encoding PSNR, that has been plotted
in Fig. 6(c), is the video encoding frame rate (here ),
and is the video frame loss percentage (that is, the number of
lost frames divided by the total number of transmitted ones).
This last parameter, that depends on the ARQ blocks loss prob-
ability, has been calculated as in [57] taking into account the
interdependence among the frames belonging to the same GoP
(Group Of Pictures). The higher the value of , the higher the
quality perceived at destination; negative values represent not
acceptable quality, while values of ranging between 0 and 3
represent poor quality.
Results achieved in our case for the Q parameter are shown

in Fig. 7. As expected, in the cases of lower (i.e.
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Fig. 8. Power saving provided by the EE-ARQ with respect to the classic ARQ, in the case of adaptive encoding rate and time variable channel conditions
( ms). (a) (b) (c) .

and ) the behavior of the curves
is very similar to the behavior of the mean PSNR, since is
dominated by it being the frame loss rate negligible. On the
contrary, quality perceived at destination for is
very poor, becoming unacceptable (negative values of ) when
the exponential law is used with higher values of . Moreover
let us observe that the application of the exponential law with

causes unacceptable quality for as well,
since this value of determines that transmission attempts are
stopped for a too long time at each ARQ loss event.
Finally, let us analyze the power saving gain achieved by ap-

plying the GMVC system. To this purpose let us notice that
the proposed system saves energy for two different factors: the
application of the mobile cloud paradigm and the use of the
EE-ARQ. The first power gain can easily be calculated against
the way used today when a set of video sources in proximity of
each other need to transmit without a mobile cloud organization.
In fact, if we assume the measured values proposed in [26] or in
[27], and considering that the cellular connection between each
node and the base station is substituted by a WiFi connection
between the same node (sending side) and the cluster head (re-
ceiving side), we obtain a power saving gain ranging between
30% and 50%. In order to evaluate the second power gain, that
is the gain achieved by applying the EE-ARQ on the cellular
link, we have reported in Fig. 8 the power saving gain defined
as follows:

(37)

where and are the total power consumptions
achieved by using ARQ and EE-ARQ, respectively.
We can see that, when channel presents worse conditions in

the BAD state, the power saving provided by the EE-ARQ is
very high, especially when the exponential law is used with
large values of the parameter (see Fig. 8(a) and Fig. 8(b)). In-
stead, when the channel presents better conditions in the BAD
state, the power saving provided by the EE-ARQ becomes lower
due to the fact that there is no need for the EE-ARQ to reduce
the transmission probability.
Let us highlight that combining the above figures, that repre-

sent QoS performance at both source and destination sides, and
power saving, allows the system designer to decide the most ap-
propriate configuration to achieve the desired working point of
its system.

VI. CONCLUSIONS AND FUTURE WORK

In this paper we have proposed a cross-layer approach for the
design of an Energy-Efficient Mobile Video Cloud. The energy
efficiency requirement has been pursued by using the mobile
cloud approach and defining a new version of the ARQ protocol
to be applied on the cellular channel.
The application of the mobile cloud approach allows the mo-

bile terminals to maintain their cellular interface in off, using the
WiFi interface to be connected to the cloud. The EE-ARQ pro-
tocol has been defined in such a way to exploit the correlation
of the cellular channel behavior, so minimizing transmission at-
tempts when the channel state is bad.
With the aim of being energy efficient and QoS aware, the

proposed approach is adaptive in both the video sources and the
cellular transmitter. In order to compensate transmission band-
width reduction due to the energy saving policies, a source Rate
Controller is introduced. An analytical model of the system al-
lows us to compare transmission laws, and a numerical anal-
ysis has been used to derive some guidelines to choose one of
the proposed transmission laws and design its parameters. The
model can be easily extended to any adaptive video source and
to any version of the ARQ protocol.
A possible evolution of this work consists in considering the

possibility that video sources mark encoded packets with dif-
ferent levels of priorities, for example relative to the frame they
belong to (I-, P- or B-frames), or to their video encoding layer
in the case of hierarchical encoding. Consequently, the cluster
head should be able to manage a multi-priority transmission
on the cellular link that can be realized with a set of parallel
transmission buffers, one for each priority, served with a pri-
ority scheduler based, for example, on a weighted round robin
policy. Another future work is to extend the rate controller to
control encoding and quality fluctuations due to sudden varia-
tions of the channel behavior.
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