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Abstract—To cope with the rapid growth of multimedia appli-
cations that requires dynamic levels of quality of service (QoS),
cross-layer (CL) design, where multiple protocol layers are jointly
combined, has been considered to provide diverse QoS provisions
for mobile multimedia networks. However, there is a lack of a
general mathematical framework to model such CL scheme in
wireless networks with different types of multimedia classes. In
this paper, to overcome this shortcoming, we therefore propose
a novel CL design for integrated real-time/non-real-time traffic
with strict preemptive priority via a finite-state Markov chain.
The main strategy of the CL scheme is to design a Markov model
by explicitly including adaptive modulation and coding at the
physical layer, queuing at the data link layer, and the bursty nature
of multimedia traffic classes at the application layer. Utilizing
this Markov model, several important performance metrics in
terms of packet loss rate, delay, and throughput are examined.
In addition, our proposed framework is exploited in various mul-
timedia applications, for example, the end-to-end real-time video
streaming and CL optimization, which require the priority-based
QoS adaptation for different applications. More importantly, the
CL framework reveals important guidelines as to optimize the
network performance.

Index Terms—Cross-layer (CL) optimization, delay, multimedia
applications, quality of service (QoS), throughput.

I. INTRODUCTION

ONE of the major goals of the next generation of mobile
communications and networks is to support high quality

of services (QoS) for multimedia services such as mobile
video applications. However, maintaining the diverse QoS pro-
vision for multimedia traffic in time-varying multipath fading
channels is very challenging due to the scarce and expensive
radio resources of shared radio networks. As opposed to wired
communications, where the protocol stack is independently
optimized, cross-layer (CL) design for wireless networks can
utilize the mutual dependence among protocol layers to provide
an efficient solution for the aforementioned problem [1]–[12].
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Prior research on CL design in wireless networks has dealt
with increasing the spectral efficiency by using adaptive modu-
lation and coding (AMC) at the physical (PHY) layer to adapt
suitable transmission parameters (e.g., signal constellation size
and coding rate) and using an automatic repeat request (ARQ)
technique at the data link layer to retransmit error packets [13].
This strategy is scalable to a larger network size with multiuser
scheduling [14], [15]. Such solution is to ensure different QoS
requirements for multiple users. In the same CL approach
by focusing on PHY and data link layers, the weighted sum
throughput of the two users is maximized while guaranteeing
the individual statistical delay requirement of QoS for each user
[16], and a CL relaying transmission framework is proposed to
select the best source data transmission strategy for maximum
effective capacity [17].

However, these works do not support the dynamic priority
properties of multimedia applications and traffic, i.e., different
service classes have their own stringent constraints. Recent
results on CL design for multimedia have shown that the
incorporation between application layer and lower layers, e.g.,
PHY layer, has extensively improved the network performance
given time-varying channel conditions [18]–[21]. Specifically, a
channel assignment with dynamic priority adjustment to guar-
antee different QoS requirements has been proposed in [18].
The preemption between real-time and non-real-time multime-
dia services is regulated by assigning different traffic into a dis-
tinct number of reserved codes in code-division multiple access
(CDMA) networks. Assuming that the base station (BS) knows
the channel conditions of all users, to optimize power/rate and
guarantee fairness among users, different traffic was designated
a different detection order in multiuser’s detection of uplink
CDMA system [19]. In [20], different traffic, e.g., voice or
video, are designated certain AMC levels to guarantee given
requirements of packet error rate (PER). Similar to [20], by
considering different traffic loads at the BSs, a CL algorithm is
designed to maximize the downlink throughput at less feedback
and lower complexity [21].

A common disadvantage of these works, e.g., [18]–[20], is
that the CL design solely depends on the interaction between
the PHY and application layers. In other words, by exploiting
the time-varying nature of the PHY channel, real-time traffic
is allocated a better channel over non-real-time traffic. This
leads to suboptimal solution for CL optimization of multimedia
networks, which ignores the importance of other layers, e.g.,
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data link layer. In general, packets are stored in a buffer at the
data link layer before being forwarded to the destination, which
may cause a delay in delivering packets. For a multiuser space-
division multiple access (SDMA)/time-division multiple access
(TDMA) system, the effect of a queuing delay on CL design
with multimedia traffic has been reported in [22]. However, this
CL design, which combines the PHY layer with opportunistic
scheduling taking into consideration of the queuing effect, has
only been verified by simulations.

Although an extensive effort has been made in designing a
CL scheme for multimedia services, there is a lack of an ana-
lytical framework in queuing theoretical performance analysis
to investigate the bursty nature of multimedia traffic. In [23], we
have proposed a CL design to provide a diverse QoS guarantee
for multiple traffic classes in wireless networks. In particular,
we propose an analytical CL design framework that utilizes the
interdependence between multiple protocol layers. In this ex-
tended version of our previous work [23], we take a step further
to propose the CL optimization scheme for multimedia traffic
classes with a strictly preemptive mechanism for high-priority
class over low-priority class. Our CL approach is formulated by
a four-dimensional finite-state Markov chain, where key input
parameters of application, data link, and PHY layers are jointly
accumulated. The first and second dimensions of the Markov
model are associated with two types of multimedia services
at the application layer, namely, real-time and non-real-time
traffic. Clearly, each traffic class requires its own QoS level.
For example, the non-real-time traffic is sensitive to packet
loss, whereas the real-time traffic has a stringent constraint on
delay. To guarantee the dynamic priority requirements on QoS
of such traffic mixtures, we assign an absolute priority to real-
time traffic over non-real-time traffic. The third dimension is
related to the buffer state at the data link layer. In practice, the
finite-length buffer can be empty, although the PHY channel
is available for packet delivery. By including the effect of
buffer size, it is facilitated to calculate the packet loss rate,
i.e., drop rate and error rate, caused by buffer overflow and
transmission impairments, respectively. The fourth dimension
is encapsulated by the channel condition at the PHY layer. By
exploiting the random nature of considered fading channels,
the transmission rate is efficiently adapted by using an AMC
scheme. Specifically, based on the link quality of radio channel,
a suitable modulation-coding mode is selected to increase the
transmission rate while keeping satisfactory levels of QoS.

Solving the steady-state probability of the proposed Markov
model, we can easily evaluate crucial performance metrics such
as packet drop rate, PER, throughput, and packet transmission
delay. The impact of our CL framework is illustrated through
various numerical results carried out by analysis and Monte
Carlo simulations in a representative system design scenario.
Numerical results show that the proposed CL design can sup-
port QoS provision for different types of multimedia traffic
classes. More importantly, our CL framework can be adopted to
optimize the performance of mobile multimedia networks with
stringent QoS constraints.

The rest of this paper is organized as follows. Related work
is investigated in Section II. In Section III, the system model
is first described, then AMC at the PHY layer is presented,

followed by the traffic model; and finally, the queuing effect is
introduced. Section IV shows our CL design by formulating the
corresponding Markov chain. We analyze the performance of
the CL scheme in terms of packet drop probability, packet error
probability, throughput, and delay in Section V. In Section VI,
we apply our CL design to optimize two representative sce-
narios: 1) general multimedia networks with low- and high-
priority traffic; and 2) video streaming over wireless networks.
In Section VII, numerical results are shown to validate our CL
design. Finally, Section VIII concludes our paper.

II. RELATED WORK

Here, we first introduce the CL design, which has been
widely applied to wireless networks. Then, detailed CL ap-
proaches with/without considering multimedia applications are
investigated to make clear on the literature.

A. CL Design for Wireless Networks

Conventional solutions proposed by using independently
single-layered optimization cannot meet adequate requirements
of dense wireless networks with dynamically varying and unre-
liable channels. As opposed to single-layered optimization, CL
design approaches have been proliferated and have become one
of the most feasible methodologies to meet many challenges in
wireless networks by utilizing the mutual dependence among
layers in the protocol stack [1]–[5].

In [1], basic types with detailed examples of CL design have
been shown so that designers can adopt CL interactions to
specific objectives for high performance of wireless networks.
The proposed CL design in [2] exploits the knowledge of
information at PHY and Media Access Control layers, and then,
shares it with higher layers to gain high throughput and low
latency. Similar to [2], but observing that many wireless CL
optimization problems are very complicated to be solved, some
optimization tools have provided for realistic and efficient so-
lutions [3]. Aiming to find out optimal transmission strategies,
a centralized middleware optimizer has been designed based on
jointly combining application, MAC, and PHY layers [4]. The
authors have further provided valuable issues about considering
constraints at each layer and how to apply specific CL optimiza-
tion to applications such as video streaming. However, it would
be missing if we do not concern the negative consequences
of CL design caused by architectural ramifications and/or un-
intended CL interactions. The authors in [5] provide us the
whole picture of CL design that we should consider carefully
to balance between performance and architecture.

B. CL Design Without Multimedia Traffic-Aware

Prior literature on CL design in wireless networks has mostly
concerned PHY and data link layers, but not accommodated
the varying characteristics of data traffic, i.e., non-real-time or
real-time traffic such as multimedia services and applications.
Using AMC at the PHY layer to match transmission parameters
to time-varying conditions of channels or using truncated ARQ
at the data link layer can improve the throughput performance.
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However, separately deploying AMC or truncated ARQ cannot
totally maximize the throughput. To this end, the authors in
[13] have exploited the benefits and the mutual dependence
of AMC and truncated ARQ to design a CL optimization,
where the throughput or spectral efficiency is maximized under
delay and error constraints. In keeping with PHY and data link
layers, but for a larger size of the network, the authors have
continued to propose CL scheduling algorithms to optimize
bandwidth allocation while ensuring different QoS require-
ments, i.e., throughput, packet loss rate, and average packet
delay, for multiple users [14], [15]. In particular, combining
AMC at the PHY layer and priority-based scheduler at the data
link layer allows the spectral efficiency to be maximized. This
can be achieved by selecting suitable modes of AMC related to
the channel variation under predetermined requirements such
as PER or delay.

The latest research on CL design by exploiting the mutual
dependence between PHY layer and data link layer includes
[16] and [17]. In [16], given individual statistical delay QoS
requirement at the data link layer for each user, the weighted
sum throughput at the PHY layer of two users is maximized by
finding the optimal transmission strategy. Importantly, optimal
power and rate adaptation policies have been developed in the
same problem to further improve the performance of the sys-
tem. In [17], a new CL-based relaying transmission framework
has been proposed to maximize the effective capacity depend-
ing on the amount of QoS exponent. In addition, the authors
have also introduced a CL-fixed power allocation algorithm
under a given QoS exponent to maximize the effective capacity.

Although the aforementioned studies efficiently improve the
performance of the system compared with conventional solu-
tions without CL design, they do not consider the dynamic
priority characteristics of users and of multimedia applications,
services, and traffic, e.g., each video in video on-demand ser-
vice has its own interpopularity according to the access rate of
users, different services have their own stringent constraints,
etc. As a result, the performance of multimedia system cannot
be optimized for high user-perceived quality with low network
resource consumption. These dynamic priority characteristics
in the context of CL design are further discussed as follows.

C. CL Design With Multimedia Traffic-Aware

CL design for multimedia wireless networks has been studied
well in the literature. In [6], the authors have pointed out
the challenges, principles, and new paradigms in their CL
transmission strategy to improve multimedia performance, i.e.,
high quality and power saving. It should be noted that the
CL design solution for high multimedia performance becomes
more challenging from the perspective of users when high
quality of experience (QoE) is required. The reason is that QoE
is characterized by many subjective and complicated metrics
perceived by the users, and it is difficult to deal with obtaining
high QoE. The concepts and the challenges of QoE have been
discussed and resolved, respectively, in [7]–[9].

By categorizing video streaming in wireless sensor networks
(WSNs) into two types, i.e., image and audio with differ-
ent important levels, a context-aware CL optimized multipath

multipriority transmission scheme has been proposed to max-
imize the information value while guaranteeing the delay,
limited bandwidth, and energy consumption [10]. The authors
have further taken into account the PHY layer together with
network and transport layers to design a CL optimization-
based transmission radius and data rate adjustment for higher
information gathering performance [11]. Interestingly in [12],
the characteristics of video are insightfully analyzed at the
application layer. After that, subcarrier allocation, AMC, and
transmit precoding at the PHY layer are optimally assigned
based on channel conditions and different quality layers of
different videos to maximize the average peak signal-to-noise
ratio (PSNR) of received video streams.

The incorporation between application layer and lower lay-
ers of CL design shows that the performance of multimedia
wireless networks is extensively improved, according to time-
varying channel conditions [18]–[21]. Do et al. [18] have pre-
sented a channel assignment scheme with dynamic priority
adjustment to guarantee different QoS requirements corre-
sponding to the system states. Based on the fact that real-
time classes have higher priorities than non-real-time ones, they
are assigned to different traffic classes regulated by different
distinct numbers of reserved codes in CDMA networks. Mean-
while, the non-real-time classes with restricted preemptive pri-
orities are controlled by preemption-free code channels. As
a result, the proposed scheme adaptively provides high QoS
guarantee and channel utilization. In [19], a CL optimization
technique at the PHY and data link layers has been designed to
maximize the overall weighted network throughput of multime-
dia communications with differentiated QoS requirements. In
particular, by jointly choosing the detection order at the succes-
sive interference cancelation (SIC) receiver and the power/rate
of each mobile terminal for different traffic, the power/rate
control and the fairness guarantee among users in SIC for
uplink CDMA system are optimized. Other efficient ways to
provide QoS guarantees for multimedia traffic have been pro-
posed in [20] by applying optimal unequal error protection at
the application layer to different classes of multimedia traffic
(i.e., video, voice, and data) based on certain AMC levels at the
PHY layer. Similar to [20], the authors in [21] have introduced
a CL algorithm to maximize the throughput of downlink from
the BSs. The basic idea of this algorithm is that different BSs,
which have diverse traffic loads coming from different classes
of multimedia traffic, are divided into two different types, i.e.,
master BSs with higher transmission priority and slave BSs
with lower priority. Then, the cooperating BSs jointly select the
best set of users for downlink scheduling and simultaneously
create a set of beamforming vectors relying on the CSI at the
users. To this end, the downlink throughput is maximized at
less feedback and lower complexity.

However, the aforementioned designs still have their own
drawbacks as follows. In [8] and [9], the CL replication strate-
gies may introduce longer latency due to a reencoding scheme
at the application layer. Thus, they are not widely applied
to various multimedia applications in large-scale networks.
References [10] and [11] are feasibly used in only WSNs. The
CL designs in [18]–[21] are solely based on the interaction be-
tween the PHY layer and application/data link layer. Bypassing
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TABLE I
NOTATIONS

the mutual dependence of other layers yields suboptimal results
in CL optimization, e.g., ignoring a queuing scheme at the
data link layer may cause delay, a crucial metric in multimedia
streaming. The effect of delay on multimedia traffic has been
studied in multiuser SDMA/TDMA system [22]. However, the
missing parameters at the application layer make the proposed
CL design less performing, and this design has only been
investigated by simulations. These weaknesses are considered
being solved in [23] and the extended version of this paper.

III. SYSTEM MODEL

We use some important notations in Table I to describe our
system model, which is presented in detail as follows.

Our CL design incorporates the subsequent layers of the
protocol stack, namely, application, data link, and PHY layers.
In particular, we consider a TDMA downlink communication
between BS and mobile users over a time-varying channel
subject to Nakagami-m fading. All terminals are deployed with
a single antenna. The channel is assumed to be quasi-static
fading, i.e., it remains constant for the duration of a frame and
changes independently for subsequent frames. We assume a
discrete time model with infinite number of equal periods, in
which each period spans a frame duration Tf .

In contrast to classical data communications, we consider
multimedia communications, where users with different traffic
classes can be served at the same time by the BS. In particular,
the application layer accommodates multimedia services with
multiple classes of traffic classified by real-time and non-real-
time services. The real-time class requires a stringent delay
over the non-real-time class, which results in real-time packets
having higher transmission priority over non-real-time packets.
To characterize multimedia traffic, several models have been
adopted such as Poisson, Bernoulli process, and fluid flow.
In this paper, we assume that traffic characteristic follows a
Markov-modulated Poisson process (MMPP), i.e., a frequently
used class of traffic models [24]. To cater two types of traffic, at
the data link layer, we propose a buffer partitioning mechanism
elaborated in Section III-B. Then, multiple transmission rates
are deployed at the PHY layer by adopting AMC. In the sequel,
we will describe in detail all the three related layers.

A. Application Layer

In this paper, the non-real-time traffic (low-priority class, L)
is modeled as a Poisson process with arrival rate λL, whereas the
real-time traffic (high-priority class, H) is modeled as multiple-
state MMPP [24]. With this strategy, the real-time traffic is
defined by a discrete Markov chain with NH states. An example
of two-state MMPP is shown as

Ptr =

[
Ptr
1,1 Ptr

1,2

Ptr
2,1 Ptr

2,2

]
(1)

where Ptr is the NH ×NH state transition matrix and the (i, j)th
element, P tr

i,j , represents the transition probability from state i
with arrival rate λH,i to state j with arrival rate λH,j .

Let us denote integer qA with A ∈ {H, L} as the number
of packets of high-/low-priority traffic arriving in a discrete
interval Tf . Then, for simplicity, we assume that qA follows a
Poisson distribution with parameter λATf , where λA = λL for
non-real-time traffic and λA = λH,i for real-time traffic. Fol-
lowing the Poisson distribution, the probability that qA packets
arrive during a frame duration Tf is written as

Par(qA|λA) =
(λATf )

qA

qA!
exp(λATf ). (2)

Due to the finite buffer length, the overflow effect at the data
link layer can be intrigued, i.e., when the buffer is full, the
newly incoming packets are blocked. To illustrate this overflow
effect, let us define Pbl(qA|λA) as the probability that qA packets
may arrive to fulfil the buffer free spot in a given period Tf .
Any additionally incoming packet, e.g., (qA + 1)th, (qA + 2)th,
. . . ,∞, will be discarded at the buffer since it is already over-
run. Using the total law of probability, the blocking probability
Pbl(qA|λA) can be given by

Pbl(qA|λA) =

⎧⎨
⎩ 1−

qA∑
t=0

Par(t|λA) if qA ≥ 0

1 if qA < 0.
(3)

In (3), the first case is the one that makes the proposed CL
optimization problem soluble. In this case, we can gain high op-
timization performance by optimally allocating different buffer
lengths at the data link layer to high and low traffic depending
on the arrival rate λA of each traffic. On the contrary, the second
case is associated with the buffer being entirely full, which
certainly leads to no performance due to the blocking effect if
there are any more packets arriving.

B. Data Link Layer

At the data link layer, the data are processed in the form of
packets, each of which consists of multiple bits. A buffer is
implemented at the BS with first-in first-out scheduling. The
packets arriving from the application layer are stored in finite-
length buffers with total size B. Assuming that there is an
integration of low (L) and high (H) priority traffic, we impose
that non-real-time and real-time services utilize buffer sizes of
BL and BH, respectively, with B = BH +BL.
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To guarantee the QoS requirement for both non-real-time and
real-time traffic, we deploy the buffer-scheduling algorithm by
adaptively allocating the buffer size to each traffic given the
total buffer size B. B shall be fixed, whereas parameters BH

and BL are expected to be flexibly varied according to system
design objectives. For example, based on the arrival rate λA of
non-real-time and real-time traffic, BH and BL are optimally
allocated to these both traffic classes so that the summation
of their blocking probabilities given in (3) is minimized to
reduce the total packet drop rate of the system. In our buffer-
scheduling model, the real-time traffic requiring lower delay
has higher priority to be served by the PHY channel than
non-real-time one. Hence, we deploy the strictly preemptive
priority mechanism among two classes. This mechanism results
in two cases depending on the PHY channel condition and
the buffer-H state. In particular, buffer-L is only served if
there is no high-priority data waiting in the buffer-H; and the
channel is available for communication, i.e., the channel state
n �= 0. However, this approach can lead to a suboptimal result,
in which the low priority may not be served, although the
channel is still capable of delivering some more packets. The
interesting problem is how to efficiently utilize the network
resource. One way to answer this question is to apply a buffer-
scheduling mechanism by mixing both low and high priorities
together given a certain channel condition. Specifically, when
the number of high-priority packets is less than the total number
of packets that the channel can offer, we can utilize some
free slots and transmit both low and high-priority data. This
operation will be explained in detail in the next section by
constructing the transition matrix for the Markov chain.

C. PHY Layer

At the PHY layer, data are processed in frames, which consist
of multiple packets from the data link layer. To exploit the time-
varying nature of the PHY channel, AMC with adaptive modu-
lation and convolutional codes is adopted from [26, Table 2].
As a result, depending on each specific transmission mode,
one or more packets may constitute a frame. For example, the
number of packets per frame is given by Kn = Rn/R1, where
Rn (bits/symbol) is the transmission rate for the nth mode,
i.e., the nth state of the considered PHY fading channels for
n = 1, 2, . . . , NAMC. This assumption, simplifying our analyt-
ical framework, is widely adopted in the literature, see, e.g.,
[14], [15], and [25]. Let us denote the instantaneous received
signal-to-noise ratio (SNR) as γ. Since we investigate for a
Nakagami-m fading channel with fading severity parameter
m ∈ [1/2,∞), the probability density function (PDF) of γ,
fγ(γ), can be expressed as

fγ(γ) =
γm−1

ΩmΓ(m)
exp

(
− γ

Ω

)
(4)

where Ω = γ0/m, γ0 is the average SNR, and Γ(·) is the
Gamma function.

The objective of AMC is to maximize the spectral efficiency
under the constraint that the PER is less than a given threshold
P0. Let NAMC be the total number of transmission modes,

where the nth mode corresponds to the nth convolutional code
and Mn-QAM modulation with a transmission rate Rn. Hence,
the SNR range is divided into NAMC + 1 nonoverlapping in-
tervals. Each interval is characterized by two thresholds γn and
γn+1. Then, the nth transmission mode is selected when the
instantaneous SNR γ falls into [γn, γn+1). It should be noted
that mode 0 (n = 0), i.e., γ0 ≤ γ < γ1, corresponds to the case
when the system is in outage. As a result, no payload data
are sent.

To calculate the thresholds, we utilize a similar approach
as in [13] by introducing an approximation of PER when the
transmission mode n is selected in additive white Gaussian
noise as follows:

PERn =

{
1 if 0 < γ < γ̃n
an exp(−gnγ) if γ < γ̃n

(5)

where parameters an, gn, γ̃n are deduced from employing least
square curve-fitting on the plot of the exact PER, as shown in
[25, Table 2]. The average PER of mode n over Nakagami-m
fading channels, PERn, can be obtained by integrating (5) over
the PDF of γ.

Now, we can find the thresholds {γn}NAMC+1
n=0 to satisfy

the condition that PERn ≤ P0 through the searching algorithm
described in the sequel.

1) Step 1: Set n = N and γNAMC+1 = ∞.
2) Step 2: Within the interval [0, γn+1], search for the unique

value γn that satisfies PERn = P0.
3) Step 3: If n > 1, then set n = n− 1 and go back to Step

2; otherwise; go to Step 4.
4) Step 4: Set γ0 = 0.

We next adopt a finite-state Markov channel model to de-
scribe the transition probability among the channel states [26].
Accordingly, the channel can be considered as a Markov chain
with NAMC + 1 states. To be specific, let us define Pch of
size (NAMC + 1)× (NAMC + 1) as the state transition matrix
of the PHY layer, including radio channel and AMC scheme.
Assuming slow fading, consecutive state transitions occur only
between two adjacent states. In other words, we have

Pch
n,l = 0, ∀ |l − n| > 1 (6)

and the transition probability between two adjacent states is

Pch
n,n+1 =

LCRn+1Tf

Prn
, n = 0, . . . , NAMC − 1

Pch
n,n−1 =

LCRnTf

Prn
, n = 1, . . . , NAMC (7)

where Prn is the probability that the nth mode is chosen, given
by Prn =

∫ γn+1

γn
fγ(γ)dγ. Moreover, let LCRn be the level

crossing rate of mode n, which can be written as

LCRn =

√
2πγn
Ω

fd
Γ(m)

(γn
Ω

)m−1

exp
(
−γn

Ω

)
(8)



This article has been accepted for inclusion in a future issue of this journal. Content is final as presented, with the exception of pagination.

6 IEEE SYSTEMS JOURNAL

where fd is the Doppler frequency. The probability for mode n
to remain unchanged is shown as

Pch
n,n =

⎧⎨
⎩

1− Pch
n,n+1 − Pch

n,n−1 if 0 < n < NAMC

1− Pch
0,1 if n = 0

1− Pch
NAMC,NAMC−1 if n = NAMC.

(9)

It is important to observe that we can minimize the average
PER at the PHY layer to improve the performance of the
system by taking (9) and PERn into account. In other words,∑NAMC

n=1 Pch
n,nPERn can be minimized by optimally allocating

PERn, i.e., allocating switching threshold γn, to corresponding
value of Pch

n,n.

IV. CL DESIGN: FOUR-DIMENSIONAL

EMBEDDED MARKOV CHAIN

Here, we construct the embedded Markov chain given the
system configuration in Section III. Particularly, we propose
a four-dimensional Markov chain to model our CL design,
which provides sufficient information to evaluate the system
performance. We divide the time into equal intervals, each
spans a one-frame duration Tf . Let (n, i, qH, qL) denote the
state space of the system, where n ∈ [0, NAMC] is the current
channel state, i ∈ [1, NH] is the state of real-time traffic, and
qH ∈ [0, BH] and qL ∈ [0, BL] are the number of high- and low-
priority packets in buffer-H and buffer-L, respectively. It can
be seen from (1) and (9) that the transition from the state
(n, i, qH, qL) to (k, j, vH, vL) is Markovian, thus the queuing
system can be described by an embedded Markov chain. Our
objective is to generate the transition matrix, i.e., Ps, of this
Markov chain of the whole system. To do so, we need to
compute all possible transition probabilities.

We proceed the construction of the system transition ma-
trix Ps by first looking at the real-time traffic and then
consider the non-real-time traffic. In the following, we
will discuss how to calculate the transition probability, i.e.,
Ps
(n,i,qH,qL),(k,j,vH,vL)

, from the current state (n, i, qH, qL) to the
next state (k, j, vH, vL).

A. Real-time Traffic

For real-time traffic, whenever the channel is available to
deliver a packet, i.e., n �= 0, and buffer-H is not empty, the data
are ready to be transmitted to the destination.

1) Case 1 (initial state): the buffers are empty, i.e., qA = 0;
thus, the only action is the incoming packets flowing
from the upper layer to the buffer. When the buffer size
is greater than the number of packets arriving, there
is no buffer-overflow. In other words, if the buffers do
not overflow, i.e., vH ∈ [0, BH − 1] and vL ∈ [0, BL − 1],
then

Ps
(n,i,0,0),(k,j,vH,vL)

= Pch
n,kP

tr
i,jPar(vH|λH,i)Par(vL|λL). (10)

When buffer-H is full, anymore arriving packets will
be discarded at the buffer. The associated probability is

now represented by Pbl(BH − 1|λH,i), as shown in (3).
Otherwise stated, if vH = BH and vL ∈ [0, BL − 1], then

Ps
(n,i,0,0),(k,j,BH,vL)

= Pch
n,kP

tr
i,jPbl

×(BH − 1|λH,i)× Par(vL|λL). (11)

Similarly, for buffer-L, if vH ∈ [0, BH − 1] and vL = BL,
then

Ps
(n,i,0,0),(k,j,vH,BL)

=Pch
n,kP

tr
i,jPar(vH|λH,i)× Pbl(BL − 1|λL).

(12)

When both buffers are full, additional packets cannot be
stored. If vH = BH and vL = BL, then

Ps
(n,i,0,0),(k,j,BH,BL)

=Pch
n,kP

tr
i,jPbl(BH−1|λH,i)×Pbl(BL−1|λL).

(13)

2) Case 2: the channel is not in outage, and the number
of packets in the buffer is greater than the channel can
allow to transmit, i.e., n �= 0 and qH ≥ Kn. In this case,
the PHY channel is available for exchanging packets
between transmitter and receiver. Because the number of
packets in buffer-H is greater than what the channel can
offer, the only data in service belongs to the high-priority
class. Thereby, the number of packets in buffer-H is now
equivalent to qH −Kn. If the number of incoming packets
for both services does not exceed their own buffer size,
i.e., vH ∈ [qH −Kn, BH − 1] and vL ∈ [qL, BL − 1], then

Ps
(n,i,qH,qL),(k,j,vH,vL)

= Pch
n,kP

tr
i,j

×Par(vH − qH +Kn|λH,i)Par(vL − qL|λL). (14)

The other three remaining scenarios in Case 2 can be
similarly interpreted as in Case 1: If vH = BH and vL ∈
[qL, BL − 1], then

Ps
(n,i,qH,qL),(k,j,BH,vL)

= Pch
n,kP

tr
i,j

×Pbl(BH − 1− qH +Kn|λH, i)Par(vL − qL|λL). (15)

If vH ∈ [qH −Kn, BH − 1] and vL = BL, then

Ps
(n,i,qH,qL),(k,j,vH,BL)

= Pch
n,kP

tr
i,j

×Par(vH − qH +Kn|λH,i)Pbl(BL − 1− qL|λL). (16)

If vH = BH and vL = BL, then

Ps
(n,i,qH,qL),(k,j,BH,BL)

= Pch
n,kP

tr
i,j × Pbl (BH − 1

−qH +Kn|λH,i)Pbl(BL − 1− qL|λL). (17)

3) Case 3: n �=0 and qH∈ [1,Kn−1]. In contrast to Case 2,
the number of high-priority packets is less than the max-
imum number of packets that the current transmission
mode at the PHY channel can allow. Therefore, we
can exploit some free slots for transmitting low-priority
data, but not exceeding Kn − qH. It is noted that if the
number of packets in buffer-L is higher than the one that
channel can permit, i.e., qL ≥ Kn − qH, the packets in
buffer-L cannot be less than the total remaining packets
after transmitting low-priority data, i.e., vL≥qL+qH−Kn.
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The same explanation can be used for the reverse sce-
nario, i.e., if qL < Kn − qH, then vL can be any integer
less than BL. As a result, we have the condition that
max(0, qH + qL −Kn) ≤ vL ≤ BL. The state transition
probabilities are then obtained in a similar fashion as in
the previous cases and can be summarized as follows.
If vH∈ [0, BH − 1] and vL∈ [max(0, qH+qL−Kn),
BL−1],> then

Ps
(n,i,qH,qL),(k,j,vH,vL)

= Pch
n,kP

tr
i,jPar(vH|λH,i)

×Par (vL −max(0, qH + qL −Kn)|λL) . (18)

If vH = qH and vL ∈ [max(0, qH + qL −Kn), BL − 1],
then

Ps
(n,i,qH,qL),(k,j,BH,vL)

= Pch
n,kP

tr
i,jPbl(BH − 1|λH,i)

×Par (vL −max(0, qH + qL −Kn)|λL) . (19)

If vH ∈ [0, BH − 1] and vL = BL, then

Ps
(n,i,qH,qL),(k,j,vH,BL)

= Pch
n,kP

tr
i,jPar(vH|λH,i)

×Pbl(BL −max(0, qH + qL −Kn)|λL). (20)

If vH = BH and vL = BL, then

Ps
(n,i,qH,qL),(k,j,BH,BL)

= Pch
n,kP

tr
i,jPbl(BH − 1|λH,i)

×Pbl (BL − 1−max(0, qH + qL −Kn)|λL) . (21)

4) Case 4: n = 0. In this case, the PHY channel is in the
outage state, and hence, it is impossible to send any
data. The only action occurring in the system is the
arrival of packets. The state transition probabilities can
be similarly calculated as in Case 1. However, there is a
slight difference in computation since the buffer may not
be empty as opposed to Case 1.
If vH ∈ [qH, BH − 1] and vL ∈ [qL, BL − 1], then

Ps
(0,i,qH,qL),(k,j,vH,vL)

= Pch
0,kP

tr
i,j

×Par(vH − qH|λH, i)Par(vL − qL|λL). (22)

If vH = BH and vL ∈ [qL, BL − 1], then

Ps
(0,i,qH,qL),(k,j,BH,vL)

= Pch
0,kP

tr
i,j

×Pbl(BH − 1− qH|λH,i)Par(vL − qL|λL). (23)

If vH ∈ [qH, BH − 1] and vL = BL, then

Ps
(0,i,qH,qL),(k,j,vH,BL)

= Pch
0,kP

tr
i,j

×Par(vH − qH|λH,i)Pbl(BL − 1− qL|λL). (24)

If vH = BH and vL = BL, then

Ps
(0,i,qH,qL),(k,j,BH,BL)

= Pch
0,kP

tr
i,j

×Pbl(BH − 1− qH|λH,i)Pbl(BL − 1− qL|λL). (25)

B. Non-Real-Time Traffic

1) Case 5: n �= 0, qH = 0, and qL > 0. Since the preemptive
priority mechanism is implemented in our CL framework,
the low-priority data can fully utilize the PHY channel
if there is no high-priority data in buffer-H, i.e., qH = 0.
Similar to the interpretation in Case 3, we obtain
If vH∈ [0, BH−1] and vL∈ [max(0, qL−Kn), BL−1]

Ps
(n,i,0,qL),(k,j,vH,vL)

= Pch
n,kP

tr
i,j

×Par(vH|λH,i)Par (vL −max(0, qL −Kn)|λL) . (26)

If vH = BH and vL ∈ [max(0, qL −Kn), BL − 1]

Ps
(n,i,0,qL),(k,j,BH,vL)

= Pch
n,kP

tr
i,jPbl(BH − 1|λH,i)

×Par(vL −max(0, qL −Kn)|λL). (27)

If vH ∈ [0, BH − 1] and vL = BL

Ps
(n,i,0,qL),(k,j,vH,BL)

= Pch
n,kP

tr
i,jPar(vH − 1|λH,i)

×Pbl(BL − 1−max(0, qL −Kn)|λL). (28)

If vH = BH and vL = BL

Ps
(n,i,0,qL),(k,j,BH,BL)

= Pch
n,kP

tr
i,jPbl(BH−1|λH,i)

×Pbl(BL − 1−max(0, qL −Kn)|λL). (29)

V. SYSTEM PERFORMANCE METRICS

OF THE PROPOSED CL DESIGN

From the transition matrix Ps given in the previous section,
several system performance metrics such as packet drop rate,
PER, throughput, and delay can be found in closed-form ex-
pressions. To do so, we need to solve the steady-state probabil-
ity of Ps. Let (NAMC + 1)NH(BH + 1)(BL + 1) be the size of
this matrix, i.e., the total number of states of the Markov chain,
its steady-state probability vector πs can be obtained from the
following linear equations:

⎧⎨
⎩

πsPs = πs

NAMC∑
n=0

NH∑
i=1

BH∑
qH=0

BL∑
qL=0

πs
(n,i,qH,qL)

= 1. (30)

By using some standard numerical techniques, e.g., Gauss
elimination or Jacobi iteration approaches, to solve the afore-
mentioned system of linear equations, we can obtain πs, as
shown as

πs =
[
πs
(1,1,0,0), π

s
(1,1,0,1), . . . , π

s
(n,i,qH,qL)

, . . . ,

πs
(NAMC+1,NH,BH+1,BL+1)

]
(31)

which readily enables us to derive the performance metrics of
the considered CL scheme.
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A. Packet Drop Rate

When the buffer is full, the arriving packets are dropped due
to buffer overflow. To calculate the packet drop rate, we first
compute the average arrival rate for the two considered types of
traffic in the sequel. For the non-real-time traffic, it is easy to
see that the average number of packets arriving is

T L = E{qL} = λLTf . (32)

However, since the real-time traffic is modeled as a multistate
MMPP, the average arrival rate can be derived as follows. Let
us define the row vector πH = [πH1

, πH2
, . . . , πHNH

] as steady-
state probabilities of the NH-state Markov chain for real-time
traffic. It can be calculated by solving the linear equations⎧⎨

⎩
πH = πHP

tr

NH∑
i=1

πHi
= 1.

(33)

The average number of packets arriving of real-time traffic is

TH =

NH∑
i=1

λH,iπHi
. (34)

The packet drop rate for both traffic classes, PA
d with A ∈

{H, L}, is computed as PA
d = ζAd /TA, where TA is the average

number of packets arriving in each time slot given by (32) and
(34). The average number of packets dropped ζAd during a time
slot is differently calculated for high- and low-priority data.

First, we investigate for high-priority data. Depending on
the channel state, the number of transmitted packets will be
different. For example, when the channel is in outage, i.e., n =
0, the number of packets transmitted over the PHY wireless
link is zero. Let qH be the number of packets in the buffer at
a certain time slot. If the number of packets arriving exceeds
BH − qH, then buffer overflow will occur. In other words, the
number of packets dropped when n = 0 can be computed as
uPar(u+BH − qH|λH,i), where u = 1, 2, . . . ,∞ is the number
of packets being dropped during one time slot. Similarly, we
can compute the number of packets dropped for the case when
the channel is not in outage, i.e., n �= 0. The computation is
slightly different. The number of packets in the buffer after
the transmission is equivalent to max(0, qH −Kn). As a result,
the number of packets dropped when n �= 0 can be given
by uPar(u+BH −max(0, qH −Kn)|λH,i). By combining the
two cases, the average number of packets dropped for high-
priority data ζHd is written as

ζHd =

NAMC∑
n=1

NH∑
i=1

BH∑
qH=0

BL∑
qL=0

πs
(n,i,qH,qL)

×
∞∑

u=1

uPar (u+BH −max(0, qH −Kn)|λH,i)

+

NH∑
i=1

BH∑
qH=0

BL∑
qL=0

πs
(0,i,qH,qL)

∞∑
u=1

uPar(u+BH − qH|λH,i).

(35)

Using a similar interpretation, we can compute the average
number of packets dropped for low-priority data as follows:

ζLd =

NAMC∑
n=1

NH∑
i=1

Kn−1∑
qH=0

BL∑
qL=0

πs
(n,i,qH,qL)

×
∞∑

u=1

uPar (u+BL −max(0, qL + qH −Kn)|λL)

+

NAMC∑
n=1

NH∑
i=1

BH∑
qH=Kn

BL∑
qL=0

πs
(n,i,qH,qL)

∞∑
u=1

uPar(u+BL−qL|λL)

+

NH∑
i=1

BH∑
qH=0

BL∑
qL=0

πs
(0,i,qH,qL)

∞∑
u=1

uPar(u+BL − qL|λL).

(36)

The first summand in (36) corresponds to Case 5 in Section IV,
where the low-priority data are readily delivered over the
wireless channel, i.e., the channel is not in outage (n �= 0). In
addition, if the number of packets of low-priority data arriving
is higher than BL −max(0, qL + qH −Kn), then the overflow
of buffer-L will occur. The second summand is related to the
case when only high-priority data are allowed to be transmitted.
Finally, the third summand can be explained for the case when
the channel is in outage, i.e., n = 0.

B. PER

Due to the uncertainty of the time-varying channel, a packet
can arrive corrupted at the destination. We consider this kind
of deleterious loss in service integrity as the PER defined as
PA
e = μA

e/T A, where μA
e is the average number of packets that

are lost due to transmission errors, i.e.,

μH
e =

NAMC∑
n=1

NH∑
i=1

BH∑
qH=0

BL∑
qL=0

πs
(n,i,qH,qL)

min(qH,Kn)PERn

(37)

μL
e =

NAMC∑
n=1

NH∑
i=1

Kn−1∑
qH=0

BL∑
qL=0

πs
(n,i,qH,qL)

min(qL,Kn−qH)PERn.

(38)

C. Throughput and Delay

The packet loss rate of each traffic consists of both packet
drop rate and PER. Hence, the throughput is

ηA =
(
1− PA

d − PA
e

)
TA. (39)

Delay is an important system performance metric and is
composed of two terms

DA = DA
ETI +DA

Q (40)

where DA
ETI = Tf/2 is the delay incurred by enable transmis-

sion interval (ETI) and DA
Q is the average queuing delay, which
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is the ratio of the average number of queuing packets QA and
the effective packet arrival rate (1− PA

d )TA, i.e.,

DA
Q =

QA(
1− PA

d

)
TA

(41)

where QA can be easily obtained as

QA =

NAMC∑
n=0

NH∑
i=1

BH∑
qH=0

BL∑
qL=0

πs
(n,i,qH,qL)

qA. (42)

VI. CL OPTIMIZATION PROBLEMS

We have thoroughly discussed the performance metrics of
the CL design given in closed-form expressions. Here, utilizing
these closed-form expressions, we first propose an optimiza-
tion problem for mobile multimedia networks. Next, we will
adopt the CL optimization to a particular application of video
streaming.

A. Optimization Problem in Multimedia Applications

In this scenario, the two traffic classes are classified as real
time, e.g., mobile video application, and non real time, e.g, data
downloading application. Packet drop rate and PER are two
important metrics due to their significant roles in the system
performance. As can be observed from (39) and (41), the
throughput and delay metrics are also functions with respect
to packet loss rate PA

d + PA
e , i.e., summation of packet drop

rate and PER. Thus, our objective is to minimize the packet
drop rate PA

d and PER PA
e . To do so, we essentially formu-

late constrained linear optimization problems corresponding
to these two metrics, i.e., two objective functions. As such,
these problems are solved for optimal results of BL, BH,
and PERn, which leads to the minimization of the packet
loss rate.

1) Minimum Packet Drop Rate: According to the relation-
ship between packet drop rate, PA

d , and average number of
dropped packets, ζAd , minimizing (P L

d + PH
d ) is equivalent to

minimizing the overall amount of average number of packets
dropped, (ζLd + ζHd ), for both non-real-time and real-time traf-
fic classes. Mathematically, this optimization problem can be
posed as

min
BL,BH

(
ζLd + ζHd

)
(43)

s.t.

⎧⎨
⎩

ζL
d

ζH
d

≤ α

DL
Q

DH
Q

≤ β
(44)

where (44) is used to limit the packet drop rate and the delay of
non-real-time streams by coefficients α ≥ 1 and β ≥ 1.

2) Minimum PER: Similarly, to minimum PER PA
e , we will

minimize the average number of packets that are lost due to

transmission errors for both low and high-priority classes, i.e.,
(μL

e + μH
e ). The optimization can be formulated as follows:

min
PERn

(
μL
e + μH

e

)
(45)

s.t.

⎧⎨
⎩

NAMC∑
n=1

PERn = NAMCP0

0 < PERn ≤ 1.

(46)

In the aforementioned optimization problem, it is important
to note that finding the optimal set of {PERn}NAMC

n=0 is equiv-
alent to computing the optimal set of switching thresholds of
{γn}NAMC

n=0 . However, it is not trivial to directly obtain γn.
Instead, we find the optimal set of {PERn}NAMC

n=0 first, and then,
γn can be obtained by solving the following set of equations:⎧⎪⎪⎪⎨
⎪⎪⎪⎩

NAMCP0=
NAMC∑
n=1

1∫ γn+1

γn
fγ(γ)dγ

γn+1∫
γn

an exp(−gnγ)fγ(γ)dγ

PERn = 1∫ γn+1

γn
fγ(γ)dγ

γn+1∫
γn

an exp(−gnγ)fγ(γ)dγ.

(47)

B. Optimization Problem for Video Streaming

To comprehend the efficiency of the proposed CL approach,
we investigate a particular case of mobile multimedia applica-
tions when a video is delivered to mobile users. In this paper,
we assume that fine granularity scalability (FGS) encoded
sequences following the MPEG-4 standard is used. According
to FGS sequence [27], [28], the FGS-encoded sequence con-
sists of two streams: a nonscalable base layer (BL) for basic
reconstructed quality and a scalable enhancement layer (EL)
for fine additional quality. Because the BL data plays a major
role in reconstructed quality of video streaming, it should be
transmitted as real-time stream in a priority manner. The EL
data are thus classified as a non-real-time stream.

In such video streaming applications, we aim at minimizing
an average reconstructed distortion of received video stream-
ing. The average reconstructed distortion arises from source
encoded distortion, transmission congestion and transmission
error represented by packet drop rate and PER, respectively. In
particular, let us consider a video streaming with M frames,
the source distortion of the kth frame is dk = dBLk − dELk (rk).
Here, dBLk is the distortion of only BL frame reconstructed, i.e.,
without additional quality from the EL frame, and dELk (rk) is
the reduction in distortion if EL frame is encoded at rate rk.
Assume that the kth BL frame has nBL

k packets, and the kth EL
frame has nEL

k packets. Because of their small size and impor-
tant role, BL frames are protected by forward error correction
and correctly reconstructed at the receiver [8], [29]. By taking
into account transmission congestion and transmission error,
the reconstructed distortion of the kth frame at the receiver can
be formulated as

dk = dBLk −
[(
1− PH

d )(1− PH
e

)]nEL
k dELk (rk). (48)

As such, the average reconstructed distortion of the received
video stream is now computed by

d =
1

M

M∑
k=1

dk (49)
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where (49) is considered as the objective function in the opti-
mization problem of video streaming applications which can be
formulated as follows:

min
BL,BH,PERn

d (50)

s.t.

⎧⎪⎪⎪⎪⎪⎨
⎪⎪⎪⎪⎪⎩

BH +BL = Btot
NAMC∑
n=1

PERn = NAMCP0

0 < PERn ≤ 1
DH

Q ≤ Dth
Q

|dk+1 − dk| ≤ δ

(51)

where Btot is the total buffer size. The fourth constraint is used
to satisfy the continuous playback requirement with Dth

Q being
the targeted delay. The continuous playback constraint is very
important for this application since video streaming is very sen-
sitive to delay. The last constraint is used for smooth playback
of the received video stream for a given threshold δ. The main
reason that motivates us to include the last constraint can be
explained as follows. Because multiple frames of the desired
video are often transmitted in different transmission modes
of AMC at the PHY layer, their reconstructed distortion are
thus very skewed. High-skewed characteristics cause the video
streaming not to be played back smoothly. For a robust and
efficient optimization problem, we have to limit this skewness
to improve the smooth playback of received video.

VII. NUMERICAL RESULTS

Here, we present the numerical results to illustrate the effect
of system parameters on the performance of the CL design.
We first confirm the correctness of our proposal by showing
the comparison between analysis and Monte Carlo simulations.
Then, we apply the CL optimization in two representative
applications: 1) the general application of multimedia traffic
with high- and low-priority classes; and 2) video streaming over
wireless networks.

A. Verification of Proposed CL Design

Let the packet length be Np = 1080 bit. The frame duration
is Tf = 2 ms. The Doppler frequency is selected as fd = 15 Hz.
For the considered Nakagami-m fading, we choose the fading
severity parameter m = 2 and the number of transmission
modes NAMC = 4. The PER is P0 = 0.01. The total buffer
length is fixed at B = 12 packets and the buffers for the two
traffic classes are equally partitioned with BH = 6 and BL = 6.
For the multimedia traffic, we set λL = 0.5λ for non-real-time
traffic, where λ denotes the arrival rate in kilo-packets per
second (kpkts/s). To demonstrate the multiple states of real-
time traffic, the arrival rate vector is defined as λH = [λ 0.1λ]

and transition matrix is Ptr =

[
0.8 0.2
0.4 0.6

]
. Since the packet

loss rate, i.e., the summation of packet drop rate and PER, is
encapsulated in delay and throughput metrics as shown in (41)
and (39), we only plot the delay and throughput performance to
avoid dense figures.

Fig. 1. Performance of CL design versus packet arrival rate λ. Comparison
between real-time and non-real-time traffic results. (a) Delay. (b) Throughput.

1) Dependence on the Arrival Rate of Multimedia Traffic:
Here, we present performance metrics for two types of traffic
versus the packet arrival rate λ for fixed value of average
SNR γ0 = 15 dB. In particular, service integrity performance
in terms of delay and throughput versus arrival rate λ are shown
in Fig. 1(a) and (b). It can be seen from these figures that the
performance results obtained from the analytical framework in
Section IV match very well with the simulations.

Fig. 1(a) shows that real-time traffic outperforms non-real-
time traffic in terms of delay. This is intuitive because real-
time traffic has been given higher priority for its delivery
compared with non-real-time traffic. Hence, the number of real-
time packets in the buffer waiting to be served can be reduced.
This effect consequently causes high-priority data to surpass
low-priority data in terms of the throughput performance, as
shown in Fig. 1(b).

2) Dependence on the Average SNR: We fix the packet
arrival rates for non-real-time and real-time traffic as λL =
0.5 kpkt/s and λH = [1 0.1] kb/s. Here, we demonstrate the
impact of average SNR on the system performance by varying
the average SNR γ0 from 0 to 15 dB. The delay and throughput
versus average SNR are plotted in Fig. 2(a) and (b), respec-
tively. Intuitively, we can see that the performance improves
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Fig. 2. Performance of CL design versus average SNR γ0. Comparison
between real-time and non-real-time traffic. (a) Delay. (b) Throughput.

with an increase of the average SNR. As can be observed from
the two figures, the performance in the low SNR regime is
very poor since the low-rate transmission modes are frequently
selected. For example, when γ0 = 15 dB, a significant increase
of approximately 200 kb/s can be obtained, as compared with
the case γ0 = 5 dB. As expected, the real-time traffic which
is very sensitive to delay, communicates with much shorter
average delay than the non-real-time one. In addition, real-time
traffic results in higher throughput than the non-real-time one
for the whole considered SNR range.

B. CL Optimization for Video Streaming Application

From the constrained optimization problem (43) and (44),
the overall packet drop rate is minimized when BL and BH

converge to five given the constraint of Btot = 10. The optimal
results of BL and BH are then used in the constraint optimiza-
tion problem in (45) and (46) to find the optimal values of
PERn. Solving this optimization problem allows us to obtain
the minimum PER. Clearly, the results of the minimum packet
drop rate and the minimum PER in our proposed method show a
better throughput compared with nonoptimization approach as
shown in Fig. 3. The system parameters are set different from

Fig. 3. Throughput of real-time and non-real-time data versus packet arrival
rate λ with the total number of transmission modes NAMC = 6.

the scenario in Section VI-A as follows: the fading severity
parameter m = 1, the average SNR γ0 = 15 dB, and the state

transition matrix for real-time traffic Ptr =

[
0.9 0.1
0.3 0.7

]
.

We will utilize our CL scheme to optimize performance of the
video streaming. The MPEG-4 Reference Software Version 2.5
[30] supported by Microsoft is used to analyze the Foreman
sequence in CIF (352 × 288) resolution, 30 fps, and 6 bit-
planes. Due to diverse bandwidth requirements for multiple
users, video may not be encoded with the full encoding rate.
This strategy is usually applied to a dense network to save
network bandwidth. The video is, in turn, frequently required
by users whose receive bandwidth corresponds to 70% of the
full encoding rate of the video. In this case, PSNR of the
Foreman video is equivalent to 49.82 dB. To do so, the rate-
distortion (RD) relationship/curve of each frame is generated
by using [29] with the help of [30]. For each RD curve, the
distortion of frame is obtained at 70% of the full encoding
rate. Following the similar procedure for all RD curves, we
can compute the average distortion to have equivalent value of
PSNR. To evaluate the performance of video streaming appli-
cations, we take into account three important metrics that relate
to the QoE perceived by users, e.g., minimum reconstructed
distortion for high quality playback, continuous playback, and
smooth playback [8]. Regarding the constraints in (51), we set
the following parameters: Btot = 10, NAMC = 4, P0 = 0.03,
and Dth

Q = 4.5 ms. In addition, the smooth playback threshold
δ in the last constraint of (51) is set to 10% of the total distortion
of the original video, i.e.,

δ = 10%
M∑
k=1

[
dBLk − dELk (rk)

]
. (52)

For quality playback evaluation, we use the PSNR metric
by computing the mean squared error (MSE) between the
original and the reconstructed video sequences, i.e., PSNR =
10 log10((255

2/MSE)). As shown in Fig. 4, the PSNR is im-
proved with CL optimization. However, it is observed that the
optimization approach does not outperform the nonoptimiza-
tion when the packet arrival rate λ becomes too high. This is
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Fig. 4. PSNR performance versus packet arrival rate λ with the total number
of transmission modes NAMC = 4, the buffer sizes BH = 4 and BL = 6.

Fig. 5. Smooth playback performance versus packet arrival rate λ with the
total number of transmission modes NAMC = 4, the buffer sizes BH = 4 and
BL = 6.

because the higher packet arrival rate, the lower quality the user
perceives due to higher packet drop rate. Consequently, when
packet arrival rate is too high with respect to the buffer length
B (in this example we set B = 10, and hence λ = 1 kpkt/s
can be considered as too large for this buffer capacity), the
buffer may overflow, which then yields the preemptive priority
mechanism being inefficient. This results in the performance of
the CL optimization approach decreasing and slowly converg-
ing to the nonoptimization approach when the packet arrival
rate increases. This observation clearly indicates the significant
impact of including the queuing analysis with finite buffer
length in our CL optimization.

To evaluate the smooth playback metric, we calculate the
standard deviation of PSNR for received frames as

σd =

√√√√ 1

M

M∑
k=1

(dBk − d̄B)2 (53)

where dBk = 10 log10(255
2/dk) and d̄B = 10 log10(255

2/d̄).
It can be seen that the smooth playback can be improved, as
described in Fig. 5, i.e., the proposed optimal method achieves
smaller standard deviation of PSNR than the nonoptimal one.

Fig. 6. Continuous playback constraint represented by delay versus packet
arrival rate λ with the total number of transmission modes NAMC = 4, the
buffer sizes BH = 4 and BL = 6.

It is interesting to observe that together with improving the
video performance in terms of quality playback and smooth
playback, our proposed approach also satisfies the constraint of
delay for continuous playback. As shown in Fig. 6, the delay of
the video streaming is below the targeted criteria Dth

Q = 4.5 ms
for the whole considered range of packet arrival rate λ.

VIII. CONCLUSION

CL optimization has played an important role in QoS provi-
sion. We have proposed a general framework of CL design for
multimedia applications, where the QoS-guaranteed require-
ment of real-time/non-real-time traffic is consolidated with the
buffer scheduling at the data link layer and AMC at the PHY
layer. The CL is characterized by a four-dimensional Markov
chain, which readily allows us to mathematically obtain the
closed-form expressions for packet drop rate, PER, delay, and
throughput. Our analysis can be further utilized to optimize
the performance for various multimedia applications. Our CL
design has been applied for optimizing the performance of
video streaming over wireless networks. We have shown that
the proposed CL optimization has improved the system per-
formance compared with a nonoptimization approach. More
importantly, our proposed scheme can preserve some important
QoS criteria, e.g., quality playback and smooth playback, in
delivering a video stream over wireless networks.

REFERENCES

[1] V. Srivastana and M. Motani, “Cross-layer design: A survey and the road
ahead,” IEEE Commun. Mag., vol. 43, no. 12, pp. 112–119, Dec. 2005.

[2] S. Shakkottai, T. S. Rappaport, and P. C. Karlsson, “Cross-layer design
for wireless networks,” IEEE Commun. Mag., vol. 41, no. 10, pp. 74–80,
Oct. 2003.

[3] X. Lin, N. B. Shroff, and R. Srikant, “A tutorial on cross-layer optimiza-
tion in wireless networks,” IEEE J. Sel. Areas Commun., vol. 24, no. 8,
pp. 1452–1463, Aug. 2006.

[4] F. Fu and M. van der Schaar, “A new systematic framework for au-
tonomous cross-layer optimization,” IEEE Trans. Veh. Technol., vol. 58,
no. 4, pp. 1887–1903, May 2009.

[5] V. Kawadia and P. R. Kumar, “A cautionary perspective on cross-layer
design,” IEEE Wireless Commun., vol. 12, no. 1, pp. 3–11, Feb. 2005.



This article has been accepted for inclusion in a future issue of this journal. Content is final as presented, with the exception of pagination.

VO et al.: CL OPTIMIZED SCHEME AND ITS APPLICATION IN MULTIMEDIA NETWORKS WITH QoS PROVISION 13

[6] M. van der Schaar and S. Shankar, “Cross-layer wireless multimedia
transmission: Challenges, principles, new paradigms,” IEEE Wireless
Commun., vol. 12, no. 4, pp. 50–58, Aug. 2005.

[7] M. Fiedler, H.-J. Zepernick, L. Lundberg, P. Arlos, and M. I. Pettersson,
“QoE-based cross-layer design of mobile video systems: Challenges and
concepts,” in Proc. Int. Conf. Comput. Commun. Technol., Da Nang,
Vietnam, Jul. 2009, pp. 1–4.

[8] N.-S. Vo et al., “Cross-layer design for video replication strategy over
multihop wireless networks,” in Proc. IEEE Int. Commun. Conf., Kyoto,
Japan, Jun. 2011, pp. 1–6.

[9] X. Du, N.-S. Vo, W. Cheng, T. Q. Duong, and L. Shu, “Joint replication
density and rate allocation optimization for VoD systems over wireless
mesh networks,” IEEE Trans. Circuits Syst. Video Technol., vol. 23, no. 7,
pp. 1260–1273, Jul. 2013.

[10] L. Shu et al., “Context-aware cross-layer optimized video streaming in
wireless multimedia sensor networks,” J. Supercomput., vol. 54, no. 1,
pp. 94–121, Oct. 2010.

[11] L. Shu et al., “Cross layer optimization for data gathering in wireless mul-
timedia sensor networks within expected network lifetime,” J. Universal
Comput. Sci., vol. 16, no. 10, pp. 1343–1367, May 2010.

[12] Z. Yang and X. Wang, “Scalable video broadcast over downlink MIMO-
OFDM systems,” IEEE Trans. Circuits Syst. Video Technol., vol. 23, no. 2,
pp. 212–223, Feb. 2013.

[13] Q. Liu, S. Zhou, and G. B. Giannakis, “Cross-layer combining of adaptive
modulation and coding with truncated ARQ over wireless links,” IEEE
Trans. Wireless Commun., vol. 3, no. 5, pp. 1746–1755, Sep. 2004.

[14] Q. Liu, S. Zhou, and G. B. Giannakis, “Cross-layer scheduling with
prescribed QoS guarantees in adaptive wireless networks,” IEEE J. Sel.
Areas Commun., vol. 23, no. 5, pp. 1056–1066, May 2004.

[15] Q. Liu, X. Wang, and G. B. Giannakis, “A cross-layer scheduling algo-
rithm with QoS support in wireless networks,” IEEE Trans. Veh. Technol.,
vol. 55, no. 3, pp. 839–847, May 2006.

[16] C. Lin, Y. Liu, and M. Tao, “Cross-layer optimization of two-way relaying
for statistical QoS guarantees,” IEEE J. Sel. Areas Commun., vol. 31,
no. 8, pp. 1583–1596, Aug. 2013.

[17] S. Efazati and P. Azmi, “Effective capacity maximization in multirelay
networks with a novel cross-layer transmission framework and power-
allocation scheme,” IEEE Trans. Veh. Technol., vol. 63, no. 4, pp. 1691–
1702, May 2014.

[18] M.-S. Do, Y. Park, and J.-Y. Lee, “Channel assignment with QoS guar-
antees for a multiclass multicode CDMA system,” IEEE Trans. Veh.
Technol., vol. 51, no. 5, pp. 935–948, Sep. 2002.

[19] D. Veronesi, S. Tomasin, and N. Benvenuto, “Cross-layer optimization
for multimedia traffic in CDMA cellular networks,” IEEE Trans. Wireless
Commun., vol. 7, no. 4, pp. 1379–1388, Apr. 2008.

[20] T. Quazi, H. J. Xu, and F. Takawira, “Quality of service for multimedia
traffic using cross-layer design,” IET Proc. Commun., vol. 3, no. 1, pp. 83–
90, Jan. 2009.

[21] Y. Yang, B. Bai, W. Chen, and L. Hanzo, “A low-complexity cross-layer
algorithm for coordinated downlink scheduling and robust beamforming
under a limited feedback constraint,” IEEE Trans. Veh. Technol., vol. 63,
no. 1, pp. 107–118, Jan. 2014.

[22] J. T. Y. Ho, “QoS-, queue-, channel-aware packet scheduling for multime-
dia services in multiuser SDMA/TDMA wireless system,” IEEE Trans.
Mobile Comput., vol. 7, no. 6, pp. 751–763, Jun. 2008.

[23] T. Q. Duong, H.-J. Zepernick, and M. Fiedler, “Cross-layer design for
integrated mobile multimedia network with strict priority traffic,” in Proc.
IEEE WCNC, Sydney, Australia, Apr. 2010, pp. 1–6.

[24] V. S. Frost and B. Melamed, “Traffic modeling for telecommunications
networks,” IEEE Commun. Mag., vol. 32, no. 3, pp. 70–81, Mar. 1994.

[25] Q. Liu, S. Zhou, and G. B. Giannakis, “Queuing with adaptive modulation
and coding over wireless links: Cross-layer analysis and design,” IEEE
Trans. Wireless Commun., vol. 4, no. 3, pp. 1142–1153, May 2005.

[26] H. S. Wang and N. Moayeri, “Finite-state Markov channel—A useful
model for radio communication channels,” IEEE Trans. Veh. Technol.,
vol. 44, no. 1, pp. 163–171, Feb. 1995.

[27] W. Li, “Overview of fine granularity scalability in MPEG-4 video stan-
dard,” IEEE Trans. Circuits Syst. Video Technol., vol. 11, no. 3, pp. 301–
317, Mar. 2001.

[28] H. Radha, M. V. D. Schdar, and Y. Chen, “The MPEG-4 fine-grained
scalable video coding method for multimedia streaming over IP,” IEEE
Trans. Multimedia, vol. 3, no. 1, pp. 53–68, Mar. 2001.

[29] C. Hsu and M. Hefeeda, “Optimal bit allocation for fine-grained scalable
video sequences in distributed streaming environments,” in Proc. ACM/
SPIE Multimedia Comput. Netw. Conf., San Jose, CA, USA, Jan. 2007,
pp. 1–12.

[30] “MPEG-4 visual reference software,” ISO/IEC 14496, Feb. 2004.

Nguyen-Son Vo received the B.Sc. degree in electri-
cal and electronics engineering and the M.Sc. degree
in radio engineering and electronics from Ho Chi
Minh City University of Technology, Ho Chi Minh
City, Vietnam, in 2002 and 2005, respectively, and
the Ph.D. degree in communication and information
systems from Huazhong University of Science and
Technology, Wuhan, China, in 2012.

He is currently with Duy Tan University, Da Nang,
Vietnam. His current research interests include mul-
timedia streaming over wireless networks, physical

layer security, energy harvesting, and optimization design.

Trung Q. Duong (S’05–M’12–SM’13) received the
Ph.D. degree in telecommunications systems from
Blekinge Institute of Technology (BTH), Blekinge,
Sweden, in 2012

He worked as a Project Manager with BTH. Since
2013, he has joined Queen’s University Belfast,
Belfast, U.K. as a Lecturer (Assistant Professor). He
held a Visiting Position with Polytechnic Institute of
New York University, Brookly, NY, USA, in 2009
and Singapore University of Technology and Design,
Singapore, in 2011. His current research interests in-

clude cooperative communications, cognitive radio networks, physical layer se-
curity, massive multiple-input–multiple-output, cross-layer design, millimeter-
wave communications, and localization for radios and networks.

Dr. Duong has been a Technical Program Committee Chair for several IEEE
international conferences and workshops including the most recently IEEE
GLOBECOM14 Workshop on Trusted Communications with Physical Layer
Security. He currently serves as an Editor for the IEEE COMMUNICATIONS

LETTERS, WILEY TRANSACTIONS ON EMERGING TELECOMMUNICATIONS

TECHNOLOGIES. He has served as the Lead Guest Editor of a Special Issue
on “Location Awareness for Radios and Networks” of the IEEE JOURNAL

IN SELECTED AREAS ON COMMUNICATIONS, the Lead Guest Editor of
a Special Issue on “Secure Physical Layer Communications” of the IET
COMMUNICATIONS, Guest Editor of a Special Issue on “Green Media: The
Future of Wireless Multimedia Networks” of the IEEE WIRELESS COM-
MUNICATIONS MAGAZINE, Guest Editor of a Special Issue on “Millimeter
Wave Communications for 5 G” and “Energy Harvesting Communications”
of the IEEE COMMUNICATIONS MAGAZINE, Guest Editor of a Special
Issue on “Cooperative Cognitive Networks” of the EURASIP JOURNAL ON

WIRELESS COMMUNICATIONS AND NETWORKING, and Guest Editor of a
Special Issue on “Security Challenges and Issues in Cognitive Radio Networks”
of the EURASIP JOURNAL ON ADVANCES SIGNAL PROCESSING. He was
the recipient of the Best Paper Award at the IEEE Vehicular Technology
Conference (VTC-Spring) in 2013, IEEE International Conference on Com-
munications (ICC) 2014, and the Exemplary Reviewer Certificate of the IEEE
COMMUNICATIONS LETTERS in 2012.

Hans-Jürgen Zepernick (M’94-SM’11) received
the Dipl.-Ing. degree from the University of Siegen,
Siegen, Germany, in 1987 and the Dr.-Ing. degree
from the University of Hagen, Hagen, Germany, in
1994.

From 1987 to 1989, he was with Siemens AG,
Munich, Germany. He is currently a Professor of
radio communications with the Blekinge Institute
of Technology, Karlskrona, Sweden. Prior to this
appointment, he held the positions of Professor of
wireless communications at Curtin University of

Technology, Bentley, Australia, Deputy Director of the Australian Telecom-
munications Research Institute, Perth, Australia, and Associate Director of the
Australian Telecommunications Cooperative Research Centre. His current re-
search interests include cooperative communications, cognitive radio networks,
mobile multimedia, and perceptual quality assessment.



This article has been accepted for inclusion in a future issue of this journal. Content is final as presented, with the exception of pagination.

14 IEEE SYSTEMS JOURNAL

Markus Fiedler received the Dr.-Ing. (Ph.D.) de-
gree in electrical engineering with focus on Infor-
mation and Communication Technologies from the
University of the Saarland, Germany, in 1998, and
became a docent at Blekinge Institute of Technology,
Blekinge, Sweden, in 2006.

He is a Professor of teletraffic systems at Blekinge
Institute of Technology (BTH), Karlskrona, Sweden.
His research interests focus on modeling and anal-
ysis of quality of service and quality of experience
(QoE) with particular interests in model identifica-

tion, resource allocation, consumption and management, e.g., using cross-layer
approaches. He has coedited five Special Issues and coorganized three Dagstuhl
Seminars on QoE topics. He served as Future Internet Cluster Co-Chair
(European Commission) in 2011–2012 and as the Swedish COST Domain
Committee Member for ICT in 2013–2014, respectively.




