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a b s t r a c t

This paper presents an effective cross-layer designed packet scheduling, call admission control, and
handover system to provide a seamless video streaming services over LTE network. The proposed packet
scheduling algorithm allocates wireless network resources to admitted UEs while considering QoE states
and wireless link states of UEs simultaneously. The proposed call admission control algorithm estimates
the cell availability at the next call arriving time based on the current QoE states of UEs to determine the
admission of a new UE. The proposed handover algorithm determines the appropriate handover trigger
timing to keep a balance of the QoE states among immediately adjacent cells based on both the cell
availability and wireless link states. Finally, simulations are conducted to evaluate the performance of
the proposed system. Results indicate that the proposed cross-layer designed system improves the
QoE states of all admitted UEs and overall network utilization better than other existing methods.

� 2015 Elsevier Inc. All rights reserved.

1. Introduction

Wireless network access technologies have been quickly devel-
oped to support various mobile data service requirements. The
cellular link speed has increased to approximately 2 Mbps for 3G
network, and 200 Mbps for 4G (LTE, Long Term Evolution) network
by taking advantage of wideband dynamic spectrum allocation [1],
now B4G (beyond 4G) and 5G networks are currently under devel-
opment. Mobile data services are already widely deployed over
internet and currently increasing growth due to popularity of
application on smart device OS (Operating System) including iOS,
Android, and Window Phone OS. According to a forecast of the
authoritative industry report [2], mobile video streaming services
will account for approximately 66.5% of network traffic by 2017.
Although the state-of-the-art technologies are capable of support-
ing high data rates, it is still a challenging problem to provide
diverse mobile data service of high quality over wireless network.
In particular, it is difficult to support seamless high-quality mobile

video streaming services through wireless network because a large
amount of data is required compared to data required by other
mobile data services including text and images. Video streaming
services are also strictly time-constrained whereas wireless
channels are inherently time-varying. Furthermore, bit rates of
video data are generally more variable due to generic characteris-
tics of the entropy coder, scene changes, and inconsistent motion
changes of the underlying video. These facts make the problem
extremely challenging.

To make effective use of limited wireless network resources
with supporting seamless high-quality video streaming services,
resource management algorithms such as packet scheduling, call
admission control, and handover algorithms play an essential role
in wireless network. In the packet scheduling algorithm, the sched-
uler determines which packets will be transmitted to the next
scheduling interval. The call admission control algorithm decides
whether to accept or not the new service requests by considering
a wireless network capacity in a cell. Finally, the handover
algorithm ensures the UE (User Equipment) is freely transferred
among adjacent cells while remaining connected. Nowadays, the
cross-layer design has been widely studied to enhance video qual-
ity with minimal redundancy over time-varying wireless network.
By sharing information among layers and/or jointly determining
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control parameters at multiple layers, cross-layer technologies can
efficiently deal with the inherent uncertainty in wireless network.

In this paper, we propose an effective cross-layer designed
packet scheduling, call admission control, and handover system
for seamless video streaming service over LTE network. One of
the unique features of the proposed cross-layer designed system
is that the proposed packet scheduling, call admission control,
and handover algorithms are tightly coupled on the QoE (Quality
of Experience) state information to effectively improve QoE of all
admitted UEs and utilize the limited and time-varying wireless
network resources in multiple cells over LTE network. This paper
is organized as follows. Related works are discussed in Section 2,
the proposed cross-layer designed packet scheduling, call admis-
sion control, and handover system is described in Section 3, simu-
lation results are detailed in Section 4, and finally concluding
remarks are given in Section 5.

2. Related works

Various packet scheduling algorithms have been proposed to
effectively handle time-varying wireless channel/network condi-
tions. The MAX SNR selects the UE with the best wireless link state
so that it can maximize the instant network throughput. The PF
(Proportional Fair) [3,4] approach not only takes the instantaneous
wireless link states into account, but also looks at the long-term
average wireless link states to maximize long-term throughput.
However, neither the MAX SNR nor PF guarantees QoS (Quality
of Service). On the other hand, some packet scheduling algorithms
have been presented that focus on QoS problems. In the MLWDF
(Modified Largest Weighted Delay First) [5,6] and EXP
(Exponential rule) [7,8], they consider the wireless link states of
UEs, and in addition they analyze the tolerable maximum queueing
delay at the eNodeB to support a QoS. The EXP provides a stricter
QoS than the MLWDF by using an exponential function to keep
the queueing delay below a pre-determined maximum delay.
However, MLWDF and EXP cannot provide QoS differentiation for
various applications. In A-DTPQ (Adaptive Delay Threshold-based
Priority Queueing) [9], it adaptively controls the tolerable
maximum delay; wireless network resources are not allocated to
real-time services when their delay is even less than the maximum
delay. The A-DTPQ scheme does not consider the network
utilization.

To simultaneously account for QoS and network utilization in a
cell, a call admission control algorithm needs to consider not only
the traffic characteristics, but also the time-varying wireless net-
work capacity [10,11]. However, it is very difficult to estimate a
wireless network capacity due to time-varying wireless link
characteristics. In [12,13], Niyato et al. proposed a queue-aware
call admission control algorithm that determines the connection
acceptance probability based on a queueing model. The new con-
nection is accepted when the total number of ongoing connections
including incoming ones is less than a certain number of connec-
tions; otherwise, it is rejected. In [14], Jeong et al. presented a call
admission control algorithm considering the network capacity in a
cell and the current network load simultaneously, where the
admission decision of a connection is taken by controlling the ratio
between real-time and non-real-time traffic. In [15], Sohn et al.
proposed an adaptive admission control algorithm that estimates
the number of supporting UEs per OFDM (Orthogonal Frequency
Division Multiplexing) frame on the basis of the bit error rate, aver-
age channel gain, and data rate requirements of every UE.
However, this connection admission in [12–15] does not improve
both the QoS of all connections and the network utilization since
the QoS states of UEs (i.e., the number of buffered video frames)
are not examined. In [16], the admission control algorithm is

proposed based on the traffic priority to support adaptive multi-
media service. When a cell is heavily loaded, the bandwidth of
the service flow with the lowest priority is reduced first. In [17],
Lee and Kim proposed a statistical connection admission control
for mobile WiMAX (Worldwide interoperability for Microwave
Access) systems that works based on the SNR (Signal-to-Noise
Ratio) values of UEs and traffic parameters, where the class of traf-
fic is categorized as UGS (unsolicited grant service), RT-VR (real
time variable rate), NRT-VR (non-real time variable rate), or BE
(best effort). In [18], Qian et al. proposed a novel radio admission
control to optimize system capacity with supporting QoS of each
service class by combining complete sharing and virtual partition-
ing resource allocation model. The admission control in [16–18] is
based on traffic priority. However, when most of the traffic has a
real-time variable rate, the priority-based admission decision is
unfair and not useful.

Efficient handover algorithms have also been researched. In
[19,20], Aziz et al. proposed a simple ICIC (Inter Cell Interference
Coordination) scheme for determining an optimized handover
parameter to avoid the radio link failure while maintaining low
handover rates. However, the proposed ICIC scheme considers that
the target cell always has resources available for the incoming UE,
making a simple ICIC scheme not applicable in a real-world LTE
system. In [21], Jansen et al. proposed the handover optimization
algorithm to automatically control the values of the handover
parameters such as hysteresis and TTT (Time-To-Trigger) for
improving overall network utilization. The hysteresis and TTT
value is selected to minimize the weighted sum of the handover
failure ratio, Ping-Pong handover ratio, and call dropping ratio. In
[22], Legg et al. proposed an intra-frequency handover by analyz-
ing the influence of handover parameters according to different
user mobility. In general, there exists a tradeoff between a low
handover failure rate and a low handover frequency. In [22], offset
and TTT are used for adjusting the balance between the handover
failure rate and the handover frequency. In [23], Kitagawa et al.
proposed a self-optimization algorithm for handover parameters
to support robustness against the change in UE mobility by adjust-
ing handover margin according to UE speeds. The adjustment
direction of the handover margin is decided to maintain the bal-
ance of handover failure events. However, the handover algorithms
in [21–23] do not consider load balancing among immediately
adjacent cells. Thus, there is a gap in service quality among adja-
cent cells. In [24], Lobinger et al. proposed the coordination system
for self-optimization between handover parameter optimization
and load balancing to improve system performance, where the cell
load is measured by the number of users served by the cell. It is dif-
ficult to improve cell utilization in a real system since the number
of users in a cell is not proportional to the amount of consumed
resources. In [25], Munoz et al. proposed the optimization system
of the handover procedure which pursues an effective tradeoff
between QoS of UEs in the cell and the amount of signaling load
as a result of handovers, where the handover margin and TTT are
control parameters used for adjusting a tradeoff between the
handover signaling load and user experience. The call dropping
ratio and the handover ratio are measured to quantify user experi-
ence degradation and to estimate the handover signaling load,
respectively. However, it is difficult to support a fair service quality
among UEs located in a neighboring cell since the load status of
adjacent cells is not considered simultaneously.

A large number of cross-layer optimization techniques have
been studied in the research literature to provide a seamless video
streaming service over wireless network. In [26], Jeon and Jeong
proposed a combined packet scheduling algorithm and call admis-
sion control algorithm based on a statistical approach to handle
both real-time and non-real-time services. The packet scheduling
algorithm and the call admission control algorithm perform their
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