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Video applications have been increasingly dominatingworld-
wide mobile network traffic in the last years. The growing
popularity of smart phones and other mobile devices, on-
demand and surveillance video services, multimedia social
networking, the latest advances in video coding and trans-
mission, and the significant increase in mobile network
capacity have all contributed to this global phenomenon.
Both challenges and opportunities have emerged in multiple
research disciplines involving video signal processing, 4G
such as LTE (Long Term Evolution) and even 5G mobile
networks, mobile cloud computing, Big Visual Data, mobile
user experience, and so on. Research in these leading-edge
areas has been gaining accelerated global momentum in both
developing and developed economies.

Therefore, it is high time to call for contributions to
further stimulate the continuing efforts to resolve the intrin-
sic conflicts between resource-demanding video applications
and resource-constrained mobile networks, optimise video
networking performance in mobile networks and achieve
improved Quality of Experience (QoE) for end users, and
leverage cloud computing and other cutting-edge technolo-
gies and standards in supporting adaptive, secure, energy-
efficient, and reliable video delivery in various mobile sys-
tems. This special issue attracted numerous submissions, out
of which five papers have been accepted to be published.
These accepted papers are expected to highlight some of the
important aspects outlined above. It is the pleasure for the
guest editorial team to introduce these papers as follows.

The first paper entitled “Energy-Efficient Transmission
Strategy by Using Optimal Stopping Approach for Mobile
Networks” by Y. Peng et al. contributes to greener video

delivery in mobile networks. An optimised distributed
opportunistic scheduling algorithm is proposed to maximise
the usage of good quality slots of the time-varying wireless
transmission channels to improve video data delivery ratio
and thus energy efficiency, whilst taking into account the
delay constraint for video applications.

The second paper “Network-Aware Reference Frame
Control for Error-Resilient H.264/AVC Video Streaming
Service” by H.-S. Gang et al. focuses on enhancing the
reliability of video streaming in error-prone networks such as
mobile/wireless networks whilst making a trade-off between
error resilience and coding efficiency. In particular, error
propagation across video frames caused by video packet loss
or corruption is effectively mitigated, through controlling the
number of reference video frames based on the awareness of
network channel status.

In the third paper, “A Framework for QoE-Aware 3D
Video Streaming Optimisation over Wireless Networks” by
I. Politis et al., the challenging topic of 3D video streaming in
LTE networks with good perceived quality is addressed. To
model the QoE of end users, machine learning techniques are
utilised and parameters from multiple layers are monitored
and collected. In addition, amedia-aware proxy is introduced
to the proposed system, integratedwith theQoE controller, to
achieve QoE-aware, optimised 3D video transmission.

The fourth paper, “A Low Energy Consumption Storage
Method for Cloud Video Surveillance Data Based on SLA
Classification” by Y. Xiong et al., also deals with the energy
efficiency in a video system although the main concern is on
the storage side other than the transmission side as in the first
paper. The targeted application is Cloud Video Surveillance,
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and the design objective is to reduce the power consumption
without compromising the Service Level Agreement (SLA)
for users to access the stored surveillance video data in the
cloud on demand in a timely fashion. Based on classifying
the access time periods and thus virtual machines and
storage nodes, the proposed system reduces overall power
consumption in the data centre by placing selected nodes into
an energy-saving mode.

In the final paper “A Novel Adaptation Method for
HTTP Streaming of VBR Videos over Mobile Networks,”
H. T. Le et al. investigate adaptive on-demand transmission
of variable bitrate (VBR) videos through HTTP streaming.
Their adaptation scheme is designed to be tolerant to large
variations of video bitrate, featured with a buffer-based
algorithm that considers smoothed throughput estimate,
representative bitrate, and instant bitrate.
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Recently, HTTP streaming has become very popular for delivering videos over the Internet. For adaptivity, a provider should
generate multiple versions of a video as well as the related metadata. Various adaptation methods have been proposed to support a
streaming client in coping with strong bandwidth variations. However, most of existing methods target at constant bitrate (CBR)
videos only. In this paper, we present a newmethod for quality adaptation in on-demand streaming of variable bitrate (VBR) videos.
To cope with strong variations of VBR bitrate, we use a local average bitrate as the representative bitrate of a version. A buffer-based
algorithm is then proposed to conservatively adapt video quality. Through experiments in the mobile streaming context, we show
that our method can provide quality stability as well as buffer stability even under very strong variations of bandwidth and video
bitrates.

1. Introduction

Recently, video streaming has rapidly gained popularity over
themobile Internet. It is predicted that global video trafficwill
reach 80 percent of total consumer Internet traffic in 2019 [1].
Besides, HTTP protocol has become a cost-effective solution
thanks to the abundance of Web platform and broadband
connections [2, 3]. Furthermore, for interoperability ofHTTP
streaming in the industry, ISO/IEC MPEG has developed
“Dynamic Adaptive Streaming over HTTP” (DASH) [4] as
the first standard for video streaming over HTTP.

Due to the heterogeneity of communication networks
nowadays, adaptivity is a principal requirement for any
streaming clients. In DASH, multiple versions of an original
video as well as related metadata (e.g., describing bitrates
and resolutions) are generated and stored at servers [4, 5].
Based on the information of metadata as well as the terminal
and networks, a client can adaptively decide which/when
data parts should be downloaded. Currently, the question of
video adaptation for HTTP streaming is still an open issue
[6].

Various adaptation methods for HTTP streaming have
been proposed over the past few years [7–17].These methods

can be roughly classified into two groups, throughput-based
and buffer-based; each has its own strengths and weaknesses
[18].Throughput-basedmethods decide the version based on
the estimated throughput only, while buffer-based methods
mainly use buffer characteristics as references for making
decisions. Throughput-based methods are usually able to
react quickly to throughput variations; however, the stream-
ing quality may be unstable [7]. Meanwhile, buffer-based
methods try to maintain a smooth video stream, but may
cause sudden changes in video quality when the buffer level
drastically drops [8–11]. It should be noted that as the data size
of each segment varies according to the requested version, the
buffer size and buffer level should be measured in seconds of
media.

So far, existing adaptation methods have mostly focused
on CBR (constant bitrate) videos. The research on HTTP
streaming forVBR (variable bitrate) videos is still limited.The
problemwith VBR videos is that even though the throughput
is stable, strong fluctuations of video bitrate may result in
buffer underflows [12]. Our previous work in [12] is the
first study on HTTP streaming that supports VBR videos by
estimating both the instant bitrate and the instant through-
put. In the context of managed IPTV networks, where
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Figure 1: Media delivery hierarchy in HTTP streaming.

the bandwidth is allocated in advance, the delay-quality
tradeoff of a VBR video is optimally achieved by replacing
some high-bitrate segments with low-bitrate segments [13].
In [9], a buffer-based adaptationmethod is proposed for VBR
video streaming by using a partial-linear buffer prediction
model along with a strategy to select versions in different
buffer ranges. However, this method does not consider
bitrate values, and so it cannot avoid sudden changes of
quality when video bitrate and throughput are drastically
varying.

In this paper, we present a novel adaptation method
which can effectively support VBR videos. By extending our
preliminary work in [14], the proposed method can cope
with variations of throughput as well as video bitrate. Our
method especially takes into account the moving average
of bandwidth and video bitrate to provide stable streaming
quality without sudden changes. The experimental results in
the mobile streaming context show that our approach can
provide consistent VBR video streaming with smooth video
quality and stable buffer level. To the best of our knowledge,
this is the first method that can provide smooth version
transitions for VBR video streaming over HTTP. It should be
noted that our method does not require the exact values of
video segment bitrates to make decisions.

The organization of this paper is as follows. Section 2
presents an overview of HTTP streaming and the related
work. The principles of our method as well as the algorithm
description are presented in detail in Section 3. Section 4
provides our experimental results and discussions. Finally,
conclusion and direction for future work are given in
Section 5.

2. Related Work

The general architecture of an HTTP streaming system
consists of servers, delivery networks, and clients [3, 4]. In
MPEG DASH terminology, to support adaptivity, a video
is encoded in multiple versions (also called alternatives
or representations), each of which is further divided into
short segments. Video segments together with metadata are

hosted at a server and will be requested by the client. In
most cases, for each request from the client, the server
will send one segment. Therefore, a video will be delivered
by a sequence of HTTP request-response transactions. The
version (low or high) of a requested segment is decided based
on the metadata and status of terminals/networks. Figure 1
depicts an illustration of media delivery in DASH. More
information about the HTTP streaming structure as well as
DASH concepts could be found in [2, 4].

In general, an adaptation method needs to answer two
key questions: (1) should the current version be main-
tained? and (2) if not, which version should be switched
to? As already mentioned, existing methods can be divided
into a throughput-based group and a buffer-based group.
Throughput-based methods are different in the ways they
estimate or use the throughput. In terms of throughput esti-
mation, the simplest way is to use the measured throughput
right after having fully received a segment (called instant
throughput) as the throughput estimate of the next segment.
Another approach is to use a smoothed throughput measure
[3, 10] to avoid short-term fluctuations, which are a drawback
of using instant throughput. However, this may cause late
reaction of the client to large throughput drops. In [3] we
propose a throughput estimation method that has the advan-
tages of both instant throughput and smoothed throughput.
Furthermore, other studies also present ways to obtain the
estimated throughput based on sampled throughput values
and RTT [12], probing or stored data (lookup table) [15].
Once the client obtains the estimated throughput, the version
can be decided in many ways. A simple solution is using
a safety margin to compute an appropriate version for the
next segment [3]. In [7], the version is controlled by a TCP-
like mechanism where a measure proportional to the instant
throughput is used as the key input.

Buffer-based methods, which mainly use buffer charac-
teristics to decide the video versions, may take into account
a throughput estimate as well. A popular strategy of these
methods is dividing the buffer into multiple ranges with
buffer thresholds 𝛽

1
, 𝛽
2
, 𝛽
3
, 𝛽max (0 < 𝛽1 < 𝛽2 < 𝛽3 ≤ 𝛽max)

[8, 10, 11]. When the buffer level stays in different ranges,
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Figure 2: Bitrates of the versions of two test videos [19].

different actions are applied. For instance, methods of [8, 10]
try to maintain the current version in a specific buffer range
(e.g., 𝛽

2
∼ 𝛽
3
for the method of [8] and 𝛽

2
∼ 𝛽max for

the method of [10]) and dynamically switch up/down the
quality in other buffer ranges. Meanwhile, the method of
[11] chooses video versions following the variations of instant
throughput (also with the use of upscaling and downscaling
factors) based on different buffer ranges. In [16] we introduce
a trellis-based method that represents all possible changes
of the versions and corresponding buffer levels in the near
future. Thus, this approach can make good decisions on the
bitrates of some future segments. In [17], the buffer level
deviation and instant throughput are employed as inputs of
a proportional-integral controller for adaptation.

Yet, most of the existing methods have been developed
only for the context of CBR videos, where the bitrate of a
version is constant. Compared toCBRvideos, videos encoded
in VBR mode have important advantages in terms of quality
and network resource usage [20]. However, the variations of
video bitrate over time, together with throughput fluctua-
tions, result in a big challenge for HTTP adaptive streaming
[12]. Two examples of how bitrates of different versions vary,
especially in some scene changes, are illustrated in Figure 2.
Detailed information of these videos will be described in
Section 4.

Our previous work in [12] is the first study on VBR video
streaming over HTTP. Besides throughput estimation, this
method also considers the estimation of the instant video
bitrate, which can be divided into (1) intrastream estima-
tion and (2) interstream estimation. The former estimates
the bitrates of segments within a version, while the latter
estimates the bitrates of segments across different versions.
This method can provide a very stable buffer and, moreover,
can support a CBR-like streaming service from VBR videos.
In [9], a buffer-based adaptation method for VBR videos is
proposed, where the buffer is divided into multiple ranges.
In order not to take into account varying video bitrates, this
method uses a partial-linear trend prediction of the buffer
level for choosing versions in different buffer ranges. If no
significant change of buffer level is estimated, the client will
maintain the current version for the next segment. However,

this method still causes sudden version changes if the actual
buffer level declines drastically.

In this paper, we propose a novel adaptation method that
can effectively support VBR videos in on-demand streaming.
The distinguishing features of ourmethod include the follow-
ing:

(i) To cope with strong variations of video bitrates, we
propose using a local average bitrate as the (mov-
ing) representative bitrate of a version. Since this
representative bitrate is stable in short term, it helps
the client clearly differentiate between the available
versions and make a good version selection at each
time instance.

(ii) Because the client does not have enough information
about the segment bitrates of all versions, we provide
an algorithm to obtain an estimated representative
bitrate of each version.

(iii) Regarding the first key question, quality stability
is effectively maintained by (1) using a smoothed
throughput estimate when the buffer is not in danger,
(2) using the representative bitrate, and (3) being
conservative in quality switching.

(iv) Regarding the second key question, smooth transi-
tions of quality are supported by avoiding jumping
simply to the lowest version in panic case and by early
switching down when there is a throughput-bitrate
mismatch.

3. The Proposed Adaptation Method

In this section, we present a new buffer-based quality adap-
tation method for VBR video streaming. Some notations
along with their definitions used in the paper are provided
in Notations.

3.1. HandlingThroughput and Bitrate Fluctuations. Generally,
based on the measured throughput and the video bitrate,
the client should choose an appropriate version for the next
segment. Suppose that after receiving the current (or last)
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segment 𝑖 of version 𝐼
𝑖
, the client measures the bitrate 𝐵

𝑖,𝐼𝑖

and throughput 𝑇
𝑖
of this segment. Now the client will decide

the version 𝐼
𝑖+1

for the next segment 𝑖 + 1. Our proposed
method will also leverage the client buffer to cope with the
fluctuations of both the throughput and the video bitrate.
Depending on the current buffer level 𝛽cur, the client will
decide whether the version should be increased, decreased,
or maintained.

For the version selection of the next segment, it is nec-
essary to estimate the throughput based on the throughput
history of received segments. To avoid the effects of short-
term fluctuations of instant throughput, we use a smoothed
throughputmeasure𝑇𝑠

𝑖
[3, 10] as the throughput estimate𝑇est

𝑖+1

for the next segment 𝑖 + 1:

𝑇
est
𝑖+1
= 𝑇
𝑠

𝑖
=
{

{

{

(1 − 𝛿) × 𝑇
𝑠

𝑖−1
+ 𝛿 × 𝑇

𝑖
if 𝑖 > 0;

𝑇
𝑖

if 𝑖 = 0,
(1)

where 𝛿 is a weighting value, which is set to 0.1 in this paper.
As video bitrate is highly fluctuating, we propose using

a representative bitrate for each version, which can differen-
tiate the available versions and can also be appropriate for
maintaining quality stablity. Denote 𝐵rep

𝑖,𝑘
the representative

bitrate for version 𝑘 at segment index 𝑖. In our method, 𝐵rep
𝑖,𝑘

is calculated as the average bitrate of 𝑁 recent segments of
version 𝑘.

The problem is that the client only knows the bitrates
of the received segments, which may belong to different
versions. So, after receiving each segment 𝑖, we will estimate
the segment bitrates of other versions with the same index
𝑖. This is enabled by the bitrate estimation method proposed
in our previous study [12], where the segment bitrates of
other versions are estimated from the bitrate of the received
segment using the interstream bitrate prediction. Specifically,
the estimated bitrate 𝐵𝑒

𝑖,𝑘
of version 𝑘 can be calculated from

the (actual) bitrate 𝐵𝑜
𝑖,𝑛

of the received segment 𝑖 with the
selected version 𝑛 as follows:

𝐵
𝑒

𝑖,𝑘
= 𝜃 × 𝐵

𝑜

𝑖,𝑛
× 2
(QP𝑛−QP𝑘)/6, (2)

where QP
𝑘
and QP

𝑛
are the quantization parameter (QP)

values of the versions and 𝜃 = 1.05 is an empirical factor
used as the compensation for the approximation error of the
model [12]. In our notation (see Notations), bitrate𝐵

𝑖,𝑘
can be

either the actual bitrate𝐵𝑜
𝑖,𝑘
or the estimated one𝐵𝑒

𝑖,𝑘
. Once the

bitrates of all segments are obtained, the representative bitrate
of each version at segment index 𝑖 is calculated as the average
of the bitrates of segment 𝑖 and 𝑁 − 1 previous segments
in that version. The algorithm to calculate the representative
bitrates is provided in Algorithm 1. In this algorithm, the
current representative bitrate is actually computed using the
previous representative bitrate. Also, it should be noted that,
when 𝑖 < 𝑁,𝑁will be set to 𝑖. In Section 4, we will investigate
how different values of 𝑁 affect the performance of our
method.

3.2. Adaptation Algorithm. Our algorithm will address the
two key questions above, so as to avoid rebuffering and to

Input:𝑁, 𝐵rep
𝑖−1,𝑘
|
1≤𝑘≤𝑉

, 𝐵
𝑖−𝑗,𝑘
|
0≤𝑗<𝑁,1≤𝑘≤𝑉

Output: 𝐵rep
𝑖,𝑘
|
1≤𝑘≤𝑉

for 𝑘 ← 1, 2, . . . , 𝑉 do
// Check if bitrate is the original bitrate
if 𝑘 = 𝐼

𝑖
then

𝐵
𝑖,𝑘
← 𝐵𝑜
𝑖,𝑘
;

// Otherwise the bitrate is the estimated bitrate
else

Estimate 𝐵𝑒
𝑖,𝑘
by (2);

𝐵
𝑖,𝑘
← 𝐵𝑒
𝑖,𝑘
;

end
// Compute 𝐵rep

𝑖,𝑘

𝐵
rep
𝑖,𝑘
← 𝐵

rep
𝑖−1,𝑘
+ (𝐵
𝑖,𝑘
− 𝐵
𝑖−𝑁,𝑘
)/𝑁;

end

Algorithm 1: Representative bitrate computation (after receiving
the last segment 𝑖 and for all video versions).

reduce the number and the degree of (version) switches.
Based on the current buffer level of the client, we define
four possible cases in a streaming session, which are uptrend,
stable, downtrend, and panic cases. In these four cases, the
client will be likely to switch up, maintain, switch down,
or aggressively decrease the version. For this purpose, our
method divides the buffer into three ranges with thresholds
𝛽min and 𝛽

th
𝑖
(𝛽min < 𝛽

th
𝑖
< 𝛽max). Here 𝛽max is the buffer size

and also the target buffer level of the adaptation method.
When the current buffer level exceeds 𝛽max, the uptrend

case is activated (for the reason why the buffer level could
be higher than 𝛽max, please refer to our previous work [18]).
However, it is not good if the client frequently goes back and
forth between the uptrend case and downtrend case. To avoid
this fluctuation, our method switches up to the next higher
version (𝐼

𝑖
+ 1) only if the representative bitrate 𝐵rep

𝑖,𝐼𝑖+1
of

that version is smaller than the throughput estimate of the
next segment (i.e., 𝐵rep

𝑖,𝐼𝑖+1
< 𝑇est
𝑖+1
); otherwise, the client will

maintain the current version.
The stable case is determined by the condition 𝛽th

𝑖
≤

𝛽cur < 𝛽max. In this case, the buffer level is judged as in a
very safe condition, so no change in quality is needed. The
client just maintains the current version to avoid unnecessary
switches.

The downtrend case is activated when 𝛽min ≤ 𝛽cur <

𝛽th
𝑖
. In this case, the client needs to carefully decide the

requested version in order to avoid buffer underflows as
well as sudden quality changes when the throughput and/or
the video bitrate change drastically. In general, the version
should be decreased; however, it is unnecessary to switch
down always when the buffer level is in this range. In this
process, we define the target bitrate for the next segment 𝑖 + 1
as the highest representative bitrate, which is lower than the
throughput estimate: 𝐵tar

𝑖+1
= max{𝐵rep

𝑖,𝑘
| 𝐵

rep
𝑖,𝑘
< 𝑇est
𝑖+1
}. If the

instant bitrate and the representative bitrate do not exceed
the target bitrate (𝐵

𝑖,𝐼𝑖
≤ 𝐵tar
𝑖+1

and 𝐵rep
𝑖,𝐼𝑖
≤ 𝐵tar
𝑖+1

), the current
version will be maintained. Otherwise, the client will switch
down to the next lower version.
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Input: 𝑇
𝑖
, 𝛽cur, 𝐼𝑖, 𝐵𝑖,𝐼𝑖 , 𝐵

rep
𝑖,𝐼𝑖
, 𝑇est
𝑖+1

Output: 𝐼
𝑖+1

// Uptrend case
(1) if 𝛽cur > 𝛽max then

if 𝐵rep
𝑖,𝐼𝑖
< 𝑇

est
𝑖+1

then
𝐼
𝑖+1
← 𝐼
𝑖
+ 1;

else
𝐼
𝑖+1
← 𝐼
𝑖
;

end
// Stable case

(2) else if 𝛽 ∈ [𝛽th
𝑖
, 𝛽max) then

𝐼
𝑖+1
← 𝐼
𝑖
;

// Downtrend case
(3) else if 𝛽 ∈ [𝛽min, 𝛽

th
𝑖
) then

𝐵
tar
𝑖+1
← max{𝐵rep

𝑖,𝑘
| 𝐵

rep
𝑖,𝑘
< 𝑇

est
𝑖+1
};

if 𝐵
𝑖,𝐼𝑖
≤ 𝐵tar
𝑖+1

and 𝐵rep
𝑖,𝐼𝑖
≤ 𝐵tar
𝑖+1

then
𝐼
𝑖+1
← 𝐼
𝑖
;

else
𝐼
𝑖+1
← 𝐼
𝑖
− 1;

end
// Panic case

(4) else
Select 𝐼

𝑖+1
based on (4);

end

Algorithm 2: Adaptation algorithm for VBR video streaming.

We can see that sometimes the instant throughput might
be much smaller than the instant bitrate. Even though the
buffer is not in danger yet, the downtrend case should be
activated earlier to avoid having to quickly reduce the version
in the future. This is enabled by increasing the value of 𝛽th

𝑖
.

In our method, 𝛽th
𝑖
is controlled using a logistic function as

follows:

𝛽
th
𝑖
= 𝛽max −

1

1 + 𝑒𝜎
× (𝛽max − 𝛽min) ,

where 𝜎 = 1 −
𝑇
𝑖

𝐵
𝑖,𝐼𝑖

.

(3)

In this way, the larger the mismatch between 𝑇
𝑖
and 𝐵

𝑖,𝐼𝑖

becomes, the higher the value of 𝛽th
𝑖

will be, while still
satisfying the condition 𝛽min ≤ 𝛽

th
𝑖
< 𝛽max.

The final case, called the panic case, is when the buffer
level is in danger; that is,𝛽cur < 𝛽min. To ensure that the buffer
will not be empty, the client will aggressively switch down the
version. Yet, instead of jumping directly to the lowest version,
the client employs the method of our previous work [12] in
this case. Specifically, the client will choose a version of which
the instant bitrate is the highest but still lower than the instant
throughput:

𝐼
𝑖+1
= argmax
1≤𝑘≤𝑉

{𝐵
𝑖,𝑘
| 𝐵
𝑖,𝑘
< 𝑇
𝑖
} . (4)

The algorithm of our method is summarized by pseudocode
as in Algorithm 2.

Generally, it can be seen that our method tries to
provide a smooth video stream by two techniques. First, it

Web server

IP networks DummyNet

Client

Figure 3: Test-bed organization for experiments.

is somewhat conservative in increasing the quality because
that is allowed only when the buffer is full. In addition, the
selected version is constrained by the long-term values of
throughput and bitrate. Second, the downtrend case is also
conservative by avoiding continuously switching down the
quality. Meanwhile, in the panic case, we take into account
the instant bitrate and instant throughput.Thus, the client can
switch down gradually when possible; and there is no need to
switch to the lowest version if the instant bitrate of a higher
version still meets the throughput constraint.

4. Experimental Results and Discussions

In this section, we will evaluate our proposed method and
two reference methods in the context of on-demand VBR
streaming over mobile networks, focusing on the behaviors
of version switching and buffer level after the initial buffering
stage. Two bandwidth traces, a simple one and a complex one,
are employed in our experiments.

4.1. Experiment Setup. Our test-bed organization used for
the experiments is similar to that of [18], which consists
of an HTTP Web server, a streaming client, and an IP
network as in Figure 3. The IP network includes a router and
wired connections connecting the server and the client. The
server is an Apache HTTP server of version 2.2.21 running
on Ubuntu 12.04. Our test-bed uses DummyNet tool [21]
installed at the client side to emulate network characteristics.
The packet loss rate is set to 0%, assuming that the bandwidth
trace used in the experiments already takes into account the
fluctuations caused by packet loss. RTT value of DummyNet
is set to 40ms.The client is implemented in Java and runs on
a Windows 7 notebook with Core i5 2.6GHz CPU and 4GB
RAM.

The test videos are “Sony Demo” and “Terminator 2”
[19] with a frame rate of 30fps and a resolution of 1280 ×
720. The duration of each video is 600 seconds. We encode
6 VBR versions by the high profile of H.264/AVC [22],
corresponding to 6 different values of QP, namely, 22, 28,
34, 38, 42, and 48. Each version is divided into small video
segments of 2 seconds.The version index, QP, and the average
bitrate of each version are listed in Table 1. The bitrate traces
of the video versions are shown in Figure 2.

As we focus on on-demand streaming, the buffer size of
the client is set to 50 s (i.e., 25 segment durations), which is
similar to previous work (e.g., [9, 14]). For comparison, two
reference methods which are the instant throughput-instant
bitrate based method [12] (called ITB) and the buffer-based
method with trend prediction [9] (called TBB) are employed.
The TBB method is implemented with buffer thresholds
(𝐵min, 𝐵low, 𝐵high, 𝐵max) = (10 s, 20 s, 40 s, 50 s), which are the
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Figure 4: Adaptation results of the three methods in simple bandwidth scenario.

Table 1: Version information of the two test videos.

Index QP Average bitrate (kbps)
Sony Demo Terminator 2

1 48 203.77 201.55
2 42 390.75 377.97
3 38 602.96 567.02
4 34 991.32 882.29
5 28 2194.05 1798.93
6 22 5180.58 4127.86

same as the settings in [9]. In our method, 𝛽min and 𝛽max are
10 s and 50 s, respectively. Also, we investigate whether the
number of segments𝑁 used for representative bitrates affects
ourmethod’s performance.The values of𝑁 considered are 10,
30, and 50, and these options of our method are referred to as
AVG-10, AVG-30, and AVG-50, respectively.

4.2. Simple Bandwidth Scenario. First, we investigate the
performance of the methods in a simple bandwidth scenario,
when the available bandwidth drops suddenly. The band-
width has a rectangular shape with two bandwidth levels,
2500 kbps and 500 kbps, as shown in Figure 4(a). This case

is important in evaluating adaptation methods because we
need to know how they perform when the bandwidth drops
drastically. In this case, the Sony Demo video is used.

Figure 4 shows the comparisons of requested versions,
bitrates, and buffer levels of the three methods. It is clear that
the TBB method tries to maintain the high quality (version
5) for too long even when the available bandwidth drops
and stays at the low level for a long interval, resulting in the
worst buffer level curve (Figure 4(c)) as well as a drastic drop
of quality (around 𝑡 = 125 s, from version 5 to version 1
in Figure 4(b)). As for the ITB method, because it requests
versions following the variations of instant throughput and
instant video bitrate, the quality is aggressively changed over
time while the buffer level variations are very small.

As for our method, all the three options have similar
behaviors in terms of bitrate, version switch, and buffer level.
Our method reduces the video quality gradually with no
switches larger than 1 while the buffer level is higher than 25
seconds. Also, theminimumversion provided by ourmethod
is 2, while the other two methods sometimes jump to version
1.

4.3. Complex Bandwidth Scenario. In this part, we evaluate
the adaptation methods with a complex bandwidth trace
(Figure 5), which was obtained from a mobile network [11].
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scenario.

Both test videos, “Sony Demo” and “Terminator 2,” are
employed in this scenario.

Figure 6 shows the experimental results for the “Sony
Demo” video. As seen in Figure 6(a), it is very difficult to
use the curves of segment bitrates to compare the adaptation
methods. From Figure 6(b), it is obvious that the TBB
method’s behavior is similar to that in the simple bandwidth
case. Usually, this method tries to maintain a high version
as long as the buffer level permits. This behavior results in
sudden drops of quality (e.g., from version 6 to version 3 at
100 s and from version 5 to version 1 at 240 s). Also, the buffer
level curve of this method is the worst (Figure 6(c)), as in the
previous scenario.

As for the ITB method, its bitrate curve closely follows
the throughput curve, resulting in a highly fluctuating ver-
sion curve with many switches, including switches of large
degrees. Anyway, this method has the most stable buffer level
curve as seen in Figure 6(c).

Meanwhile, our method provides both quality stability
and buffer stability. The version curves of our method
(Figure 6(b)) have no sudden switches. Moreover, when the
throughput decreases, the selected version of our method is
always higher than or equal to those of the other methods.
The buffer level curve of our method is not as stable as that
of the ITB method; however, it is always higher than that of
the TBBmethod. Compared to the TBBmethod, our method
is more conservative in switching-up and less conservative in
switching-down.

Some statistics of the adaptation results are provided in
Table 2.The statistics are related to bitrate, requested version,
version switch, and buffer level. In terms of bitrate, the
ITB method has the lowest average bitrate. Its quality is
also very fluctuating with many switches and large switch
degree/deviation. The TBB method has the highest average
bitrate since thismethod tends to select andmaintain the best
possible quality. However, its average version is interestingly
lower than that of our AVG-10 option (4.19 vs. 4.30). Even,
the ITB method has very low average bitrate, but its average
version is higher than that of the TBB method. In fact, the
average version values of all methods are very similar (about
4.2 or 4.3). Among the three options, theAVG-10 option is the
most aggressive as it always tries to request higher versions;
however, this causes a little more switches than other options.
These points will be explained and discussed further in the
next part.

Table 2: Statistics of the reference methods and the proposed
method with three different options for “Sony Demo.” Here, STD
is the standard deviation.

Statistics ITB TBB AVG-10 AVG-30 AVG-50
Average bitrate (kbps) 1555.2 1951.5 1777.7 1632.0 1637.1
Average version 4.29 4.19 4.30 4.18 4.16
Maximum version 6 6 6 6 6
Minimum version 1 1 2 2 2
Number of switches 94 18 17 15 15
Maximum switch degree 4 4 1 1 1
STD of switch degrees 0.56 0.37 0.23 0.22 0.22
Minimum buffer level (s) 42 5.2 15.1 14.3 14.4
STD of buffer levels (s) 1.59 15.31 11.49 11.41 10.43

Table 3: Statistics of the reference methods and the proposed
method with three different options for “Terminator 2.” Here, STD
is the standard deviation.

Statistics ITB TBB AVG-10 AVG-30 AVG-50
Average bitrate (kbps) 1544.3 1926.2 1962.9 1779.4 1691.3
Average version 4.51 4.34 4.61 4.55 4.46
Maximum version 6 6 6 6 6
Minimum version 1 1 2 2 2
Number of switches 128 17 18 12 12
Maximum switch degree 3 3 1 1 1
STD of switch degrees 0.63 0.34 0.24 0.20 0.20
Minimum buffer level (s) 42.5 1.5 18.3 21.8 22.7
STD of buffer levels (s) 1.64 16.44 10.43 9.22 8.98

Moreover, our method provides the smallest values in
terms of the number of switches and the degree of switches.
In addition, the minimum version of our method is higher
than the other methods. The minimum value and standard
deviation (STD) of buffer level of our method are also much
better than those of the TBB method. For more informa-
tion about the buffer, the cumulative distribution functions
(CDFs) of the buffer levels are provided in Figure 7(a). Again,
it is evident that the buffer of ourmethod ismuchmore stable
than that of the TBB method.

Figure 8 shows the experimental results for Terminator 2
video, where similar behaviors of the methods can be found.
Our method again provides a smoother version curve and
a more stable buffer level curve than the TBB method. The
aggressiveness of AVG-10 can also be seen in Figure 8(b).
For example, during 330 s∼370 s, the AVG-10 option shortly
increases the quality to version 6 and then reduces the quality
to version 5 and version 4. Meanwhile, the other two options
still request version 5 during the same interval.

The statistics of the adaptation results for Terminator 2
video is provided in Table 3. With this video, the average
version values of our method are all higher than that of
the TBB method. The average bitrate of the AVG-10 option
especially is higher than that of the TBB method. This is
because version bitrates of Terminator 2 are smaller than
those of Sony Demo, so the AVG-10 option can easily reach
the highest possible quality. In addition, the other parameters
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Figure 6: Adaptation results of the three methods in the complex bandwidth scenario with “Sony Demo” video.
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Figure 7: Cumulative distribution functions (CDFs) of buffer level
in the complex bandwidth scenario.

also show that our method provides a smoother quality and
a more stable buffer than the TBB method.

Besides, the CDFs of buffer levels (Figure 7(b)) confirm
the stability of buffer level of our method. Figure 7(b) also
shows that the buffer levels of the AVG-30 and AVG-50
options are a little better than that of the AVG-10 option.

This is because the AVG-10 option ismore aggressive than the
other options. Especially compared to the case of Sony Demo
video (Figure 7(a)), the buffer of the TBB method is worse
while the buffer of our method is better. This is actually due
to the characteristics of the Terminator 2 video as discussed
in the next part.

4.4. Discussions. From the above experimental results, we
can see some interesting points. First, in some cases the
average bitrate of the TBB method is higher than that of
our proposed method, while its average version is lower than
that of our method. This can be explained by the fact that
sometimes the instant bitrate is very high. So, having some
more segments of high bitrates, especially those belonging
to the top version, will significantly increase the average
bitrate. In case of Terminator 2 video, which has lower version
bitrates than Sony Demo video, the average bitrate of TBB
method is not better than that of our method.

Meanwhile, in low-throughput periods, the selected ver-
sions of the TBBmethod are lower than those of our method,
resulting in a lower value of average version. So, as the
bitrate of VBR video is highly fluctuating, the parameter of
average bitrate should not be the main indicator to evaluate
the performance of VBR video streaming (as in [9]); rather,
the parameter of average version should be considered. This
is different from CBR video streaming, where the average
bitrate is always of high interest.
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Figure 8: Adaptation results of the three methods in the complex bandwidth scenario with “Terminator 2” video.

The results of our adaptation method show that a normal
buffer size (i.e., similar to that in CBR video streaming)
is already enough to cope with strong bitrate variations of
VBR videos. Also, a representative bitrate for each version
is important for VBR videos. Even the ITB method benefits
a lot from learning the instant bitrate. Though having a
highly fluctuating version curve, this method can be used
for live streaming thanks to its very stable buffer. On the
other hand, the TBB method does not consider bitrate
values and thus poorly handles the strong variations of
VBR video. For example, although Terminator 2 video has
lower version bitrates than Sony Demo video, the buffer
stability of the TBB method in the case of Terminator 2
video is worse than in the case of Sony Demo video. This
is just because the version bitrates of Terminator 2 video
are extremely varying (with repeated and quick changes
from a high value to a low value), whereas the performance
of our method is not degraded in the case of Terminator
2 video.

The three options of our method are similar in terms
of average version values. Yet, among the three options, the
AVG-10 option seems to be more aggressive in switching
up and maintaining a high quality. This is because the
representative bitrate of this option is more “local” and can
quickly detect low-bitrate segment intervals, where the client

can switch to a higher version when the throughput permits.
Such property can increase the average version; however, that
also causes more switches as seen in the statistics of the AVG-
10 option.The above statistics show that AVG-30 andAVG-50
options have nearly the same performance with good quality
stability and good buffer stability.

In general, it is shown that our method is more effective
than the reference methods in providing stable streaming
quality, with smooth version transitions even when the
available bandwidth dramatically drops. If a user prefers
streaming with the highest possible quality, more “local”
representative bitrates should be used. On the other hand,
if the user prefers a stable streaming session with fewer
version switches, more “global” representative bitrates should
be used.

It should be noted that, actually, the quality of a CBR
video is “variable” and the quality of a VBR video is “con-
stant.” Meanwhile, as shown in [12], it is totally feasible to
provide a quasi-CBR streaming service from VBR video data
sets.The above results also show that, with the simplemethod
of representative bitrate estimation, we do not need to know
exactly the bitrates of all VBR video segments even though
the instant bitrate is extremely varying. This means that VBR
videos and the client-based adaptation method proposed
in this paper can be easily deployed in DASH-compliant
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streaming systems without the need to modify the current
standard specification.

5. Conclusion

In this paper, we have presented an adaptation method for
VBR videos and evaluated the method in the mobile stream-
ing context. To copewith strong variations of video bitrate, we
employed a local average bitrate as the representative bitrate
of a version. A buffer-based algorithm was then proposed
to conservatively adapt video quality by taking into account
a smoothed throughput estimate, the representative bitrate,
and even the instant bitrate.The experimental results showed
that our method can provide smooth video quality and stable
buffer level, even under very strong variations of bandwidth
and video bitrates. For future work, we will focus on live
streaming scenarios such as surveillances with VBR video
sources.

Notations

𝑇
𝑖
: The throughput of segment 𝑖
𝑇est
𝑖+1

: The throughput estimate of segment 𝑖 + 1
𝛽cur: The current buffer level
𝛽min: The minimum buffer threshold
𝛽th
𝑖
: The flexible buffer threshold
𝛽max: The buffer size and also the target buffer

level
𝐵
𝑖,𝑘
: The bitrate of the segment 𝑖 in version 𝑘.

It could be the actual value 𝐵𝑜
𝑖,𝑘
or the

estimated value 𝐵𝑒
𝑖,𝑘

𝐵
rep
𝑖,𝑘
: The representative bitrate of version 𝑘 at
segment 𝑖

𝑉: The number of available video versions
𝐼
𝑖
: The index of the version which is chosen

for segment 𝑖 (version of higher quality
has a higher index value).
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Inmobile networks, transmission energy consumption dominates themajor part of network energy consumption. To reduce energy
consumption for data transmission is an important topic for constructing green mobile networks. According to Shannon formula,
when the transmission power is constant, the better the channel quality is, the greater the transmission rate is.Then, more data will
be delivered in a given period. And energy consumption per bit data transmitted will be reduced. Because channel quality varies
with time randomly, it is a good opportunity for decreasing energy consumption to deliver data in the best channel quality. However,
data has delay demand.The sending terminal cannot wait for the best channel quality unlimitedly. Actually, sending terminal has to
select an optimal time to deliver data before data exceeds delay. For this, this paper obtains the optimal transmission rate threshold
at each detection slot time by using optimal stopping approach. Then, sending terminal determines whether current time is the
optimal time through comparing current transmission rate with the corresponding rate threshold, thus realizing energy-efficient
transmission strategy, so as to decrease average energy consumption per bit data transmitted.

1. Introduction

Widespread deployment of mobile networks, for example,
mobile ad hoc networks and mobile social networks, and
rapid development of data services have brought about
exponential growth of wireless mobile terminals (MTs) and
dramatic increase of energy consumption in mobile net-
works. However, the batteries of MTs offer very limited
energy and lack the capacity for sustainable supply, especially
in the case of inadequate network infrastructure or on the
move. As energy consumption greatly affects mobile users,
it is highly necessary to make efficient use of resources of
mobile networks and reduce energy consumption of MTs
for improving mobile users’ satisfaction. It is an important
and urgent subject to be solved for the construction of green
mobile computing [1, 2].

In mobile networks environment, combined influence
of multipath propagation, user on the move and channel
fading, and so forth will bring about rapid fluctuations in
capacity and quality of wireless channel with the change
of time. If wireless networks always dynamically allocate

resources to the channel in the best instantaneous state or
MTs always choose the time of the best channel quality
to transmit data, the utilization ratio of wireless network
resources will be greatly increased and the performance of
network is improved. MT delivers data efficiently using the
feature of channel quality varying with time. This strategy is
named as opportunistic scheduling [3].

There are two types of opportunistic scheduling, which
include centralized opportunistic scheduling and distributed
opportunistic scheduling. The former assumes the existence
of a central scheduler, which can detect current status of
all channels in the network and schedule operation and
processing in a centralizedmanner.The latter, without know-
ing channel status of other devices, accesses and competes
for channel in random mode and certain probability. After
obtaining the channel through competition, it will either
deliver data immediately if in good quality channel or give
up and compete again if in bad quality channel, thus realizing
full utilization of network resources in good quality channel.

The distributed opportunistic scheduling technique can
take full advantage of device diversity of multiple users
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and the differences of channel in different time. In order
to increase efficiency of the whole network, distributed
opportunistic scheduling permits users tomake decision after
their temporary surveillance on channel. There is no such
need of a complex control center and real time information
of all channels’ quality. In addition, this technique can
decrease network energy consumption [4–8] and enhances
network performance [9–12], for example, delivery ratio and
throughput.

If the transmission power of sending terminal (ST) is
given in wireless link, the greater the transmission rate is, the
more data the ST can transmit within the same time period.
Consequently, average energy consumption per unit data
transmitted (AECPUDT) is smaller. However, transmission
rate changes with the wireless channel quality fluctuations. If
ST selects the timewhen channel is in good state to send data,
the higher the transmission rate is, the lower the AECPUDT
will be. Therefore, in order to minimize AECPUDT on the
link, ST needs to survey channel condition timely and then
chooses good channel quality time to transmit in accordance
with present amount of data accumulated. ST chooses better
channel quality for data delivery using the nature of channel
quality changingwith time, which is called distributed oppor-
tunistic scheduling [4–12]. In order to obtain an optimal
energy efficiency time (i.e., AECPUDT is smallest) to deliver
data, ST continuously surveys channel condition in dis-
tributed opportunistic scheduling. Therefore, the distributed
opportunistic scheduling could be transformed into an opti-
mal stopping rule strategy to be proved. In this strategy, the
decisionmaker (ST) obtains the time of theminimal expected
cost (average energy consumption) to stop observation,
based on the continuous observation toward randomvariable
(channel quality), and then takes special actions (transmit-
ting data) to achieve the objective of minimal expected cost.

For the energy consumption problem research in [5],
authors of that paper assumed that ST always had enough
cumulative data and used the maximum transmission power
at the maximum delay and then derived every transmission
power threshold of each transmission slot time before the
delay. Since current cumulative data quantity of ST is not
taken into consideration of these thresholds, ST could
neither achieve the optimal energy efficiency under different
cumulative data quantity nor guarantee the data delivery
ratio (i.e., the ratio of the amount of data transmitted to the
total amount of data cumulated). In this paper, the authors
take the amount of data cumulated in ST as related factor
for selecting the optimal transmission time. In order to
better derive the optimal stopping rule, it is assumed that the
data generation rate of ST is given, which is consistent with
reality needs. For example, when ST transmits some online
data, the amount of data to be transmitted per unit time is
identified. In addition, the rate of ST obtaining data to be
forwarded is also assumed to be constant in [6, 7]. Inspired by
optimal stopping theory, the proposition of energy-efficient
transmission strategy in this paper is based on the following
ideas. When delay requirement and data generation rate on
wireless link are given, thematter of distributed opportunistic
scheduling about ST selecting optimal channel quality is
turned into an optimal stopping problem. Then, the optimal

threshold of transmission rate at every selection slot time is
acquired based on the optimal stopping theory. Finally, the
optimal rate time to transmit data is chosen, thus reducing
the AECPUDT and increasing data delivery ratio.

The remaining part is arranged as follows. Related
research work of other scholars is reviewed in Section 2.
Section 3 describes systemmodel and optimization problem.
Then, the energy-efficient transmission strategy using opti-
mal stopping approach is proposed in Section 4. Section 5
presents simulation results and analysis. Finally, Section 6
concludes this paper and prospects future work.

2. Related Research Work

At present, opportunistic scheduling based on time-varying
wireless channel quality is widely researched and applied to
mobile networks, such asmobile ad hoc networks andmobile
social networks. These researches are mainly centered on
selection of the optimal transmission time, aiming to improve
network performance and energy efficiency of the three
scenarios, namely, multiple devices and multiple channels,
multiple devices and single channel, and single device and
single channel. Researchersmainly focus on twooptimization
objectives, which are to improve energy efficiency [4–8, 13–
16] and to increase network throughput [9–12].

(1) For reducing network energy consumption, many
scholars utilizemethod of choosing the optimal time of chan-
nel quality to transmit so as to reduce energy consumption of
data transmission [4–8, 13]. Others pay attention to energy
consumption saving in the entire routing [14–16].

In order to decrease energy consumption for data trans-
mission, the authors in [4, 5] studied how to choose optimal
transmission time to improve energy efficiency in the envi-
ronment of multiple devices and single channel as well as sin-
gle device and single channel, respectively. The authors con-
structed an infinite horizon stopping problem based on opti-
mal stopping theory in [4]. When the competing probability
of multiple STs is given in homogeneous environment, the
optimal threshold of transmission rate can be derived, which
effectively optimized energy efficiency of network. They also
proposed a heuristic method for heterogeneous scenario. But
they did not consider the data transmission delay demand.
The authors considered the case of data with the maximum
transmission delay demand in [5]. They studied the trans-
mission energy consumption optimization problem where
channel quality varies with time. After obtaining the optimal
threshold of power at each slot time using optimal stopping
method, ST chose the optimal channel quality time to trans-
mit data, thus energy consumption saved and delay guaran-
teed. According to their assumption, ST had adequate data to
transmit all the time, which is an ideal case. In true applica-
tions, ST may have much more or much less data to deliver
during the transmission period, while ST obtains excellent
opportunities to transmit. The authors in [6] studied the
cost optimization of that roadside unit transmitting data to
passing-by vehicle in vehicle delay tolerant network. By intro-
ducing a function of transmission cost and a penalty cost for
exceeding delay, they proved that the timewhen the queueing
delay at roadside unit is above certain threshold is an optimal
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one for roadside unit to deliver data flow. The simulation
results show that the optimal stopping theory can effectively
save transmission cost of roadside unit. Furthermore, in [7]
they studied this problem and gave a more complete theo-
retical derivation and experimental proof. We proposed an
energy consumption optimization strategy for data transmis-
sion in [8] and formed preliminary ideas of utilizing optimal
stopping approach to save energy. We present more perfect
theoretical derivation and abundant experimental proof in
this paper, which includes five points mainly. The first is the
full explanation of opportunistic scheduling problem using
optimal stopping theory. The second is the detailed related
research work and the differences between ours and the work
of others in [5].The third is the correlation between this work
and optimal stopping theory. The fourth is the detailed solu-
tion and performance analysis of the strategy. The fifth is the
relationship of optimal energy efficiency and parameters and
analysis of average scheduling period.The problem of choos-
ing good channel with delay constraint in mobile networks
is studied by authors of [13]. They utilized stochastic game
to obtain the optimal power threshold for successful data
transmission in opportunistic scheduling, which reduced the
waste of energy caused by channel error and packet collision.

In addition, some others focused on saving energy in
the opportunistic network, which is consumed by sending
information from source to destination. Due to rapid fluc-
tuation of channel condition, routing information estimated
by average channel quality will become out of date, but
opportunistic routing can avoid this case. Compared with the
traditional way that data is delivered through a predefined
end-to-end path, opportunistic routing enables data to be
transmitted from source to destination without end-to-end
path. For example, [14] proposed a method of coopera-
tive communication for energy efficiency. The authors fully
exploited the random change nature of wireless channel
and enabled data packet to be transmitted through better
path by high energy efficiency relay node. Consequently,
energy consumption is reduced. In [15], they introduced the
functions of computing end-to-end energy consumption for
traditional routing and opportunistic routing. The authors
utilized the technique of cross-layer information exchange
to reduce energy consumption and designed energy-efficient
routing algorithms based on Dijkstra algorithm.The simula-
tion results show that energy-efficient opportunistic routing
outperforms the traditional routing. We in [16] proposed
the routing strategy of minimizing transmission energy
consumption in mobile network, where transmission delay
demand of data is considered.The routing strategy decreased
network energy consumption effectively.

(2) For increasing network throughput of opportunistic
network, researchers propose all kinds of schemes and algo-
rithms to select a good channel for data transmission, so as
to obtain more desirable transmission rate and increase data
delivery ratio.

In order to improve network throughput in an ad hoc
network where many links contend for the same channel
by random access, two distributed opportunistic schedul-
ing strategies from the network-centric and user-centric
perspective are proposed in [9], respectively. In [10], the

authors studied the improvement of network throughput
with proportional fairness. In the scenario ofmultiple devices
competing for the same channel, the researchers constructed
block fading channel model with different channel detection
slot time dependencies in [11]. Taking into account the
impact of channel dependencies on transmission scheduling
and system performance, they formulated optimal stopping
problem of finite horizon and chose the effective decision
time, then characterized the system performance by back-
ward induction, and finally solved the problem by recursive
algorithm and effectively enhanced throughput of the system.
Considering secure and regular links coexisting in a mobile
network, [12] designed a QoS-oriented distributed schedul-
ing scheme based on optimal stopping theory to maximize
the whole network throughput.

In summary, for the distributed opportunistic schedul-
ing, it is a very important solution to obtain the optimal
scheduling time [4–12] using the optimal stopping theory.
In these researches including multiple devices competing
to select multiple channels, multiple devices competing to
select single channel, and single device selecting single
channel, researchers constructed different kinds of optimal
rule problem. They solved these problems to obtain the
optimal transmission rate threshold [4, 8–11], the optimal
power threshold [5], and the optimal transmission time [6, 7],
respectively, so as to minimize energy consumption [4–8]
or maximize network throughout [9–12]. We research the
energy-efficient transmission strategy in this paper, when one
device selects single channel. Differing from the hypothesis
in [5] that ST has adequate data all the time, we assume
that data is generated at a certain rate. In addition, the
objectives of minimizing expected energy consumption and
average energy consumption per unit time are studied in [5].
This paper considers the objective of minimizing AECPUDT,
under the constraint condition of finishing transmitting all
data accumulated. For this purpose, we construct the min-
imization problem of AECPUDT with transmission delay
demand and the amount of data transmitted constraint. This
minimization problem can be turned into a finite horizon
optimal stopping rule problem, so as to acquire the optimal
transmission rate thresholds. This paper includes the fol-
lowing two main contributions. (1) The transmission energy
consumption optimization problem with transmission delay
demand and the amount of data transmitted constraint in
mobile network is studied using the characteristics of channel
quality varying with time. The effect of the given data
generation rate and transmission delay on the AECPUDT
is analyzed. (2) We construct the finite horizon optimal
stopping rule problem about the minimal AECPUDT under
amount of data transmitted constraint. Then, the optimal
threshold of transmission rate at every slot time is obtained,
thus forming the energy-efficient transmission strategy using
optimal stopping approach.

3. Theoretical Background and
Problem Description

3.1. SystemModel. In ourmobile networksmodel, we assume
thatMTaccesses channel usingCarrier SenseMultipleAccess
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Figure 1: A round of channel detection and data transmission.

with Collision Avoidance (CSMA/CA) protocol. When data
needs to be transmitted between two MTs, after establishing
the wireless link within transmission range, MT will choose
good channel to transmit data immediately.The research pur-
pose of this paper is to minimize the AECPUDT in wireless
link under the demand of transmission delay. Meanwhile, the
delivery ratio of data transmission must be guaranteed.

In mobile networks, we assume that time is divided into
certain slot periods 𝑇 (s). The channel gain 𝑔 submits some
probability distribution (such as Rayleigh model fading) and
remains unchanged in period 𝑇 [4, 5, 9, 11] on the wireless
link construed by ST and a receiving terminal (RT). The
data generation rate is 𝑐 (bit/s). ST delivers the data to the
RT within the transmission delay 𝐷

𝑚
using transmission

power 𝑃 (W). To obtain real time information of channel
quality, RT transmits a short signal to ST every period 𝑇 [5].
Then, ST estimates channel quality according to the signal’s
power. This consumes energy 𝐸

𝐷
(J) for each detection. Each

duration of detection signal is extremely short and far less
than 𝑇. After the ST discovers channel in good condition,
it will send data during period 𝑡. 𝑃 ⋅ 𝑡 (J) is the energy
consumption for data transmission and far bigger than 𝐸

𝐷
.

Because the channel gain 𝑔 keeps constant in period 𝑇, 𝑡 ≤ 𝑇

is satisfied. This entire process from the starting of channel
detection to the end of data transmission is called a round of
channel detection and data transmission. Its process is given
in Figure 1. In a round of detection, the total duration for
detection is 𝑛 ⋅ 𝑇 (s), and the total energy consumption for
detection is 𝑛 ⋅ 𝐸

𝐷
(J). Here, 𝑛 is the number of detection

instances, which is counted from the end of previous round
of data transmission. For the first round, the initial counting
of 𝑛 is 0. If transmission rate is 𝑅 (bit/s), ST can transmit
𝑅 ⋅ 𝑡 (bit) data in a round. If there is 𝑅𝑡 < 𝑐(𝑛𝑇 + 𝑡), ST
does not transmit all cumulated data and the remaining data
is 𝑐(𝑛𝑇 + 𝑡) − 𝑅𝑡 bits. If 𝑅𝑡 ≥ 𝑐(𝑛𝑇 + 𝑡), ST actually transmits
𝑐(𝑛𝑇 + 𝑡) bits’ data. Furthermore, when 𝑅𝑡 > 𝑐(𝑛𝑇 + 𝑡) is
satisfied, STwastes power due to being idle in part of duration
𝑡. Obviously, ST can increase the amount of data transmitted
in given transmission duration by selecting the time of
greater transmission rate, thus decreasing theAECPUDTand
improving energy efficiency. Shannon formula is presented in
the following expression:

𝑅 = 𝑊 log
2
(1 +

𝑔 ⋅ 𝑃

𝑁
0
⋅ 𝑊

) . (1)

According to expression (1), transmission rate 𝑅 in the
channel is associated with transmission power 𝑃, channel
gain 𝑔, noise power spectral density 𝑁

0
, and bandwidth 𝑊.

When the values of 𝑊, 𝑃, and 𝑁
0
are certain, the value of 𝑅

is in positive proportion to the value of 𝑔. Therefore, to select
the time of greater transmission rate, ST must capture the
time of larger channel gain value or better channel quality. In
order to acquire the optimal channel quality time to transmit
data, ST needs to know channel quality timely. The optimal
time to transmit is obtained using optimal stopping approach
in this paper.

3.2. Optimal Stopping Theory. In order to maximize the
expected payoff or minimize the expected cost, the decision
maker observes the random variables sequentially in the
optimal stopping theory and selects a proper time to take a
given action [17]. The stopping rule is defined by two objects:

(1) A sequence of random variables 𝑋
1
, 𝑋
2
, . . ., whose

joint distribution is assumed to be known.
(2) A sequence of real-valued rewards or cost functions

𝑦
0
, 𝑦
1
(𝑥
1
), 𝑦
2
(𝑥
1
, 𝑥
2
), . . . , 𝑦

∞
(𝑥
1
, 𝑥
2
, . . .).

The associated stopping rule may be described as follows.
After observing 𝑋

1
= 𝑥
1
, 𝑋
2

= 𝑥
2
, . . . , 𝑋

𝑛
= 𝑥
𝑛
(𝑛 =

1, 2, . . .), the decisionmakermay stop observation and accept
the known reward or cost function 𝑦

𝑛
(𝑥
1
, . . . , 𝑥

𝑛
) or continue

observing 𝑋
𝑛+1

. If decision maker chooses not to take any
observation, he accepts the constant value 𝑦

0
. If he has not

stopped observing, he will receive 𝑦
∞
(𝑥
1
, 𝑥
2
, . . .). This rule

enables that the decision maker chooses the optimal time 𝑁
(0 ≤ 𝑁 ≤ ∞) to stop observation, so that the expected
reward 𝐸[𝑌

𝑁
] is maximal or the expected cost 𝐸[𝑌

𝑁
] is

minimal. Among them, 𝑌
𝑁

= 𝑦
𝑁
(𝑥
1
, . . . , 𝑥

𝑁
) is a random

cost or reward stopping at𝑁.𝐸[⋅] expresses themathematical
expected value. If 𝑛 → ∞, this problem is an infinite
horizon optimal stopping problem,which could be calculated
through optimality equation. But, in real applications, 𝑛 is
not beyond some value 𝑁

𝑚
. Then, the problem becomes a

finite horizon one and is a special case of infinite horizon.
It could be computed using backward induction, which is
calculated from the maximum value 𝑁

𝑚
to the minimum

value 0, reversely. Currently, there are a lot of such problems
of selecting the optimal time to take actions to maximize the
expected reward or minimize the expected cost in the field of
communication. Hence, the optimal stopping theory about
how to select optimal time according to random variables
sequentially observed is an effective tool for solving the
mentioned problems.

3.3. Problem Description. In order to minimize AECPUDT
and guarantee the delivery ratio, ST selects the optimal time
to transmit data under the premise of transmission delay𝐷

𝑚

according to the results of continuous observation on channel
quality. Hence, the minimization problem in this paper is a
finite horizon optimal stopping problem.

In the environment ofmobile networks, both themobility
of MT and environmental interference will have some effect
on channel quality. The channel condition is uncertain.
When the transmission power of ST is constant, the better
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Figure 2: Optimal stopping problem elements in data transmission.

the channel quality is (i.e., the faster the transmission rate
is), the more the amount of data transmitted in the same
duration is. Hence, the AECPUDT is less. The result of the
poor quality channel is contrary. At the same time, data
to be delivered is generated in given rate and accumulates
into ST. If the transmission interval is short, the amount
of data accumulated is always less than the one that can
be transmitted in transmission duration. Thus, ST wastes
transmission power, which causes more AECPUDT. If the
transmission interval is too long to transmit all cumulative
data in transmission duration, part of data will be discarded
due to exceeding the transmission delay.

Actually, MT must decide whether to send data at once
or wait for next better moment to transmit data according
to current channel quality and the amount of cumulative
data. Obviously, due to the stochastic characteristics of link
channel quality, ST must detect the channel quality, and then
it selects the optimal time to stop detection and transmit
data under the accumulative data quantity constraint and the
delay demand, so as to minimize the AECPUDT. Therefore,
we obtain the relevance between the optimal stopping theory
and our optimal stopping problem about energy-efficient
transmission strategy, which is shown in Figure 2.

4. Energy-Efficient Transmission Strategy

4.1. Construction of Average Energy Consumption Minimiza-
tion Problem. We define variable sequence𝑋

𝑛
= {Δ𝑇

𝑛
, 𝑅
𝑛
} in

the 𝑛th channel detection. Here, Δ𝑇
𝑛
(Δ𝑇
𝑛
= 𝑇 ⋅ 𝑛) represents

the duration of observation and 𝑅
𝑛
means the transmission

rate at 𝑛. ST must detect channel at least once. 𝑁 is assumed
to be time index (time for short) when ST stops detection.The
time at which ST must stop detection and deliver data is 𝑀,
which is max{𝑛 : Δ𝑇

𝑛
≤ 𝐷
𝑚
}. So 1 ≤ 𝑛 ≤ 𝑁 ≤ 𝑀 is satisfied.

In a round of detection, the number of channel detection
instances is 𝑁. Energy consumption for detection of every
time is 𝐸

𝐷
. After the end of detection, ST transmits data

in period 𝑡. The value of transmission energy consumption
is 𝑃 ⋅ 𝑡. Hence, the total energy consumption in a round is
presented in the following expression:

𝐸
𝑁

= 𝑁𝐸
𝐷
+ 𝑃𝑡. (2)

If ST runs this given stopping rule in 𝑌 rounds, there will
be stopping time sequences {𝑁

1
, 𝑁
2
, . . . , 𝑁

𝑦
, . . . , 𝑁

𝑌
}, energy

consumption sequences {𝐸
𝑁
1

, 𝐸
𝑁
2

, . . . , 𝐸
𝑁
𝑦

, . . . , 𝐸
𝑁
𝑌

}, and
transmission rate sequences {𝑅

𝑁
1

, 𝑅
𝑁
2

, . . . , 𝑅
𝑁
𝑦

, . . . , 𝑅
𝑁
𝑌

}.
Here, 𝑁

𝑦
represents the stopping time in the 𝑦th round. The

initial value of stopping time in each round is 0. With ST

detecting channel once in the 𝑦th round, the value of 𝑁
𝑖
is

increased by one. And there is 1 ≤ 𝑁
𝑦

≤ 𝑀. Hence, the
total duration of the 𝑦th round is sum of detection duration
Δ𝑇
𝑁𝑦

(Δ𝑇
𝑁𝑦

= 𝑇 ⋅ 𝑁
𝑦
) and transmission duration 𝑡. It is

equal to Δ𝑇
𝑁𝑦

+ 𝑡. 𝐸
𝑁
𝑦

(𝐸
𝑁
𝑦

= 𝑁
𝑦
𝐸
𝐷

+ 𝑃𝑡) is the total
energy consumption of the 𝑦th round stopping at 𝑁

𝑦
. At

this moment, 𝑐(Δ𝑇
𝑁𝑦

+ 𝑡) bits’ data is accumulated and
needed to be delivered. 𝑅

𝑁𝑦
is the transmission rate of the

𝑦th round stopping at𝑁
𝑦
. 𝐿
𝑁𝑦

is the value of data that could
not be transmitted this time, which is given in the following
expression:

𝐿
𝑁𝑦

= (𝑐 (Δ𝑇
𝑁𝑦

+ 𝑡) − 𝑅
𝑁𝑦

𝑡)
+

=
{

{

{

𝑐 (Δ𝑇
𝑁𝑦

+ 𝑡) − 𝑅
𝑁𝑦

𝑡, 𝑐 (Δ𝑇
𝑁𝑦

+ 𝑡) > 𝑅
𝑁𝑦

𝑡,

0, 𝑐 (Δ𝑇
𝑁𝑦

+ 𝑡) ≤ 𝑅
𝑁𝑦

𝑡.

(3)

Hence, energy efficiency 𝜁 of AECPUDT is defined in the
following expression:

𝜁 =

∑
𝑌

𝑦=1
𝐸
𝑁𝑦

∑
𝑌

𝑦=1
(𝑐 (Δ𝑇

𝑁𝑦
+ 𝑡) − 𝐿

𝑁𝑦
)

. (4)

In accordance with the law of large numbers, expression
(4) converges to 𝐸[𝐸

𝑁
]/𝐸[𝑐(Δ𝑇

𝑁
+ 𝑡) − 𝐿

𝑁
], where 𝑁 is

the time that ST stops detecting and 𝐸[⋅] represents the
mathematical expected value.Thus, an optimal stopping rule
problem is constructed, which selects stopping time 𝑁 to
minimize 𝐸[𝐸

𝑁
]/𝐸[𝑐(Δ𝑇

𝑁
+ 𝑡) − 𝐿

𝑁
]. There is 1 ≤ 𝑁 ≤

𝑀. This rule comes from the transmission rate sequence 𝑅
𝑁

and the total detection duration sequence Δ𝑇
𝑁
, which are

detected by ST every period 𝑇. Meanwhile, energy consump-
tion sequence𝐸

𝑁
, accumulative data sequence 𝑐(Δ𝑇

𝑁
+𝑡), and

data left undelivered sequence 𝐿
𝑁

are generated. All these
sequences values are measurable to be obtained.

When the transmission duration is fixed as 𝑡, the amount
of data waiting for transmission is 𝑐(Δ𝑇

𝑁
+ 𝑡). If there is

𝑅
𝑁
𝑡 < 𝑐(Δ𝑇

𝑁
+ 𝑡), part of data is left undelivered in

this round. On the other side, ST needs to send all data
accumulated within duration 𝑡. Therefore, this optimization
problem includes the constraint condition 𝜑, which is 𝑅

𝑁
𝑡 ≥

𝑐(Δ𝑇
𝑁
+ 𝑡). Consequently, the set of stopping time is given in

the following expression:

𝑁
+

= {𝑁 : 1 ≤ 𝑁 ≤ 𝑀, 𝐸 [Δ𝑇
𝑁
] ≤ 𝐷

𝑚
, 𝜑} . (5)

So the minimization problem of AECPUDT with the
amount of data transmitted constraint is described as fol-
lows:

min
𝑁∈𝑁
+

𝐸 [𝑁𝐸
𝐷
+ 𝑃𝑡]

𝐸 [𝑐 (Δ𝑇
𝑁
+ 𝑡) − 𝐿

𝑁
]

s.t. 𝐸 [𝑅
𝑁
𝑡] ≥ 𝐸 [𝑐 (Δ𝑇

𝑁
+ 𝑡)] .

(6)
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4.2. Transformation of Optimal Stopping Problem about Aver-
age Energy Consumption Minimization. In this paper, it is
necessary to derive optimal stopping rule and optimal energy
efficiency (the minimum AECPUDT) of ST. In accordance
with expression (4), optimal energy efficiency 𝜁∗ is defined as
follows:

𝜁
∗

= inf
𝑁∈𝑁
+

𝐸 [𝑁𝐸
𝐷
+ 𝑃𝑡]

𝐸 [𝑐 (Δ𝑇
𝑁
+ 𝑡) − 𝐿

𝑁
]
. (7)

The above expression is turned into the equation in the
following expression:

inf
𝑁∈𝑁
+

(𝐸 [𝑁𝐸
𝐷
+ 𝑃𝑡] − 𝜁

∗

𝐸 [𝑐 (Δ𝑇
𝑁
+ 𝑡) − 𝐿

𝑁
]) = 0. (8)

Theminimization problem of expression (8) is an optimal
stopping problem related to 𝜁 to minimize 𝐸[𝑍

𝑁
]. The

following equation holds:

𝑍
𝑁

= 𝑁𝐸
𝐷
+ 𝑃𝑡 − 𝜁 (𝑐 (Δ𝑇

𝑁
+ 𝑡) − 𝐿

𝑁
) . (9)

Suppose, for every value of 𝜁, a set of optimal time
𝑁(𝜁) ∈ 𝑁

+ to minimize 𝐸[𝑍
𝑁
] exists. Our objective is to

acquire optimal stopping time 𝑁
∗

= 𝑁(𝜁
∗

), so as to get
the optimal energy efficiency 𝜁

∗. Hence, expression (10) is
obtained. Consider

𝑁
∗

= arg inf
𝑁∈𝑁
+

𝐸 [𝑁𝐸
𝐷
+ 𝑃𝑡]

𝐸 [𝑐 (Δ𝑇
𝑁
+ 𝑡) − 𝐿

𝑁
]
. (10)

Therefore, expression (6) is transformed as follows:

min
𝑁∈𝑁
+

(𝐸 [𝑁𝐸
𝐷
+ 𝑃𝑡] − 𝜁𝐸 [𝑐 (Δ𝑇

𝑁
+ 𝑡) − 𝐿

𝑁
])

s.t. 𝐸 [𝑅
𝑁
𝑡] − 𝐸 [𝑐 (Δ𝑇

𝑁
+ 𝑡)] ≥ 0.

(11)

On the basis of the Lagrange duality theory, expression
(11) is transformed into the following expression:

min
𝑁∈𝑁
+

𝐸 [𝑌
𝑁
] = min
𝑁∈𝑁
+

(𝐸 [𝑁𝐸
𝐷
+ 𝑃𝑡]

− 𝜁𝐸 [𝑐 (Δ𝑇
𝑁
+ 𝑡) − 𝐿

𝑁
]

+ 𝜆 (𝐸 [𝑐 (Δ𝑇
𝑁
+ 𝑡)] − 𝐸 [𝑅

𝑁
𝑡])) .

(12)

Here, 𝜆 ≥ 0 is a Lagrange multiplier.

Remark 1. In expression (12), the following expression can be
gotten:

𝜆 = 0, 𝐸 [𝑐 (Δ𝑇
𝑁
+ 𝑡)] ≤ 𝐸 [𝑅

𝑁
𝑡] ,

𝜆 > 0, 𝐸 [𝑐 (Δ𝑇
𝑁
+ 𝑡)] > 𝐸 [𝑅

𝑁
𝑡] .

(13)

Hence, we have the following expression:

𝜆 (𝐸 [𝑐 (Δ𝑇
𝑁
+ 𝑡)] − 𝐸 [𝑅

𝑁
𝑡]) =

{

{

{

0, 𝐸 [𝑐 (Δ𝑇
𝑁
+ 𝑡)] ≤ 𝐸 [𝑅

𝑁
𝑡] ,

𝜆 (𝐸 [𝑐 (Δ𝑇
𝑁
+ 𝑡)] − 𝐸 [𝑅

𝑁
𝑡]) , 𝐸 [𝑐 (Δ𝑇

𝑁
+ 𝑡)] > 𝐸 [𝑅

𝑁
𝑡] .

(14)

According to expression (3), the following equation
exists:

𝜆 (𝐸 [𝑐 (Δ𝑇
𝑁
+ 𝑡) − 𝑅

𝑁
𝑡]) = 𝜆𝐸 [𝐿

𝑁
] . (15)

Therefore, expression (12) is turned into the following
expression:

min
𝑁∈𝑁
+

𝐸 [𝑌
𝑁
] = min
𝑁∈𝑁
+

(𝐸 [𝑁𝐸
𝐷
+ 𝑃𝑡]

− 𝜁𝐸 [𝑐 (Δ𝑇
𝑁
+ 𝑡) − 𝐿

𝑁
] + 𝜆𝐸 [𝐿

𝑁
]) .

(16)

Remark 2. For energy efficiency 𝜁, there is 𝐸
𝐷
/(𝑐𝑇) < 𝜁 <

𝑃𝑡/(𝑐𝑡). Assume that the ST stops observing and transmits
data at the time𝑁. When the amount of data left undelivered
𝐿
𝑁

is 0, the value of energy efficiency is minimal. The
minimum value is (𝑁𝐸

𝐷
+𝑃𝑡)/(𝑐𝑁𝑇+ 𝑐𝑡). Therefore, energy

efficiency 𝜁 is no smaller than that one. That means 𝜁 ≥

(𝑁𝐸
𝐷
+ 𝑃𝑡)/(𝑐𝑁𝑇 + 𝑐𝑡) is satisfied.

As 𝑡 ≤ 𝑇 holds, 𝜁 > (𝑁𝐸
𝐷
+ 𝑃𝑡)/(𝑐𝑁𝑇 + 𝑐𝑇) is satisfied.

That is, 𝜁 > 𝐸
𝐷
/(𝑐𝑇) + (𝑃𝑡 − 𝐸

𝐷
)/((𝑁 + 1)𝑐𝑇).

Because transmission energy consumption 𝑃𝑡 is greater
than detection energy consumption𝐸

𝐷
, there is 𝜁 > 𝐸

𝐷
/(𝑐𝑇).

Meanwhile, 𝑃𝑡/(𝑐𝑡) is the ratio of transmission energy
consumption 𝑃𝑡 to accumulative data 𝑐𝑡 during duration
𝑡. If there is 𝜁 > 𝑃𝑡/(𝑐𝑡), ST would deliver data without
channel detection and get smaller value of energy efficiency.
Consequently, there is 𝜁 < 𝑃𝑡/(𝑐𝑡).

4.3. Solution to Optimal Stopping Problem about Average
Energy ConsumptionMinimization. To solve the abovemini-
mization problem of AECPUDT, firstly the existence of opti-
mal stopping rule needs to be proved. Then, description of
the optimal stopping strategy is called for. Finally, the solution
to the optimal stopping problem is expected. Proposition 3 is
presented as follows.

Proposition 3. There is optimal stopping rule in expression
(16).

Proof. According to [17], if the problem satisfies the two
conditions,

(A1) 𝐸[inf
𝑛
𝑌
𝑛
] > −∞,

(A2) lim inf
𝑛→∞

𝑌
𝑛
≥ 𝑌
∞

a.s.,
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the optimal stopping rule exists. Because Δ𝑇
𝑛
is equal to 𝑛𝑇,

expression (16) is converted into the following equation:

𝑌
𝑛
= 𝑛𝐸
𝐷
+ 𝑃𝑡 − 𝜁𝑐 (𝑛𝑇 + 𝑡) + (𝜆 + 𝜁) 𝐿

𝑛
. (17)

Because𝐿
𝑛
≥ 0 is satisfied, there is𝑌

𝑛
≥ 𝑛𝐸
𝐷
+𝑃𝑡−𝜁𝑐(𝑛𝑇+

𝑡).
𝜁 < 𝑃𝑡/(𝑐𝑡) holds, so there is 𝑌

𝑛
> 𝑛𝐸
𝐷
− 𝜁𝑐𝑛𝑇.

Meanwhile, there is 𝜁 > 𝐸
𝐷
/(𝑐𝑇). Furthermore, 𝑛𝑇 ≤ 𝐷

𝑚

is satisfied. Thus, 𝑌
𝑛
> −∞ holds.

Consequently, condition (A1) is satisfied.
If 𝑛 → ∞, 𝐿

𝑛
→ 𝑐(𝑛𝑇 + 𝑡) holds. And there is 𝑛𝐸

𝐷
→ ∞

and 𝑐(𝑛𝑇 + 𝑡) → ∞. Consequently, we have the following
expression:

lim inf
𝑛→∞

𝑌
𝑛

= lim inf
𝑛→∞

(𝑛𝐸
𝐷
+ 𝑃𝑡 − 𝜁𝑐 (𝑛𝑇 + 𝑡) + (𝜆 + 𝜁) 𝐿

𝑛
)

= lim inf
𝑛→∞

(𝑛𝐸
𝐷
+ 𝑃𝑡 + 𝜆𝑐 (𝑛𝑇 + 𝑡)) = ∞.

(18)

As 𝑌
∞

= ∞, condition (A2) holds.

ST has to detect channel condition every period 𝑇 and
then decides whether the current moment is the optimal
moment to stop detecting and deliver data or not. The
decision depends on whether the future expected channel
condition is better or not. As described in Section 3.3, this is a
finite horizon optimal stopping problem. Thus, the expected
value can be derived using backward induction, so as to
obtain transmission rate threshold at each step that ST stops
detecting and transmits data.Therefore, the optimal stopping
rule is that ST verifies whether the current transmission
rate reaches or exceeds the corresponding threshold or not.
If it reaches or exceeds the threshold, ST stops detection
and delivers data. Otherwise, ST continues doing detection.
When ST continues detection until the delay boundary, it
must transmit data unconditionally. In line with [11], the
minimal rate of return𝑊

𝑛
(𝜆, 𝜁) at 𝑛 is as follows:

𝑊
𝑛
(𝜆, 𝜁) = min (𝑃𝑡 + 𝑛𝐸

𝐷
− 𝜁𝑐 (𝑛𝑇 + 𝑡)

+ (𝜆 + 𝜁) 𝐿
𝑛
, 𝑉
𝑀−𝑛−1

(𝜆, 𝜁)) ,

𝑉
𝑀−𝑛−1

(𝜆, 𝜁) = 𝐸 [𝑊
𝑛
(𝜆, 𝜁) | 𝐹

𝑛
]

𝑛 = 1, 2, . . . ,𝑀 − 1.

(19)

Here, 𝐹
𝑛
represents that the related sequence values from

1 to 𝑛 have been obtained through observation. In expression
(19), the energy consumption cost𝐸

𝐷
of ST detecting channel

each time is considered. According to the optimal stopping
rule, when the rate of return at 𝑛 is less than or equal to
the expected value 𝑉

𝑀−𝑛−1
(𝜆, 𝜁), ST will stop detection and

transmit data. Hence, the following inequality is obtained:

𝑃𝑡 + 𝑛𝐸
𝐷
− 𝜁𝑐 (𝑛𝑇 + 𝑡) + (𝜆 + 𝜁) 𝐿

𝑛
≤ 𝑉
𝑀−𝑛−1

(𝜆, 𝜁) . (20)

According to the definition of 𝐿
𝑛
in expression (3), when

𝑐(𝑛𝑇+𝑡) > 𝑅
𝑛
𝑡 is satisfied, the above expression can be turned

into the following:

𝑃𝑡 + 𝑛𝐸
𝐷
+ 𝜆𝑐 (𝑛𝑇 + 𝑡) − (𝜆 + 𝜁) 𝑅

𝑛
𝑡 ≤ 𝑉
𝑀−𝑛−1

(𝜆, 𝜁) . (21)
That is,

𝑅
𝑛
≥

𝑃𝑡 + 𝑛𝐸
𝐷
+ 𝜆𝑐 (𝑛𝑇 + 𝑡) − 𝑉

𝑀−𝑛−1
(𝜆, 𝜁)

(𝜆 + 𝜁) 𝑡
. (22)

When 𝑐(𝑛𝑇 + 𝑡) ≤ 𝑅
𝑛
𝑡 holds, expression (20) can be

transformed as follows:

𝑃𝑡 + 𝑛𝐸
𝐷
− 𝜁𝑐 (𝑛𝑇 + 𝑡) ≤ 𝑉

𝑀−𝑛−1
(𝜆, 𝜁) . (23)

At last, because of maximum delay constraint 𝐷
𝑚
of this

system, ST stops detection and transmits data when the total
duration of detection in a round is 𝑀 ⋅ 𝑡. Consequently, the
threshold of transmission rate at the time𝑀 is 0.

Above all, we obtain the threshold of transmission rate
to stop detection and deliver data at 𝑛, which is given in the
following expression:

𝑅th,𝑛 (𝜆, 𝜁)

=

{{{

{{{

{

𝛼, 𝛽 > 𝛼, 𝑛 = 1, 2, . . . ,𝑀 − 1,

𝛽, 𝛽 < 𝛼, 𝑐1 holds, 𝑛 = 1, 2, . . . ,𝑀 − 1,

0, 𝑛 = 𝑀,

𝛼 =
𝑃𝑡 + 𝑛𝐸

𝐷
+ 𝜆𝑐 (𝑛𝑇 + 𝑡) − 𝑉

𝑀−𝑛−1
(𝜆, 𝜁)

(𝜆 + 𝜁) 𝑡
,

𝛽 =
𝑐 (𝑛𝑇 + 𝑡)

𝑡
,

𝑐1 ≜ 𝑃𝑡 + 𝑛𝐸
𝐷
− 𝜁𝑐 (𝑛𝑇 + 𝑡) ≤ 𝑉

𝑀−𝑛−1
(𝜆, 𝜁) .

(24)

Assume that the probability density of transmission rate
is𝑓
𝑅
(𝑟).The cumulative probability of transmission rate at𝑀

is ∫𝑅max

0

𝑓
𝑅
(𝑟) 𝑑𝑟, which is denoted as 𝐹�̃�. The corresponding

expected value is ∫
𝑅max

0

𝑟𝑓
𝑅
(𝑟) 𝑑𝑟 that is denoted as �̃�. If

transmission rate 𝑅
𝑀
of a round satisfies 𝑅

𝑀
≥ 𝑐(𝑀𝑇 + 𝑡)/𝑡,

𝐿
𝑀
is equal to 0.
Define 𝑅th = 𝑐(𝑀𝑇 + 𝑡)/𝑡. If there is 𝑅th < 𝑅max,

the cumulative probability of transmission rate which is
less than 𝑅th at 𝑀 is ∫

𝑅th

0

𝑓
𝑅
(𝑟) 𝑑𝑟. It is denoted as 𝐹�̂�th.

The corresponding expected value is ∫𝑅th
0

𝑟𝑓
𝑅
(𝑟) 𝑑𝑟, which is

denoted as �̂�th. Thus, when ST transmits data at the time𝑀,
the expected value of the rate of return 𝑉

0
(𝜆, 𝜁) is as follows:

𝑉
0
(𝜆, 𝜁) = {

(𝑃𝑡 +𝑀𝐸
𝐷
) 𝐹�̃� + 𝜆𝑐 (𝑀𝑇 + 𝑡) 𝐹�̂�th − (𝜆 + 𝜁) �̂�th𝑡 − 𝜁𝑐 (𝑀𝑇 + 𝑡) (𝐹�̃� − 𝐹�̂�th) , 𝑅th ≤ 𝑅max,

(𝑃𝑡 + 𝑀𝐸
𝐷
+ 𝜆𝑐 (𝑀𝑇 + 𝑡)) 𝐹�̃� − (𝜆 + 𝜁) �̃�𝑡, 𝑅th > 𝑅max.

(25)
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According to backward induction, the following equation
is obtained that combines with expression (19):

𝑉
1
(𝜆, 𝜁) = 𝐸 [min (𝑃𝑡 + (𝑀 − 1) 𝐸

𝐷

− 𝜁𝑐 ((𝑀 − 1) 𝑇 + 𝑡) + (𝜆 + 𝜁) 𝐿
𝑀−1

, 𝑉
0
(𝜆, 𝜁))]

= ∫

𝑅max

𝑅th,𝑀−1(𝜆,𝜁)
(𝑃𝑡 + (𝑀 − 1) 𝐸

𝐷
− 𝜁𝑐 ((𝑀 − 1) 𝑇

+ 𝑡) + (𝜆 + 𝜁) 𝐿
𝑀−1

) 𝑓
𝑅
(𝑟) 𝑑𝑟

+ ∫

𝑅th,𝑀−1(𝜆,𝜁)

0

𝑉
0
(𝜆, 𝜁) 𝑓

𝑅
(𝑟) 𝑑𝑟.

(26)

Similarly, we obtain𝑉
2
, . . . , 𝑉

𝑀−1
. Thus, the expected value of

the rate of return 𝑉
𝑀−𝑛

(𝜆, 𝜁) at 𝑛 is as follows:

𝑉
𝑀−𝑛

(𝜆, 𝜁) = 𝐸 [min (𝑃𝑡 + 𝑛𝐸
𝐷
− 𝜁𝑐 (𝑛𝑇 + 𝑡)

+ (𝜆 + 𝜁) 𝐿
𝑛
, 𝑉
𝑀−𝑛−1

(𝜆, 𝜁))] = ∫

𝑅max

𝑅th,𝑛(𝜆,𝜁)
(𝑃𝑡 + 𝑛𝐸

𝐷

− 𝜁𝑐 (𝑛𝑇 + 𝑡) + (𝜆 + 𝜁) 𝐿
𝑛
) 𝑓
𝑅
(𝑟) 𝑑𝑟

+ ∫

𝑅th,𝑛(𝜆,𝜁)

0

𝑉
𝑀−𝑛−1

(𝜆, 𝜁) 𝑓
𝑅
(𝑟) 𝑑𝑟

𝑛 = 1, 2, . . . ,𝑀 − 1,

(27)

where 𝑅th,𝑛(𝜆, 𝜁) is presented in expression (24). Therefore,
the optimal stopping rule for expression (16) is presented as
follows:

𝑁(𝜁
∗

) = min {𝑀 ≥ 𝑛 ≥ 1 : 𝑅
𝑛
≥ 𝑅th,𝑛 (𝜆, 𝜁

∗

)} , (28)

where 𝑅th,𝑛(𝜆, 𝜁
∗

) is defined in expression (24). Next, it is
needed to calculate the value of 𝜆 and 𝜁

∗. According to [17],
the optimal stopping rule has the following optimal equation:

𝑉
∗

(𝜆, 𝜁
∗

) = 𝐸 [min (𝑃𝑡 + 𝑁𝐸
𝐷
− 𝜁
∗

𝑐 (𝑁𝑇 + 𝑡)

+ (𝜆 + 𝜁
∗

) 𝐿
𝑁
, 𝑉
∗

(𝜆, 𝜁
∗

) + 𝐸
𝐷
)] .

(29)

And the optimal solution to the equation is 𝑉∗(𝜆, 𝜁∗) =

0. Consequently, the optimal equation is converted to the
following:

0 = 𝐸 [min (𝑃𝑡 + 𝑁𝐸
𝐷
− 𝜁
∗

𝑐 (𝑁𝑇 + 𝑡)

+ (𝜆 + 𝜁
∗

) 𝐿
𝑁
, 𝐸
𝐷
)] .

(30)

Meanwhile, according to the KKT (Karush-Kuhn-
Tucker) conditions, the following expression exists:

𝜆𝑐𝐸 [(𝑁𝑇 + 𝑡)] − 𝜆𝐸 [𝑅
𝑁
𝑡] = 0. (31)

To solve (31) it is needed to obtain the value of 𝐸[𝑅
𝑁
]

and 𝐸[𝑁]. Next, 𝐸[𝑅
𝑁
] and 𝐸[𝑁] are analyzed. In fact,

transmission rate 𝑅 detected by ST at each period 𝑇 has the
same distribution. Moreover, given a cumulative distribution
function 𝐹

𝐺
(𝑔) of the random variable channel gain 𝐺, it is

natural to derive the cumulative distribution function 𝐹
𝑅
(𝑟)

of the random variable transmission rate 𝑅. Assume that the
randomvariable transmission rate at𝑁 is𝑅

𝑁
.The cumulative

distribution function of the random variable 𝑅
𝑁
is as follows:

𝐹
𝑅
𝑁
(𝑟) = Pr [𝑅

𝑁,𝑛
≤ 𝑟 | stop at 𝑛]

=

{{

{{

{

𝐹
𝑅
(𝑟) − 𝐹

𝑅
(𝑅th,𝑛 (𝜆, 𝜁

∗

))

1 − 𝐹
𝑅
(𝑅th,𝑛 (𝜆, 𝜁

∗))
, 𝑟 ≥ 𝑅th,𝑛 (𝜆, 𝜁

∗

) ,

0, 𝑟 < 𝑅th,𝑛 (𝜆, 𝜁
∗

) .

(32)

The probability of ST stopping at 𝑛 is defined as follows:

𝜌
𝑛
= (

𝑛−1

∏

𝑖=1

𝐹
𝑅
(𝑅th,𝑖 (𝜆, 𝜁

∗

))) (1 − 𝐹
𝑅
(𝑅th,𝑛 (𝜆, 𝜁

∗

))) . (33)

Hence, the expected value of the random variable trans-
mission rate 𝑅

𝑁
is given as follows:

𝐸 [𝑅
𝑁
] =

𝑀

∑

𝑛=1

𝐸 [𝑅
𝑁,𝑛

| stop at 𝑛] ⋅ 𝜌
𝑛

=

𝑀

∑

𝑛=1

(∫

𝑅max

𝑅th,𝑛(𝜆,𝜁
∗
)

𝑟

1 − 𝐹
𝑅
(𝑅th,𝑛 (𝜆, 𝜁

∗))
𝑑𝐹
𝑅
(𝑟)) ⋅ 𝜌

𝑛
.

(34)

The expected value of the random variable stopping time
𝑁 is presented as follows:

𝐸 [𝑁] =

𝑀

∑

𝑛=1

𝑛𝜌
𝑛
. (35)

Consequently, the following equations can be reasoned
out:

𝜁
∗

=
𝑃𝑡 + 𝐸 [𝑁] 𝐸

𝐷

(𝑐 (𝐸 [𝑁]𝑇 + 𝑡) , 𝐸 [𝑅
𝑁
] 𝑇)
+
,

(𝑐 (𝐸 [𝑁]𝑇 + 𝑡) , 𝐸 [𝑅
𝑁
] 𝑇)
+

=
{

{

{

𝑐 (𝐸 [𝑁]𝑇 + 𝑡) , 𝑐 (𝐸 [𝑁]𝑇 + 𝑡) ≤ 𝐸 [𝑅
𝑁
] 𝑇,

𝐸 [𝑅
𝑁
] 𝑇, 𝑐 (𝐸 [𝑁]𝑇 + 𝑡) > 𝐸 [𝑅

𝑁
] 𝑇.

(36)

𝐸[𝑅
𝑁
] and 𝐸[𝑁] are defined in expressions (34) and (35),

respectively. Expression (36) is solved to obtain the value of
𝜁
∗ and 𝜆. Process of solving 𝜁

∗ and 𝜆 is described in detail
below.

Step 1. Start: let 𝑘 = 1, and initialize 𝜆
𝑘
, 𝜆max, and 𝜆

Δ
.

Step 2. If 𝜆
𝑘
≤ 𝜆max, initialize 𝜁0, and carry out Step 3, or else

go to Step 8.

Step 3. Solve 𝑉
0
(𝜆
𝑘
, 𝜁
0
) according to expression (25). Let 𝑛 =

𝑀 − 1.

Step 4. If 𝑛 ≥ 1, carry out Step 5, or else go to Step 6.

Step 5. Obtain 𝑅th,𝑛(𝜆𝑘, 𝜁0) according to expression (24).
Compute 𝑉

𝑀−𝑛
(𝜆
𝑘
, 𝜁
0
) according to expression (27). Let 𝑛 =

𝑛 − 1. Return to Step 4.
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Step 6. Obtain𝐸[𝑅
𝑁
] and𝐸[𝑁] according to expressions (34)

and (35), respectively. Calculate 𝜁new according to expression
(36). If |𝜁new−𝜁0| > 𝜀 (the error value predefined), let 𝜁

0
= 𝜁new

and return to Step 3, or else let 𝜁∗
𝑘
= 𝜁new and carry out Step 7.

Step 7. Let 𝑘 = 𝑘 + 1 and 𝜆
𝑘
= 𝜆
𝑘−1

∗ 𝜆
Δ
. Return to Step 2.

Step 8. Select the minimum value from the sequence of 𝜁∗
𝑘
as

𝜁
∗, and the corresponding 𝜆

𝑘
is saved as 𝜆.

Given the values of 𝜆
𝑘
and 𝜁
0
, 𝜁∗
𝑘
is obtained by Newton

iterative method. The iterative method is quadratic conver-
gence to the optimal energy efficiency 𝜁

∗

𝑘
, and the result

becomes stable after 3 iterations. To get the optimal 𝜁∗, a
series of 𝜁∗

𝑘
are found out through a series of 𝜆

𝑘
, and then the

minimal value is selected out as the optimal 𝜁∗. Here, 𝜆
𝑘
≥ 0

is Lagrange multiplier. Its value is determined by the value of
𝜁
∗

𝑘
and is smaller than that one. The experiment showed that

the number of values of 𝜆
𝑘
is no more than 10. According

to 𝜁
∗ and 𝜆, the optimal transmission rate threshold value

𝑅th,𝑛(𝜆, 𝜁
∗

) is obtained and presented in expression (24).
This optimal transmission rate threshold𝑅th,𝑛(𝜆, 𝜁

∗

) gives
the transmission rate threshold at which ST would stop
at every slot time 𝑛. It also shows the optimal threshold
of transmission rate that ST could obtain the smallest
AECPUDT.𝑅th,𝑛(𝜆, 𝜁

∗

) effectively decides the optimal time of
ST transmitting data. ST detects channel every period𝑇. If ST
discovers that the transmission rate at current slot time 𝑛 is no
smaller than 𝑅th,𝑛(𝜆, 𝜁

∗

), ST would stop detection and send
data. On the contrary, ST continues doing detection. When
ST detects channel till the delay value 𝑀 ⋅ 𝑡, it has to deliver
data. In accordance with this optimal stopping strategy, ST
detects channel and delivers data continuously, thus decreas-
ing the AECPUDT and increasing the average delivery ratio.

5. Simulation Results and Analysis

The simulation results are shown in this section, which are
obtained by MATLAB simulation tools. The relationships
between these five parameters and the value of optimal
energy efficiency 𝜁

∗ are firstly given, so as to determine
their values. The parameters include data generation rate 𝑐,
detection energy consumption 𝐸

𝐷
, detection cycle 𝑇, trans-

mission duration 𝑡, and maximum transmission delay 𝐷
𝑚
,

respectively. Then, a comparison is made between the results
of our proposed strategy and the ones of other strategies
under different parameters. The results include the average
energy consumption, the average success delivery ratio, and
the average scheduling period.

Wireless channel fading is small scale fading, and the
model is generally simulated as Rayleigh or Rician distri-
bution. The channel conditions of ST and RT obey the
same probability distribution. ST obtains channel condition
through signal transmitted by RT periodically, as described
in Section 3.1. According to [18], probability density function
(PDF) in Rayleigh distribution is as follows:

𝑓
𝐺
(𝑔) =

𝑔

𝜎2
exp(−

𝑔
2

2𝜎2
) , 𝑔 ≥ 0. (37)

Table 1: Parameter values in simulation.

Parameter Description Value
𝑊 Bandwidth [MHZ] 1
𝑁
0 Noise power spectral density [W/HZ] 10−6

𝜎
2 Value related to mean variance of channel

gain 1

𝑔 Channel gain 0∼4
𝑃 Transmission power [mW] 100
𝐴 Main signal amplitude peak value 1

Here, 𝑔 is the channel gain and 𝜎
2 is value related tomean

variance of channel gain 𝑔. Combining with expression (1),
𝑅max-normalized cumulative distribution function (CDF) of
transmission rate 𝑟 in Rayleigh distribution is presented as
follows:

𝐹
𝑅
(𝑟) =

exp (− (2
𝑟/𝑊

− 1)
2

⋅ (𝑁
0
𝑊)
2

/ (2𝜎
2

𝑃
2

))

exp (− (2𝑅max/𝑊 − 1)
2

⋅ (𝑁
0
𝑊)
2

/ (2𝜎2𝑃2))

. (38)

In accordance with [18], PDF in Rician distribution is as
follows:

𝑓
𝐺
(𝑔) =

𝑔

𝜎2
exp(−

𝑔
2

+ 𝐴
2

2𝜎2
) 𝐼
0
(
𝑔𝐴

𝜎2
) , 𝑔 ≥ 0. (39)

Here, 𝐼
0
(⋅) is a Bessel function of first-class 0-order correc-

tion and 𝐴 is main signal amplitude peak value. Combining
with expression (1), 𝑅max-normalized CDF of transmission
rate 𝑟 in Rician distribution is obtained as follows:

𝐹
𝑅
(𝑟) =

𝑄
1
(𝐴/𝜎, (2

𝑟/𝑊

− 1)𝑁
0
𝑊/ (𝜎𝑃))

𝑄
1
(𝐴/𝜎, (2𝑅max/𝑊 − 1)𝑁

0
𝑊/ (𝜎𝑃))

, (40)

where𝑄
1
(⋅) is the first-classMarcum𝑄-function.The param-

eter values in simulation are shown in Table 1.

5.1. Effects under Different Parameters on Optimal Energy Effi-
ciency 𝜁∗. The cumulative distribution curve of transmission
rate 𝑟 is shown in Figure 3(a). As can be seen from the figure,
the cumulative probability of 𝑟 less than 3 × 10

4 bps is 0.02.
That is, the opportunity of link obtaining this rate is smaller.
The cumulative probability of 𝑟 less than 1.6 × 105 bps is 0.5 in
Rayleigh distribution and that of 𝑟 less than 2 × 105 bps is also
0.5 in Rician distribution.This means that the opportunity of
link obtaining ratemore than that is less than 0.5. But the data
loss probability at this moment will be greater than 0.5.Thus,
the data generation rate 𝑐 in Rayleigh distribution is set to be
between 3 × 104 and 1.6 × 105 bps. That in Rician distribution
is between 3 × 104 and 2 × 105 bps.

As can be seen from expression (36), the optimal energy
efficiency 𝜁

∗ of the strategy proposed by this paper is closely
related to five parameters of ST. The curves of relationships
between these parameters and 𝜁

∗ are shown in Figures 3(b),
3(c), 3(d), 3(e), 3(f), 3(g), and 3(h).

Here, 𝜁∗ is the ratio of the total energy consumption to
the amount of data successfully transmitted.The total energy
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Figure 3: Continued.
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Figure 3: Cumulative distribution curve of transmission rate 𝑟 and relationships between each parameter and 𝜁
∗.

consumption is energy consumed by ST for detection and
transmission in every round. Firstly, the energy consump-
tion for transmission in every round is constant. With 𝑐

decreasing, the amount of data accumulated is reduced. If the
amount of data waiting for transmission is less than the one
that can be transmitted within 𝑡, 𝜁∗ will increase. Conversely,
𝜁
∗ will decrease. Secondly, the total energy consumption of
ST includes 𝐸

𝐷
. Therefore, 𝜁∗ increases with the growth of

𝐸
𝐷

and decreases with the reduction of 𝐸
𝐷
. Thirdly, the

transmission energy consumption grows with 𝑡 increasing.
If the amount of data accumulated at this moment is less
than the one that can be transmitted within 𝑡, 𝜁

∗ will
increase. But the data loss probability reduces. Conversely, 𝜁∗
slightly decreases, but the data loss probability will increase.
Fourthly, if𝑇 is prolonged, the opportunity that ST finds good
channel condition would decrease. So ST has less chance to
transmit more data within 𝑡, and then 𝜁

∗ increases. Fifthly,
the amount of data accumulated grows with 𝐷

𝑚
increasing.

So ST can accumulate more data, before it obtains good
channel condition. Consequently, 𝜁∗ decreases, but the data
loss probability will increase.

The above analysis shows how the five parameters affect
the value of optimal energy efficiency 𝜁

∗. In order to balance
the optimal energy efficiency and the data loss probability,
these values are taken in simulation, respectively, such that
𝑐 = 7 × 10

4 bps, 𝐸
𝐷
= 10−8 J, 𝑇 = 1 s, 𝑡 = 0.9 s, and𝐷

𝑚
= 10 s.

5.2. Performance Comparison and Analysis of Different Strate-
gies. In this section, the comparisons will be made between
the Energy-Efficient Transmission Strategy based onOptimal
Stopping (EETSOS) theory proposed in this paper and the
seven strategies of [5]. The analysis will be made to evaluate
the results of average energy consumption, average delivery
ratio, and average scheduling period. At first, we describe
other strategies used for comparison briefly.

(1) Deterministic Transmission Strategy (DTS). ST begins
to send data while the time reaches transmission delay 𝐷

𝑚
.

(2) Random Transmission Strategy (RTS). From𝑀 time of the
maximum delay 𝐷

𝑚
, ST will select randomly one of them to

deliver data in 1/𝑀 probability. (3) Probabilistic Transmission
Strategy (PTS). ST will deliver data as it forecasts the proba-
bility that transmission rate in future being bigger than the
present rate would reach or exceed a certain threshold, or else
ST goes on doing detection. (4) Average Rate Transmission
Strategy (ARTS). ST sends datawhile the present transmission
rate is bigger than the average transmission rate in the
past. On the contrary, ST will continue doing detection. (5)
Optimal Transmission Strategy Based on Secretary Problem
(OTSSP). ST acquires a maximum transmission rate 𝑅

𝑐-max
in the period of 37% [5] of the maximum delay 𝐷

𝑚
using

channel detection. In the later period of the remaining 63% of
𝐷
𝑚
, when STdiscovers some rate is bigger than𝑅

𝑐-max, it stops
transmitting. (6) Energy-Efficient Opportunistic Transmission
Scheduler, E2OTS [5]. This includes E2OTS-I and E2OTS-II,
which realize the objective of expected energy consumption
minimization and average energy consumption per unit time
minimization, respectively. ST will send data as the present
power needed is no greater than the optimal threshold of
power in corresponding slot time, or else ST will continue
doing detection.

5.2.1. Average Energy Consumption. Average energy con-
sumption represents the energy consumption used by trans-
mitting unit data successfully. Its value is the ratio of the total
energy consumption to the total amount of data successfully
transmitted. The total energy consumption includes not
only transmission energy consumption 𝑃𝑡 but also detection
energy consumption 𝐸

𝐷
. Comparison results of the average

energy consumption of different strategies under different
parameters variations of Rayleigh and Rician distribution are
shown in Figure 4.

In Figure 4, it shows that EETSOS has the smallest aver-
age energy consumption value. It means that EETSOS gains
optimal performance of energy consumption optimization.
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Figure 4: Comparisons results of average energy consumption under different parameter variations.

EETSOS gets optimum threshold of transmission rate in
every slot time using optimal stopping approach. ST will
obtain the exact time of the best energy efficiency to deliver
data through comparing the corresponding rate threshold of
each slot time, thus decreasing average energy consumption.
Since DTS and RTS do not consider energy factor for

transmission time selection, they have the biggest average
energy consumption values. ARTS, PTS, and OTSSP have
much smaller values of average energy consumption com-
pared to RTS and DTS, for they take energy consumption
as an important factor for the transmission time selection.
However, the three strategies do not obtain a transmission
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time of the best channel quality. So they consumemuchmore
average energy than EETSOS and alsomore one than E2OTS.
E2OTS obtains the smaller average energy consumption
value. The average energy consumption value of E2OTS-I is
lower than that of E2OTS-II.The reason lies in that the objec-
tive of E2OTS-II is to minimize the average energy consump-
tion per unit time.

5.2.2. Average Delivery Ratio. Average delivery ratio is the
ratio of the amount of data successfully transmitted to the
total amount of data to be transmitted of ST. The larger
value of ratio represents the less amount of data discarded.
Comparison results of the average delivery ratio of different
strategies under different parameters variations of Rayleigh
and Rician distribution are shown in Figure 5.

We observe in Figure 5 that the average delivery ratio
of EETSOS is larger than that of other strategies. It means
that EETSOS discards relatively small amount of data. When
the minimization problem of AECPUDT (see expression
(6)) in EETSOS is constructed, one constraint condition
to finish all accumulative data transmission is considered.
The optimum thresholds of transmission rate in EETSOS
ensure improvement of data delivery ratio. DTS has the least
average delivery ratio. Since DTS always transmits at the
delay 𝐷

𝑚
, there will be a lot of data being discarded due

to exceeding delay. The average delivery ratios of PTS and
RTS are greater than DTS.The two strategies randomly select
transmission time and obtain a transmission rate associated
with probability distribution. The current rate is compared
with the mean value of the past to select transmission
time in ARTS, so earlier transmission time to send data
is always obtained. Hence, ARTS gets more chances to
deliver more data successfully. The average delivery ratio of
OTSSP, E2OTS-I, and E2OTS-II is small. Because OTSSP
takes 37% of the maximum delay to detect channel at least,
quite a lot of data will be discarded due to exceeding delay.
E2OTS-I and E2OTS-II only consider the objective of saving
energy and never consider factor of increasing delivery
ratio.

5.2.3. Average Scheduling Period. Average scheduling period
is the mean value of detection duration of each round in
the given simulation time period. The larger this value is,
the longer the average detection duration is and, conversely,
the shorter it is. Actually, the average scheduling period
is the real average delay of data transmission. Comparison
results of the average scheduling period of different strategies
under different parameter variations of Rayleigh and Rician
distribution are shown in Figure 6.

In Figure 6, it shows that the average scheduling period of
EETSOS is smaller than that of RTS, DTS, OTSSP, E2OTS-I,
and E2OTS-II but is greater than that of RTS, PTS, andARTS.
The average scheduling period of DTS is the longest and
equal to the maximum delay. The average scheduling period
of RTS is close to the expected value of all detection periods
within the maximum delay.The distribution of stopping time
of ARTS and PTS is related to the probability distribution of
channel. The average scheduling period of OTSSP is longer

than 37% of the maximum delay𝐷
𝑚
. The average scheduling

period of E2OTS is related to the power threshold and is
longer than that of RTS, PTS, andARTS.Generally, the longer
the average scheduling period is, the larger the amount of data
accumulated will be. The probability of data discarded due to
exceeding delay is increased.Hence, the average delivery ratio
of DTS, RTS, andOTSSP is smaller. EETSOS gets the optimal
thresholds of transmission rate with the constraint condition
about finishing all accumulative data transmission.Therefore,
EETSOS not only reduces the average energy consumption
but also increases the delivery ratio.

In summary, the energy-efficient transmission strategy
proposed using optimal stopping approach achieves the
objective of reducing average energy consumption. In addi-
tion, the data delivery ratio under the transmission delay
constraint is guaranteed. It means that the strategy of this
paper improves energy efficiency under the premise of
optimizing performance in mobile network.

6. Conclusion

With the rapid advance of network technology, network
energy consumption also shows a rapid growth trend. It is one
of the important research subjects to construct green mobile
computing in the construction and development of mobile
networks. In mobile networks, the channel quality in the
wireless link varies with time randomly, and it is unstable. If
some STneeds to transmit data to another RT in transmission
range, ST has to know channel condition timely. In accor-
dance with the information surveyed, ST selects the optimal
transmission time to improve energy utilization ratio. Due
to the transmission delay demand, it must optimize the data
delivery success ratio. Therefore, the minimization problem
of AECPUDTwith the amount of data transmitted constraint
is constructed in this paper. Since wireless channel quality
varies with time and distributed opportunistic scheduling
can improve network performance and energy utilization of
network devices, ST is able to select proper time of the best
channel status to send data through distributed opportunistic
scheduling. The optimal stopping theory is a useful tool to
realize this distributed opportunistic scheduling problem.
So this paper proposes transmission strategy using optimal
stopping approach, which realizes the objective of decreasing
energy consumption through sending data in good channel
condition. At first, a minimization problem of AECPUDT is
constructed, which considers the transmission delay demand
and the amount of data transmitted constraint.This is a finite
horizon optimal stopping rule problem. Then the existence
of the optimal stopping rule is proved and the solutions and
processes of the problem are presented, thus obtaining the
optimal threshold of transmission rate on every slot time.
ST only compares the current transmission rate obtained by
periodical signal with the corresponding optimal threshold
and decides which time is the best energy efficiency one to
transmit data. Consequently, AECPUDT is reduced, and data
delivery ratio is enhanced. The comparison results in sim-
ulation indicate that energy-efficient transmission strategy
gets the smaller average energy consumption and the larger
delivery ratio. The strategy achieves a better optimization
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Figure 5: Comparison results of average delivery ratio under different parameter variations.
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effect of energy consumption on the basis of guaranteeing
network performance.

In addition, how to decrease energy consumption and
increase delivery ratio in case of changeable data generation
rate is a research topic in the future.
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To provide high-quality video streaming services in a mobile communication network, a large bandwidth and reliable channel
conditions are required. However, mobile communication services still encounter limited bandwidth and varying channel
conditions. The streaming video system compresses video with motion estimation and compensation using multiple reference
frames. The multiple reference frame structure can reduce the compressed bit rate of video; however, it can also cause significant
error propagation when the video in the channel is damaged. Even though the streaming video system includes error-resilience
tools to mitigate quality degradation, error propagation is inevitable because all errors can not be refreshed under the multiple
reference frame structure. In this paper, a new network-aware error-resilient streaming video system is introduced. The proposed
system can mitigate error propagation by controlling the number of reference frames based on channel status. The performance
enhancement is demonstrated by comparing the proposed method to the conventional streaming system using static number of
reference frames.

1. Introduction

Today, high-quality video content is a basic requirement of
multimedia services and is becoming important in mobile
communication systems. Because of the low cost of powerful
processors and the advancement of mobile communication
services, consumers are able to use high-definition multi-
media streaming services on their hand-held devices. These
multimedia streaming data have been compressed for storage
and transmission. Even though many service providers have
developed and provided advanced mobile communication
services, it remains difficult to reliably transmit high-quality
video streams because of the varying channel conditions and
limited available bandwidth of wireless channels.

The current streaming video system generally uses mo-
tion estimation and compensation procedure at encoder and
decoder, respectively, for a high coding efficiency feature.
This system considerably reduces the number of bits to
encode because it utilizesmultiple reference frames to remove
temporal redundancy. Because of its high coding efficiency,
H.264/AVC and H.265/HEVC are suitable for the streaming

system transmitting high-quality video sequences in the en-
vironments that have limited channel capacity [1].

However, if the encoded sequences are damaged by
channel errors, the damage can be propagated to neighbor-
ing macroblocks (MBs) and frames. Even though motion
estimation using multiple reference frames can significantly
decrease the number of data bits that must be encoded, the
compressed sequence can be vulnerable to error propagation.
To mitigate the impact of error propagation, the streaming
video system includes error-resilience tools. Error-resilience
tools preprocess the video data either by reordering each
macroblock’s coding sequence or by inserting redundant
data, such that the damaged blocks can be spreaded out (espe-
cially in the case of burst errors).That is, the damaged video is
improved by error-resilience tools. These tools can make the
encoded video sequence more robust to errors, but coding
efficiency will be decreased because of the additional bits
[2]. Among the typical error-resilient methods, intrarefresh
(IR) algorithm is used often to avoid error propagation in a
distorted video sequence over an error-prone network.When
IR algorithm is used as an error-resilience method, multiple

Hindawi Publishing Corporation
Mobile Information Systems
Volume 2016, Article ID 9076086, 11 pages
http://dx.doi.org/10.1155/2016/9076086

http://dx.doi.org/10.1155/2016/9076086


2 Mobile Information Systems

reference frame structure used in H.264/AVC motion com-
pensation has recently been found to reduce the received
video quality in the presence of transmission errors [3,
4]. This effect occurs because the blocks refreshed by IR
coding at the decoder may not be used for further motion
compensation of the next frames in multiple reference frame
structures; thus, the propagated distortions are not always
removed.

In this paper, a new network-aware streaming video sys-
tem controlling the number of reference frames is proposed
for a reliable video transmission system over an error-prone
network.The proposed streaming video system uses both the
multiple reference frame structure and error-resilience tools
for ensuring both error robustness and coding efficiency.
To demonstrate the trade-off between error resilience and
coding efficiency, various IR and reference frame conditions
are used in the performance evaluation.

This paper is organized as follows: Section 2 describes the
typical video streaming system. The proposed error-resilient
system is explained in Section 3 and the experimental results
are presented in Section 4. Finally, Section 5 presents our
conclusions.

2. Typical Streaming Video System

2.1. Motion Estimation with Multiple Reference Frames. The
key principle of video compression is the elimination of
redundancy. Typically, a video encoder compresses a video
sequence by removing the temporal, spatial, and statistical
redundancies. Specifically,motion estimation and compensa-
tion within the compression strategy increase the coding effi-
ciency by removing temporal redundancy between frames.
To remove more temporal redundancies, a typical streaming
video system based on H.264/AVC and H.265/HEVC uses
multiple reference frames for motion compensation and
chooses the best reference frame among them based on
rate-distortion optimization (RDO). Next, it searches for
motion vectors and encodes the residual data in eachMB [5].
Motion information regarding blocks is separately encoded
and transferred over the network; it is then used for the
reconstruction of the original blocks.

However, this compressed motion may be distorted on
the unreliable channel. If there are errors caused by packet
losses on an unreliable channel, the errors can be propagated
into the following frames by the motion compensation
procedure even though there are intrarefreshed blocks that
are inserted for the error resilience [2]. Furthermore, error
propagation becomes more severe as the number of refer-
ence frames increases. As a result, motion estimation using
multiple reference frames has the advantage of increasing
the coding efficiency; however, it also makes the transferred
video sequence less robust to errors.

2.2. Error Resilience against Transmission Error. To mitigate
quality degradation caused by error propagation, the stream-
ing video system includes error-resilience tools. These tools
run the preprocessing in the encoder to make encoded data
more robust to errors. In arbitrary slice ordering (ASO), each

slice group can be sent in any order and can (optionally)
be decoded in order of receipt instead of in the usual scan
order; flexible MB ordering (FMO) also reorders the coding
sequence of MBs. Even though slices and MBs are consec-
utively damaged, these errors are scattered and localized in
neighboring coding units because these units are reordered at
the decoder [1]. Additionally, data partitioning (DP) provides
the ability to separate more important and less important
syntax elements into different packets of data. Furthermore,
redundant slices (RS) are added when the encoder inserts
additional picture data such as redundant slice, thus making
it more robust to errors [6].

IR coding method is one of the typical error-resilience
tools that are widely used in conventional streaming video
systems. When the streaming encoder performs motion
estimation to code MBs, it decides their coding mode (intra,
inter, or skip) using RDO. However, the IR method forces
MBs of each frame to be encoded with intracoding mode.
The intracoded MBs reduce error propagation and improve
the robustness to transmission errors without significantly
increasing the RD cost. Additionally, to guarantee that all
MBs are eventually refreshed and errors do not propagate
indefinitely, random intrarefresh (RIR), which selects MBs
randomly in a cyclic mode, can be used. However, the RIR
method has some limitations, because RIR randomly decides
the locations of intracodedMBs.That is, RIR does not recog-
nize the generated bit-rate difference betweenmoving objects
and background area in video sequences [7, 8]. Additionally,
the error refresh capabilities can be weakened when multiple
reference frames are used in motion compensation, because
the damage is propagated into the following frames, even
though MBs in the previous frame have been refreshed via
the IR method [3, 4].

2.3. Video Streaming over RTP and RTCP. After encoding an
input video stream via the video coding layer, theH.264/AVC
encoder packetizes the encoded bits into RTP packets for
network transmission. RTP is a transport layer protocol that
has been developed to carry the encoded video sequence on
top of IP and UDP [9]. RTPs companion protocol, RTCP, is
used tomonitor the transmission status of themedia data and
provide feedback information including the reception quality
[10, 11]. The streaming video server multicasts RTP video
packets with sender report (SR) type of RTCP to all clients
and the clients reply with receiver reports (RRs) to inform
the sender and other receivers about the quality of service. In
this way, RTCP RR packets can provide end-to-end feedback
information about delay jitter and packet-loss performance
[12, 13]. Based on this feedback channel information, the
encoder can change its coding strategy to reduce errors and
adapt to changing network conditions.

3. Proposed Network-Aware
Streaming Video System

3.1. Requirement of Streaming Video System. Typically, the
number of reference frames is set to be large for the high
coding efficiency that is set up during the initial video
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Figure 1: Proposed streaming server and client system.

encoding.Thismultiple reference frame structure is preferred
to single reference frame in the recent video codingmethods,
even though it requires a large amount of frame memory and
computation power for motion estimation and compensa-
tion. However, the multiple reference frame coding method
combined with typical error-resilience function such as RIR
has been found to make the overall video quality worse in an
erroneous network [3, 4].

Typical error-resilience methods, that is, FMO [2], ASO,
and DP, can not maintain their resilience features under the
multiple reference frame structure. Therefore, there should
be a strategy combining multiple reference frame structure
for high coding efficiency and resilience function for strong
error-resilience feature. The strategy is introduced in this
paper.

3.2. ProposedNetwork-Aware Error Resilience. In this section,
a network-aware error-resilient streaming video system is
proposed. The proposed system monitors RTCP feedback
messages (including the channel status) delivered by the
client and manages the number of reference frames so as to
mitigate error propagation. Additionally, the number of MBs
to be intracoded forcefully per frame can be added in this
procedure.

Figure 1 shows the proposed streaming server and client
system. The streaming server has additional functions to
monitor the channel status delivered in the form of RTCP

Input video data
(macroblock)

Update the reference frame memory

Parse feedback information
(RPLR)
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Figure 2: Network-aware decision for the number of reference
frames and MBs used in intrarefresh coding.

packets and to change the number of reference frames
and intracoded MBs being inserted into a frame based on
the channel status. After deciding on a suitable number of
reference frames and MBs, the streaming server encodes
the video and assembles it into RTP packets. The size of a
packetized unit is decided by the input parameters of the
encoder; then, the packet is delivered to network [14]. At the
streaming client, the quality of the decoded video sequence
should be observed and returned to the streaming server
to control the error resilience. However, it is difficult to
measure the quality of the decoded video because there are no
undamaged reference frames at the client side. Therefore, the
proposed streaming client measures the refined packet loss
(𝑅PLR) instead of the decoded video quality.𝑅PLR is smoothed
by exponential weighted moving average (EWMA) method
that is defined as

�̃�
𝑖

PLR = (1 − 𝛼) �̃�
𝑖−1

PLR + 𝛼𝑅PLR, (1)

where 𝛼 is a weighting factor that defines the acceleration of
averaging and �̃�𝑖PLR is the estimated packet-loss ratio (PLR).
The delivered �̃�PLR value in RTCP packet is compared to the
predefined PLR threshold PLRth at the streaming server to
determine the number of reference frames. The procedure
for PLR comparison and controlling the number of reference
frames and intracoded MBs is shown in Figure 2.



4 Mobile Information Systems

Table 1: Encoder parameters.

Profile level Baseline (66)
GOP structure IPPP. . .
Bit rate 400 kbps (CBR)
Num. of reference frames 1, 7 (1∼7)
Num. of intrarefresh MBs 6, 18
Entropy coding CAVLC
Packet type RTP
Reference S/W ver. JM 17.2 [15]

We present a strategy for achieving high error robust-
ness in the multiple reference frame based streaming video
encoding system.The proposed streaming server reduces the
number of reference frames (NRF) to RFMin which is the
smallest number of reference frames, when �̃�PLR is greater
than PLRth. When there are video frames that are found
damaged, the streaming video system makes the number
of reference frames small. Then, refreshing feature of the
intracoded MBs can be effective [3, 4]. That is, more blocks
refreshed by RIR coding will be used for further motion
compensation of the next frames in multiple reference frame
structures. After the transmission channel becomes stable,
that is, �̃�PLR being less than PLRth, the streaming video
encoder increases the number of reference frames up to
RFMax, which is the largest number of reference frames.
Additionally, the higher number of MBs for intracoded
mode, NIR, can be used together with the proposed system
to achieve higher error resilience because the intrarefresh
will be more effective when the error propagation has been
mitigated.

In this way, the proposed system can strike a balance
between high coding efficiency (for the stable channel) and
error robustness (for the unstable channel).

4. Performance Evaluation

4.1. Experimental Setup. The proposed network-aware refer-
ence frame control system is expected to achieve both coding
efficiency and error robustness by monitoring the channel
status and making suitable adjustments.

For the experiments, reference software of H.264/AVC
standard named JM is used. As it is well known, JM includes
encoder, decoder, and rtp loss model. Specifically, the pro-
posed error-resilience method has added to the encoder
of JM for the proposed streaming video system. Table 1
shows the encoder parameters used in the experiments. Both
the proposed network-aware streaming video system and
the conventional streaming system use the same encoding
parameters. Additionally, both systems encode the same test
sequences shown in Table 2 in baseline profile and packetize
the compressed video sequences into RTP packets. To com-
pare the performance of the proposed system under varying
conditions, input video sequences depicting different motion
activities are used. For example, the akiyo and carphone
sequences have slow motion and a static background. Thus,
they are less damaged than the high-activity video sequence

Table 2: Test video sequences.

Input video akiyo carphone football soccer
Total frames 240 frames
Frame rate 30 fps
Resolution CIF (352 × 288)
Motion activity Slow Slow Fast Fast

Damaged video frame
by RTP packet loss Damaged by error propagation

Streaming client

Streaming server

RTCP RTCP

Selection of number
of reference frames

Selection of number
of reference frames

Figure 3: Simulation scenarios for the proposed network-aware ref-
erence frame control system.

when video packets are lost. In contrast, the football and
soccer sequences consist of fast motion.

To simulate the various error-prone wireless networks,
both a bursty pattern and a random pattern for packet
losses are created as shown in Figure 3. Also, in order to
observe the performance of error resilience reducing error
propagation, the severe channel error conditions should be
considered. That is, 20% packetized frames are lost in the
forms of burst error and random error over one second at
the simulation time of 2 seconds after starting the streaming
video. To decode and analyze the quality of damaged video
stream, decoder of JM is used. If the transferred video packets
are lost, the frame copy is used for error concealment at
the decoder. The �̃�PLR observed at the streaming client is
delivered to the server and is expected to be received after
a transmission time of 𝑇Trans. 𝑇Trans is determined to have a
uniform distribution between 1 s and 2 s. Therefore, the high
coding efficiency is required before channel error starts, while
error-resilience feature is more expected after channel errors.
In our experiment, we set the the minimum and maximum
numbers of reference frames, RFMin and RFMax, to 1 and 7,
respectively. At the same time, 6 and 18 intracoded MBs per
CIF picture have been forcefully generated for RIR.

In this experiment, the proposed network-aware ref-
erence frame control system using either RFMin or RFMax
based on channel condition, named NARF, is compared to
two conventional streaming systems, NRF1 and NRF7. Here,
NRF1 and NRF7 refer to the conventional system using the
static number of reference frames of 1 and 7, respectively.

4.2. Experimental Results and Analysis. For the first error-
resilience experiment, we applied a burst error pattern to
simulate a worse situation like handover in the mobile
network. As shown in Figure 3, the damage to the test
sequences is observed for a duration of 1 s at the simulation
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Table 3: Average PSNR values observed for test sequences under the burst error conditions.

akiyo carphone football soccer
RIR6 RIR18 RIR6 RIR18 RIR6 RIR18 RIR6 RIR18

Phase 1 (error-free)
NRF1 43.97 43.43 37.71 37.44 27.76 27.61 33.06 32.82
NRF7 44.20 43.67 38.28 38.00 27.83 27.74 33.21 32.93
NARF 44.20 43.67 38.28 38.00 27.83 27.74 33.21 32.93

Phase 2 (after burst error)
NRF1 31.74 36.11 26.23 25.87 26.74 28.20 28.40 27.00
NRF7 32.23 34.07 25.32 27.22 21.04 24.92 27.33 22.54
NARF 32.88 36.90 26.43 27.83 22.89 26.79 27.83 27.54
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Figure 4: akiyo sequence under the burst error conditionwith RIR6.

time of 2 s. All PSNR results of test sequences are shown in
Figures 4–11. Before the packet losses occur, the conventional
system of NRF7 shows the more enhanced PSNR result
at all test sequences than NRF1 (as shown in Table 3).
However, the PSNR result of NRF7 can be worse as the video
damage is accumulated and propagated, even though 6 and
18 intrarefresh MBs are inserted. That is, the error-resilience
feature of RIR does not work properly under the condition
of multiple reference frame structure. However, NRF1 tends
to generate the better error recovery feature because its single
reference frame structure can reduce the error propagation.
Specifically, NRF1 in both football and soccer sequences shows
the stronger error resilience than that in both akiyo and
carphone sequences, because football and soccer sequences
consisting of faster motions have more serious error propa-
gation than others. Also, we could measure another trade-off
between NRF1 and NRF7. When small number of previous
frames, that is, one or two frames, are damaged, NRF7
partially shows better PSNR performance than NRF1 because
NRF7 can perform the motion compensation in the current
frame with the blocks in the far-located (undamaged) frames
in the multiple reference frame. Therefore, NRF1 does not
always show better PSNR than NRF7 even after the packet
losses are detected.
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Figure 5: akiyo sequence under the burst error condition with
RIR18.
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Figure 6: carphone sequence under the burst error condition with
RIR6.
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Figure 7: carphone sequence under the burst error condition with
RIR18.
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Figure 8: football sequence under the burst error condition with
RIR6.

On the other hand, the proposed NARF system exhibits
stronger error robustness than NRF7 for all test sequences
because of its channel adaptiveness. The proposed NARF
uses RFMax for the higher coding efficiency at the error-free
condition, whereas it uses RFMin for the error restoration
performance after recognition of channel errors. Indeed,
NARFmaintains RFMax during the time periodwhen channel
errors are notified to the streaming server. This coding
balance between RFMax and RFMax makes the proposed
NARF perform better than NRF7 all the time and better than
NRF1 in some error conditions. It can be effective at both
coding efficiency and error robustness. Figure 12 presents
representative images of the soccer sequence encoded under
the various reference frame conditions. Additionally, the
average PSNR values observed for the test sequences are
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Figure 9: football sequence under the burst error condition with
RIR18.
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Figure 10: soccer sequence under the burst error condition with
RIR6.

shown in Table 3. Here, phase 1 implies the error-free period
from 0 s to 2 s at the simulation time, while phase 2 indicates
the erroneous period from 2 s to the end of simulation time.
During phase 1, NRF7 andNARF using RFMax perform better
than NRF1. However, during phase 2, NRF1 and NARF using
RFMin perform better thanNRF7.That is, the proposedNARF
manages its encoding towork likeNRF7 at the error-free time
and NRF1 at the erroneous time.

For the second error-resilience experiment, we applied
the random error pattern to the simulation which is created
by random function in the standard C library with rtp loss
model in the JM reference software. Here, the same encoding
conditions as in the first experiment (shown in Tables 1 and
2) are used.
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Figure 11: soccer sequence under the burst error condition with RIR18.
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Figure 12: Visualized soccer sequence under the burst error conditions, (a) no damage, (b) NRF1, (c) NRF7, and (d) NARF.

Experimental results of NARF and conventional stream-
ing systems performed under the random errors are shown
in Figures 13–20. From the simulation time of 2 s, random
number of frames are lost during 1 s. As the samewith the first
simulation, the NARF system shows better coding efficiency
and error resilience than the cases of NRF1 and NRF7 in both
cases of RIR6 and RIR18. Figure 21 presents representative

images of football sequence under various reference frame
conditions. The average PSNR values observed for the test
sequences are shown in Table 4.

The observation results indicate that the proposed
streaming method is effective at achieving more reliable
transmission of streaming video because it strikes a balance
between coding efficiency and error-resilience features.
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Table 4: Average PSNR values observed for test sequences under the random error condition.

akiyo carphone football soccer
RIR6 RIR18 RIR6 RIR18 RIR6 RIR18 RIR6 RIR18

Phase 1 (error-free)
NRF1 43.97 43.43 37.71 37.44 27.76 27.61 33.06 32.82
NRF7 44.20 43.67 38.28 38.00 27.83 27.74 33.21 32.93
NARF 44.20 43.67 38.28 38.00 27.83 27.74 33.21 32.93

Phase 2 (after random error)
NRF1 38.98 39.49 26.18 26.69 22.92 28.26 24.96 27.11
NRF7 38.44 38.37 26.93 27.13 22.87 26.53 24.59 27.34
NARF 38.51 40.13 27.11 27.94 23.51 27.86 28.56 27.22
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Figure 13: akiyo sequence under the random error conditions with
RIR6.
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Figure 14: akiyo sequence under the random error conditions with
RIR18.
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Figure 15: carphone sequence under the random error conditions
with RIR6.
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Figure 16: carphone sequence under the random error conditions
with RIR18.
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Figure 17: football sequence under the random error conditions
with RIR6.
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Figure 18: football sequence under the random error conditions
with RIR18.

5. Conclusion

The requirements of reliable real-time streaming video ser-
vices in the recent mobile and wireless communication envi-
ronments are enormous. However, these channels remain
unreliable while consumer demand for streaming video
increases.Therefore, video coding standards typically include
both error-resilience tools to cope with the error propagation
and multiple reference frame structures to achieve higher
coding efficiency. However, error-resilience tools decrease
coding efficiency. In addition, the multiple reference frame
structure used for higher coding efficiency in motion esti-
mation and compensation interferes with conventional error-
resilience tools. In this paper, we propose a network-aware
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Figure 19: soccer sequence under the random error conditions with
RIR6.
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Figure 20: soccer sequence under the random error conditions with
RIR18.

reference frame control system that keeps a balance between
coding efficiency and error resilience based on the channel
status. Experimental results show that the proposed video
streaming system provides better PSNR approximately from
0.2 to 0.5 dB than conventional video streaming system
(NRF1) using single reference frame when no video frames
are damaged and better PSNR from 0.3 to 3 dB than con-
ventional system (NRF7) using 7 reference frames when the
video frames are damaged. That is, the proposed streaming
video system maintains the high video quality by controlling
the number of reference frames based on the channel status.
In addition, the proposed system can adopt the channel-
adaptive intrarefresh methods to increase the error robust-
ness.
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(a) (b)

(c) (d)

Figure 21: Visualized football sequence under the random error conditions, (a) no damage, (b) NRF1, (c) NRF7, and (d) NARF.
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The delivery of three-dimensional immersive media to individual users remains a highly challenging problem due to the large
amount of data involved, diverse network characteristics, and user terminal requirements, as well as user’s context. This paper
proposes a framework for quality of experience-aware delivering of three-dimensional video across heterogeneous wireless
networks. The proposed architecture combines a Media-Aware Proxy (application layer filter), an enhanced version of IEEE
802.21 protocol for monitoring key performance parameters from different entities and multiple layers, and a QoE controller
with a machine learning-based decision engine, capable of modelling the perceived video quality. The proposed architecture is
fully integrated with the Long Term Evolution Enhanced Packet Core networks. The paper investigates machine learning-based
techniques for producing an objective QoE model based on parameters from the physical, the data link, and the network layers.
Extensive test-bed experiments and statistical analysis indicate that the proposed framework is capable of modelling accurately the
impact of network impairments to the perceptual quality of three-dimensional video user.

1. Introduction

Media-friendly Future Internet needs to cope with an
increased demand for streaming applications and three-
dimensional (3D) media by modifying and optimising exist-
ing protocols for streaming over a hybrid network environ-
ment. Accessing the Internet easily, any time, anywhere, and
with any device, has changed user’s Internet consumption
amount and behaviour, especially onmedia consumption [1].
Traditionally web surfing and file sharing were the dominant
applications, whereas today real-time streaming and social
media applications (e.g., YouTube, Facebook, etc.) constitute
the major portion of the Internet traffic. The change in Inter-
net usage patterns and the increasing needs of novel applica-
tions (high performance, availability, security, etc.), together
with end users’ increasing quality of experience (QoE) expec-
tations, open new challenges for the Future Internet due to
increasing popularity of real-time communication, online
social networks, and heterogeneity of user devices [2–4].

It is evident that due to recent advances in video acquisi-
tion techniques, coding, delivery, and displaying, 3D video
has sprouted in the consumer domain through a range of

applications and services which provide enhanced visual
experience for the viewers. Recently, the research on 3D video
coding and transportation intensified, flared by enhance-
ments and updates on coding strategies, such as H.264/SVC
(Scalable Video Coding) [5], H.264/MVC (Multiview Video
Coding) [6], and High Efficiency Video Coding (HEVC) [7],
as well as the wide deployment of LTE (Long TermEvolution)
systems for high-speed data delivery to both wireless and
mobile users [8].

Based on the different representation formats for stereo-
scopic and multiview videos, different coding schemes have
evolved over time to compress such media efficiently. Pure
colour based (e.g., multiview, stereo L-R) or depth based for-
mats (e.g., colour-plus-depth or Layered Video plus Depth)
are usually compressed using the legacy block based coding
standards, such as MPEG-4 Part 10/H.264 Advance Video
Coding (AVC), or its extensions, such as SVC [9] or MVC
[10]. AVC has also introduced new profiles to support coding
of stereoscopic videos, such as Stereoscopic High Profile [11].
Both AVC derived codecs, namely, SVC and MVC, get their
base layer fully compliant with AVC specifications in order to
be compliant with legacy deployments.The purpose of SVC is
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to provide a universal media bit-stream that can be decoded
by multiple decoders of different capacities to produce the
reconstructed media at different states. SVC also provides
dynamic adaptation to a diversity of networks, terminals,
and formats. This is extremely useful for simple adaptation
of transmission and efficient storage and is beneficial for
transmission services with uncertain resolution, channel
conditions, and device types. The MVC standard, on the
other hand, in order to impove the overall rate-distortion
performance, exploits the inter-view redundancies through
the Disparity Compensated Prediction (DCP) [12]. Nonethe-
less, the multiview bit rate increases to unmanageable levels
as the number of source cameras increases. Therefore, it
is impractical to encode and transport the entire set of
views required to be displayed on most multiview displays,
particularly when dealing with heterogeneous wireless access
networks. Yet, it remains unclear how all these technologies
affect the viewer’s perception of 3D video [13, 14]. Apparently,
it is still unrealistic to try and estimate the QoE of such
application, without resorting to full subjective evaluations.

Any 3D video coding and delivery system will ultimately
need to be measured in terms of user’s satisfaction and
perceived experience. QoE can be defined as the overall
acceptability of an application or service strictly from the
users point of view. It is a subjective measure of end-to-end
service performance from the user perspective and it is an
indication of howwell the networkmeets the users needs [15].
Encompassing many different aspects, QoE is riveted on the
true feelings of end users when they watch streaming video,
listen to digitized music, and browse the Internet through a
plethora ofmethods and devices [16].There is a real challenge
in creating models which will accurately perform learning to
model service behaviours by taking into account parameters
such as arrival pattern request, service time distributions,
I/O system behaviours, and network usage [17]. The aim
of such attempts is to estimate QoE for both resource-
centric (utilization, availability, reliability, and incentive)
and user-centric (response time and fairness) environments
over certain predefined Quality of Service (QoS) and QoE
thresholds. Evidently, there is still no concrete evidence to
prove the correlation between QoS and QoE, particularly for
3D video. Nevertheless, there are several attempts to define
the relationship of human perception of video quality to the
inherently objective network conditions, and the majority of
this work concludes that such a relationship cannot be linear
[18, 19]. Specifically, authors in [20] proved the importance
of the impact that network delivery speed and latency have
on the human satisfaction but also determined that, in a
heterogeneous networking environment, neither bandwidth
nor latency is sufficient as attributes that indicate the range
of issues, which render a service as nonappealing to the end
user.

This paper describes a framework for QoE-aware deliv-
ering of 3D video across heterogeneous wireless networks.
Towards this end, a synergy is proposed between the LTEEPC
architecture and IEEE 802.21 protocol that will ensure real-
time control and monitoring of key performance indicators
and parameters relative to the perceived 3D QoE across dif-
ferent layers and entities. The proposed framework includes

a QoE controller module housing a machine learning- (ML-)
based decision making engine, which trains data collected
from the user and the network planes in order to model,
as accurate as possible, the perceptual 3D video quality. It
needs to be underlined that the proposed architecture does
not require any alteration of the standardised LTE EPC
interfaces; hence, it could be smoothly integrated with the
current mobile operators’ deployments. The paper investi-
gates machine learning-based techniques for producing an
objective QoE model of network related impairments. The
proposed QoE model is a function of parameters collected
not only from the application layer, but also from the
underlying layers. Previous efforts on modelling QoE for 3D
video have been based on measuring the end-to-end packet
loss and determining the perceivedQoE, a process that would
require feedback from the receiving end, which in the case
of wireless networks may never arrive or may arrive too
late for the decision engine. This research investigates a new
methodology for monitoring network imposed impairments
to the perceived video quality that will result inmore accurate
QoEmodels. Specifically, a set of QoS parameters is collected
from different points in the delivery chain (i.e., bit error
rate from physical layer, MAC layer load, and network
layer delay/jitter), which account for the overall number
of lost packets. Three classification schemes with different
characteristics have been studied in order to identify themost
appropriate method for modelling 3D video quality due to
network impairments.

The rest of the paper is organised as follows. Section 2
briefly presents the concept of LTE EPC and its main entities
that are relevant to the purposes of this study. Section 3
provides a detailed description of the proposed media-aware
framework and focuses on the synergy between the Media-
Aware Proxy, the IEEE 802.21 protocol, and the QoE con-
troller, which enables collectingQoE related key performance
indicators across multiple layers and network components,
the training of these data, and the modelling of the perceived
3D video QoE. Additionally, in this section the three ML-
based classification models are introduced and their main
differences are explained. The setup of the experimental test-
bed is described in Section 4. Moreover, the section defines
the physical, MAC, and network layer parameters, whose
impact on the perceptual quality of 3D video is under study.
The collected Mean Opinion Score (MOS) from the subjec-
tive experiments, along with a detailed statistical analysis,
is presented in Section 5. Based on the measured 3D MOS,
Section 6 compares the performance of the three machine
learning methods in terms of precision and accuracy, in
order to determine the most suitable classification scheme
for implementation as part of the QoE controller. Finally,
Section 7 concludes the paper and highlights the future aims
of this research.

2. 3GPP EPS Architecture

The technical realization of next generation mobile net-
works requires that complementary wireless technologies
are integrated in order to provide ubiquitous multimedia
services “anywhere, any time, and on any device.” In the
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recent years, 3GPP’s Evolved Packet System (EPS) [21] is
increasingly deployed by mobile operators in order to satisfy
the requirement for uninterrupted, high quality, real-time
multimedia services across wireless access networks. EPS
consists of the LTE wireless access, which is forming the
Evolved UTRAN (E-UTRAN) as the lower part of EPS and
an IP connectivity control platform called Evolved Packet
Core (EPC) as the upper part of EPS, which enable wireless
access networks diversity (i.e., LTE, UMTS, WiMax, WiFi,
etc.). EPS is relying on standardized routing and transport
mechanisms of the underlying IP network. In parallel, EPS
provides capabilities for coexistence with legacy systems and
migration to the EPS, while it supports functionalities for
access selection based on operators policies, user preferences,
and networking conditions. One of the most important
features of EPS is its ability to support simultaneous active
Packet Data Network (PDN) connections for the same user
equipment, whilst maintaining the negotiated QoS across the
whole system.

3GPP has proposed the EPC in an effort to support higher
data rates, lower latency, packet optimisation, and multiple
radio access technologies [22]. As part of EPS, EPC is an all-
IP architecture that fulfils those requirements and supports
the characteristics of E-UTRAN. The advantages of EPC,
as opposed to the legacy GPRS architecture, are a more
clear depiction of control and data planes, a more simplified
architecture with a single core network, and, finally, the full
assumption of the IETF protocols. Therefore, EPC allows for
a truly converged packet core for trusted 3GPP networks (i.e.,
GPRS,UMTS, LTE, etc.), non-3GPPnetworks (i.e.,WiMAX),
and untrusted networks (i.e., WLAN). Additionally, EPC
maintains seamless mobility and consistent and optimised
services provisioning independent of the underlying access
network.

The proposed framework for QoE-aware delivery of 3D
video content over heterogeneous wireless networks relies
on 3GPP EPC. Therefore, a description of the EPC modules
related to the study follows. The functionalities of the dis-
cussed modules are enhanced as part of the proposed frame-
work in order to support seamless connectivity, transparent
real-time adaptation of 3D video streaming, and QoE-aware
monitoring and management.

2.1. Key EPC Modules. The relevance to the proposed frame-
work EPC modules [22] is depicted in Figure 1. Specifically,
these architecturalmodules and functions include the follow-
ing:

(i) Home Subscriber Server (HSS) is the main database
of the EPC responsible for storing subscriber’s infor-
mation that may include profile description, several
identification information, and information regard-
ing the subscriber’s established sessions. The module
interfaces with the Mobility Management Entity and
the Authentication, Authorization, and Accounting
server (implemented as a Diameter server [23]).

(ii) Mobility Management Entity (MME) is the module
that performs the mobility management and bearer
management and establishment. It is also responsible
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Figure 1: Relevant EPC architectural elements.

for performing mobility functions during handovers
between 2G or 3G 3GPP access networks.Themodule
has interfaces to the Serving-GW, the eNodeB, and the
HSS.

(iii) Serving Gateway (Serving-GW) acts as the gateway
where the interface towards E-UTRAN terminates.
Each piece of user equipment (UE) associated with
the EPS is served by a single Serving-GW. In terms of
implementation, both the Serving-GW and the PDN-
GWmay be dwelling in a single physical component.

(iv) Packet Data Network Gateway (PDN-GW) is the
gateway which terminates the interface towards the
packet data networks (e.g., IMS [24], Internet). In case
where the UE is connected with different IP services,
several PDN-GW are associated with this UE. It per-
forms UE IP allocation, policy enforcement, packet
filtering per user, and packet screening. Moreover,
PDN-GW acts as the mobility anchor between 3GPP
and non-3GPP access. It has interfaces to the Serving-
GW, the Evolved PacketDataGateway (ePDG), which
is responsible for interworking between the EPC and
untrusted non-3GPP networks, such as WiFi, inter-
face to the 3GPP AAA server, the trusted non-3GPP
access gateway, and the Policy and Charging Rules
Function.

(v) Policy and Charging Rules Function (PCRF) per-
forms QoS control, access control, and charging
control. The function is policy based and autho-
rizes bearer and session establishment and manage-
ment. A single PCRF is assigned to all the connec-
tions of a subscriber. It interfaces with Policy and
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Charging Enforcement Function (PCEF) within the
PDN-GW and the Bearer Binding and Event Report-
ing Functions (BBERFs) within the trusted/untrusted
3GPP/non-3GPP access gateways and the HSS.

(vi) Evolved-UTRAN (E-UTRAN), as explained above, is
a simplified radio access network architecture com-
prised of evolved NodeBs (eNodeBs). In terms of
functionality E-UTRAN supports radio resource
management (RRM) and selection of MME and is
responsible for routing user data to the Serving-GW
and for performing scheduling, measurements, and
reporting.

The described EPC modules have been implemented as
part of the OpenEPC testing platform [25], and they have
been extended within the context of this work in order to
support QoE-aware multimedia delivery, as described in the
rest of the paper.

3. Proposed Media-Aware Architecture

Themedia-aware architecture proposed in this paper aims to
provide seamless end-to-end services with ubiquitous use of
the heterogeneous technologies. In the centre of this archi-
tecture lies a QoE controller, which facilitates a ML-based
model of the quality of the perceived video experience. The
learning process is based on a collection of key performance
indicators from across the network architecture and fromdif-
ferent layers. This information is stored in a central database,
as described in the rest of this section. Evidently, the proposed
framework is required to provide seamless, uninterrupted,
and QoE-aware video services across heterogeneous link
layer interfaces and user devices. Therefore, the proposed
media-aware framework integrates a novel entity named
Media-Aware Proxy (MAP)with the IEEE 802.21Media Inde-
pendent Handover (MIH) protocol [26]. In order to support
seamless handover and IP layer mobility, the proposed
framework supports also the Proxy Mobile IP; however, this
is beyond the scope of the current research.

This framework is tightly coupled with the LTE EPC
functions and modules [22]; however, it neither interrupts
the inherent process of EPC nor violates its protocols, as it
lies just before the core network. The synergy of MAP and
MIH along with a QoE controller, which acts as the QoE-
aware decision making function, allows for real-time video
stream adaptation (i.e., intelligent quality layer dropping or
stream prioritization) based on multiple physical, network,
and application layer parameters, collected from both the
mobile terminal and the access network side. An overview of
the proposed architecture is illustrated in Figure 2.

3.1. Media-Aware Proxy. MAP is defined as a transparent
user-space module responsible for low-delay adaptation and
filtering of scalable video streams [27]. In conjunction with
the QoE controller, which models QoE and informs MAP
about the predicted level of the perceived quality, the latter
is able to either drop or forward packets that carry specific
layers of a stream to the receiving video users. In detail, MAP
is a network function based on the Media-Aware Network

Element (MANE) standard [28, 29]. Briefly, MANE can be
considered as either a middle box or an application layer
getaway capable of aggregating or thinning RTP streams by
selectively dropping packets that have the less significant
impact on the user’s video experience. As such, MANE has
been proposed as an intermediate system that is capable of
receiving and depacketising RTP traffic in order to customise
the encapsulated network abstraction layer units, according
to client’s and access network’s requirements.Within the con-
text of the proposed media-aware architecture, MAP’s role is
twofold. Firstly, it acts as a central point of decision in order
to overcome networking limitations imposed by firewalls and
Network Address Translation (NAT) protocol that are exten-
sively used in real life networks. Secondly, it receives and
parses RTP streams and customises the streaming according
to the video client’s requirements and network conditions,
based on the QoE-aware decision engine of the QoE con-
troller.

In particular, MAP, which is designed to run in Linux
kernel level in order to ensure minimum impact on the end-
to-end delay, acts as a transparent proxy of the mobile client
and it is responsible for parsing the packets that are destined
for all mobile users over multiple ports. Each received packet
is forwarded in a queue and its header is parsed by an
RTP parser process in order to identify the embedded video
related information, without changing the header’s fields.
Moreover, MAP has the responsibility to store this infor-
mation in media independent information service (MIIS)
database. MAP is designed as a MIH-aware entity; hence, it
can directly store information required from the QoE model
to the MIIS database. Specifically, MAP regularly updates the
database with all client IDs (i.e., video service, video view ID,
number of layers, incoming data rate, etc.); thus, it enables
the QoE controller to train the collected data and predict
the perceptual video quality of experience. The timely output
of the ML-based QoE model will be utilised by MAP in
order to maximise the perceived video QoE by selecting
the appropriate stream optimisationmethod.The abovemen-
tioned algorithmic process is shown in Figure 3.

3.2. IEEE 802.21 Overview. While the main purpose of IEEE
802.21 standard is to enhance the handover performance in
heterogeneous networks [26], it also supports the important
aspect of link adaptation. A resource-intensive multimedia
application like video streaming requires link adaptation in
order for the network provider to offer the maximum level
of video experience. As a result IEEE 802.21 standard can be
employed to support cooperative use of information available
at both the mobile node and the network infrastructure. This
framework introduces a new entity called MIH Function
(MIHF), which resides within the protocol stack of the
network elements and particularly between the link layer and
the upper layers. Any protocol that uses the services provided
by the MIHF is called a MIH user.

As shown in Figure 4, MIHF provides three types of
services, the media independent event service (MIES), the
media independent command service (MICS), and themedia
independent information service (MIIS).TheMIESmonitors
link layer properties and initiates related events in order to
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Figure 3: Algorithmic representation of Media-Aware Proxy.

inform both local and remote users. TheMICS provides a set
of commands for theMIHusers to control link properties and
interfaces. Finally, the MIIS provides information of static
nature for the candidate access networks such as frequency
bands, maximum data rate, and link layer address.

On the other hand, there is the 3GGP approach which
defines a new component called access network discovery

and selection function (ANDSF) [30], which in conjunction
with the event reporting function (ERF) aims to facilitate
information exchange for the network selection process.
However, this approach is not as exhaustive and comprehen-
sive as the MIES and can not support in depth monitoring of
the link layer condition. For this reason, in the current work,
the integration of MIH in the EPC architecture to support
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link layer monitoring is proposed and the related signalling
is presented. Furthermore, the available set of monitored
characteristics is extended in order to include the application
layer and, hence, to encompass video related attributes.

In order for theMIH framework to be effectively deployed
in the EPC architecture, the MIHF must be installed at both
network elements and mobile nodes. Additionally, an MIIS
server must be introduced that has a database with the static
attributes of the available access networks in the current
EPC domain. We propose the extension of the MIIS server’s
functionalities so as to support the MIES and MICS services
in order to store the reports of the involved entities and
enforce policy rules applied by the QoE controller.

A focal point of the described EPC architecture is the
PDN-GW, as it interconnects the various access routers such
as the Serving-GWfor LTE access and the evolved packet data
gateway (ePDG) for non-3GPP access. PGW also provides
access to external packet data networks like the Internet
through the SGi interface. As a result, it is reasonable to
propose that this extended MIH server should be colocated
or, at least, should be at the vicinity of the PGW.

3.3. MIH in EPC Architecture. Within the context of this
research, MIH is applied as a control mechanism respon-
sible for monitoring and collecting QoE related parameters
across different layers and network entities in near real
time. Towards this end, MIH primitives including param-
eters reporting can be utilised. MIH supports different
operating modes for parameters reporting. For instance,
the MIH Link Get Parameters command can be used to
obtain the current value of a set of link parameters of a specific
link through the MIH Link Parameters Report primitive.
Additionally, the same primitive can report the status of a
set of parameters of a specific link at a predefined regular
interval determined by a user configurable timer. Finally,
the MIH Link Configure Thresholds command can be
used to generate a report when a specified parameter crosses

Table 1: Summary of QoE related KPIs.

Physical layer Network layer Application layer
Access technology Throughput Type of service
Signal strength Delay Spatial index

Jitter Temporal index
Packet loss Quality layer

Quantization parameter

a configured threshold. Subsequently, the reporting can be
periodical, event-driven, or explicit depending on the desired
approach or the available bandwidth for the monitoring
functionality.

The extended MIH server will be the destination of these
reports and will store themost recent values of themonitored
parameters to the MIIS database that can be shared with the
QoE controller. Both static attributes (e.g., the maximum
available bandwidth) and dynamic attributes (e.g., the utilised
bandwidth) can be stored at the same database. As the MAP
is also aware of the characteristics of the video streaming
session, the overall set of available monitored parameters will
extend from the link layer to the application layer, allowing
a more efficient and precise modelling of the perceptual 3D
video quality. Figure 5 depicts the basic signalling flow of the
periodic reporting scenario.The available links are generating
periodic reports of their status and inform their local MIHF
through the Link Parameters Report.indication.
Thereafter, the various MIHF report their set of monitoring
parameters to MIIS through the MIH Link Parameters
Report.indication event. Additionally, a similar prim-
itive is generated by the MAP in order to report video related
parameters that are available to it.

3.4. QoE Controller

3.4.1. QoE Related Key Performance Indicators. There are
three basic categories of QoE parameters related to the phy-
sical, network, and application layers that are monitored and
collected by MAP and MIH, as shown in Table 1:

(i) Physical layer related information includes the type
of the access technology, the received signal strength,
and oscillations of the signal strength. Particularly
for the WiFi, this information can easily be collected
directly from the access point through queries or
broadcast messages.

(ii) The network QoS parameters are also an important
source of information for the QoE management and
include the throughput, the end-to-end IP layer delay,
jitter, and packet loss. MAP, which is acting as an
IP packet filtering function for the IP based video
traffic directed to the wireless users, is able to parse
the packet header and retrieve the QoE related KPIs.

(iii) The application parameters monitored involve the
type of application (video or audio, although audio is
out of the paper’s scope), the encoding characteristics,
and the video content properties. These are made
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available from the MAP by parsing the RTP header
of the received video traffic.

In addition to the parameters of Table 1, a number of
additional measurements need to be considered in order to
model and monitor the perceived video QoE. Three main
groups ofmeasurements are considered: the radio quality, the
control plane performance, and the user plane QoS and QoE
measurements [31, 32].

The radio quality related measurements will be restricted
in just collecting the number of active user pieces of equipment.
The number of active user devices indicates how many
subscribers, on average, use the resources of the cell over
a defined period of time and it can be used for traffic and
radio resource planning. Moreover, a set of metrics related
with the control plane performance are collected, including
the number of connection drops, where a suddenly occurring
exception, which may include loss of signal on the radio
interface, can cause interruption of the connection between
the user’s equipment and the network. In a scenario that
involves real-time video streaming, a loss of an ongoing
connection with the content provider will cause extreme
deterioration of the user’s experience. In this case, it is
mandatory in addition to the connection drop ratio per cell to
also measure the connection drop ratio per service.

Furthermore, user plane QoE related performance indi-
cators utilised by the QoE controller include the packet jitter
defined as the average of the deviations from the mean
network latency. This measurement is based on the arrival
time stamp of successive received UDP packets at MAP. The
throughput is defined as the data volume of IP datagrams
transmitted within a defined time period (usually this time
period is set to 1 second). In order to determine the IP
throughput of each client, MAP parses the IP header and
collects and stores the source and destination address of the
particular packet. The throughput will be measured at a high

sampling rate (i.e., every 333ms) for the duration of the
ongoing connection.

3.4.2. ML-Based QoE Model. The supervised ML is a learn-
ing process based on instances that produce a generalised
hypothesis. In turn, this hypothesis could be applied as a
mean to forecast future instances [33]. There are a number
of common steps distinct in all ML techniques: (a) data set
collection, (b) data prepossessing, (c) features creation, (d)
algorithm selection, and (e) learning and evaluation using test
data.The accuracy of themodel improves through the repeti-
tion and the adjustment of any step that needs improvement.
Supervised ML algorithms could be categorized as follows
[34]:

(i) Logic-based: in this category the most popular algo-
rithms are decision trees, where each node in the
tree represents a feature of instances and each branch
represents a value that the node can assume. The dis-
advantage of the algorithms in this category is that
they cannot perform efficiently when numerical fea-
tures are used.

(ii) Perceptron-based: artificial neural networks are
included in this category. Neural networks have been
applied to a range of different real-world problems
and their accuracy is a function of the number of
neurons used as well as the processing cost. However,
neural networks may become inefficient when fed
with irrelevant features.

(iii) Statistical: the most well-known statistical learning
algorithms are the bit rate Bayesian network and
the k-nearest neighbour. The first has the advantage
that it requires short computational time for training,
but it is considered partial due to the fact that it
assumes that it can distinguish between classes using a
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single probability distribution. The second algorithm
is based on the principle that neighbouring instances
have similar properties. Although very simple to use
as it requires only the number of nearest neighbours
as input, it is unreliable when applied on data sets with
irrelevant features.

(iv) Support VectorMachines (SVM): SVM learning algo-
rithms have been proven to perform better when
dealing withmultidimension and continuous features
as well as when applied to inputs with a nonlinear
relationship between them.An example of inputswith
nonlinear relationship is the video viewer’s QoE and
the qualitative metrics gathered from different points
of the delivery chain.

Within the context of this study a QoE controller, which
is dwelling next to the wireless network provider’s core,
implements the proposed machine learning-based QoE pre-
diction model. The proposed model could be characterised
by fast response time in order to support seamless streaming
adaptation, low processing cost, and efficiency. In order to
select the best candidate for such a model, three well-known
and widely used learning algorithms are investigated and
compared in terms of precision and efficiency. The first is
bit rate Bayesian classifier [35], the second is a decision tree
based on the C4.5 algorithm [36], and the third is amultilayer
perceptron network [37].

Naive Bayesian Classifier. A simple method for acquiring
knowledge and accurately predicting the class of an instance
from a set of training instances, which include the class
information, is the Bayesian classifiers. Particularly, the naive
Bayesian classifier is a specialized form of Bayesian network
that relies on two important simplifying assumptions. Firstly,
it assumes that, given the class, the predictive attributes are
conditionally independent and, secondly, that the training
data set does not contain hidden attributes, which potentially
could affect the prediction process.

These assumptions result in a very efficient classification
and learning algorithm. In more detail, assuming a random
variable 𝐶 representing the class of an instance, then 𝑐 is a
particular class label. Similarly, 𝑋 is the vector of random
variables that denote the values of the attributes; therefore,
𝑥 is a particular observed attribute value vector. In order to
classify a test case 𝑥, the Bayes rule is applied to compute the
probability of each class given the vector of observed values
for the predictive attributes:

𝑝 (𝐶 = 𝑐 | 𝑋 = 𝑥) =
𝑝 (𝐶 = 𝑐) 𝑝 (𝑋 = 𝑥 | 𝐶 = 𝑐)

𝑝 (𝑋 = 𝑥)
. (1)

In (1) the denominator can be calculated given that the
event𝑋 = 𝑥 is a conjunction of assigned attribute values (i.e.,
𝑋
1
= 𝑥
1
∧ 𝑋
2
= 𝑥
2
∧ ⋅ ⋅ ⋅ ∧ 𝑋

𝑘
= 𝑥
𝑘
) and that these attributes

are assumed to be conditionally independent:

𝑝 (𝑋 = 𝑥 | 𝐶 = 𝑐) = ∏

𝑖

𝑝 (𝑋
𝑖
= 𝑥
𝑖
| 𝐶 = 𝑐) . (2)

Evidently, from (2) it is deduced that each numeric attri-
bute is represented as a continuous probability distribution

over the range of the attributes values. Commonly, these
probability distributions are assumed to be the normal dis-
tribution represented by the mean and standard deviation
values. If the attributes are assumed to be continuous, then
the probability density function for a normal distribution is
𝑝 (𝑋 = 𝑥 | 𝐶 = 𝑐) = 𝐺 (𝑥; 𝜇

𝑐
, 𝜎
𝑐
) where,

𝐺 (𝑥; 𝜇
𝑐
, 𝜎
𝑐
) =

𝑒
−(𝑥−𝜇)

2
/2𝜎
2

√2𝜋𝜎
.

(3)

Hence, given the class, only the mean of the attribute and
its standard deviation are required for the bit rate Bayes clas-
sifier to classify the attributes. For the purposes of this study,
the naive Bayes classifier will be providing the baseline for the
ML-based QoE models in terms of accuracy and precision.
This is due to the fact that although it is very fast and robust
to outliers and uses evidence from many attributes, it is also
characterised by low performance ceiling on large databases
and assumes independence of attributes. Moreover, the naive
Bayes classifier requires initial knowledge of many probabili-
ties, which results in a significant computational cost.

Logical Decision Tree. By definition a decision tree can be
either a leaf node labelled with a class, or a structure contain-
ing a test, linked to two or more nodes (or subtrees). Hence,
an instance is classified by applying its attribute vector to the
tree. The tests are performed into these attributes, reaching
one or other leaf, to complete the classification process. One
of the most widely used algorithms for constructing decision
trees is C4.5 [36]. Although C4.5 is not the most efficient
algorithm, it has been selected due to the fact that the pro-
duced results would be easily compared with similar research
works.There are a number of assumptions commonly applied
for C4.5 in order to increase its performance efficiency and
classification process:

(i) When all cases belong to the same class, then the tree
is a leaf and is labelled with the particular class.

(ii) For every attribute, calculate the potential informa-
tion provided by a test on the attribute, according to
the probability of each case having a particular value
for the attribute. Additionally, measure the informa-
tion gain that results from a test on the attribute, using
the probabilities of each case with a particular value
for the attribute being of a particular class.

(iii) Depending on the current selection criterion, find
the best attribute to create a new branch.

In particular the selection (or splitting) criterion is the
normalized information gain. Inherently, C4.5 aims to iden-
tify the attribute that possesses the highest information gain
and create a splitting decision node.This algorithmic process
can be analytically represented with functions (4), assuming
that the entropy of the 𝑛-dimensional vector of attributes of
the sample 𝐻(�⃗�) denotes the disorder on the data, while the
conditional entropy 𝐻(𝑗 | �⃗�) is derived from iterating over
all possible values of �⃗�:

𝐻(�⃗�) = −

𝑛

∑

𝑗=1


𝑦
𝑗


�⃗�


log

𝑦
𝑗


�⃗�


,
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𝐻(𝑗 | �⃗�) =
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log

𝑦
𝑗


�⃗�


,

Gain (�⃗�, 𝑗) = 𝐻 (�⃗� − 𝐻 (𝑗 | �⃗�)) .
(4)

The algorithm, ultimately, needs to perform pruning of
the resulting tree in order to minimise the classification
error caused by the outliers included in the training data
set. However, in the case of classifying video perceptual
quality with the use of decision trees, the training set contains
specialisations (e.g., a low number of very high or very
low MOS measurements), and hence the outlier detection
and cleansing of the training set needs to be performed
beforehand, as described in Section 5.1.

Multilayer Perceptron.Amultilayer perceptron network (also
known as multilayer feed-forward network) has an input
layer of neurons that is responsible for distributing the values
in the vector of predictor variable values to the neurons of
the hidden layers. In addition to the predictor variables, there
is a constant input of 1.0, called the bias, that is fed to each
of the hidden layers. The bias is multiplied by a weight and
added to the sum going into the neuron. When in a neuron
of the hidden layer, the value from each input neuron is
multiplied by a weight and the resulting weighted values are
added together producing a weighted sum that in turn is fed
to a transfer function.The outputs from the transfer function
are distributed to the output layer. Arriving at a neuron in
the output layer, the value from each hidden layer neuron
is multiplied by a weight and the resulting weighted values
are added together producing a weighted sum, which is fed
into the transfer function. The output values of the transfer
function are the outputs of the network. In principle the
transfer function could be any function and could also be
different for each node of the neural network. In this study
the sigmoidal (s-shaped) function has been used in the form
of 𝑓(𝑥) = 1/(1 + exp(−𝑥)). This is a commonly used function
that also is mathematically convenient as it produces the
following derivative property: 𝑑𝜎(𝑥)/𝑑𝑥 = 𝜎(𝑥)(1 − 𝜎(𝑥)).

The training process of the multilayer perceptron is to
determine the set of weight values that will result in a close
match between the output from the neural network and the
actual target values. The algorithm precision depends on the
number of neurons in the hidden layer. If an inadequate
number of neurons are used, the network will be unable to
model complex data, and the resulting fit will be poor. If
too many neurons are used, the training time may become
excessively long, and, worse, the networkmay overfit the data.
When overfitting occurs, the network will begin to model
random noise in the data. In the context of this study several
validation experiments have been performed using different
number of neurons in the hidden layer.The best accuracy has
been achieved by using five neurons in one hidden layer in the
network, as shown in Figure 6. The feed-forward multilayer
perceptronminimises the error function but it may take time
to converge to a solution (i.e., the minimum value) which
may be unpredictable due to the error that is added to the
weight matrix in each iteration.Therefore, in order to control
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Figure 6: Proposed multilayer perceptron model tested and vali-
dated.

the convergence rate, the learning rate parameter was set
to 0.3 and 350 iterations were performed until the system
converged.

4. Experimental Setup

4.1. Capturing and Processing of 3D Video Content. The pro-
posed QoE framework is validated through extensive exper-
iments conducted over the test-bed platform of Figure 8.
For the purposes of this study four real-world captured
stereo video test sequences (“martial arts,” “music concert,”
“panel discussion,” and “report”) with different spatial and
temporal indexes have been used in left-right 3D format.
The 3D video capturing was performed in accordance with
the specifications of [38], in order to provide 3D contents
which can be simply classified (genres) for 3D video encoding
performances evaluation and comparison, to provide multi-
view contents with relevant 3D features from which one can
compute disparity maps and synthesise intermediate views
to be rendered on different kinds of display, and to allow
advances and exhaustive quality assessment benchmarks.
Towards this end, an LGOptimus 3Dmobile phone was used
as stereoscopic capturing device during the shooting session.
The cameras were configured as follows:

(i) Synchronized stereo camera (f2.8, FullHD, 30 fps,
Bayer format, 65mm spaced).

(ii) Raw formats: bayer format which is then converted
to obtain rgb and yuv sequences (+ color correction,
noise filtering, mechanical misalignment, and auto-
convergence).

(iii) Encoding: FullHD or lower, side-by-side, or top-
bottom with subsampling + MPEG4 AVC.

Snapshots of the test video sequences are shown in
Figure 7. A detailed description of the capturing scenarios
and content characteristics are described in [38]. All sequen-
ces are side-by-side with resolutions 640 × 720 pixels and
960 × 1080 pixels per view at 25 frames per second. The
H.264/SVC encoding was performed using the encoder
provided by Vanguard Software tool [39] configured to create
two layers (one base layer and one enhancement layer) using
MGS quality scalability. The SVC was the favourable choice
for the particular experiments, as it allows 3D video content
to be delivered over heterogeneous wireless channels with a
manageble bit rate. The particular encoder inherently allows
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(a) Martial arts (b) Music concert

(c) Panel discussion (d) Report

Figure 7: Test 3D video sequences used for MOS measurements.

the use of a variety of pattent protected error concealment
schemes that can compansate for packet losses up to 5%.
Each video frame was encapsulated in a single network
abstraction layer unit (NALU)with a size of 1400 bytes, which
in turn was encapsulated into a single Real-Time Transport
Protocol (RTP) packet with a size of 1400 bytes (payload).The
generated video packets are delivered through the network
using UDP/IP protocol stack. An additional separate channel
is responsible for the transmission of the Parameter Sets (PS)
to the client through a TCP/IP connection. Moreover,NetEm
[40] was used for emulating diverse networking conditions,
variable delay, and loss in accordance with the described
experimental scenarios. Hence, each experiment has been
repeated 10 times in order to obtain valid statistical data.
Table 2 summarises the encoding and streaming configura-
tion parameters used in all experiments.

Wireless Channel Error Model. In order to model the impact
of physical impairments on the QoE, the Rayleigh fading
channel of the simulated 802.11g is represented by a two-state
Markov model. Each state is characterized by a different bit
error rate (BER) in the physical layer that results from the
state and transitional probabilities of the Markov model, as
in Table 3.Thewireless channel quality is characterized by the
probabilities of an error in the bad and good state, 𝑃B and 𝑃G,
and the probabilities 𝑃GG and 𝑃BB to remain at the good or
the bad state, respectively.

4.2.MAC Layer LoadModel. The load of the wireless channel
will result in time-outs, whichwill then cause retransmissions
in the data link layer due to the contention-based access
that is inherent in IEEE 802.11 protocol. Eventually, since the
paper investigates real-time video streaming, such a load in
the MAC layer will result in losses that in the application

Table 2: Encoding and streaming parameters.

Video sequence Martial
arts Munich Panel

discussion Report

Spatial/temporal
index 21/17 25/8 32/15 33/3

Number of frames 400 frames
Intra period 8 frames
QP used for
base-enhancement
layers

42–36 & 36–30

Frame rate 25 frames per second
Resolution per
view 640 × 720& 960 × 1080 pixels

Media
transmission unit 1500 bytes

layer will be presented as artefacts and distortion of the
perceptual video quality. In order to emulate and control the
load, UDP traffic is generated and transmitted to both uplink
and downlink channels. The constant-sized UDP packets are
generated according to the Poisson distribution three times
with mean values of 2Mbps, 3Mbps, and 4Mbps, in each
direction, respectively. Evidently, such a setup will eventually
double the overall background traffic (i.e., load) over theWiFi
access channel.

4.3. IP Delay Variation Model. Moreover, for the purpose of
this research and in order to model the delay variations in
the IP layer, a constant plus gamma distribution is applied
[41], similar to the one depicted in Figure 9. More precisely,
the delay variations are modelled as a gamma distribution
with a constant scale factor of 𝜃 = 30ms and three different
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Figure 8: Test-bed platform used during the experiments.
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Figure 9:Delay variations in IP layer based on gammadistributions.

shape factors in the range of 𝑘 = 1, 4, and 8. Apparently,
this configuration will result in various mean delays and
corresponding variances. During the experiments, three
such delay variations schemes were applied, summarised in
Table 4, in an effort to control the networking conditions
and produce comprehensible outcomes, regarding the visual
quality degradation of the decoded video.

5. Subjective Experiments and Analysis

The subjective experiments were conducted in accordance
with the absolute category rating (ACR)method as defined in

Table 3: BER emulation parameters for the Rayleigh fading wireless
channel.

Bad channel Medium channel Good channel
𝑃G 1.25𝑒

2
1.29𝑒
2

1.29𝑒
2

𝑃B 4.13𝑒
14

1.3𝑒
13

4.1𝑒
12

𝑃GG 0.996 0.990 0.987
𝑃BB 0.336 0.690 0.740

Table 4: IP layer delay variation parameters resulting from gamma
distribution.

Shape factor (𝑘) Mean (ms) Variance (ms)
1 30 900
4 120 3600
8 140 7200

ITU-TRecommendations [42–45].The perceived video qual-
ity is rated in a scale from 0 [bad] to 5 [excellent] according
to the standard. In order to produce reliable and repeatable
results, the subjective analysis of the video sequences has
been conducted in a controlled testing environment. An LG
32LM620S LED 3D screen with a resolution of 1920 × 1080
pixels, aspect ratio 16 : 9, peak display luminance 500 cd/m2,
and contrast ratio of 5000000 : 1 along with passive glasses is
used during the experiments to display the stereoscopic video
sequences.The viewing distance for the video evaluators is set
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to 2m, in accordance with the subjective assessment recom-
mendations.Themeasured environmental luminance during
measurements is 200 lux, and the wall behind the screen
luminance is 20 lux, as recommended by [42]. The subjective
evaluation was performed by twenty expert observers in a
gender balanced way, who were asked to evaluate the overall
visual quality of the displayed video sequences. A training
session was included in order for the observers to get familiar
with the rating procedure and understand how to recognize
artefacts and impairments on the video sequences.

5.1. Statistical Measures. Initially, the collected MOSs were
analysed for each subject across the different test conditions
using the chi-square test [46], which verified the normality of
the majority of MOS distributions. Following the normality
verification of the MOS distributions, the technique of out-
liers’ detection and elimination was applied. This technique
is based on the detection and removal of scores in the cases
where the difference between the mean subject vote and the
mean vote for this test case from all other subjects exceeds
15%. The applied outlier detection method determined a
maximum of two outliers per test case.

After removing the outliers, the remaining MOSs were
statistically analysed in order to assess the perceptual quality
of the received video sequences.The averageMOS of each set
𝑆 of tested video sequence scenarios of size 𝐾 is denoted as
MOS
𝑘
:

MOS
𝑘
=
∑
𝐾

𝑘=1
∑
𝑁

𝑖=1
MOS
𝑖,𝑘

𝐾𝑀
, (5)

whereMOS
𝑖,𝑘
is theMeanOpinion Score of the 𝑖th viewer for

the 𝑘th tested scenario of one of the video sequences and 𝑁
is number of evaluators of the particular tested scenario. The
standard deviation of MOS

𝑘
is defined by the square root of

the variance:

𝜎
2

𝑘
=

∑
𝐾

𝑘=1
[∑
𝑁

𝑖=1
MOS
𝑖,𝑘
/𝑁 −MOS

𝑘
]

𝐾 − 1
. (6)

The confidence interval (CI) of the estimated mean MOS
values, which indicate the statistical relationship between the
mean MOS and the actual MOS, is computed using Student’s
𝑡-distribution as follows:

CI
𝑗
= 𝑡 × (1 −

𝑎

2
,𝑁) ×

𝜎
𝑗

√𝑁
, (7)

where 𝑡×(1−𝛼/2,𝑁) is the 𝑡-value that corresponds to a two-
tailed 𝑡-Student distribution with 𝑁 − 1 degrees of freedom
and a desired significance level 𝛼. In this case, 𝛼 = 0.05,
which corresponds to 95% significance, and 𝜎

𝑗
is the standard

deviation of theMOS of all subjects per test. Furthermore, the
degree of asymmetry of the collected MOS around the mean
value of its distribution of its measured samples is measured
by skewness, while the “peakedness” of the distribution is
measured by its kurtosis as follows:

𝛽 =
𝑚
3

𝑚
3/2

2

,

𝛾 =
𝑚
4

𝑚
2

2

,

(8)
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Figure 10: Average MOS measured as a result of artefacts due to
delay variations.

where𝑚
𝑗
is the 𝑗th moment about the mean given by

𝑚
𝑗
=

∑
𝐾

𝑘=1
[∑
𝑁

𝑖=1
MOS
𝑖
/𝑁 −MOS

𝑘
]
2

𝐾
.

(9)

Finally the measured MOSs are subjected to an analysis
of variance (ANOVA). The ANOVA tests the null hypothesis
that the means between two or more groups are equal under
the assumption that the sample populations are normally
distributed. Although multifactor ANOVA would reveal the
complex relationship of BER, MAC layer load, and delay
variations with the resulting QoE as in [47], in this study the
aim is to determinewhether each of the three selected factors,
which can be considered as statistically independent, does
have a statistically significant impact on the resulting QoE.
In this particular case the ANOVA is used in order to test the
following null hypothesis:

(1) The mean MOSs due to the three delay variation
groups (i.e., for 𝑘 = 1, 𝑘 = 4, and 𝑘 = 8) independent
of the video sequence, their spatial resolution, and
quantization step size are equal.

(2) The mean MOSs due to the three MAC layer back-
ground loads (i.e., 2Mbps, 3Mbps, and 4Mbps)
independent of the video sequence, their spatial
resolution, and quantization step size are equal.

(3) The mean MOSs due to the three wireless channel
BERs (i.e., Good, Medium, and Bad) independent
of the video sequence, their spatial resolution, and
quantization step size are equal.

5.2. Analysis of MeasuredMOS. The averagedMOSmeasure-
ments of the four test video sequences under the abovemen-
tioned experimental conditions are shown in Figures 10, 11,
and 12. Each column of the figures represents the average
MOS scored by the viewers due to the impact of just one of the
three QoSmetrics (i.e., BER,MAC load, and delay variation),
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while the other two metrics are assigned to their “best”
value (i.e., the value that results from the highest level of
video delivery QoS). The comparison of the averaged MOSs
provides an indication on the impact of the delay variation,
load, and BER on the tested sequence. It is evident that the
QoS parameters have different effect depending on the video
characteristics (i.e., spatial and temporal indexes). Moreover,
Table 5 summarises the statistical parameters of MOS per
tested video sequence.

In order to get a better understanding of the MOS per
tested video sequence the mean, the standard deviation, the
variance, the skewness, and the kurtosis are studied.Through
variance, the difficulty or ease of the evaluator to assess a
parameter as well as the agreement between evaluators can
be addressed. Hence, a lower variance may indicate a higher
agreement of the overall 3D MOS among viewers. In Table 5
the low variance of the MOS around the mean in all video
sequences indicates that viewers agreed on the scores that
were assigned to the overall 3D video quality in each test
scenario. A slightly higher variance of the “martial arts”

sequence may be due to the high temporal index of the
sequence that caused a more erratic behaviour of losses, thus
causing more discrepancies among the viewers.

In the context of subjective evaluation, skewness shows
the degree of asymmetry of the scores around the MOS value
of each distribution of samples for the given parameter (in
this case the video sequences). As a normal distribution has
a skewness of zero, the results in Table 5 indicate a symmetry
of the scores around theMOS for every tested video sequence.
Similarly to the study of the variance, the “martial arts”
sequence has a slight asymmetry compared to the rest of the
sequences due to the fact that the viewers of the sequence
approached the maximum and minimum scores more fre-
quently than in the other cases.

The last column of Table 5 presents the kurtosis of the
MOS of each video sequence.The kurtosis is the indication of
how outlier-prone a distribution is. A normal distribution has
a default kurtosis value of 3. The lower the kurtosis, the more
prone the distribution. Nevertheless, a kurtosis two times
below the standard error of the kurtosis, which is calculated
as the square root of 24 divided by𝑁 (the number of MOSs)
[48], could be considered as normal. In this case, as there
are 20 evaluators scoring 108 different scenarios per video
sequence, the kurtosis below 40 can be ignored.Therefore, the
consistent low kurtosis of Table 5 for all video sequences can
be regarded as an indication of lack of outliers, since all eval-
uators assigned similar scores to the overall 3D video quality.

Three one-way ANOVA methods have been performed
in order to evaluate an equivalent number of null hypotheses
regarding the three QoS related parameters under study
(delay variations, load, and BER). The ANOVA results are
summarised in Tables 6, 7, and 8. In more detail, assuming
that the grand mean of a set of samples is the total of all the
data values divided by the total sample size, then the total
variation is comprised as the sum of the squares of the dif-
ferences of each mean with the grand mean. In ANOVA, the
between-group variation and the within-group variation are
defined. By comparing the ratio of between-group variance
to within-group variance ANOVAdetermines, if the variance
caused by the interaction between the samples is much
larger when compared to the variance that appears within
each group, then it is because the means are not the same.
Additionally, if there are 𝑛 samples involved with one data
value for each sample (the sample mean), then the between-
groups variation has 𝑛 − 1 degrees of freedom. Similarly, in
the case of within-group variation, each sample has degrees
of freedom equal to one less than their sample sizes, and there
are 𝑛 samples; the total degrees of freedom are 𝑛 less than the
total sample size: df = 𝑁𝑛, where 𝑁 is the total size of the
samples.The variance due to the differences within individual
samples is denoted as MS (Mean Square) within groups.
This is the within-group variation divided by its degrees of
freedom.The𝐹-test statistic is foundby dividing the between-
group variance by the within-group variance. The degrees of
freedom for the numerator are the degrees of freedom for the
between-group variance (𝑛−1) and the degrees of freedom for
the denominator are the degrees of freedom for the within-
group variance (𝑁 − 𝑛). According to the 𝐹-test the decision
will be to reject the null hypothesis if the 𝐹-test statistic from
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Table 5: Statistical analysis of measured MOS per video test sequence.

Video sequence Average MOS Standard dev. Variance 95% CI Skewness Kurtosis
Martial arts 2.390 0.836 0.698 0.391 0.284 2.208
Munich 2.943 0.695 0.483 0.325 0.010 2.288
Panel discussion 3.223 0.570 0.325 0.266 0.173 2.416
Reporting 3.689 0.451 0.203 0.211 −0.024 2.278

Table 6: One-way ANOVA for the parameter delay variation.

Source Sum of squares Degrees of freedom MS 𝐹 Probability of 𝐹
Between 103.542 2 51.7711 126.95 4.91566𝑒

−44

Within 174.945 429 0.4078

Table 7: One-way ANOVA for the parameter MAC load.

Source Sum of squares Degrees of freedom MS 𝐹 Probability of 𝐹
Between 11.697 2 5.8486 9.4 0.0001
Within 266.79 429 0.62189

Table 8: One-way ANOVA for the parameter BER.

Source Sum of squares Degrees of freedom MS 𝐹 Probability of 𝐹
Between 23.852 2 11.9262 20.09 4.55639𝑒

−09

Within 254.635 429 0.5936

Tables 6, 7, and 8 is greater than the 𝐹-critical value with 𝑘−1
numerator and𝑁 − 𝑘 denominator degrees of freedom.

By studying Tables 6, 7, and 8, it can be affirmed that all
three null hypotheses, as defined previously, can be rejected;
hence, there is significant statistical difference among the
groups with respect to delay variations (i.e., the different
shape factors 𝑘 of the gamma distribution have a significant
effect on the resulting 3D video MOS), MAC layer load (i.e.,
the three different mean values of the Poisson distributed
background traffic affect significantly the 3D MOS), and the
BER (i.e., the three different wireless channel conditions alter
the 3DMOS significantly).The above conclusions are derived
by the extremely low probability 𝑝 which is much lower than
the significance level of 0.05 and the 𝐹-statistic which in turn
indicates that one or two means significantly differ between
each other.

Therefore, one-way ANOVA affirms that the selection of
the three QoS parameters (delay variation, load, and BER)
as well as the values assigned to these parameters for the
purposes of the subjective evaluation of 3D MOS and sub-
sequently the definition, training, and validation of amachine
learning QoE model, based on these QoS parameters, is
correct.

6. ML QoE Models Comparison

The training and the analysis of the results have been
performed using Weka software tool [49]. The output of the
naive Bayes classification is shown in Table 9, where for every
attribute of the data set the mean and standard deviation
of the Gaussian distribution are shown. Furthermore, the

decision tree of the C4.5 ML algorithm that is implemented
as J48 in Weka is illustrated in Figure 13. In accordance with
the results of the MOS comparison in the previous section,
the jitter is the most important parameter; hence, it is located
in the route of the tree (i.e., first splitting node).

All models are assessed in terms of predictive per-
formance using the 10-fold cross-validation method. The
confusion matrix of each of the three models is shown in
Table 10. It can be seen that the naive Bayesian classifier has
classified wrongly 42 instances ofMOS class 2, 43 instances of
MOS class 3, and all MOS class 5 instances. This is expected
since the naive Bayes classifier was selected to act as the
baseline of theML performance tests.The confusionmatrices
of multilayer perceptron and C4.5 decision tree confirm that
bothmethods perform similarly and better than the Bayesian
classifier.

Nevertheless, the models accuracy (number of correctly
classified instances) cannot be used for assessing the useful-
ness of classification models built using unbalanced datasets,
as in this case. For this purpose the “Kappa statistic” is
used, which is a generic term for several similar measures
of agreement used with categorical data. Typically it is used
in assessing the degree to which two or more video viewers
in this case, examining the same video sequence, agree when
it comes to assigning the MOSs. Similarly to the correlation
coefficient, its value is zero when there is no agreement on
the scores (purely random coincidences of rates) and is one
when there is complete agreement. The “Kappa statistic” of
the three models is shown in Table 11.

Additionally, the three ML algorithms considered in this
work are compared with each other in terms of accuracy,
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Table 9: Output of naive Bayes classifier.

Attributes Class (MOS)
1 2 3 4 5

SI Mean 20.21 21.71 22.28 22.67 24
Std. dev. 0.89 1.97 1.98 1.88 0.6667

TI Mean 17.53 14.16 12.87 12 9
Std. dev. 2.01 4.45 4.45 4.24 1.5

QP
1

Mean 39.15 38.82 39.55 38.14 36
Std. dev. 2.99 2.99 2.94 2.87 1

QP
2

Mean 33.15 32.82 33.55 32.14 30
Std. dev. 2.99 2.99 2.94 2.87 1

Resolution Mean 0.57 0.51 0.46 0.5 1
Std. dev. 0.49 0.49 0.49 0.5 0.16

Jitter Mean 7 5.61 2.68 0.25 0
Std. dev. 0.58 2.00 2.17 0.90 0.5833

Load Mean 3.42 3.13 2.98 2.64 2
Std. dev. 0.67 0.82 0.81 0.71 0.16

Channel Mean 0.52 0.85 1.06 1.28 2
Std. dev. 0.67 0.77 0.83 0.76 0.16
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Figure 13: C4.5 based classification tree of the proposed model.

precision (𝑝), and recall bit rate. The precision of the algo-
rithm, which is also known as reproducibility or repeatability,
denotes the degree to which repeated measurements (in
this case of MOS) under unchanged conditions show the
same results. Recall is defined as the number of relevant
instances retrieved by a search divided by the total number
of existing relevant instances. In addition to the two metrics,
the algorithms are also evaluated in terms of 𝐹-measure (𝐹),
which considers both the precision (𝑝) and the recall (𝑟) of the
test to compute the score. Let 𝑖 ∈ [1, 2, 3, 4, 5] represent the
class, which in this case is derived from the MOSs. Then true
positive TP

𝑖
is the number of the instances correctly classified,

false positive FP
𝑖
is the number of the instances that belong to

the class bit rate but have not been classified there, and false
negative FN

𝑖
is the number of the instances that do not belong

in class bit rate but have been classified there. Thus, (𝑝), (𝑟),
and (𝐹) are derived as follows:

𝑝 =
TP
𝑖

TP
𝑖
+ FP
𝑖

,

𝑟 =
TP
𝑖

TP
𝑖
+ FN
𝑖

,

𝐹 =
2𝑝𝑟

𝑝 + 𝑟
.

(10)

Finally, the accuracy of the models is also deduced by
the area under the Receiver Operating Characteristic (ROC)
curve. An area of one represents a perfect model, while an
area of 0.5 means lack of any statistical dependencies. These
comparison results are also shown in Table 11.

It is evident that for the particular data set, with the
multiple classes and the nonlinear relationship among the
attributes, the best performance is achieved by the multilayer
perceptron. Nevertheless, C4.5 is a very good alternative that
performs MOS classification with acceptable accuracy and
with less processing effort. Moreover, since decision trees
return results that have a physical significance, thus the
classification can be easily interpreted and used as a decision
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Table 10: Confusion matrices of the three ML models.

𝑎 𝑏 𝑐 𝑑 𝑒 ← classified as
Naive Bayesian confusion matrix

2 17 0 0 0 𝑎 = 1

2 39 39 1 0 𝑏 = 2

0 11 134 32 0 𝑐 = 3

0 0 40 109 0 𝑑 = 4

0 0 0 6 0 𝑒 = 5

Multilayer perceptron confusion matrix
11 8 0 0 0 𝑎 = 1

6 63 12 0 0 𝑏 = 2

0 13 141 23 0 𝑐 = 3

0 0 21 128 0 𝑑 = 4

0 0 0 6 0 𝑒 = 5

C4.5 confusion matrix
12 7 0 0 0 𝑎 = 1

6 63 12 0 0 𝑏 = 2

0 14 137 26 0 𝑐 = 3

0 1 25 121 2 𝑑 = 4

0 0 0 5 1 𝑒 = 5

Table 11: Performance comparison of ML algorithms.

Naive
Bayesian

Multilayer
perceptron C4.5

Kappa statistic 0.473 0.693 0.664
Precision (𝑝) 0.643 0.782 0.770
Recall (𝑟) 0.657 0.794 0.773
𝐹-measure (𝐹) 0.641 0.788 0.771
Area under ROC 0.851 0.912 0.886

rule; C4.5 would be preferable as opposed to the neural
network, as a decision engine during real-time QoE control.

7. Conclusion and Future Steps

Evidently, a new wave of IP convergence with 3GPP’s LTE
EPC in its heart is being fuelled by real-time multimedia
applications. As new network architecture paradigms are
constantly evolving, there is an ongoing effort by content
providers and operators to provide and maintain premium
content access with optimised QoE. This paper presents a
novel media-aware framework for measuring and modelling
the 3D video user experience, designed to be closely inte-
grated with LTE EPC architecture. The proposed solution
involves a synergy between aMedia-Aware Proxy networking
element and the IEEE 802.21 MIH protocol. The former is
responsible for parsing RTP packets to collect QoE related
KPIs and adapting the video streams to the current network-
ing conditions in real time.The latter is being enhanced to act
as control mechanism for providing the necessary signalling
to collect KPIs across different layers and network elements.
Moreover, MIH provides the central database, which stores
the collected QoE related KPIs and allows a third component

named QoE controller to train this dataset and model the
perceived 3D video quality. Three machine learning classifi-
cation algorithms for modelling QoE due to network related
impairments have been investigated. Opposite to previous
studies, the QoE model is a function of parameters collected
from the application, the MAC, and physical layers. Hence,
instead of determining the 3D QoE by measuring only the
end-to-end packet loss, this paper considers a set of quality
of service (QoS) parameters (i.e., bit error rate from physical
layer, MAC layer load, and network layer delay/jitter), which
account for the overall number of lost packets. A detailed
statistical analysis of the measured 3D MOS indicated that
the predominant factor of QoE degradation is the IP layer
jitter. Therefore, the proposed ML scheme aims to determine
more accurately the impact that different layer impairments
have on the perceived 3D video experience. A comparison of
the three ML schemes under study in terms of precision and
accuracy indicated that themultilayer perceptron has the best
performance, closely followed by the C4.5 decision tree.

This is an ongoing research. Building upon the results
presented in this paper, the following steps involve the design
and implementation of a QoE management mechanism that
will optimise the perceived videoQoEby instructing different
network elements of the EPC architecture and the MAP
to either adapt the delivered video traffic to the network
conditions or enforce with the aid of MIH a content-aware
handover to a less loaded neighbouring channel or access
network. Moreover, a closer integration with the current
and future LTE EPC implementations is currently under
study. The aim is to reconfigure the proposed framework to
incorporate the LTE policy and charging control (PCC) tech-
niques, in an effort to upgrade it into a content-aware traffic
mechanism extended over all network operator deployments.
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With the continuous expansion of the amount of datawith time inmobile video applications such as cloud video surveillance (CVS),
the increasing energy consumption in video data centers has drawn widespread attention for the past several years. Addressing the
issue of reducing energy consumption, we propose a low energy consumption storage method specially designed for CVS systems
based onthe service level agreement (SLA) classification. A novel SLA with an extra parameter of access time period is proposed
and then utilized as a criterion for dividing virtual machines (VMs) and data storage nodes into different classifications. Tasks can
be scheduled in real time for running on the homologous VMs and data storage nodes according to their access time periods. Any
nodes whose access time periods do not encompass the current time will be placed into the energy saving state while others are
in normal state with the capability of undertaking tasks. As a result, overall electric energy consumption in data centers is reduced
while the SLA is fulfilled. To evaluate the performance, we compare the method with two related approaches using the Hadoop
Distributed File System (HDFS). The results show the superiority and effectiveness of our method.

1. Introduction

Cloud computing is defined by the US National Institute of
Standards and Technology (NIST) as a computing model
that provides easy access to a shared pool of resources
such as computing facilities, storage devices, and software
applications through Internet anywhere and anytime [1, 2].
Advancement of cloud computing has been promoting the
development of video surveillance and has formed a totally
new cloud computing servicemodel called video surveillance
as a service [3]. According to the statistics by IMS Research,
the demand for video surveillance service based on cloud
computing is growing at an annual rate of 20% to 30% [4,
5]. Because of high reliability and availability, cloud video
surveillance (CVS) services can help solve the problems
encountered with traditional video surveillance technologies
including high maintenance costs of communication and
storage devices and low level of data security. For example,
in [3], the architecture of typical CVS for commercial service
based on virtual machine technology is designed to provide
users with a kind of “plug and play” monitoring service

with less cost and better convenience, and a task-oriented
scheduling method is also proposed subsequently to reduce
the energy consumption of the CVS. In [6], a model of video
surveillance system based on the network coding distributed
file system was established to save storage space.

It is estimated that global mobile data traffic will increase
13-fold between 2012 and 2017, and the video data will be two-
thirds of such explosive traffic [7, 8]. Mobile devices such
as laptops, tablet PCs, and smartphones are connected by
networks that serve end users to get access to large service
applications.TheCVS system becomes a kind ofmobile video
application because of the wide use of mobile devices which
make it convenient for users to browse, play back, or monitor
in real-time video surveillance. The exponential growth of
mobile video data, widespread adoption of mobile devices,
and demands for video surveillance make the CVS system
based on mobile networks a future direction of development.

Given its role of the main carrier of all surveillance video
andmultimedia data in a CVS system, the video data center is
largely a contributing factor of the systemperformance. Some
studies show that the average utilization rate of servers in data
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centers is only 20% to 30% [9]. The energy consumption of
idle devices is more than 50% of that in a full load [10]. This
indicates that currently the power utilization rate of video
data centers is low and there is room for improvement and
optimization. Low energy efficiency of the data centers also
translates to billions of wasted dollars every year [2]. An
improvement of technology on data center energy efficiency
will bring in significant saving [11]. Different from [6] whose
purpose is to save storage space, we address the energy saving
problem in this paper.

When users want to use the video service system, they
are required to sign a service level agreement (SLA) with
the providers. The SLA is used as a contract for users to
agree on the cloud service items including video quality,
monitoring time, volume of data storage, and pricing. An
optimal resource provisioning in the SLA will help reduce
the providers operational cost [10]. Our goal in this paper
is to develop an energy saving storage method based on an
improved SLA for CVS systems. Unlike the task-oriented
scheduling method presented in another paper of ours [3],
the method presented in this paper focuses on storage
node scheduling for energy saving. In practice, both of our
methods can be applied to the same data center.

The rest of the paper is organized as follows. Section 2
describes the CVS system and its characteristics of stor-
age energy consumption. Section 3 presents the proposed
method together with corresponding deployment and oper-
ation strategy. Experiments and conclusions are given in
Sections 4 and 5.

2. Related Work

Energy saving of data centers is one of the most challenging
problems in the resource-constrained networking field. This
problem has attracted a lot of attention in the last few
years. Currently, there are two main solutions to the data
center energy consumption problem: hardware energy saving
technology and software energy saving technology [12].
The hardware energy saving technology mainly reduces the
energy consumption through the use of low power devices
or adoption of specific hardware and device architecture
[12–14]. Obviously, the hardware technology is not flexible
and has low portability. In a large-scale commercial cloud
video data system, there are numerous different devices.
Replacing all devices that are already in use is too expensive
and inconvenient. Therefore, the limitation of hardware
technology approaches makes it difficult to be implemented
widely.

On the other hand, the software energy saving technology
focuses on utilizing software strategies to turn off some nodes
or put them into sleep state with minimum performance
degradation [15]. Comparing with the hardware technology,
the software approach is more flexible, much cheaper, and
more convenient, receiving more attention. Primarily, there
are two storage management methods: dynamic data place-
ment and static data placement.

The dynamic data placement method leverages some
strategies or factors to dynamically adjust the location of data

from node to node. For example, the data with a high access
frequency will be migrated to some nodes together.Thus, the
rest of the nodes will be set idle and can be put into low
energy consumption state. In [16], dynamic consolidation of
VMs which use live migration is improved. The method is
the resource management strategy on “energy-performance
tradeoff,” that is, minimizing energy consumption while
meeting the SLAs. The proposed deterministic algorithms
and adaptive heuristics are claimed to have high efficiency.
In [17], an energy saving algorithm is developed based on
the storage structure configurations of data blocks.The frame
area of data blocks is divided into active and sleep. Each data
block is moved to corresponding area according to the access
frequency and the blocks in sleep area are switched off to save
energy. The approach is flexible and efficient. However, both
methods involve the process of data migration which takes a
lot of network bandwidth and results in migration delay [18].
The cost of migration will be significant especially when the
methods are applied in data intensive applications.Therefore,
the dynamic data placementmethod is not suitable for storing
streaming media data and is difficult to implement in CVS
system.

On the contrary, the static data placement method does
not rely on dynamic resource management such as data
migration. It shuts down or suspends redundant nodes by
reasonable deployment according to improved schedules or
policies. Usually, nodes are turned off in certain time under
the premise of having a certain degree of fault tolerance
or performance lost [19, 20]. A research group at Stanford
University has successfully shut down more idle nodes in
Hadoop by improving the strategy of replica placement
[19]. But its data availability is to be verified for the CVS
system. An energy conservation replica placement method
is proposed in [20]. DataNodes are separated into three
logical zones according to the forecast results: hot, warm, and
cold. Different energy management strategies are adopted for
different zones to achieve energy saving. Once the activity
frequency of nodes does not match the current zone, the
nodes should be transferred to the suitable zone.However, the
transfer can only be done step by step among zones, without
taking into account the high randomness of user access in a
mobile video networking system.

In this paper, we propose an energy saving storage
method based on SLA classification for CVS systems. Our
approach will divide VMs and data storage nodes into
different classifications according to the modified SLA with
an extra parameter of access time period. VMs and nodes
in different classifications will operate separately at different
time period under the guidance of designed schedule. Each
time period has the proper number of operating VMs and
nodes while redundant ones are shut down to save energy.
No data migration is required to consolidate resource. For
the aforementioned reasons, ourmethod can be classified as a
static data placementmethod. Unlike hardware energy saving
technology, our proposed method is easy to implement and
more suitable for mobile video applications than dynamic
data placement methods. The effectiveness of our method
can be shown in comparison with other static data placement
methods.
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Figure 1: Architecture diagram of CVS system.

3. Cloud Video Surveillance System

The video surveillance system has been widely used in
military, transportation, production, healthcare, service, and
daily life. However, problems exist for an ordinary network
video surveillance system: high investment and maintenance
costs, limited system scalability from the space, poor security,
and low reliability on stored data. These limitations have
greatly led to the development of the CVS system, a video
surveillance system based on cloud computing.

3.1. System Structure and Operation Mechanism. The CVS
system, that is, video surveillance system based on cloud
computing, consists of three parts: CVS terminals, a cloud

video data center, and user browsing terminals [21, 22].
The architecture diagram of a CVS system is shown in
Figure 1 which is from our prior work [23]. The monitoring
subsystem, storage subsystem, and browsing subsystem are
corresponding to the CVS terminal, cloud video data center,
and user browsing terminal, respectively. In the figure, the
webcams in the monitoring subsystem serve as surveillance
terminals to obtain surveillance video data. In the browsing
subsystem, user can access video data through a browser
installed on desktop computers, tablet PCs, and mobile
phones for obtaining video data and performing real-time
monitoring.

The storage subsystem, as a data center, mainly consists of
distributed storage clusters, data access management server,
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and storage nodes management server. It is used to store
and manage the historical surveillance video data. To make a
CVS system operational, the monitoring terminals have to be
installed in the areas a userwants tomonitor and be registered
in the CVS center.

An SLA is an agreement between two service providers
or between a service provider and a service consumer. This
is an important way to ensure the service quality in various
complex network environments so far. An SLA includes
a collection of items such as service description, priority,
responsibility, guarantee and service level, the availability of
services, reaction speed, price, and penalty for agreement
violation. It is a document that describes the minimum per-
formance requirements that can be met by service providers
when they provide the services.

Different SLA templates are used for different demands
[24]. This means that the items in SLA can be arbitrarily
expanded according to the negotiation of both sides. Solu-
tions have been developed for services with no matching
SLA templates to achieve agreements [25]. There are some
negotiable items such as the price and the maximum number
of users. Different prices are corresponding to different SLA
parameters that provide a range of choices at each level to
meet users’ customized requirements.

The basic structure and specification of typical SLA are
shown as follows:

Property:

Tenant.
Validity Period.

Service description:

Service parameters.
Service level objectives (SLO).
SLA parameters.
Metrics.
Function.
Operand.
Measurement service.
Expression.
Threshold.

Violation Handling:

Predicate.
Action.

Parameters of a typical SLA can be classified into three
classes: property, service description, and Violation Han-
dling. Parameters of the property mainly include the Tenant
and Validity Period. The Tenant includes the information of
ID, the maximum number of users, and the average number
of active users. The Validity Period refers to the Validity
Period of SLA specifications. Service descriptions of an SLA
describe the service quality level or value range, including
performance parameters of the SLA, calculation algorithm,

and some necessary information about service provisions.
The Violation Handling includes Predicate and Action. The
Predicate specifies the operation of each SLA parameter to
be calculated. The Action is what is to be taken for SLA
violations.

Based on the registered information and SLA, first, the
CVS center performs the video monitoring tasks through
VMs that are controlled by the access management server,
and later the center acquires monitoring data and stores the
data in the storage subsystem. When real-time monitoring is
needed, the system will directly connect the monitoring VM
with the browsing VM. When monitoring historical video
is needed, the system will establish a connection between
the browsing VM and the storage subsystem to execute the
transmission of data and commands. A user can achieve the
monitoring purpose through a browser to access the CVS
center.

3.2. Analysis of Storage Energy Consumption in CVS System.
In the CVS system, the amount of video data increases
linearly with time. Currently, the regular hardware system is
unable to meet the needs for the space capacity and storage
performance. Meanwhile, it is necessary for the system to
deal with huge access requests from users and provide
simultaneous services. Therefore, the CVS system must have
a strong data storage technology that is of characteristics of
scalability, high throughput capacity, high transmission rate,
high reliability, and so forth.

The distributed storage technology adopts the scalable
topology data organization that is of effective fault tolerance
and high resistance to damage. It also includes the efficient
distributed router, file cache system, and load balancing
algorithm. It can avoid or alleviate the influence of the
dynamic and unpredictable nature of network environment
and provide consistent high performance storage services
to every user in the distributed storage system. Therefore,
the video data are generally stored using distributed storage
method in the CVS system and the reliability is ensured by
the redundancy copies.

The commonly used distributed file systems mainly
include HDFS of Apache, OceanStore of UC Berkeley, CFS
of MIT, and GFS of Google [26–29]. These storage systems
have the characteristics of petabyte storage capacity, easier
expandability, high service bandwidth, and so forth. They
are effective ways for massive data storage and can meet the
storage and access request needs for a CVS system.

With the growth of storage capacity, a large number
of CPUs, disk arrays, and numerous cluster servers are
continuously running and consuming a lot of energy in the
distributed storage system. Power consumption has become
the biggest expense in the continuous-operating service. The
main reasons that make a CVS distributed storage system
inefficient are as follows.
(1)The energy consumption at the idle state is still about

50%of that at the full-load state. An idle statemeans that there
is no storage and access load in the system. In theCVS system,
monitoring demands or video data storagemaynot be needed
all day in some scenarios, for example, when videos are being
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watched by some people or storage operation is triggered by
capturing an object’s movement. Numerous nodes are still
wasting energy while they have no task.
(2) Redundant configuration in the system designed to

meet the needs of peak application will consume a large
amount of energy. In the distributed storage, copies of storage
data are often added to improve the probability of successful
data access. To maintain the accessibility of these data copies,
some redundant nodes are required to be run at the normal
state that will consume extra energy power. In the distributed
storage of cloud video data, the extra energy consumption
problem is even worse because more storage space and
storage nodes are needed due to the large number of users
and larger video data capacity.
(3)The system provided service capability is greater than

what the actual applications need. In many cases, distributed
systems generally have a redundancy design to ensure the
system service’s quality. That is, extra nodes in the system are
considered as available storage nodes and used, yielding some
unwanted energy consumption.

Having considered the above reasons, we add parameters
such as access time period and video data storage space into
the standard SLA. And a low energy consumption storage
method is proposed based on the classification of access
time specified in the SLA. The storage method in the CVS
data center is optimized to shut down nodes not being used.
The system power consumption is reduced at the premise of
ensuring the SLA.

4. Low Energy Consumption Storage Method
Based on SLA Classification

In addition to general parameters, the SLA of a CVS system
should include characteristic parameters of a video surveil-
lance system such as video quality, video data storage space,
and scalability. Even though the video quality and storage
space parameters are not specifically discussed in the paper,
they are a part of the CVS SLA and can be used as reference
values to other related designs of CVS. An access time period
parameter, what we will mainly discuss, is added in order to
limit the time range of the user’s monitoring tasks.

4.1. Design of SLA with Access Time Period for Classification.
The studies onCVS systems are still at the stage of exploration
and trial operation. To the best of our knowledge, there is
not a mature SLA for the CVS system at the moment. By
analyzing the operation flow of CVS systems, the design of
SLA for CVS systems proposed in the paper is shown in
Figure 2. Compared to a typical cloud computing SLA shown
in Section 3.1, there are the following differences.

An access time period parameter is added to the service
description parameters. It is the time period for users to
access the surveillance video data. In the CVS system, there is
large randomness for users to access the video data because
of their needs or preferences. The approximate time range of
users’ access to video data can be arranged with the access
time parameter. According to the parameter, the 24 hours
per day can be divided into several common time periods

that can be chosen: “0∼4 a.m.” as class A, “8 a.m.∼12 a.m.”
as class B, and so forth. When the real-time monitoring is
needed, the “all-day” class can be chosen for the access time
period. According to the classification, the storage nodes can
be labeled correspondingly. In practice, not all users need to
perform monitoring twenty-four hours a day, and users can
purchase the service of corresponding access time periods
according to their needs. During the purchased time period,
the system can provide stable and reliable video surveillance
services. Therefore, an SLA with access time period not only
can, by regulating users’ access behavior, make the unified
management of resources easier, but also provides users with
amore reasonable servicewithmore combinations of selected
access time periods.

The video quality and video storage space parameters
are added to the service description parameters as well.
Video quality can be classified into three grades as high
(H), medium (M), and low (L) according to different video
resolutions. Since different applications have their own needs
such as a user’s requirement and network bandwidth, it is
not necessary to use the same video quality for all. Therefore,
users can get a reasonable choice of the video quality level at
the premise of their needs. For example, a high level may be
chosen for the building monitoring, a medium level may be
chosen for enterprise monitoring that requires a good video
quality but is limited by the budget for service, and a low level
may be chosen for the urban traffic monitoring service.

It is costly to operate the cloud data center for service
providers especially when there is no restriction to users for
the storage allocation.The greater the allocated storage space
is, the longer the monitoring time of the historical video
will be. The video storage space, in a unit of gigabyte, is a
very important parameter for both CVS users and service
providers. Based on the coding standard and parameters such
as video quality and access time period, the storage space for
a task can be approximately calculated [3]. That is, the video
storage space is a reference parameter provided by the service
provider to provision the minimum storage space for a user
according to the access time period. It is commonly set at
the maximum value for redundancy. Therefore, users cannot
directly decide its value but can preset a minimum storage
space according to their needs. If the storage space is not
preset, it will get the default value calculated by the system.
When an adjustment of minimum storage space is required
by users, the parameter can be updated. However, the change
is not immediate but will take effect only at the next operation
time. Once users set the storage space parameter when the
SLA is initialized, the overall space for taskswill be calculated.
Therefore, purchasing storage space according to the need can
not only control users’ cost more accurately and reasonably,
but also help service providers schedule resources reasonably
well based on the storage space parameter in the SLA. This
will improve the resource utilization and thus save the energy.

The scalability in SLA parameters is further enhanced.
Although scalability is one of the basic characteristics of
cloud computing and has its common specifications, it should
also include the ability for users to increase or decrease the
number of monitoring sites, the monitoring time range, and
the video data storage space according to the needs.
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Figure 2: SLA framework of CVS.

The SLA deployment and operationmanagement process
mainly consists of the following steps.

Step 1 (negotiation). Parameters such as the monitoring time
period, level of service quality, cost, and performance should
be discussed between CVS service providers and users.

Step 2 (deployment). After the negotiation, SLA should be
finalized and deployed to the CVS center and then the SLA
monitoring, operation parameter monitoring, and violation
management are activated.

Step 3 (operating parameter monitoring). Parameters in the
SLA are managed and calculated in real time in the operation
process of the CVS system.

Step 4 (violation check). The parameters in SLA are checked
against the data measured in Step 3 to make sure that they
have met the specified service level objectives.

Step 5 (violation management). The corresponding Action
will be taken based on the results of violation check. Either the
penalty payment as specified or replacement of other services
in the SLA will be requested if violations occur in the process
of the service.

Step 6 (termination of service). When the SLA valid period is
over, the related instructions are sent to stop the monitoring
and storage tasks and the service will be terminated as
specified in the SLA.

4.2. Deployment and Resource Management for Storage
Method Based on SLA Classification. In the low energy con-
sumption storage method, the distributed storage cluster in a
CVS data center is deployed to store and manage the histori-
cal video files at first. Later, different servers are deployed in
the CVS center to manage the VMs and storage nodes. They
include the SLA information management server, resource
management server, data access management server, and
storage nodes management server. Figure 3 shows the overall
structure of the low energy consumption storage method.

The SLA information management server contains all
users’ access time period information as agreed in the SLA.
On the one hand, it gets SLA service demand parameters
and other information from the user registration information
database server in the cloud surveillance center. On the other
hand, it processes the information and passes the processed
results as parameters to the resourcemanagement server, data
access management server, and storage nodes management
server at the same time.
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Figure 3: Overall structure of the low energy consumption storage method.

The resource management server counts the number of
VMs, storage nodes, and remaining storage space in the CVS
system. It receives the parameters from the SLA information
management server. Afterwards, based on the parameters
and the schedule from storage nodes management server, it
integrates, manages, and classifies the VMs and the storage
nodes in the CVS center.

The data access management server is one of the most
important parts in the CVS storage subsystem. It is mainly
responsible for sending data storage requests to monitoring
VMs and to allocate storage nodes to the corresponding
monitoring VMs.

The storage nodes management server is the key to
the low energy consumption storage management method
because it provides the operation schedule. The schedule is
initialized by access time period parameters which are the
output of the SLA information management server and the
classification information from the resource management
server.

Regarding the management of storage nodes, it is obvi-
ously improper to classify and manage each storage node
alone by the resource management server. Each storage node
can be managed through the master node in the distributed
storage cluster as long as each master node is associated with
the storage nodes in the same subcluster. Then, the resource
management server can classify all storage nodes according to
the IP address of the master node and the associated storage
nodes in the subcluster. The IP address of each master node
in each subcluster is combined with the same class of VMs’ IP
addresses as a subset to be controlled. In this way, all storage

nodes can be managed through those master nodes. For each
class of VMs and storage nodes after classification, further
fine-grained scheduling management is possible through
other management strategies that many research efforts are
dedicated to. In this paper, we mainly focus on coarse-
grained resource management and the further fine-grained
management will be studied and developed in the future
study.

4.3. Low Energy Consumption Operation Strategy. Once
monitoring or browsing tasks are requested during an access
time period, the access control program of the CVS center
will select the classified category corresponding to current
time period so that the monitoring or browsing tasks can
be executed through VMs in the same category. For the
historical storage data, the data access management server
will periodically send requests to themonitoring VM for data
storage access and adjust the categories of storage nodes based
on the SLA classification information.The video datawith the
length up to one or two days (real-time data) are stored in
the virtual disks of VMs. The minimum capacity of virtual
disks can be estimated based on the maximum bandwidth,
video transmission rate, and storage time. However, the
historical data are stored in the specific nodes in the network
distributed storage so that the static classificationmethod can
be applied for unified management.

The operation schedule of the storage nodes in the
server is deployed to control the operation mode of data
storage nodes in the distributed storage cluster. Based on
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⋅ ⋅ ⋅

(1) Initial(); //system starts
(2) for 𝑖 from 1 to 𝑟 do //𝑖: 𝑖th class based on access time periods
(3) chooseRandom(𝑈

𝑖
); //𝑈

𝑖
: number of users in each time period.

end for
⋅ ⋅ ⋅

(4) While() //main loop of CVS system
{

⋅ ⋅ ⋅

(5) If(update) //information updated
{

(6) if(current) //new user asks for current service
{

(7) New VMs/Nodes added;
(8) Validity Period recorded;
}

(9) else if(! current) //new user does not ask for current service
{

(10) for 𝑖 from 1 to 𝑟 do
(11) 𝑓SLA(𝑖, 𝑈𝑖, . . .); //classify VMs and nodes based on updated information.

end for
}

}

(12) if(request) //task to access
(13) if(request == 𝑖) //task is relevant to 𝑖th class.
(14) for 𝑗 from 1 to dn

𝑖
do

(15) Node
𝑖
= normal; //Node

𝑖
: Nodes of 𝑖th class.

end for
else

(16) other nodes = sleep;
end if

end if
⋅ ⋅ ⋅

}

Algorithm 1: Pseudocode of operation strategy.

the analysis in Section 3.2, the pseudocode of operation
strategy is illustrated in Algorithm 1.

At first, the service parameters including access time
period and number of users in each access time period are
treated as inputs to initialize the resource scheduling and
allocation program. Thereafter, the VMs and storage nodes
are classified into several classes such as A, B, C, by the
resource management server in advance. Therefore, users
cannot decide when the classification starts. The storage
nodes and their replicas in each class of monitoring VMs are
assigned to the same category as well.

Once a new user is added and registered in the CVS
center, if its access time does not cover the current time, the
informationmanagement server will update the classification
information based on the access time period. Based on
the information and the number of users in each time
period, the resource management server then reclassifies the
monitoring VMs, browsing VMs, and storage nodes. Further,
the allocated VMs and storage nodes are adjusted based
on the number of users in each class. In addition, the IP
addresses of VMs in each category are bound as a group and
saved in a storage file on the resource management server.

If the newly initiated user asks for an immediate service, the
task will be requested at once. The number of tasks increases
in the current access time period while other tasks are still in
operation. New VMs and storage nodes in the same category
will be open and information is recorded in the parameter
of Validity Period. The cost will be different from that of a
whole access time period service and adjusted according to
the Validity Period parameter in the SLA specification.

An operation schedule is designed for all storage nodes
and their replicas in the data center. The storage nodes are
defined in two modes: normal and sleep. For example, the
storage nodes of class A, between 8 a.m. and 12 a.m., are
normal while the storage nodes of class B are in sleep mode.

When a task is requested, the task access control program
will send the task request to monitoring or browsing VMs
corresponding to the current time period. Then, control
commands are sent to the storage nodes according to the
operation schedule. Only nodes corresponding to the agreed
access time period are set to the normal mode and others are
set to the sleep mode.

Once a browsing VM receives a request in the current
access time period, data from the storage nodes in the normal
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mode are transmitted to the same class of browsing VMs.The
service parameters and the operation schedule are updated
whenever the access time period information in the SLA is
changed.

Suppose the total number of VMs in the CVS center is
VM, the total number of storage nodes is DN, and the total
number of classifications based on access time periods is 𝑟.
The number of users in each classification of access time
periods is set to 𝑈

𝑖
, 𝑖 ∈ {1, 2, 3, . . . , 𝑟}. The fraction of users

in each classification of access time period is set to 𝑃
𝑖
, 𝑖 ∈

{1, 2, 3, . . . , 𝑟}.The number of VMs and the number of storage
nodes in each classification of access time period are vm

𝑖
and

dn
𝑖
, respectively, 𝑖 ∈ {1, 2, 3, . . . , 𝑟}. Then,

𝑃
𝑖
=
𝑈
𝑖

∑
𝑟

𝑖=1
𝑈
𝑖

, 𝑖 ∈ {1, 2, 3, . . . , 𝑟} ,

vm
𝑖
= VM × 𝑃

𝑖
= VM ×

𝑈
𝑖

∑
𝑟

𝑖=1
𝑈
𝑖

, (𝑃
𝑖
≥ 0) ,

dn
𝑖
= DN × 𝑃

𝑖
= DN ×

𝑈
𝑖

∑
𝑟

𝑖=1
𝑈
𝑖

, (𝑃
𝑖
≥ 0) .

(1)

Since there are no monitoring or browsing tasks in VMs
before the CVS system starts, the resource management
server can randomly select vm

𝑖
VMs and dn

𝑖
nodes as one

class through function ChooseRandom() according to 𝑈
𝑖

(the number of users in each class) and continue in this
way until the classification is completed. Function 𝑓SLA() is
used to classify VMs and storage nodes according to updated
parameters.

The pseudocode is an outline for the system operation.
The running time of the algorithm is mainly contributed by
the loops fromLines (2) to (3), (10) to (11), and (14) to (15) in
the pseudocode, and the computational cost is 𝑂(𝑛). Clearly,
the code is concise and easy to understand.

There are other details necessary but not shown in the
code. When some storage nodes in a classification stop
working due to fault or other accidents during operation, the
system can still guarantee the availability of data and keep
working. The distributed storage system can later recover the
invalid replica by duplication and the number of duplications
in each category is adjusted according to the number of users
in this class.

Since the storage nodes in the sleep mode cannot store
historical data, a system process program is needed to receive
the access time period parameter from the SLA information
management center. Every day, when each class of the storage
nodes is running in the corresponding access time period,
the process program will initiate data storage requests to the
monitoringVMsof the same class. Later, it will store the video
data in the virtual disk of the distributed storage system and
empty the virtual disk space.

Thus, the video surveillance or browsing tasks can be
assigned to the appropriate VMs to execute.The all-day cloud
video services will be divided into services in different time
periods that can be handled by classification.

5. Experiments and Results

In this paper, the low energy consumption storage method
is proposed to improve the power utilization rate in a
data center. Therefore, experiments are mainly conducted to
investigate the percentage of running storage nodes in the
storage system and the average running time of the storage
nodes.

For the experiment platform, we use the Hadoop Dis-
tributed File System (HDFS) to build the required storage
clusters. In the traditional HDFS method, all nodes are
located in one HDFS cluster and the default storage man-
agement policy, which maintains all data replicas to ensure
data availability and prevent data inaccessible problem from
unexpected downtime, is used [19, 30]. A low energy con-
sumption storagemanagementmethod proposed by Stanford
University also uses one HDFS cluster but with an improved
storage management strategy [19]. In this study, a HDFS
cluster is divided into several subclusters whose operation
states are managed according to the operation schedule.
The storage management in each subcluster still uses the
default policy. The results are compared with those from the
traditional HDFS method and Stanford University’s method.

5.1. Design of Experiment Platform. First of all, the hardware
environment and software environment are prepared for the
deployment of the storage clusters. The hardware environ-
ment includes forty-eight PCs as storage nodes and seven
PCs as management nodes called “NameNode.” Each node
is configured in a Dell Vostro computer (OS: Ubuntu 11.04,
RAM: 1GB, and disk size: 320GB) with software applications
of Hadoop 2.1.0, jdk 1.7, Eclipse 3.7, SSH, and so forth.

The experimental system consists of seven HDFS clusters
named A through G. As the reference group, G cluster is used
to operate the traditional HDFS method and the Stanford
method. All nodes in G cluster use one HDFS system, one
NameNode, and twenty-fourDataNodes (including replicas).

Clusters A to F are the experimental group that adopts the
proposedmethod. Each cluster has 4DataNodes (see Table 1).
Each node works by following the operation schedule in the
storage nodes management server. For the ease of compari-
son, the number of DataNodes in G and the total DataNodes’
number in A∼F are the same.The six clusters from A to F are
classified according to the SLA access time period. The SLA
access time periods are divided into 6 classes for the 24-hour
period with 4 hours for each class: class A for the access time
between 0 a.m. and 4 a.m., class B for the access time between
4 a.m. and 8 a.m., and so forth.

It should be noticed that, in order to make a storage
node react in time, each cluster has a NameNode running
continuously. Since the energy consumption of the NameN-
ode is negligible when a large number of storage nodes are
involved in an actual data center’s distributed storage cluster,
only the energy consumption from the running storage nodes
is counted in the experiment.

The structure of the experiment platform is shown in
Figure 4. The replica number of DataNodes in each cluster
is set to 2. We experiment with multiple groups of video
storage data (5G, 10G, and 15G) with different time periods.
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Experimental group (SLA low energy consumption storage method)Reference group

15G10G5G 15G10G5G

Monitoring subsystem Data access management
server

Storage nodes management server

Operation
schedule

G cluster

Node 1 Node 1’s copy

Node 2 Node 2’s copy Node 12 Node 12’s copy

NameNode

· · ·

· · ·

A cluster

Node 1 Node 2

Node 1’s copy Node 2’s copy

NameNode

F cluster

Node 1 Node 2

Node 1’s copy Node 2’s copy

NameNode

Figure 4: Structure of the experimental platform.

Table 1: Configuration number of DataNodes in clusters.

Cluster DataNodes

Experimental group

A (0:00–4:00) 4
B (4:00–8:00) 4
C (8:00–12:00) 4
D (12:00–16:00) 4
E (16:00–20:00) 4
F (20:00–24:00) 4

Reference group G 24
Reference group is used to operate the traditional HDFS method and the
Stanford method while the experimental group uses the proposed method.
Only experimental group is divided.

The number of the running storage nodes (DataNode) and
the running time in the multiple experiments are compared
and analyzed. To facilitate the immediate verification of
experimental results, one day is simulated in a three-hour
experiment. In other words, the experiment time is com-
pressed to one-eighth of the actual time, and each access
time period in classification is reduced to thirty minutes.
Meanwhile, we vary the SLA classification number to verify
the energy saving effect at the premise of ensuring the equal
number of total nodes in the experimental groups (A∼F) and
in the reference group (G).

5.2. Experiment Results. In the lab environment, the HDFS
storage cluster is built to simulate a CVS data center.

Class A
Class B
Class C
Class D
Class E
Class F

0 4 8 12 16 20 24

Operation time (h)

Figure 5: Operation schedule of the storage nodes.

The number of storage nodes in the data center and running
time of the storage nodes are recorded. Figure 5 shows the
operation schedule of the storage nodes for the experiments.

It is clear to see, in Figure 5, the running state of the
storage nodes from the operation schedule for the whole 24
hours. At any given time, only the class of storage nodes in
access time period is in normal operation state (blue stripe)
while other storage nodes not in the access time period are all
in the energy saving state.

(1) Tests for Proportion of Nodes in Operating State. In the
simulated experiments, with the same amount of data and
loads, the initial number of storage nodes in the reference
group and that in the experimental group are both set to
twenty-four. All nodes are in the normal operation state.With
six classifications, a day is divided into six time periods for
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Figure 6: Comparison of storage nodes’ operating rate.

data access.The storage nodes’ running state changes with the
execution of the storage operation as shown in Figure 6.

As illustrated in Figure 6, 100% of the storage nodes
in HDFS tests (blue curve) are in the running state all the
time. This proves the characteristics of the default storage
management policy of the traditional HDFS method. In
the experiments using the Hadoop cluster with Stanford
University’s method, about 50% of the storage nodes after
the initial 30 minutes are in the running state (red curve).
This is because only proper number of nodes is set to run
according to the dynamic load analysis. Therefore, to some
extent, the number of nodes in running state is reduced.
Moreover, the maximum number of sleep nodes is limited to
no more than 50% of the total number in order to guarantee
the performance and the availability of data.

Although the low energy consumption storage method
proposed in this paper needs to maintain the copies as well,
the storage nodes and their copies in the data center are
divided into a number of categories according to the access
time period and only one class of storage nodes and their
copies are running at any time. Therefore, it greatly reduces
the number of storage nodes in the running state. It can be
seen in Figure 6 that after the first 2 minutes only 17% of the
storage nodes are needed to run (green curve), significantly
lower than the other two methods. In short, our method
with classifications results in significant saving in energy
consumption.

(2) Tests for Average Time of Operating Storage Nodes. By
varying the number of SLA classifications, we can test the
effects of different SLA classification numbers on energy
saving. Figure 7 shows the statistical average operating time
of storage nodes versus number of classifications for the
previously discussed three methods.

As one can see in Figure 7, nodes in HDFS tests (blue
bar) keep running in full capacity regardless of the number
of the SLA classifications, and the Stanford Hadoop follows
the same trend, maintaining a constant average operating
time. With the limitation of maximum number of sleep
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Figure 7: Average operating time of storage nodes.

nodes not exceeding 50% of the total, Stanford Hadoop just
makes some nodes sleep dynamically depending on different
loads. With this in mind, it can be seen that the operating
time of the Stanford Hadoop method keeps at about 55%
for different SLA classification numbers. Our proposed low
energy consumption storage method divides the whole day’s
tasks into small tasks and operates in batches at different
time periods. With the increase of the number of SLA
classifications, the operating time of storage nodes in different
time period is reduced.Thus, the average operating time of all
nodes in the data center is reduced too. As shown in Figure 7,
the percentages of average operating time for the proposed
method (green bar) are 50%, 17%, and 8.3% for classifications
of 2, 6, and 12, respectively. In the experiment, the best case in
energy saving is when twelve classifications are used, yielding
41.7% more in saving than the Hadoop method.

The higher the classification number is, the shorter the
operating time of each node will be. In practice, if the
operating time is too short, it is hard to ensure the completion
of a task. For the aforementioned reason, the low energy
consumption storage method will have a bottleneck after the
classification number reaches a certain threshold. However,
its energy efficiency is significantly higher than the other two
methods and can be further improved.

6. Conclusion

We have proposed, in this paper, a low energy consumption
storagemethod based on the SLA classification after carefully
analyzing the structure of a CVS system, the operating
mechanism, and the energy consumption problems in the
distributed storage of video data. By designing an SLA with
the addition of access time periods, the VMs and the storage
nodes for monitoring operation and browsing tasks can be
reasonably classified. Therefore, all-day CVS services are
divided into various tasks associated with different time
periods and processed separately. By designing an operation
schedule for all storage nodes in the data center, the oper-
ation state of storage nodes can be effectively controlled to
achieve energy saving.Thedeployment process and operation
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strategy for the low energy consumption storage method are
described in detail in the paper.

Experimental results show that the current method only
uses 17% of the storage nodes in normal state and takes 8.3%
average operating time with twelve classifications, resulting
in more energy efficiency than the full load of traditional
HDFS method and about half load of the Stanford improved
HDFS method. In addition, the method is easy to implement
and definitely offers certain application value. Our method
demonstrates the following advantages:

(i) It is specially designed for a CVS system and is easy to
adopt widely and deploy for other systems including
cloud computing, cloud disk, or other mobile appli-
cations such as mobile UGC (user generated content)
and mobile advertisement.

(ii) It can meet the performance requirement while min-
imizing energy consumption.

(iii) Compared with traditional and Stanford improved
HDFS methods, the proposed approach proves its
superiority and effectiveness.

In the future work, we will mainly aim at developing and
improving a fine-grained scheduling management strategy
for each storage node.
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monitoring: a survey,” Computer Networks, vol. 57, no. 9, pp.
2093–2115, 2013.

[2] T. Mastelic, A. Oleksiak, H. Claussen et al., “Cloud computing:
survey on energy efficiency,” ACM Computing Surveys (CSUR),
vol. 47, no. 2, p. 33, 2014.

[3] Y. Xiong, S.Wan, J. She,M.Wu, Y. He, and K. Jiang, “An energy-
optimization-based method of task scheduling for a cloud
video surveillance center,” Journal of Network and Computer
Applications, vol. 59, pp. 63–73, 2016.

[4] P. Simoens, F. De Turck, B. Dhoedt, and P. Demeester, “Remote
display solutions for mobile cloud computing,” Computer, vol.
44, no. 8, pp. 46–53, 2011.

[5] 2013, http://www.ctiforum.com/news/guandian/379338.html.
[6] Q. Zhao, K. Li, H. Li, Y. Wang, and H. You, “Model of cloud

video surveillance based on network coding cloud storage
system,” International Journal of Future Computer and Commu-
nication, vol. 4, no. 4, pp. 286–289, 2015.

[7] T. De Pessemier, L. Martens, and W. Joseph, “Dynamic opti-
mization of the quality of experience during mobile video
watching,” in Proceedings of the 10th IEEE International Sym-
posium on Broadband Multimedia Systems and Broadcasting
(BMSB ’15), pp. 1–6, IEEE, Ghent, Belgium, June 2015.

[8] J. Wu, B. Cheng, C. Yuen, Y. Shang, and J. Chen, “Distortion-
aware concurrentmultipath transfer formobile video streaming
in heterogeneous wireless networks,” IEEE Transactions on
Mobile Computing, vol. 14, no. 4, pp. 688–701, 2015.

[9] L. Na, M. Zhang, K. Li et al., “Green task scheduling algorithms
with speeds optimization on heterogeneous cloud servers,” in
Proceedings of the IEEE/ACM International Conference on Green
Computing and Communications & International Conference on
Cyber, Physical and Social Computing, pp. 76–80, Hangzhou,
China, December 2010.

[10] H. Goudarzi, M. Ghasemazar, and M. Pedram, “SLA-based
optimization of power andmigration cost in cloud computing,”
in Proceedings of the 12th IEEE/ACM International Symposium
on Cluster, Cloud and Grid Computing (CCGrid ’12), pp. 172–
179, IEEE, Ottawa, Canada, May 2012.

[11] Q. Zhang, M. F. Zhani, S. Zhang, Q. Zhu, R. Boutaba, and J. L.
Hellerstein, “Dynamic energy-aware capacity provisioning for
cloud computing environments,” in Proceedings of the 9th ACM
International Conference on Autonomic Computing (ICAC ’12),
pp. 145–154, ACM, San Jose, Calif, USA, September 2012.

[12] Y.-J. Wang, W.-D. Sun, S. Zhou, X.-Q. Pei, and X.-Y. Li,
“Key technologies of distributed storage for cloud computing,”
Journal of Software, vol. 23, no. 4, pp. 962–986, 2012.

[13] X. Q. Luo, Y. Qi, L. Wang, and Q. Wang, “Dynamic power
dissipation control method for real-time processors based on
hardware multithreading,” China Communications, vol. 10, no.
5, Article ID 6520948, pp. 156–166, 2013.

[14] H. Shim, J.-S. Kim, and S. Maeng, “BEST: best-effort energy
saving techniques for NAND flash-based hybrid storage,” IEEE
Transactions on Consumer Electronics, vol. 58, no. 3, pp. 841–
848, 2012.

[15] H. Goudarzi andM. Pedram, “Energy-efficient virtual machine
replication and placement in a cloud computing system,” in
Proceedings of the IEEE 5th International Conference on Cloud
Computing (CLOUD ’12), pp. 750–757, IEEE, Honolulu, Hawaii,
USA, June 2012.

[16] A. Beloglazov and R. Buyya, “Optimal online deterministic
algorithms and adaptive heuristics for energy and performance
efficient dynamic consolidation of virtual machines in cloud
data centers,” Concurrency Computation Practice and Experi-
ence, vol. 24, no. 13, pp. 1397–1420, 2012.

[17] B. Liao, J. Yu, T. Zhang, and X.-Y. Yang, “Energy-efficient
algorithms for distributed file system HDFS,” Chinese Journal
of Computers, vol. 36, no. 5, pp. 1047–1064, 2013.

[18] D. Kliazovich, P. Bouvry, and S. U. Khan, “DENS: data center
energy-efficient network-aware scheduling,” Cluster Comput-
ing, vol. 16, no. 1, pp. 65–75, 2013.

[19] J. B. Leverich, Future Scaling of Datacenter Power-Efficiency,
Stanford University, 2014.

[20] X.-Y. Zhao and L. Wang, “An activity-based replica placement
method of energy-conservation,” in Proceedings of the IEEE
International Conference on Fuzzy Theory and Its Applications
(iFUZZY ’13), pp. 446–451, Taipei, Taiwan, December 2013.

[21] M. S. Hossain, M. M. Hassan, M. A. Qurishi, and A. Alghamdi,
“Resource allocation for service composition in cloud-based



Mobile Information Systems 13

video surveillance platform,” in Proceedings of the IEEE Interna-
tional Conference onMultimedia and ExpoWorkshops (ICMEW
’12), pp. 408–412, Melbourne, Australia, July 2012.

[22] June 2013, http://www.cloudsurveillance.com.
[23] Y.-H. Xiong, S.-Y. Wan, Y. He, and D. Su, “Design and imple-

mentation of a prototype cloud video surveillance system,”
Journal of Advanced Computational Intelligence and Intelligent
Informatics, vol. 18, no. 1, pp. 40–47, 2014.

[24] S. Yangui, I.-J. Marshall, J.-P. Laisne, and S. Tata, “Com-
patibleOne: the open source cloud broker,” Journal of Grid
Computing, vol. 12, no. 1, pp. 93–109, 2014.

[25] A.Kertesz,G.Kecskemeti, and I. Brandic, “An interoperable and
self-adaptive approach for SLA-based service virtualization in
heterogeneous Cloud environments,” Future Generation Com-
puter Systems, vol. 32, no. 1, pp. 54–68, 2014.

[26] Y. N. Wang, S. D. Zhang, and H. Liu, “The design of distributed
file system based on HDFS,” Applied Mechanics and Materials,
vol. 423-426, pp. 2733–2736, 2013.

[27] A. Dandoush, S. Alouf, and P. Nain, “Lifetime and availability
of data stored on a P2P system: evaluation of redundancy and
recovery schemes,” Computer Networks, vol. 64, pp. 243–260,
2014.

[28] D. Wang, Z. Hu, J. Zhang, L. Zhang, and Z. Wen, “CFS: the
design and implementation of a cluster file system service on
Inspur AS3000,” in Proceedings of the International Conference
on Computational and Information Sciences (ICCIS ’11), pp. 847–
849, Chengdu, China, October 2011.

[29] X. Y. Zhou and L.-Y. He, “A virtualized hybrid distributed file
system,” in Proceedings of the 5th International Conference on
Cyber-Enabled Distributed Computing and Knowledge Discovery
(CyberC ’13), pp. 202–205, Beijing, China, October 2013.

[30] D. Borthakur, “The hadoop distributed file system: architecture
and design,”Hadoop Project Website, vol. 11, no. 2007, article 21,
2007.




