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Adaptive video streaming over Hypertext Transfer Protocol (HTTP) is one of the most popular ap-
plications that have been used on the Internet in the last decade. In such applications, clients change
the quality of the received video throughout the streaming session with respect to current network
conditions. In these systems, the use of scalable coded video is one of the alternatives that can obtain
video files encoded at different qualities. In this paper, we propose an adaptive bitrate (ABR) algo-
rithm that aims to improve the quality of not only future segments but also the segments in the buffer.

The quality of the already buffered segments is improved by downloading additional layers of the
SVC-coded video, hence, preventing network resources from being wasted while increasing Quality
of Experience (QoE). We use multiple paths between the server and the clients for transferring the
video packets. In such systems, the ABR algorithm should determine which segment and layer should
be requested from which path and when. The proposed ABR algorithm selects a group of segments
to increase the quality of the buffered segments and for future segments, and selects paths for each
segment in this group. Simulation results show that clients achieve higher QoE by using our approach
when compared with conventional ABR algorithms. Furthermore, we show that using multiple paths
cannot guarantee that QoE is maximized unless the end-system is aware of multipath transmission.

1. Introduction

Video file transmissions constitute a major share of to-
day’s Internet traffic. A recent report indicates that IP video
traffic was approximately 54% in the first half of 2021 [1].
Nowadays, HTTP is one of the most preferred protocols for
transferring video content through the Web due to the reli-
ability of Transmission Control Protocol (TCP), the Hyper-
text Transfer Protocol (HTTP) web-cache infrastructure, and
easy firewall traversal. YouTube' and Netflix? are among
the most popular video streaming applications that use this
protocol, and they are most responsible for increasing video
traffic [2]. Almost all suggested solutions to utilize network
capacity and to improve user experience follow the same
approach, which enables the quality to be changed adap-
tively during streaming. In these systems, media content is
encoded at different bitrates, which in turn leads to differ-
ent qualities. In HTTP adaptive streaming systems (HAS),
encoded video files with various qualities are divided into
small parts called segments. This approach allows the client
to make quality changes depending on the network condi-
tions and at the same time to improve the application per-
formance. The algorithm that decides which quality will be
requested is called the adaptive bitrate (ABR) algorithm.

In HAS systems that use scalable video coding (SVC)
[3], quality alternatives are constructed via a layered struc-
ture. A base layer is available for each segment, and qual-
ity improvements are provided by the enhancement layers
added on the base layer. One of the main advantages of SVC
is providing storage utilization due to its layered structure
[4]. Recent studies show that SVC can also be used to im-
prove the quality of the buffered segments by requesting ad-
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ditional enhancement layers, without removing low-quality
segments and hence without wasting bandwidth resources
[5], [6], [7]. In this paper, we utilize this characteristic of
SVC to provide seamless streaming quality.

Enabling multipath transmission is one of the charac-
teristics of the emerging network protocols and technolo-
gies such as Multipath TCP (MPTCP) [8], Software-Defined
Networking (SDN) [9] or 5G [10] because it provides through-
put improvement and better connectivity. With the use of
multiple paths for the transmission of the video packets, the
performance of HAS systems can be enhanced due to the in-
crease in bandwidth. An example scenario could be stream-
ing video from a Multi-Access Edge Computing (MEC) serv-
er to the clients in a 5G network or an SDN domain, where
multipath transmission is enabled between the server and the
clients. The use of MEC servers for video streaming systems
is beneficial because they get the content near to the clients
and help to reduce the delay. However, their storage is lim-
ited compared to the cloud servers, hence, using a scalable
video codec is advantageous due to its storage utilization [4].

When SVC and multipath transmission are both utilized
in HAS systems, they provide some advantages such as in-
creased throughput and Quality of Experience (QoE) im-
provement. However, such a system raises the questions of
which layer of which segment should be requested in which
order and from which path, hence complicating the quality
selection problem. In this paper, a multiple-path-aware ABR
algorithm is proposed, which aims to improve the QoE of not
only future segments to be requested but also the segments in
the buffer. We use SDN technology to select more than one
streaming path between the server and a client. These path
assignments can be made by taking into account the paths’
bandwidth, traffic volume, or other criteria determined by
the needs of the system. SDN can help improve the QoE of
HAS systems with multiple path management and routing

[11].
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To the best of our knowledge, this is the first study that
focuses on the improvement of the quality of already-buffered
segments by utilizing layered video and multipath transmis-
sion. Furthermore, the proposed ABR algorithm selects a
path for each segment of each layer, a different approach
from the literature. The contributions of this study can be
listed as follows:

e We define an optimization model for the quality se-
lection problem in HAS systems which uses layered
video and multipath transmission. Different from the
literature, the model considers quality improvement of
both already buffered and future segments as well as
layer dependencies. A heuristic-based ABR algorithm
is proposed to solve the optimization model.

e The proposed ABR algorithm selects a group of ad-
ditional layers for already buffered segments and the
quality for the further segments by jointly considering
the bandwidth of each path, the size of the segments
and layers, the quality of the buffered segments and
the buffer occupancy level.

e The ABR algorithm determines the paths to download
each segment, the segments which belong to the same
layer can be transmitted over different paths.

e To measure the performance, we observe each QoE
parameter and the overall QoE metric. For the overall
QoE metric to represent the perceived quality as ac-
curately as possible, we determine the weights used in
the QOE calculation by using a multicriteria decision-
making (MCDM) method.

e We demonstrate through tests under various conditions
that the use of multiple paths alone will not guarantee
a performance improvement, and that appropriate ap-
proaches must be developed to benefit from this sup-
port offered by the network.

The rest of the paper is organized as follows: The back-
ground and related works are given in Second II. The pro-
posed ABR algorithm is explained in detail in Section III.
The performance of the proposed ABR algorithm is evalu-
ated in Section IV. The conclusion is presented in Section V
and the references are provided after the conclusion.

2. Background and Related Works
2.1. HAS and SVC HAS

The main challenge in HAS is how to adjust video qual-
ity according to network changes while providing a high-
quality experience and eliminating video stalls. The web
server usually has little knowledge of the client/network sta-
tus and these systems are client-driven, i.e., all control is on
the client side.

When a client starts the video streaming application and
after the TCP connection with the server is established, it re-
quests the media presentation description (MPD) file. MPD

contains information about the segments of different videos
kept on the server. The client then starts to request segments
according to its ABR algorithm by using some criteria and
the information in this file [14]. The Moving Picture Experts
Group (MPEG) standardized Dynamic Adaptive Streaming
over HTTP (DASH) [12], where the standard defines the
MPD format and related parser functions to provide inter-
operability.

Many ABR algorithms have been proposed in the litera-
ture for dynamic adaptive HTTP streaming systems. These
algorithms can be classified based on their input parame-
ters, namely throughput, buffer, and hybrid throughput and
buffer. In throughput-based approaches, the client may se-
lect the next segment quality on the basis of the latest [13]
or average bandwidth [15]. Hybrid approaches take into ac-
count both the measured bandwidth and the buffer occu-
pancy [16, 17]. The scalable encoded video enables clients
with different network connection types, device specifica-
tions, and requests to obtain different qualities from a single
encoded video file [18]. This characteristic of SVC provides
storage utilization [4]. The scalable encoded video file con-
sists of a base and several enhancement layers. There are
layer dependencies in SVC. The base and lower enhance-
ment layers are required to decode an enhancement layer.
ABR algorithms developed for non-scalable video encoding
HAS systems can also be used for SVC HAS. In addition,
some studies focused on HAS systems that transfer scalable
encoded video, where the next segment to be downloaded is
selected according to the importance of the layers [19, 20].

In our previous work, we showed that downloading the
layers of a buffered segment enables the improvement of the
quality of segments that have not been played yet [5]. In [6],
the priorities of the candidate segments to be downloaded
are determined by the MCDM method and segments whose
importance is above a certain level are selected for down-
loading by using machine learning. YouTube has the ability
to remove low-quality segments from the buffer according
to bandwidth conditions and request high-quality versions of
the same segments instead. In [5, 21], this approach was re-
ported to cause a waste of bandwidth. In [22], the clients run
an ABR algorithm that replaces buffered low-quality seg-
ments with high-quality segments by considering the min-
imization of quality switches. This replacement technique
is used in [23], where the retransmissions are performed via
HTTP/2 features. In the next study of [23], due to the band-
width waste caused by the replacement of low- and high-
quality segments, the authors also used scalable video to
minimize the quality of changes in the already buffered seg-
ments in [7]. For this purpose, the client sends one request
for an enhancement layer of the oldest buffered segment.

As a different approach from the literature, in this work,
we propose an approach to increase the quality of a group
of buffered segments without using a retransmission mecha-
nism and to select the additional layers to be requested under
the constraint of playout times of the segments. We enhance
our previous works in [6] and [5], with the usage of multipath
transmission. Using multiple paths increases the number of
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Table 1
Comparison of Different Studies.

Reference Quality Layered video | Multipath Path selection for each SDN
improvement utilization utilization segment and layer assistance

Nguyen et al. [7] Partial v X N/A X

Kim and Chung [36], Guan et al. [38], X X v X X

Bentaleb et al. [24], Chen et al. [39]

Cetinkaya et al. [33], Kalan and Sayit X v v X v

[35], Tashtarian et al. [30]

Ozcan and Sayit [6] v v X N/A v

Elgabli et al. [26] X v v Partial X

Our work v v v v v

challenges, because this architecture adds more criteria to
be decided: which layers of which segments should be re-
quested, which paths should be used for each request, and
when the requests should be sent. The proposed approach
addresses all these selection criteria to improve QoE and to
utilize network resources efficiently.

2.2. Utilizing Multiple Paths for HAS with
Scalable Video

In HAS systems, the user experience can be improved
by using multiple servers [24] or paths [25]; hence, the ex-
isting resources can be used more effectively. In [24], the
clients request one segment from each server in each request
period and the segment qualities are selected by considering
buffer occupancy. In [36], the authors proposed to select a
path on the basis of the recent throughput for each segment
where the clients use more than one path. The authors fo-
cused on the same problem and proposed a solution based on
reinforcement learning in [38]. In [39], the clients, that uti-
lize multiple paths, request segments over different paths by
minimizing the difference in arrival times of the segments.
None of these works, which use multiple servers or multiple
paths, utilize a layered video coding or address the quality
improvement of buffered segments.

MPTCP can be an alternative to enable multipath trans-
mission [27]. In [27], the authors show that MPTCP can
be beneficial for improving the QoE of HAS systems. If end
systems are aware of MPTCP, then QoE can be improved fur-
ther. MPTCP scheduler may select paths for sending the seg-
ments from the server side to improve the QoE [25]. How-
ever, these solutions require changes in the transport layer
[24, 26]. Also, in none of the MPTCP-related solutions the
problem of path selection on the client’s side for download-
ing the segments was studied.

Aside from MPTCP, SDN is an alternative to enable mul-
tiple paths between server and the HAS clients. In SDN
technology, the control is decoupled from the forwarding el-
ements and moved to an external device called the controller.
This architecture enables SDN to manage the network traffic
by making routing decisions based on flow characteristics

and application requirements. Video streaming applications
such as HAS can be assisted by SDN for increasing the QoE
[28, 29, 9]. SDN controller might communicate with the
clients [31] or dynamically re-route the flows in its domain
[32] in order to direct clients about quality selection, pro-
vide network-related information, or manage the network to
provide higher QoE [9].

SDN also enables one or more paths between servers and
clients to be used while these paths can be assigned by con-
sidering criteria such as traffic amount or capacity of the net-
work [33]. MPTCP and SDN can also be used together for
SVC HAS. In [34], the paths used by MPTCP are selected
by the SDN controller for each SVC layer in a HAS system.
However, the segments of each layer are transferred over the
same path; thus, path selection for the segments is not stud-
ied in [34]. Moreover, none of these studies related to SDN
assistance to HAS applications focus on the client side path
selection problem for segment requests and the quality im-
provement of the buffered segments.

Studies that use scalable video codecs and multipath trans-
mission by utilizing SDN advantages mainly focus on stream-
ing path selection on the network layer [33, 34], and se-
lections are performed by the controller. Our study differs
from other studies; rather than addressing the selection of
streaming paths or routes on the network topology, we pro-
pose an ABR algorithm for SVC HAS and focus on selecting
the paths for downloading different segments that belong to
different layers. Hence, path selection is performed on the
client’s side. In Table 1, we provide the main differences
between our proposal and the most relevant studies in the
literature. All studies in the table provide quality adaptation
on the client side. In the table, quality improvement refers
to the quality improvement of the buffered segments. This
feature is denoted as partial for the study in [7] because their
approach focuses on only one QoE parameter, minimization
of quality switches.

In the studies, an approach for layered video by using
multiple paths is proposed, where each layer is routed over a
different path and these path selections are managed by the
SDN controller [33, 35, 30]. In our proposal, the path selec-
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tion to download the segments is done on the client side, and
hence different paths can be selected for each segment due to
its scalable nature. In [26], the authors proposed an ABR al-
gorithm which is aware of multiple path transmission. In the
study, the layers of the requested segment are fetched from
the first layer mainly and other path is used when the first link
can not meet the deadline requirement [26]. Since the path
selection is not done for each segment and each layer, this
feature is denoted as partial in Table 1 for this study. Differ-
ent from these similar studies in the literature, in our ABR
algorithm, the clients choose a set of segments and the num-
ber of layers, and each layer of each segment can be fetched
from different paths. As seen from the table, the main con-
tribution of our work is the improvement of all QoE param-
eters by improving the quality of already buffered segments.
The studies about path selection on the network layer are
not included in the table, since they provide improvement of
throughput received by the clients by making the network
conditions better. In fact, these network layer related studies
can easily be combined with our proposal.

By using SDN technology and SVC, the proposed ABR
algorithm, which takes into account parameters such as net-
work conditions, available bandwidth of available paths, client
buffer occupancy, and layer bitrates, downloads the selected
segments from appropriate paths. Furthermore, it utilizes
network resources efficiently, with its approach enabling the
improvement of the qualities of the buffered segments as
soon as the network conditions improve without increasing
rebuffering risk.

3. SVC HAS Utilizing Multipath Transmission

In the proposed system, when a client starts the appli-
cation, it establishes more than one TCP connection with
the server. To provide higher throughput, different routing
paths can be used for the transmission of the packets. In
this study, the packets that belong to different TCP connec-
tions between a server and a client over different paths are
transferred thanks to SDN. In this section, we present the
proposed system architecture, the functionalities of the SDN
controller, and the details of the multipath transmission-aware
ABR algorithm.

3.1. General Architecture of the System and
Initialization of the Streaming Session

On the server side, different virtual servers that have dif-
ferent IPs are used to send the packets of each layer. When
a client starts the video streaming application, it establishes
more than one TCP connection between itself and each vir-
tual server.

The SDN controller has network functions that provide
services that measure traffic volume, track online hosts, and
assign streaming paths for the flows. The traffic measure-
ments are performed periodically and the controller calcu-
lates the available bandwidth of the paths on the basis of
these measurements. On the basis of its knowledge about
network topology and its service functions, when a new client

starts the video application, the controller determines the
set of paths for the client. When the new client sends a
TCP SYN message for each TCP connection, this message is
grabbed by the first hop switch and is sent to the controller.
The SDN controller assigns a different streaming path on the
network layer for each TCP connection by using a similar
approach we used in our previous work [8]. Suppose the
number of TCP connections is equal to np. The controller
runs Dijkstra’s algorithm np times on the basis of the avail-
able bandwidth of the links. However, the bandwidth val-
ues of the links of the selected paths should be updated in
each run because when the streaming starts the video pack-
ets will be transferred over those paths and the bandwidth of
the paths will change. It is not possible to estimate the band-
width that will be used for video transmission over each path
in advance. However, the average video bitrate value can be
used as a good estimation for the bandwidth that will be con-
sumed. Therefore, when the controller runs Dijkstra’s algo-
rithm, it subtracts the average video bitrate value from each
link of the selected path. Then the algorithm is run again
by using updated link bandwidth values. The forwarding
rules related to the selected paths are sent to the switches
via the OpenFlow protocol. In addition, the controller sends
the available bandwidth values of the selected paths for each
TCP connection to the newly joined client. If scalability
problems arise due to the high number of clients in the sys-
tem, the use of Server and Network Assisted DASH (SAND)
based-architectures with this study is also possible. A third
party server can be responsible for the communication with
the clients and the SDN controller can send available band-
width information only to that server. This approach helps
to eliminate scalability problems [9, 31, 29].

3.2. Quality and Path Selection for HAS with
Multipath Transmission

Considering the case where the clients are aware of mul-
tiple paths and can select not only the quality but also the
path for receiving the segments, maximizing the QoE re-
quires optimizing resources. In the selection of quality, we
also consider improving the quality of the segments in the
buffer. Therefore, the ABR algorithm should also make se-
lections from buffered segments to request their higher lay-
ers. For an ABR algorithm that utilizes multiple path trans-
mission and has these characteristics, a multi-objective op-
timization model is introduced in this section.

Suppose a client selects a group of segments and lay-
ers for each of them for its next request. Let G represent
the number of segments within that group; pI represent the
playout index, i.e., the segment being currently played; and
L represent the highest layer number. The layers are num-
bered starting from 0. Also, let x; ; represent the binary
variable showing that the j# layer of the i"" segment will
be requested if it equals 1 or not requested, otherwise. The
objective functions of the model are given in Formulas 1-3.
The first and the third objective functions aim to maximize
quality and buffer occupancy, respectively. The minimum
segment number that can be requested must equal pI to im-
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prove the quality of already buffered segments. Equation 3
maximizes buffer occupancy by aiming to enhance the buffer
horizontally, and Equation 1 maximizes the quality by aim-
ing to enhance the buffer vertically. The second objective
function aims to minimize quality changes by considering
the number of layers received, which belong to consecutive
segments in the buffer.

pI+G L
max 2 in’j (1)
i=pl j=1
pI+G| L L
min Z Z Xjj— Z Xi_1) 2)
i=pl |j=0 j=0
i#0
pl+G
max Z X0 (3)
i=pl
subject to:
ot segment_size(i, j)
x; .ty —pl <z, 7 ,
€St inr “)
Vie {pl,pl +G},Vj e {0, L}
pl+G
D xi;=buffery,, —pl,Vj € {0,L) )
i=pl

J
Jjxi; = 2 X, Vi € {pl,pl +G},Yj € {0,L}  (6)
k=0

i

(i — pl).x;o = Z XeooVi € (pI,pI +GY (7

k=pIl
s;; =0,Vie{pl,pl +G},Vj € {0,L} 8)
variables:
x;; €1{0,1}
" ©
z, € {0,1}

The constraints of the optimization model are given in steps
4 to 8. In the equations, tft, segment_size(i, j), and estfhr
represent the playout time of the i' segment, the size of the
j™h layer of the i segment, and the estimated throughput
for path p, respectively. z,, is the binary variable that shows
whether the path p is selected for downloading a segment and
it equals 1 if it is selected for downloading the selected seg-
ment. The first constraint in the model requires the selected
segment and its layer to be downloaded before its playout
time by utilizing the estimated throughput of the selected
path. The number of segments within a group is limited by
the buffer size as determined by constraint 5. The layer de-
pendencies are defined by constraint 6. Constraint 7 is de-
fined to provide continuity in the downloaded segments, i.e.,
if i'" segment is received, then all previous segments should

also be received. If the j/ layer of the i”* segment is re-
ceived, i.e. it’s in the buffer, Sij equals 1. Constraint 8 is
used for only requesting layers that are not in the buffer.
The selection of the segments and the layers should be
completed in a limited time to have a seamless streaming
session. We propose a heuristic method to solve this opti-
mization model due to its high time complexity. In the next
section, we present the details of the heuristic method.

3.3. Heuristic for Multipath Transmission-Aware
ABR Algorithm

The proposed ABR algorithm considers utilizing the mul-
tiple paths and the advantages of the layered video. At the
beginning of the video session, the client retrieves the band-
width values of the paths selected by the SDN controller for
each TCP connection. The client then requests the MPD file
via the path with the highest bandwidth. After the MPD file
is parsed, the bandwidth is re-estimated for the path from
which the MPD file was retrieved. The ABR algorithm de-
termines the segments to be requested and the paths to be
used according to the estimated available bandwidth values,
which will be detailed in further sections. After the requested
segments are downloaded, the bandwidth values of each path
are re-estimated. In this study, we used the throughput esti-
mation method presented in DASH-J S3, but other methods
can also be used in this calculation. The formula that is used
for bandwidth estimation is given in Equation 10. In the for-
mula, bw, refers to the bandwidth estimation value at time
t and est, is the current estimation value which is based on
the throughput measured when the previous segment is be-
ing downloaded. w; and w, are the weights for previous and
current bandwidth estimation values, respectively.

wi.bw,_ + w,.est
buw, = 1 -1 2-€Sl; (10)
wl +LU2

In this study, we define the time unit that starts with
receiving segments and ends with requesting the next seg-
ments as period. In Figure la the modules running on the
client side are given, illustrating how a period starts and
ends. As seen from the figure, the new period is not started
until all requested segments are received in the previous pe-
riod. Hence, the length of the period changes according to
the current network conditions, the number of requested seg-
ments and the sizes of the requested segments. The contri-
bution of this study, the ABR algorithm, is indicated by yel-
low in the figure. Figure 1b shows the general outline of
the proposed ABR algorithm which consists of five steps:
initialization, maximum representation selection, candidate
segment group selection, path and segment selection, and
backup algorithm.

The video does not start playing until the number of seg-
ments in the buffer reaches f. The time between the user
clicks on the play button and the video starts playing is called
startup delay. The playout index, which is the number of the
segment being currently played by the client, increases con-
stantly, which is why the higher layers of already buffered

3https://dashif.org/
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segments to be requested should be carefully selected. There-
fore, the ABR algorithm should determine the segments whose
qualities should be improved and how much quality improve-
ment should be provided, i.e., how many enhancement layer
packets should be requested. Our studies and experiments
show that a deliberate design is required because the selec-
tion strategy of these segments has a significant impact on
the QoE. The base layers of future segments and the en-
hancement layers of already buffered segments that will be
requested are determined by the ABR algorithm. To deter-
mine which segments will be suitable to be requested in the
current period, the segments in the candidate segment group
are checked prior to path selections.

The next step is path selection, i.e., selecting the paths
for the transmission of each segment within the candidate
segment group. After the path and segment selection step,
the backup algorithm is run. In the backup algorithm, the
paths that were not selected or were not totally utilized in the
previous step are utilized and more base and/or enhancement
layers may be requested over these paths. The details of these
five steps are given in the following subsections. Table 2
gives the explanations of the variables that are used in the
algorithms presented in this section.

3.3.1. Initialization:

At the beginning of each period, the ABR algorithm runs
the initialization step. In the Initialization step, the parame-
ters specific to the current period, such as buffer occupancy
and current available representation values are determined.
The initialization step is completed when these parameters
are determined. In Fig. 2, the initialization parameters in
a buffer are illustrated. In the figure, BL and EL represent
the base layer and the enhancement layer, respectively. The
explanations and the approaches for determining these pa-
rameters are as follows:

a) Minimum segment number: The ABR algorithm selects
the layers for segments within the range of the current
period. Minimum segment number is the number of the
segment with the smallest number, i.e., the segment num-
ber at the starting point of a period. This value (sNo,,;,)
is set to pI + a, where pI is the playout index. We do
not improve the quality of the buffered segments start-
ing directly from pI because the user continues to play
the video and hence, pI constantly increases during each
period. Here, a is used for the client to provide a safety
margin which gives some time to download the segments
within the candidate segment group before pI reaches
sNo,,;,. Therefore, downloading a layer of a segment
that has been already played is prevented. In Fig. 2, «
equals 2.

b) Maximum segment number: The maximum segment num-
ber (sNoy,,,) value is the segment with the maximum
number that can be requested from the server, consider-
ing the buffer size limit. More specifically, this value is
pl + sizey, s ... The calculated sNo,,,, value cannot

exceed the total number of the segments of the video se-

quence.

Table 2
Definitions of the Variables Used in the Algorithms

Symbol Description

pl Playout index (in terms of segment number)

FeP Maximum representation quality that can be
requested for the current period

r€Ppax, ., Maximum representation quality requested
for the previous period

sNo,,, Minimum segment number within the pe-
riod

SN0, pin Main segment number of the period

SN0,y Maximum segment number within the pe-
riod

bw,, Bandwidth of the path numbered pNo

oce,n, Path occupancy of the path numbered pNo.
This value is set to 0 for all paths at the
beginning of each period

OCCh, f fer Buffer occupancy (in terms of segment
count)

SiZ€4 1 for Total size of the buffer (in terms of segment
count)

size noino Size of the segment with segment number
sNo and layer number INo

0 Length of a segment (in sec)

sPathy, y, | Selected path for the segment with segment
number sNo and layer number INo

CoNodNopNo Calculated download time of the segment
with segment number sNo and layer number
INo transferred over the path numbered pNo

cTime,,, The estimated time for the completion of
the set of segments within a period

¢) Buffer occupancy: The buffer occupancy (occy, re,) 18
calculated by considering the segments from pl to the
first missing segment in the buffer. The buffer occupancy
value is 7 for the buffer illustrated in Fig. 2. In Fig. 2,
there is no gap between the downloaded segments in the
buffer, however, some segments may have not arrived to
the buffer in order due to the request pattern and backup
algorithm given in section 3.3.5. The same calculation
method is also used for the buffer occupancy in case there
are gaps between downloaded segment numbers.

d) Main segment number: In the proposed ABR algorithm,
the qualities of the segments whose numbers are lower
than a specific segment number are improved primarily,
whereas the qualities of the segments whose numbers are
higher than that number are improved only in case of ex-
cessive bandwidth capacity. We call this specific seg-
ment number the main segment number. We define the
main segment number to give different priority to seg-
ments according to their playout time and to download
the segments on the basis of these priorities.

The clients run an algorithm to determine the main seg-
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Figure 1: Client Modules and ABR Algorithm Steps
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ment number, which is given in Algorithm 1. At the
beginning of the video streaming session, the main seg-
ment number equals 0. In cases where the video session
has just started or the maximum available representation
equals the base quality level, the current period’s main
segment number is increased by f (the first two lines of

Initial
Phase

Steady Phase

limsteady liMgreedy liMgare

Figure 3: lllustration of Buffer Phases

Algorithm 1). Except for the cases given in the first line
of Algorithm 1, if the buffer is not fully filled, then the
main segment number is incremented by one per period
(between the lines 3-7). Otherwise, the main segment
number stays the same as the previous period only to
improve the quality of the segment numbers whose base
layer is downloaded in the previous periods.

Algorithm 1: Main Segment Number Setting

if sNo,,,i, <P OR rep,,. == 0 then
‘ SNOmain « SNomain + ﬂ
else
if occp, fpor < sizey, s s, then
‘ SN 04in < SNOpgin +1
end

end
if sNo,

main

‘ sNo

> videoLength then

1
2
3
4
5
6
7
8
9 « videoLength

main

10 end

e) Phases:

In our previous study [5], to improve the quality of the
already buffered segments, only one enhancement layer
was requested within a period. Hence, the clients do
not send requests for more than one enhancement layer
within the same period. This study showed that this ap-
proach provided a smooth quality change. In addition, in
case the buffer is full enough, the increase in the num-
ber of segments to be requested keeps the buffer at a sta-
ble high level [6]. On the basis of our previous insights,
we conclude that the client should act differently regard-
ing the buffer occupancy. For this purpose, we define
four different phases considering buffer fullness, namely
initial, steady, greedy, and sa fe for this study. While
the system is in the initial and steady phases, it acts
more conservatively. When it is in the greedy and safe
phases, more enhancement layers of various segments
can be requested. The phase is used to determine the
maximum available representation, i.e., the representa-
tion with maximum possible quality that can be requested,
and to determine the candidate segments that will be re-
quested within the current period. The phases are illus-
trated in Figure 3. The throughput estimation method dif-
fers with respect to the phase. If the phase is initial or
steady, then only the bandwidth value of the path with
the maximum available bandwidth is used for the through-
put estimation. Otherwise, the bandwidth is calculated
by summing all bandwidth values of the used paths.

3.3.2. Maximum Representation Selection:

The parameters that affect the QoE, such as current avail-

able bandwidth, segment size and buffer occupancy are highly
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dynamic in HAS systems. Immediate reactions of the ABR
algorithm to changes in one or more of these parameters may
decrease QoE. Considering this fact, the proposed ABR al-
gorithm uses different approaches when the system is un-
der different circumstances to provide the maximum possi-
ble QoE.

The maximum available representation, i.e. rep,,,, is
determined by Algorithm 2 running at each period. This
value is set by considering the throughput estimations and
the buffer fullness value. rep,,,, is determined based on the
bandwidth of the path with the highest available bandwidth
or the sum of bandwidth values of all paths. Thus, rep,,,.
defines a limit. Hence, the layers higher than rep,,,, cannot
be downloaded. However, if the buffer fullness is at a good
level, then requesting higher layers would not be so risky.
Therefore, when the system is in the sa fe phase, segments
of higher quality than rep,,,, can be downloaded. If the sys-
tem is in the sa f'e phase, then rep,,,, value is increased (be-
tween lines 1-3 in Algorithm 2).

The maximum representation determination algorithm
aims to provide a gradual quality transition against changes
in available bandwidth because significant quality changes
decrease the QoE. Therefore, if the difference between the
values of T€Pmax and rep,,,, of the current period is more
than one, then rep,,,, is increased (or decreased) incremen-
tally to provide gradual quality changes (between lines 4—
9 in Algorithm 2). Thus, the negative effect of short-time
bandwidth changes on the QoE due to the significant quality
switches is limited.

Algorithm 2: Maximum representation determi-
nation algorithm.

1 if isSafePhase then

2 ‘ repmax « repmax + 1

3 end

4 if ABS(rep,,ux — repmaxprw) > 1 then

5

6

if rep,ux > rep,q.  then

prev

‘ rePmax < reraxprw

7 else

‘ rePmax repmaxlm,u -
9 end
10 end

3.3.3. Candidate Segment Group Selection:

The candidate segment group represents the group of
segments that are suitable to download by considering buffer
and bandwidth conditions. This step of the ABR algorithm
starts with determining whether a segment is suitable to be a
member of the candidate segment group by using Algorithm
3. In this algorithm, all layers, which are equal or lower than
rep,..x» belonging to segments numbered between sNo,,;,
and sNo,,,, are controlled at first (Algorithm 3, lines 1-2)
to determine if they are appropriate to be selected. Segments
are controlled whether they were requested before to prevent
them from being requested again (between lines 3-5). In
cases such as video session startup or buffer underrun, only
the base layer of segment numbers should be downloaded to

minimize startup delay or buffer underrun. Therefore, if the
layer of the segment is an enhancement layer, then this seg-
ment is not added to the candidate segment group (between
lines 7-9). If INo > 0, the system is in the steady phase,
and rep,,,, is not greater than T€Pmax, then this segment
also cannot be considered in the candidate segment group
(between lines 10-13). These controls help keep the num-
ber of quality changes at minimum, despite a high difference
in segment sizes among sequential segments and the buffer
is not filled enough. In addition, removing segments from
the group enables the request for new segments whose base
layer has not been requested yet, thereby ensuring the sys-
tem stability due to increased buffer fullness level with the
newly arriving segments. Algorithm 3 outputs the candidate
segment group.

Algorithm 3: Candidate segment group selection
algorithm.

foreach sNo from sNo,,;, to sNo,,, do

1
2 foreach /No from 0 to rep,,,, do
3 if isRequested(sNo, [N o) then
4 | break;
5 end
6 if /INo > 0 then
7 if isInitial Phase then
8 ‘ break;
9 end
10 if isSteadyPhase AND rep,,,. <= T€Pinax, e,
then
1 | break;
12 end
13 end
14 add Segment To Candidate Group;
15 end
16 end

The control statement about the steady phase in Algo-
rithm 3 shows that the system phase affects the segment se-
lection for the candidate segment group. In Figures 4a and
4b, two scenarios are given when the system is at steady
phase. The segments with the highest quality and indicated
as the next segment in the figure represents the rep,,,, value.
Figure 4a shows the group of segments to be selected when
the rep,,,, value calculated in the period is the same as that
of the previous period. If these segments are downloaded
faster than the playout index increases, then the buffer fill
rate will increase in the next period. Figure 4b illustrates
the case where rep,,,, decreases when compared with the
previous period. The group of segments to be received in
the current period is small. Therefore, the period is com-
pleted in a short time and the algorithm can adapt to the new
network conditions more quickly.

If the system is in the greedy or safe phase, then it
means the buffer is sufficiently filled. Hence, rep,,,, value
and path selections can meet the requirements to increase
QoE. Therefore, all layers up to rep,,,, of the segments are
requested from the minimum segment number to the main
segment number of the period.

Greedy and sa f e phases mostly focus on improving the
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quality of segments whose one or more layers are received,

rather than downloading new segments to maintain or in-

crease buffer fill. In Figures 5a and 5b, two scenarios are

illustrated when the system is in the greedy or safe phase.

Figure 5a shows the scenario, where the period’s rep,,,, value
increases compared with that in previous periods. Figure 5b

represents another scenario where rep,,,, increases to repre-

sentation 2, after decreasing from representation 3 to 1.

3.3.4. Path and Segment Selection:

The next step after determining the candidate segment
group members is to select paths for downloading the seg-
ments within the group. The period should be completed as
soon as possible. The download time of all segments via the
path with the highest bandwidth might be shorter than that
of some of these segments via other paths. In this case, all
the segments are retrieved through the path with the highest
bandwidth and the other paths are marked as unused. Un-
used paths are utilized by the backup algorithm, which will
be explained in the next section.

Algorithm 4 determines which path will be used to re-
ceive the layer / N o of the segment numbered s No. The in-
puts of the algorithm are the list of the paths in descending
order in terms of bandwidths, sizes of segments from s No,;;,,
to sSNo,,,,, and rep,,,. value. The definitions of the sym-
bols in the algorithm are given in Table 2.

In this algorithm, we define and utilize a variable that
indicates the occupancy of the paths. occ,y, shows how

much time in seconds the path numbered p N o will be trans-
ferring segments. All requested segments in the previous
period have already been downloaded at the beginning of
the new period. Thus, no video transmission takes place in
the available and usable paths. Therefore, at the beginning of
each period, the occupancy values of all the available paths
(occ 5 o) are set to 0 (between lines 1-3). Here, np represents
the number of paths. For given sNo and / No values, each
path is checked until a suitable path is found to transfer this
segment within the loop between lines 9-15 of Algorithm 4.
In the 10" line of the algorithm, the download time of the

segment is calculated when the path numbered pN o is used.

SizesND,lNa

The formula estimates how many seconds it will

WyNo
take to download psegment with s No and / N o layer number

through the path numbered pNo. Therefore, the segment

SizesNo,lNo th

will be downloaded at e seconds after occ,y, sec-
pNo
onds passed.

Algorithm 4: The path selection algorithm.

1 foreach pNo from 1 to np do

2 ‘ occpn, < 0.0

3 end

4 foreach sNofrom sNo,,, to sNo,,;, do

5 foreach /No from 0 to rep,,,, do

6 if inCandidateGroup(sNo, [N o) then

7 minTime < 0.0

8 sPathgy, N, < null

9 foreach pNo from 1 to np do

SiZesNoINo
10 csNr),lNo,pNo « occpNo + T
11 if (sPathyy, N, == null OR
minTime > ¢,y iNopNo) AND
sNo > pI + [csND’,NO,pND/G] then

12 minTime « CsNoJNopNo

13 sPathgy, N, < PNoO

14 end

15 end

16 if (sPathy, N, == null) AND INo == 0 then
17 minTime « CSNOINO.DNOpighest

18 SPalhsNo,lNo < PNohighest

19 end

20 0CCspath o < OCCsPathyn,ino T minTime
21 end

2 if (sPathgy, N, = null) then

23 addSegment(sNo,INo,sPathgy, n,)

24 if isSteadyPhase then

2 | BREAK

26 end

27 end
28 end
29 end
30 cTime,,,, < MAX(ALL(occ,y,))

Size
1< [ sNo,lNo/a] (11)

bpro

If we assume that the segment duration is 6 in terms of
seconds, then the playout index increases by n after the seg-
ment numbered sNo and /No is downloaded based on the
inequality given in Equation 11. To ensure that the segment
numbered sNo is downloaded before its playout time, the
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estimated download time for each segment is calculated and
checked by the algorithm whether the download time is less
than the expected playout index when it is downloaded. For
example, if a segment is estimated to be downloaded in 4
seconds where the segment duration () is 2 seconds, then
the difference between the playout index and the segment
number must be greater than 2, i.e., the segment number to
be requested must be greater than playout index + 2. In addi-
tion, the load of the selected path should be evaluated in the
calculation by using occupancy values of the paths. These
are the conditions given in the 117 line of the algorithm.
The path that meets the conditions is selected for download-
ing the segment as can be seen between lines 12—-14 of Al-
gorithm 4. In this matter, the calculated download time of
this segment is added to the calculated download time of the
previous segments of that period which are assigned to the
same path (line 20). If no path is selected for a segment that
belongs to the base layer, then the path with the highest band-
width is assigned to this segment (between lines 16-19).

If the system is in the stead y phase, then the client should
download only one layer of a segment. Accordingly, the al-
gorithm continues to search for the paths for the next seg-
ment number after selecting one layer in the steady phase
as in the lines between 24-26 of the algorithm. More than
one layer for the same segment can be requested when the
system is in the greedy phase.

The algorithm also outputs the cT'ime,,,, value in ad-
dition to the selected paths for downloading the segments.
In the algorithm, the total estimated time to download the
segments from each path is used for occupancy values of
the paths. cTime,,,, is the maximum value among the oc-
cupancy values of the paths. Therefore, cT'ime,,,, gives an
estimated time for the completion of the download of the
segments within the related period. cTime,,,, is used in the
next step, by the backup algorithm.

3.3.5. Backup Algorithm:

Algorithm 5: Backup algorithm.

1 foreach sNo from sNo,,,+1tosNo,,. do
2 foreach /No from 0 to rep,,,, do

3 if CsNodNopNo <= cTime,,,, then

4 occpNo - OCCpNo + csNa,INo,pNo
5 addSegment(sNo,INo,pN o)

6 end

7 end

8 end

The last step of the ABR algorithm is the backup algo-
rithm, which mainly creates a group of candidate segments
whose number is between the main segment number and the
maximum segment number for all layers without exceed-
ing the calculated maximum representation, i.e., rep,, ., and
selects suitable paths for them. In the previous steps, the
segments numbered between sNo,,;, and sNo,,,, are se-
lected to be downloaded and path selections are made for
those segments. Among the selected paths, the path with the
maximum download time determines the maximum down-

— ~ ~ Next Segment
Downloaded Selected by Backup

Quality ) Segment Not
Levels :Next Segment ) Requested Yet

| | )03 ,H‘ \

3
2
1
0

Min Segment
Number

Max Segment
Number

Main Segment
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Figure 6: An lllustration of the Backup Algorithm Selection

load time for the period (cTime,,,, ). When segments are
retrieved from a path with the maximum download time, the
other paths may be idle after the segment assigned to them is
transferred, which means that their bandwidths are not uti-
lized. One of the main objectives of the proposed approach
is to utilize all paths between the server and the client. For
this purpose, the backup algorithm chooses new segments
to be downloaded over the available paths by considering
cTime,,,  value. Suppose the client can download segments
through three different paths. The client estimates that the
segments assigned to the first path, the second path, and the
third path will be downloaded within 3, 2.8, and 2.5 seconds,
respectively. In this case, the second and the third paths will
not be used for 0.2 and 0.5 seconds, respectively. The aim
of the backup algorithm is to find appropriate segments that
can be downloaded within this period of time. Considering
this example, the algorithm will search for the segments that
can be downloaded from the second path within 0.2 seconds
and from the third path within 0.5 seconds.

The backup algorithm step aims to receive all the lay-
ers that can be downloaded within the current period, not
to exceed rep,,,,, from the sNo,,,;, to the sNo,,,. (Algo-
rithm 5, line 1). The backup algorithm assigns extra seg-
ments to all other paths except the path with the calculated
maximum download time. Figure 6 illustrates a possible
scenario showing the selections of the segments, which are
determined by the backup algorithm and to be downloaded
over available paths.

4. PERFORMANCE EVALUATION

To evaluate the performance of the proposed approach,
we implemented a series of tests by using the Mininet soft-
ware, which is an SDN emulator running on the Linux. Flood-
light * was used as an SDN controller in the tests.

As comparison approaches, we used two conventional
ABR algorithms that request the segments of SVC encoded
videos by considering throughput similar to DASH-JS. Both
conventional approaches use the path with maximum avail-
able bandwidth as the main path. The conventional single-
path client (convSinglePath) retrieves segments by using only
this path, and the conventional multipath client (convMulti-
Path) improves the quality by downloading the segments of
higher enhancement layers of the currently requested repre-

“https://floodlight.atlassian.net/wiki/spaces/HOME/overview ?mode=global
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Table 3

Minimum, Maximum And Average Bandwidth Values (Bw) in
Mbps of the End-To-End Paths with Max Available Bandwidth
in Each Scenario (Sc)

Sc Min Max Avg Oscil- | Change
Bw Bw Bw lations | Count
(Mbps) | (Mbps) | (Mbps)

1 2 4 2.96 low 6

2 1 6 4.16 high | 7

3 3 9 6.05 high | 5

4 5 7 6.07 low 6

5 6 6 6 none none

sentation through the additional paths. Basically, convMul-
tiPath clients download the next higher layer of the current
representation that bandwidth allows through the path with
the second highest bandwidth. For the next higher layer, it
uses the path among remaining paths, which has the third
highest bandwidth. This selection proceeds until the client
uses all paths assigned by the SDN controller. convMulti-
Path uses a similar approach proposed in [33]. Each type of
client can select a group of segments at once and then request
them. All clients’ buffers keep up to 20 segments and startup
delay ends after four segments have been downloaded.

In the experiments, three different videos are used, whose
details are given in the next section. A total of 300 tests
were performed for each video for two groups of emulations.
The first group involves five single-client tests and the sec-
ond group involves five multiple-clients tests per scenario.
The average values of the test results are given in the graphs,
which are grouped according to scenarios and all video con-
tents. In the graphs, the confidence interval equals 95%.

4.1. Evaluation Setup

The performances of the approaches are tested over five
different scenarios in which different bandwidth values and
several changes in bandwidth values are implemented. The
number of the paths is set to 3. Table 3 shows the average,
maximum, and minimum bandwidth values, as well as the
oscillation levels in the bandwidth of the main path to be
used by the clients, where the emulations with one client
are performed. The scenarios are set in such a way that
the behaviors of the approaches can be observed in various
network conditions. In the emulations with more than one
client in the system, the bandwidth values given in Table 3
are multiplied by the number of clients. The bandwidth of
the additional paths remains the same during the emulations.
However, when more than one client transfers different lay-
ers over those paths, the available bandwidths of the addi-
tional paths change considerably during the emulation and
the clients are affected by the cross traffic produced by other
clients. Fig. 7 shows the actual path bandwidth value and the
bandwidth observed by a client as a function of time. These
values are taken from a multiple-client test with scenario 1.
As seen from the figure, even if the given path bandwidth

= Path Bandwidth == Observed Bandwidth by a client

Mbps

Time (sec)

Figure 7: Path Bandwidth vs Observed Bandwidth

value remains fixed for limited intervals, the clients observe
some changes in bandwidth due to the competing TCP flows.

In the experiments, we used videos with 720p resolution,
namely, Big Buck Bunny (BBB), Elephants Dream (ED),
and Tears of Steel (ToS) videos, which are SVC encoded
according to the description given in [37] and packetized for
delivery using the DASH standard. Each video has a total
of four layers, including the base layer, and the segment du-
ration is 2 seconds for all layers. Table 4 presents the main
characteristics of each video content. The video durations
and average bitrate for each layer are given in the table from
the base layer to the highest enhancement layer. Although
the bitrates of the enhancement layers are given separately
in the table, the clients have to get all underlying layers to be
able to decode the enhancement layers. Therefore, the play-
out bitrates of enhancement layers are equal to the sum of
all bitrates up to that enhancement layer. These videos are
selected by considering their different segment characteris-
tics. Table 4 also shows standard deviations of the segment
bitrates of each layer for each video file. In general, the size
of each segment varies, and the bitrate values are the aver-
age bitrate of all segments. In Fig. 8, the segment sizes
are given comparatively for each video, where the segments
of each layer are grouped in the figure. These graphs show
the different characteristics of the videos used in the experi-
ments. The changes in the bitrates over time for each video
file can be seen in Fig. 9. Using video files with different
segment properties in terms of the variety of segment sizes
allows us to achieve a wider range of performance results be-
cause we can observe the behavior of the clients by using the
videos that have different characteristics in similar network
conditions.

In the proposed ABR algorithm, limg,,g,, limg,e0q, and
limg, r, are setto 6, 8 and 15 in terms of segment number, re-
spectively. These values are tuned by observing the client’s
behavior in different conditions. The ABR algorithm code is
available in [40]. It can be used in any HAS client software
by importing this module as the ABR algorithm. At the be-
ginning of the streaming, the bandwidth values of the paths
should be provided to the software.

4.2. QoE Calculation
To calculate the overall QoE value, Equation (12) is used,
which contains the modified version of formulas used in QoE
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Table 4
Characteristics of the Video Sequences

Video Video Dura- | Bitrates from the lowest represen- | Standard Deviations of Segment Bitrates from
tion (sec) tation to the highest (Kbps) the lowest representation to the highest (Kbps)
Big Buck Bunny 598 1555, 1154, 1838, 2310 836, 699, 1194, 1499
Elephants Dream | 654 1661, 1160, 2065, 3310 1039, 962, 1569, 2535
Tears of Steel 736 1502, 1091, 4423, 2832 853, 618, 1091, 1509
= BBB == ED TO! = BBB == ED TOS
56000 geooo Table 5 .
8 4000 m’ L §4000 m’ M QoE Weights
:%2000 ( d“*“ had W( ;%2000 MA‘ b N,M.l “ J}h ag a, a, a, a,
@ 50 100 150 200 250 300 350 @ 50 100 150 200 250 300 350 Value .236 .049 .092 436 .187
Segment Number Segment Number
(a) Base Layer (b) Enhancement Layer 1
— BBB —ED - TOS —BBB —ED _ TOS methods because of its simplicity and robustness [6]. Basi-
212500 215000 cally, AHP calculates the importance of each criterion. The
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Figure 8: Segment Sizes per Different Video Layers

calculations [17]. "rB" refers to the average video bitrate
value (in Kbps) monitored in a video session. This value is
calculated by averaging the bitrate of the downloaded repre-
sentations during the streaming session. A high bitrate re-
ceived in a session corresponds to improve user experience.
However, the received video bitrate is not the only parame-
ter that defines the QoE on the client’s side. Startup delay
in terms of seconds, the number of quality changes, and re-
buffering durations also negatively affect the perceived qual-
ity. Startup delay is defined by "sD" in the formula. "rC"
indicates the number of quality changes in a streaming ses-
sion. "uC" represents the number of buffer underruns, i.e.
rebuffering events, while "uD" (in sec) is the sum of rebuffer-
ing durations in the session.

YV oag,ap,ay,a3,a4|ap,a1,0y,03,04 € ot

YV rB,sD,rC,uC,uD|rB,sD,rC,uC,uD € {0,0%)

QoE* =rBXq,

QoE™ =sDXa; +rCXay+uCXay+uDXay

QoE = QoE™ — QoE~
(12)
The weights from a; to a4 in the formula were calcu-
lated using analytical hierarchy process (AHP), an MCDM
method. MCDM is used to select the most useful option
from multiple options according to the criteria determined
by the decision maker. AHP is one of the popular MCDM

main objective of AHP is to determine the coefficients of
the variables in a linear equation. In our case, the variables
used in AHP are QoE parameters and the importance is the
effects of each QoE parameter on the overall QoE. In AHP,
as a first step, a decision matrix is formed by comparing the
priorities of QoE parameters. In the method, each parameter
used in AHP is mutually compared and values between 1 and
9 are given to these binary comparisons. These values show
how much more important one parameter is than another. If
the comparison value is 1, then the importance of the com-
pared parameters is the same. If the comparison value equals
9, then the importance of the selected parameter is signifi-
cantly higher than that of the compared one. In the AHP
process, we mutually compared the QoE parameters and as-
signed values between 1 and 9 according to the information
given in the studies in the literature. In dynamic adaptive
systems, users prefer a gradual quality decrease rather than
significant quality changes in a short time [41]. In addition,
research has shown that users prefer a long rebuffering time
instead of multiple ones, and they prefer quality changes and
a longer startup delay to rebuffering events [42]. The im-
portance values used in these comparisons were determined
based on previous studies about the priorities of the QoE pa-
rameters. The selected weights as the output of the MCDM
method are given in Table 5.

4.3. Performance Results

The test results are divided into two parts as single-client
tests and multiple-clients tests. We grouped the tests in a
such way because the performance of dynamic adaptive video
streaming systems is affected highly when multiple-clients
use the same paths due to the competing TCP flows and
the reactions of the TCP congestion control algorithm in
this case. The graphics are given separately for each video
content. In the graphs and tables, our proposed approach
is denoted as mpBack?, which is due to its characteristics
such as utilizing multiple paths, using a backup algorithm,
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Figure 10: Average Startup Delay in Single Client Emulations (in sec)

and improving quality in two different directions, for already ~ ple paths are utilized. The startup delay values are lower for
buffered segments and for future segments. the ToS video file than for other video files because the size
of the first several segments is too low in this video.

The average received representation bitrates are shown

Figure 10 presents the average startup delay foreachclient  in Figure 11. For all scenarios and each video content, the
per video content. mpBack? focuses on distributing the seg- average representation bitrates in the proposed approach are
ments to paths to decrease the total downloading time ineach higher than those in the other approaches. This finding shows
period. Therefore, the proposed approach is better than the  that the proposed algorithm provides better visual quality
other conventional approaches in terms of startup delay, es-  under these circumstances. When compared with the con-
pecially for the BBB and ED video sequences. The startup  yMultiPath, this improvement was measured as a maximum
delay values of mpBack® are even less than those of ob- of 69% and an average of 36%. Nonetheless, a higher re-
served with convMultiPath approach. This result shows the  ceived bitrate does not always mean higher QoE. In Figure
importance and effectiveness of the arrangement of which 12, the average number of representation Changes is compar-
segments should be requested over which paths when multi-  atively given for all types of clients. This value obtained in

4.3.1. Single-Client Emulations
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Figure 11: Average Representation Bitrates in Single Client Emulations
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Figure 12: Average Number of Representation Changes in Single Client Emulations

the proposed approach is less than that of the convMultiPath
for most scenarios of all video content. In the results of the
second scenario, given in Figures 12b and 12¢, more rep-
resentation changes are observed than conventional clients
because a gradual transition is preferred by the proposed ap-
proach rather than a sharp quality change. For example, sup-
pose the video has n layers. The quality may suddenly jump
to the highest from the lowest for the two consecutive re-
quests with the other ABR algorithms. The proposed ap-
proach increases the quality within #n — 1 step incrementally
in this case. Hence, the number of quality changes seems
high in scenarios such as 2, where the number of changes in
bandwidth values is high.

The distribution of the requested qualities in the video
sessions is given in Figure 13. The clients running the pro-
posed approach are able to play the highest quality segments
in all tests. In scenarios 1 and 2 of all video contents, both
conventional approaches cannot play any segment from the
highest quality, while the percentage of segments that have
the highest quality is a maximum of 88% and average of
45% for the proposed approach. These results show that the
clients using the mpBack? approach i) successfully utilized
the estimated throughput when multiple paths are used and
ii) manage to maintain a high buffer occupancy level during
the whole streaming session.

In the proposed ABR algorithm, the clients minimize the
number of buffer underruns by controlling buffer fullness
and by sending requests for lower-layer segments when the
measured throughput decreases. Table 6 presents statistics
about buffer underruns for all scenarios for all video con-
tents. As shown in the tables, with the proposed approach,
buffer underruns are observed only in the second scenario,
where the video file is ToS and in the first two scenarios with
the ED video. Buffer underruns are observed in most scenar-
ios for all video content with the conventional approaches
where the bandwidth is dynamically changed. Considering
that users prefer slightly increased startup delay or represen-
tation changes instead of buffer underruns, the higher rep-
resentation changes of mpBack? in the second scenarios of
ED and ToS are compensated by the decrease in the buffer
underrun duration.

Regarding the calculated QoE values (Figure 14), the
proposed approach provides a clear improvement in all single-

Table 6
Average Number of Buffer Underruns and Durations (sec) in
Single-Client Emulations

Single Conv | Multi Conv | Benchmark | mpBack®
Sc | # | Time # | Time | # | Time | # | Time
1 1 11.4 1 9.9 0 0 0 0
2 8 |4 .8 | 4.65 5 | 3.32 0 0
3 1 9.2 1 1056 | 0 0 0 0
4 0 0 2125 0 0 0 0
5 0 0 0 0 0 0 0 0

(a) Big Buck Bunny

Single Conv | Multi Conv | Benchmark | mpBack®
Sc | # | Time # | Time | # | Time | # | Time
1 2.2| 40.95 221 4096 | 2 5.78 1.8| .92
2 22| 34.27 2.2| 36.01 9 | 4.25 2 | .07
3 0 0 0 0 0 0 0 0
4 1 11.23 1 1185 | O 0 0 0
5 2.8| 29.08 3 30.88 | 1.5| 3.85 0 0

(b) Elephants Dream

Single Conv | Multi Conv | Benchmark | mpBack®
Sc | # | Time # | Time | # | Time | # | Time
1 0 0 0 0 0 0 0 0
2 2 | 1.56 0 0 2 | .8 2 | .11
3 0 0 8 | 1.32 0 0 0 0
4 0 0 2 | 515 0 0 0 0
5 0 0 0 0 0 0 0 0

(c) Tears of Steel

client emulations compared with the other clients. Consider-
ing that these QoE values represent the most important met-
rics related to perceptual quality, the proposed approach has
achieved its purpose.

4.3.2. Multiple-Client Emulations

In the tests with multiple online clients, four clients were
connected simultaneously to the network: convSinglePath,
convMultiPath, and two mpBack? clients. In the tables and
graphics, the two mpBack? clients are labeled as mpBack%
and mpBack%. Multiple-client emulations were performed
for comparison with conventional approaches and for ob-
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Figure 13: Requested Quality Distribution in Single Client Em-
ulations

serving the performance where more than one client that
runs the proposed ABR algorithm share the same network.
Figure 15 shows that the proposed approach decreased
the startup delay values in multiple-client emulations. Fig-
ure 16 shows the average representation bitrate values ob-
served in the video sessions. For multiple-client tests, the

Table 7

Average Number of Buffer Underruns snd Durations (in sec)
in Multiple-Client Emulations

Single Conv | Multi Conv | mpBack®, | mpBack®,
Sc | # | Time # | Time | # | Time| # | Time
1 34| 4272 |4 4908 |0 | O 0 |0
2 4 58.62 421 6176 | 1.4| 444 | 14| 75
3 1.4| 12.88 1.2] 10.26 | 0.4| 0.3 0.2| 0.2
4 0 |o0 0 |0 0 |0 0 |0
5 0.2] 0.8 0 |0 0 |0 0 |0

(a) Big Buck Bunny

Single Conv | Multi Conv | mpBack®, | mpBack®,
Sc | # | Time | # | Time | # | Time| # | Time
1 8.4| 131.44 | 10 | 148 14| 1.6 1411
2 5.6| 66.76 7.2| 88.12 | 24| 2 2.4\ 3.19
3 3 | 3356 323812 |0 |0 0 |o0
4 3 | 4360 | 2.4 39.5 0 |0 0|0
5 3.8| 47.49 44| 54 0 0 0 0

(b) Elephants Dream

Single Conv | Multi Conv | mpBack®, | mpBack®,
Sc | # | Time | # | Time | # | Time| # | Time
1 76| 8.7 92| 1121 |0 | O 0 |0
2 8.2| 111.1 9.4| 1258 | 3.4| 348 | 3.2| 297
3 0.4| 2.61 1 | 6.86 0 |0 0|0
4 16| 1538 | 1.8| 184 0 |0 0 |0
5 1 |7.19 1.2] 9.99 0 |0 0 |0

(c) Tears of Steel

bandwidths of all paths increased in direct proportion to the
number of clients. As a result, more capacity is provided to
the clients, and each client can use the available bandwidth.
This setting enables the clients to receive the highest quality
for all videos in scenarios 3, 4 and 5. For this reason, the rep-
resentation values of all clients for these scenarios are close
to each other and all approaches are able to play these videos
mostly with the highest quality.

Figure 17 shows the average number of representation
changes observed in the streaming sessions. The reason for
the small variation in the number of representation changes
in the BBB scenarios 4 and 5 is that the available bandwidth
is generally sufficient to download the representation with
the highest quality for most of the session. Hence, the repre-
sentation quality remains the same for most of the segments.
In other scenarios where the clients compete for bandwidth,
a maximum improvement of 95% was measured compared
with two conventional clients. The average improvement
rates are 79% higher compared with convSinglePath and 75%
higher compared with convMultiPath.

Figure 18 presents the distribution of the qualities of the
requested segments as stack graphs. Similar to the improve-
ment in the received representation bitrate values, the qual-
ity of the requested segments improved due to the usage of
multiple paths and the estimation based on total bandwidth.

The multiple-client emulations showed a significant dif-
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Figure 14: Average QoE in Single Client Emulations
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Figure 15: Average Initial Waiting Times in Multiple-Client Emulations
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Figure 16: Average Representation Bitrates in Multiple-Client Emulations
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Figure 17: Average Number of Representation Changes in Multiple-Client Emulations
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Figure 18: Requested Quality Distribution in Multiple-Client
Emulations

ference in the number and the duration of buffer underruns,
where the performance of the mpBack? approach is com-
pared with that of single-client emulations (Table 7). Both
conventional clients experience buffer underruns in all tests
except scenario 4 of BBB and elongated buffer underrun du-
rations compared with the single-client tests. Even though

the number of representation changes and the startup de-
lay in the proposed approach are greater than those in con-
ventional approaches in some scenarios, the overall QoE is
still higher in mp Back? because buffer underruns are limited
in these scenarios, where conventional clients suffer from a
higher number and duration of underruns. In the proposed
approach, the number of underruns was 83% better than that
of the convSinglePath and up to 86% better than that of con-
vMultiPath. Buffer underrun duration values with the pro-
posed approach are up to 95% lower than that of both con-
ventional approaches.

In all experiments, we used SVC encoded videos. If
H.264 AVC encoded videos were used in the comparison
approaches and the bandwidth was fixed and limited so that
only the base layer can be downloaded during the whole
streaming session, then the comparison approaches would
outperform our approach because of the bitrate overhead of
the H.264 SVC base layer and the lack of the flexibility to
improve the quality of the buffered segments.However, if
the bandwidth is dynamic and if higher quality segments
are transmitted after low quality video is buffered with AVC
coded video, then this approach would consume more band-
width than the transmission of enhancement layers after the
base layer of SVC.

5. Conclusion

Increased throughput is the main factor that helps im-
prove the performance of video streaming systems such as
Hypertext Transfer Protocol (HTTP) Adaptive Streaming.
Such an increase can be achieved by increasing the avail-
able bandwidth. Using more than one path to transfer video
packets between server and client is one of the preferred ap-
proaches. In this paper, we proposed an Adaptive Bitrate
(ABR) algorithm for HAS, which utilizes Scalable Video
Coding (SVC) and multipath communication. The main char-
acteristic of the ABR algorithm is that it improves the quality
of the already buffered segments without wasting network
resources, because of SVC’s features.

Clearly, using more than one path helps increase through-
put in end-to-end communication. However, when multiple
paths are used in a HTTP Adaptive Streaming (HAS) sys-
tem, the Quality of Experience (QoE) might be negatively
affected due to the high number of changes in throughput.
Our observations and conducted experiments with the con-
ventional approach show that, to eliminate the negative ef-
fects of the multiple path usage on QoE and to optimally use
resources, HAS applications should be aware of the mul-
tipath transmission and the ABR algorithm should be de-
signed carefully by considering the effects of multipath trans-
mission. Two conventional approaches using single and mul-
tiple paths were used as comparison approaches in the emu-
lations.

Evaluation results show that using only SVC or multi-
ple paths without a well-planned strategy is not enough to
maximize QoE. The direct positive effects on QoE of mul-
tipath transmission can be seen by comparing the perfor-
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Figure 19: Average QoE in Multiple-Client Emulations

mances of convSinglePath and convMultiPath approaches.
The simulation results obtained under various network set-
tings show that using more than one path increases the over-
all quality while providing a decrease in buffer underruns as
expected. However, the tests also show that the observed
increase in video quality due to the usage of multiple paths
is limited unless additional methods that utilize multipath
transmission are used at the end system. Accordingly, the
proposed algorithm increased the values of the positive QoE
metrics while minimizing the negative ones when compared
with both conventional clients, using single and multipath
transmission. The QoE metrics are used to evaluate the over-
all QoE value of the session, which utilizes an multicriteria
decision-making (MCDM) method considering the impacts
of each QoE metric. The proposed approach improved the
QoE up to 80% compared with a client which is not aware of
multipath transmission.

The increase in the quality provided by the proposed ap-
proach compared with the other applications is caused not
only by the use of multiple paths but also by the techniques
used to improve the already-buffered segments by utilizing
the advantages of SVC. Even though HAS systems can cope
with sudden network changes successfully, once the segments
are buffered with a certain quality, the only way to improve
the quality of the buffered segments is to re-download them.
Instead of this basic approach which wastes time and band-
width, the proposed approach of increasing the quality of
buffered segments by using SVC layers shows that higher

QoE can be obtained under sudden bandwidth changes. Hence,

the adaptivity to dynamic network conditions in HAS sys-
tems may not be limited to the current segments but it can
also be provided for past segments.

Dynamic buffer size under different video properties and
network conditions, as well as machine learning-based esti-
mation for available maximum representation will be stud-
ied in future work. Multipath TCP (MPTCP) can also be
used for multipath communication. Developing an MPTCP
scheduler that considers HAS characteristics and works with
the proposed system is another future plan.
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