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Abstract— Stream Control Transmission Protocol
(SCTP) is the standard transport-layer solution to enable
CMT in multi-homed communication environments.
However, delivering high-quality streaming video with the
existing CMT solutions still remains problematic due to the
stringent QoS (Quality of Service) requirements and path
asymmetry in heterogeneous wireless networks. In this paper,
we advance the state of the art by introducing video distortion
into the decision process of multipath data transfer. The
proposed Distortion-Aware Concurrent Multipath Transfer
(CMT-DA) solution includes three phases: 1) per-path status
estimation and congestion control; 2) quality-optimal video
flow rate allocation; 3) delay and loss controlled data
retransmission. The term ‘flow rate allocation’ indicates
dynamically picking appropriate access networks and
assigning the transmission rates. We analytically formulate
the data distribution over multiple communication paths to
minimize the end-to-end video distortion and derive the
solution based on the utility maximization theory. The
performance of the proposed CMT-DA is evaluated through
extensive semi-physical emulations in Exata involving H.264
video streaming. Experimental results show that CMT-DA
outperforms the reference schemes in terms of video PSNR
(Peak Signal-to-Noise Ratio), good put, and inter-packet
delay.

Key words—Distortion awareness, concurrent multipath
transfer, mobile video streaming, heterogeneous wireless
networks, SCTP, multihoming.

I. INTRODUCTION

During the past few years, mobile video streaming
service (e.g., YouTube [1], Hulu [2], online gaming, etc.)
has become one of the “killer applications” and
the video traffic headed for hand-held devices has
experienced explosive growth.

On one hand, the Wi-Fi networks are limited in radio
coverage and mobility support for individual users. On the
other hand, the cellular networks can well sustain the user
mobility but their bandwidth is often inadequate to support
the throughput-demanding video applications. Although
the 4G LTE and WiMAX can provide higher peak data rate
and extended coverage, the available capacity will still be
insufficient compared to the ever-growing video data
traffic.The latest market research conducted by Cisco
company indicates that video streaming accounts for 53%
of the mobile Internet traffic in 2013 and will reach 69% by
the year 2018.1n parallel, global mobile data is expected to
increase 11-fold in the next five years. Another on-going
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trend feeding this tremendous growth is the popularity of
powerful mobileTerminals (e.g., smart phones and iPad),
which facilitate individual users to access the internet and
watch  videofrom  everywhere.Despite  the  rapid
advancements in network infrastructures, it is still
challenging to deliver high-quality streaming video over
wireless platforms.
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Fig-1 Exploiting concurrent multipath transfer for enhanced streaming
video quality in heterogeneous WirelessNetworks with multi-homed
clients.

Il. RELATED WORKS

The related work to this paper can be generally classified
into two categories:

(1) Concurrent multipath transfer,

(2) Cooperative video delivery in heterogeneous

Wireless networks.

A. Concurrent multipath transfer

It has three negative effects are:

1) Unnecessaryfast retransmissions; 2) overly conservative
congestionwindowgrowth;3)increased acknowledgment
traffic. A CMTsolution with a potentiallyfailed.A path that
experiences a single timeout is marked asa “potentially
failed” (PF), indicating the degrees of its communication
reliability.Although the path status is an important factor
that affects the scheduling policy, theapplication
requirements should also be considered to guarantee the
QoS. Basically, the proposed CMT-DA is different from
the CMTQA as we take the video distortion as the
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benchmark. Still, the proposed solutions (path status
estimation, flow rate allocation, and retransmission control)
in CMT-DA are significantly different from those in CMT-

QA.
B. Cooperative Video Delivery in Heterogeneous

Wireless Networks

The existing studies in this field can be divided into:

1) rate allocation policies2) packet scheduling approaches
3) FEC coding Schemes study the distributed rate
allocation policies for multihomed video streaming over
heterogeneous wireless networks and conclude that the
media aware rate allocation policies outperform the
heuristic AIMD-based schemes in improving video quality.
The Earliest Delivery Path First (EDPF) algorithm takes
into account the available bandwidth, propagation delay
and video frame size for estimating the arrival time and
aims to find an earliest path for delivering the video packet.
We propose a novel Sub-Frame Level (SFL) scheduling
approach, which deliberately splits the large-size video
frames to optimize the delay performance of high
definition video streaming.

I1l. MODEL AND PROBLEM STATEMENT

The transmission of a single video flow using the SCTP
association forms a source node to a multi-homed client as
shown in the figure 2.The encoded video data is divided
into several chunks and dispatched onto different paths.
The major components at the sender side are the parameter
control unit, flow rate allocator, and retransmission
controller. The retransmission controller leverages the
Explicit Congestion Notification (ECN) to differentiate
between network congestion and wireless channel
errors.The flow rate allocation is the critical step in the
scheduling procedure. This problem involves the models of
communication path and video distortion.

Flow Rata Sending bufers & |
Allocator H ", | Cangestion windows| |
H 1

: Packet
i| Receiver

o 1IN

1| Receiing

Parameter [
Control Unit

Fig-2 System overview of the proposed CMT-DA solution.

A. Communication Path Model

We consider a heterogeneous wireless network integrating
P communication paths between twotransmission ends.The
end-to-end connection can be constructed by binding a pair
of IP addresses from the source and destination nodes,
respectively. It is well-known that wireless access link is
most likely to be the bottleneck for end-to-end transmission

due to the limited bandwidth and time-varying channel
status. Each communication path p 2 P is considered to be
an independent transport link uncorrelated with others and
is characterized by theFollowing properties.

1)The available bandwidth up. This metric does not
indicate the raw per-path capacity, but the time varying
share of that bandwidth as perceived by the end-to-end
flow.

2).The round trip time RTTp, which represents the length
of time it takes for a data packet to be sent plus the delay it
takes for an acknowledgment of that packet to be received.

3).The path loss rate, assumed to be an independent and
identically distributed(i.i.d) process, uncorrelated with the
input video streaming rate.

B. Video Distortion Model

The end-to-end distortion(Dtotal) perceived by the end user
can be generally computed as the sum of the source
distortion (Dsrc) and the channel distortion (Dchl). Overall,
the end-to-end distortion can thus be written as

Dtotal = Dsrc + Dchl

The video quality depends on both the distortion due to a
lossy encoding of the media information, and the distortion
due to losses experienced in the network. Dsrcis mostly
determined by the video source rate (R) and the video
sequence parameters (e.g., for the same encoding bit rate,
the more complex the sequence, the higher the source
distortion). The source distortion decays with increasing
encoding rate. The decay is quite steep for low bit rate
values, but it becomes very slow at high bit rate. The
channel distortion is dependent on the effective loss rate,
which is caused by the transmission loss and expired
arrivals of video packets. It can be computed as the average
of the loss probabilities of all the communicationpaths.
Hence, we can explicitly formulate Dtotal (expressed in
units of Mean Square Error, MSE) as:constants for a
specificvideo codec and video sequence. These parameters
can be estimated from three or more trial encodings using
nonlinear regression techniques. To allow fast adaptationof
the flow rate allocation to abrupt changes in the video
content, these parameters can be updated for each Groupof
Pictures (GoP) in the encoded video sequence.The
encoding parameters (e.g., the frame structure, GoPsize,
etc.) also affect the source and channel distortion.

But they are not used as control parameters as the
proposedCMT-DA is a transport-layer protocol. Since
thismodel takes into account the effects of intra coding
andspatial loop filtering, it provides accurate estimations
forend-to-end distortion. Terminals (e.g., smart phones and
iPad), which facilitate Individual users to access the
Internet and watch video from everywhere.

Despite  the rapid advancements in  network
infrastructures, it is still challenging to deliver high-quality
streaming video over wireless platforms .

o

Dygta = Do + =——— +
total R—Rn
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C. Derivation of Effective Loss Rate

The effective loss rate represents the combined probability
of transmission and overdue losses.

We provide derivations based on continuous time Markov
chain and Gilbert loss model.

a. Transmission Loss Rate

The chunks will be fragmented into packets when
transmitted over each communication path.

b. Overdue Loss Rate

The overdue loss rate represents the ratio of packets
arriving at the destination out  of the deadline and is
determined by the end-to-end delay.

IV PROPOSED CMT-DA SOLUTIONS

A. Path Status Estimation and Congestion Control

The communication path model includes the status of
available bandwidth, round trip time, and path loss rate.
The path loss rates are updated once an ACK is received on
any path. It represents the ratio of successfully delivered
packets at the destination to the total number of packets
dispatched onto path p. The per-path congestion control is
that it allows the ACK packets to be sent back through any
uplink path, i.e., not necessarily the path on which the last
packet is received by the destination. The receiver sends
the ACK on a most reliable uplink path and this reduces the
probability of dropped/overdue feedback packets. The
purpose for picking the most reliable uplink channel is also
to reduce the round trip time. A path congestion controller
wills timeout if no feedback is received for a period
RTOp.Therefore, the timeouts are handled separately for
each path.

B. Flow Rate Allocation

The piecewise linear (PWL) approximation to derive the
potential rate allocation vectors tominimize. The end-to-
end video distortion. Then, we use the utility based rate
allocation function to minimize the video distortion while
alleviating load imbalance. As Dtotal is dependent on the
sum of the transmission and overdue loss rate over each
communication path, a PWL approximation can be
obtained based on a univariate function. It can be achieved
by dividing the interest region of each univariate function
into a sufficient number of non-overlapped small intervals.
To minimize the end-to-end video distortion, the rate
allocation algorithm is inclined to assign loads to the
communication paths with higher quality.

pp- (1-mp) — Ry
(EJ,;E'F”F’ ' Ill - HJ'-:'\-| - E;_IET-’ Hﬂ] -'I.IP

Lp=

Algoriihm 1 Utility maximization based flow rate allocation
Require: {RTTy. pp. Tplper, T, A;
Ensure: R = {R,}pep;

1: for each path p in P do

o, w(Rp4+ARp)—w(Rp)
2 U<« — AR,

v L= pp-(1—mp)-Frer Rp .
P (Spep up-(1-7p) —Epep Bp) /P’

& AR, <= AR, /U,;

5: Rrj‘::Rp"‘flep;

6.

7

8

Update the approximate function ¢(R,);
: end for
: U < arg max{l{};
R

9: if L, <TLV then

10: R, < R,+ AR, //Intra-path allocation;

11: ~ Update free resources of path p;

12: else

13:  find other path that can transfer part of its assigned rate
to path p* # p € P with maximum transition utility
improvement Al{ //Inter-path allocation;

14 if Al >0 then

15: R, = R, + AR,;

16: Update free resources of path p and p;
17 end if

18 end if

C. Data Retransmission Control

The data retransmission is necessary to satisfy the imposed
loss requirements for achieving acceptable video quality
and SCTP standard defines two retransmission schemes:
fast retransmission and timeout retransmission.The
retransmission process is activated when packet loss occurs
in one path, either detected by the SACKs on gap report or
after a retransmission timeout without acknowledgment.
The standard CMT retransmission policy has no
mechanism to distinguish random losses from congestion,
and therefore treats all losses as congestion induced. In the
context of heterogeneous wireless networks, thePacket
losses can be classified into three categories:1) congestion
loss caused by bandwidth limitations or router buffer
overflows; 2) packet errors due to external interference or
wireless channel fading; and 3) link failure or handover
loss.
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Algorithm 2 Delay and loss controlled data retransmission

1 if ECN, == true then
2 if the congestion controller expires after RT'0, then
3 ssthresh, = max(ewnd, /2,3 x MTU);
4 cund, = MTU;
5 endif
6 if received 3 dup-5ACKs then
7. ssthresh, = max(ewnd, /2,3 x MTU);
§ cund, = ssthreshy,;
9 endif
10:  if recorded 1" > A then
1 p=ag ngg {E{Dy(Sp)}};

P

12 if E{Dy(Sy)} < T then

13: Retransmit the lost data chunk through 1
14: end if
15  endif
16: end if
V. PROBLEM

The expected effective loss rate of all the paths can be
estimated with and the channel distortion can be expressed
as

Dy =4 EpET-’ Ry {W; + {1 — W;J -P{Dy > T}}

EpET’ RP

In conjunction with the source distortion, we can obtain the
end-to-end video distortion as follows

3. Zpep By - 11,

¥
PoaR)=Dot g, 0 =5 LR,

To reduce the probability of out-of-order packet arrivals,
the scheduling policy aims at minimizing the delay jitters
of different paths.

For each data distribution interval,
Determine the va‘Iues of

R=1Fpipep

To minimize:

¥ , Z FRP'HF
= - l-ﬂ,pE—
Dtnta]m) Dﬂ ' R- Hr; i ZpET" HF

I,=5+(1-%) 2(D,> T} peP,
, = Equation (1),

P{D, > T} = Equation (17),

E{Dp} 4 ([WH - 1) wp<TpeP,
By <pppeP,

E{D,} =E{Dy},0' #p.{p.r} €P.

To obtain the close-to-optimal result with fast convergence
for efficient online operation, we propose a progressive
flow rate allocation algorithm to solve the optimization
problem based on the utility maximization theory.

g [ 4

Table 1: Basic notations used throughout this paper

(SymbolDefinition

PE |lhe probability value, expectation value.
P.p |lhe set of available paths, a path element.
P ‘lhe number of available paths.

R.R, |lhe flow rate allocation vector, an element.
7, A |the delay, loss requirement.
RIT, ‘lhe round trip time of p.
, ‘lhe available bandwidth of p.
Vp |lhe residual bandwidth of p.
o ‘lhe path loss rate of p.
IT; the effective loss rate over p.
T ‘lhe transmission loss rate over p.
G/B [fhe Good/Bad state of .
& |the state transition probability of p from B to G.
n,ny |lhe total number of packets, dispatched onto p.
D, ‘lhe end-to-end delay over path p.

U, |lhe system utility matrix, an element.

k-]

Table 2: Parameter configurations of wireless network
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| b. Reference Schemes

The path quality is estimated based on the ratio of chunk

delivery time to sending buffersize. CMT-QA distinguishes

[ Cellular parameter 1] Value
Target SIR value 10 dB
Orthogonality factor 0.4
Common control channel power 33 dB
Maximum power of BS 43 dB

Total cell bandwidth

3.8414 Mc/s

the network congestionsfrom wireless channel errors with

Inter/intra cell interference ratio

0.55

Background noise power

-106 dB

the RTTp cwnd production. The path congestion window

available capacity

300 Kbps

sizeis updated once consecutive losses are detected.

average loss rate 2%

average burst length 10 ms
WIilhNMAX parameter 11 Value
System bandwidth 7T MH=
Number of carriers 256
Sampling factor 87
Average SINRK 15 dB
Symbol duration 2045

available capacity

1200 Kbps

average loss rate 47

averagé burst length 15 ms
[ WLAN parameter 11 WValue
Average channel bit rate 2 Mbps
Slot Hime 10 s
Maximum contention window 32
available capacity 500 Kbps
average loss rate 69%
average burst length 20 ms

VI. PERFORMANCE EVALUATIONS

The evaluation methodology that includesthe emulation
setup, performancemetrics, reference schemes, and
emulation scenario.

A. Evaluation Methodology

a. Emulation Setup

The architecture of evaluation system is presented in Fig
and the main configurations are set as follows.
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Fig- 3 System architecture for performance evaluation.

Exata is an advanced edition of QualNetin which we
can perform semi-physical emulations. In order to
implement the real-video-streaming based emulations, we
integrate the source code of JSVML1 [as Obijective File
Library (.L1B)] with Exata and develop an application layer
protocol of “Video Transmission”. The detailed
descriptions of the development steps could be referred to
Exata Programmer’s Guide.
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c. Performance Metrics

e  PSNR (Peak Signal-to-Noise Ratio) is the
standard metric of objective video quality and is a
function of the mean square error between the
original and the received video frames.

o Inter-packet delay-High jitter values between
packets cause bad visual quality (e.g., video
glitches and stalls during the display)

e Good put is an application-level throughput
J.e,the  number of useful information
bitssuccessfully received by the destination within
the imposed deadline.

e Effective loss rate, theeffective loss rate includes
both the transmission andoverdue losses.

d. Emulation Scenarios

The four mobile trajectories represent the different access
options for the mobile user in the integrated heterogeneous
wireless networks. The mobile client requests to the server
through a wireless interface and constructs the connection
whenever it moves into the coverage. The initial moving
speed of the client is set to be 2 m/s.

B. Evaluation Results

It is well known that cellular networks exhibit better
performance in sustaining user mobility than WiMAX and
WLAN but provide a lower peak data rate.

a. PSNR

The proposed CMT-DA takes into account the delay
constraint imposed by the video applications while the
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reference schemes are unaware of the video traffic
information.

b. Inter-packet Delay

The average inter-packet delay of the four
competingschemes with respect to different mobile
trajectories.As a rule of thumb, largerend-to-end delays
result in lower video quality in real-time applications.
CMT-DA achieves significantly lower delays than the
reference schemes and Fig. 8b shows the resulting ratio of
overdue packets in all the simulation scenarios.

c. Goodput

Goodput (Mbps)
Humber of retransmissions

n [

" [
Mobile trajectory index

[0 [
Mobile trajectory index

(a) average goodput (b) retransmissions

Fig. 4 (a) Average goodput (b) retransmissions

The video PSNR or subjective quality is not only
correlated with the good-put, but also depends on the
weight of the lost video frames, statistics of scene contents,
etc. The unnecessary retransmissions may increase the
effective loss rate and degrade the good-put performance of
input video streaming.

d. Effective Loss Rate

The more packets the multihomed terminalreceives
within the deadline, the lower effective loss rate is
observed. As is expected, CMT-DA out performs the
competing schemes due to its superiority in both delay and
loss performance. CMT-PF outperforms the CMThbecause
it is able to pick out the paths with lower quality and mark
it as a ‘path failure’.
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Fig 5: Average Values and Instantaneous Values

VIl CONCLUSION

The future wireless environment is expected to be a
converged system that incorporates different access
networks with diverse transmission features and
capabilities. The increasing powerfulness and popularity of
multi-nomed mobile terminals facilitate the bandwidth
aggregation for enhanced transmission reliability and data
throughput.

Optimizing the SCTP is a critical step towards
integrating heterogeneous wireless networks for efficient
video delivery. This paper proposes a novel distortion-
aware concurrent multipath transfer (CMT-DA) scheme to
support high-quality video streaming over heterogeneous
wireless networks. Through modeling and analysis, we
have developed solutions for per-path status estimation,

B -] Aversge retransmissions|

congestion window adaption, flow rate allocation, and data
retransmission. As future work, we will study the cost
minimization problem of utilizing CMT for mobile video
delivery in heterogeneous wireless networks.
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