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Abstract—As multihomed terminals are equipped with multiple
interfaces and allowed to access heterogeneous networks, transfer-
ring data simultaneously through all the available paths becomes
possible and also brings many benefits. Multipath TCP (MPTCP)
has been proposed to distribute an application stream over dif-
ferent TCP connections. However, due to the disparate latencies
of different paths, the problem of existing out-of-order packets
usually occurs at the receiver. Large number of these packets ex-
haust the limited receiving buffer and make the receive window
be stalled, which greatly degrade the throughput. Thus, an effi-
cient scheduling mechanism will play an important role to keep
in-order delivery. However, almost all of the previous intelligent
scheduling mechanisms ignored packet losses, and didn’t consider
window changes of the congestion control algorithm and utilize the
feedback information, which cannot perform well in the lossy het-
erogeneous networks. In this paper we propose a new scheduling
algorithm: Forward Prediction based Dynamic Packet Scheduling
and Adjusting with Feedback (DPSAF). DPSATF first utilizes max-
imum likelihood estimation in TCP modeling to estimate the data
amount sent on other paths simultaneously, which takes packet
loss rate and time offset into consideration, then gets feedback
information from SACK options and fixes the scheduling value.
From the simulation, we can see that our mechanism obviously
improves throughput and reduces cache occupancy at receiver in
lossy heterogeneous networks.
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1. INTRODUCTION

S VARIOUS radio access technologies (RATSs) overlap
A and form heterogeneous networks, it is common that mo-
bile terminals equipped with multiple network interfaces, which
make data transmission through different interfaces simultane-
ously become possible. Unfortunately, currently used protocols
only utilize one single interface at a time even though multiple
interfaces are connected. Theoretically, reasonable data strip-
ping solutions to exploit multiple interfaces can aggregate the
available network resources of different RATs [1]—[3] to provide
better service, such as higher bandwidth, better connectivity and
so on. However, simultaneous transmission over different paths
for one application stream leads to packet reordering [4], [5] due
to the dissimilar path characteristics, i.e. latency, bandwidth,
packet loss rate, etc. It can adversely affect the performance of
any real-time applications.

In recent years, there are solutions of data stripping [6] on
multi-interface terminals to enhance concurrent transfer across
multiple paths for different purposes, such as load sharing, in-
order delivery, fairness and so on. These solutions can be im-
plemented at different layers to efficiently schedule packets,
such as [7]-[10] in link layer, [11] in network layer, [12], [13]
in application layer. Consequently, transport layer solution bet-
ter suits multi-interface terminals because it is the appropriate
layer to not only no-modification based use services provided
in lower layers, but also provide transparency for applications.
Moreover, TCP can react to the congestion on different paths
instantly while compared with any other transport layer proto-
cols, besides having good features of providing reliable delivery,
guaranteeing fairness, and so on.

In TCP-based multipath transmission, a connection can be
composed of multiple TCP flows and the scheduling is packet-
oriented, that is to say, packets of a connection are scheduled
individually and sent over different TCP flows. It can exploit
multiple paths simultaneously if each TCP flow is relative to a
different path. Since the latency of each path differs, there is
a high probability that the packets with lower sequence num-
bers sent over a slower path arrive at the receiver later than
the packets with higher sequence numbers sent over a faster
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path. Thus, there exists holes in sequence numbers at receiver.
The receiver has to store large number of out-of-order packets,
which will exhaust the limited receiving buffer and occupy the
receive window. Employing a large buffer at receiver is always a
solution, but it wastes the memory. Instead, the problem can be
resolved more intelligently at the sender with a little computing
by implementing a scheduling mechanism.

Till now, a large number of multipath reliable transmission
protocols based on TCP have been studied [14]-[17] and some
are further specified by IETF WG, in which, MPTCP is one of
the most typical schemes. It adds a MPTCP layer above TCP
by a TCP option, which help manage multiple paths between
endpoints. Moreover, a scheduling function should be also im-
plemented to keep in-order delivery. An original data stream
is then divided into a series of segments and sent over multi-
ple TCP connections, which is named as “TCP subflows” in
MPTCP.

Furthermore, although the intelligent scheduling algorithms
at sender have been proposed to minimize the chance of out-
of-order, they all ignore packet losses [18] and provide less ro-
bustness in lossy heterogeneous networks. Wu et al. [19]-[22]
have considered the factors of packet loss, streaming coding
and Energy consumption, but their work only focuses on mo-
bile video transmission. Network Coding [23]-[26] is a good
idea to reduce the influence of packet loss, but it could not solve
the problem of out-of-order packets. Meanwhile, they also ig-
nore the feedback information carried in the acknowledgments,
which have clues about the accuracy of the previous schedul-
ing. Thus, the sender has no prior knowledge to timely correct
scheduling of the next round and has to do the scheduling each
round independently, where errors will be accumulated in the
following rounds.

In this paper we first propose a new scheduling algorithm
for MPTCP: Fine-grained Forward Prediction based Dynamic
Packet Scheduling (FPDPS). It allocates a number of packets to
each under-scheduling TCP subflow by estimating the amount
of packets that will be transmitted on all other TCP subflows
simultaneously. The estimation is done by utilizing TCP char-
acteristics of each TCP subflow within a MPTCP connection.
Meanwhile, it adopts the idea of TCP modeling and takes ac-
count of packet loss, which is more adaptive and suitable in
lossy heterogeneous networks. However, note that the schedul-
ing result is estimated in a statistical sense, so FPDPS is still
a not-entirely-accurate solution, which cannot instantly react to
the varying of the real path condition. Therefore, we further
propose a Dynamic Adjustment with the Feedback of SACK
(DAF) to make an offset to eliminate the previous scheduling
deviation for this round of scheduling. The sender gets feedback
information over SACK options, which can help the sender dis-
tinguish the scheduling deviation in the last round, and then the
sender modifies the value in the next round accordingly. By this
way, it will further eliminate the accumulated estimation error
brought out by the not-entirely-accurate FPDPS.

The main contribution can be summarized as follows:

1) We first put forward a fine-grained forward prediction

based dynamic packet scheduling scheme for Multipath
TCP. For each subflow, we utilize maximum likelihood
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estimation in TCP modelling to estimate the data amount
to be transmitted on all other subflows other than the
under-scheduling path, which takes both packet loss rate
and time offset into consideration.

2) Based on the above mechanism, we further propose a en-
hanced offset compensation scheme, which is based on
utilizing the feedback information carried on SACK op-
tions. This scheme can further eliminate the accumulated
estimation error offset brought out by the not-entirely-
accurate scheduling result for the future rounds.

This paper inherits the basic idea of our conference papers
[27] and [28]. They differ in the following aspects: 1) In this
paper, we utilize maximum likelihood estimation to replace the
original algorithm in TCP modelling to conduct the estimation,
which can provide a more accurate estimation and reduce the
algorithm complexity compared with the algorithm in [27]. 2)
We re-design the dynamic adjustment algorithm, which makes
a more fine adjustment compared with the algorithm in [28]. 3)
In performance analysis part, we realize the updated algorithms
and re-design the simulation sceneries, which include random
wireless loss scenario and mobile scenario.

The rest of the paper is structured as follows. In Section II,
we present a literature review of some schedule algorithms used
in multipath transmission, especially the schemes for transport
layer. The detail of the our proposed schedule scheme (DPSAF)
is given in Section III. Simulation results and performance com-
parisons are given in Section IV. Section V concludes the paper.

II. RELATED WORK

Many proposals have been proposed to be implemented at dif-
ferent layers to efficiently schedule packets on different paths.
Firstly, we talk about some typical scheduling schemes in link
layer and network layer. A link layer solution of traffic dis-
tribution over multi-radio networks has been studied in [29].
It is based on the MAC-level measurement, dispersing traffic
across the links in proportion to their available capacities. The
most notable network layer solution is the earliest delivery path
first (EDPF) scheduling [11]. It dynamically estimates the de-
livery time of the next packet on each link, then transmits the
packet through the path that delivers it the earliest. However,
these lower layer scheduling solutions are transparent to trans-
port layer, which means transport layer doesn’t aware of the
multiple paths. Regarding to TCP, it cannot distinguish between
out-of-order and packet loss, which leads to lots of unnecessary
retransmission. Application layer solutions [12], [30] are also
proposed, which can be packet-oriented or connection-oriented.
[12] adopts an approach that works in case of using HT TP, which
issues a set of range queries each using a separate connection on
a different interface. MuniSocket [30] describes the design and
implementation of an UDP-based socket that utilizes multiple
network interfaces connected through heterogeneous networks.
However, the applications need modifications to be aware of
multiple interfaces.

Consequently, transport layer solution better suits multi-
interface terminals because it is the appropriate layer to not only
use services provided without any modification in lower layers,
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but also provide transparency for applications. Since TCP has
good features, there are several multipath transmission proto-
cols based on TCP, such as LS-SCTP (improved on SCTP) and
MPTCP. They support to establish a connection with multiple
TCP flows through different paths, and scheduling algorithm is
essential to schedule data efficiently over multiple TCP flows.

Stream Control Transmission Protocol (SCTP) [31] is a trans-
port layer protocol and supports multi-homing, serving in a
similar role to TCP and UDP. Multi-homed terminal with SCTP
implemented assigns a different IP address for each interface
and uses them in a single “association”, which is similar to
“connection”. SCTP supports the sender to establishes an as-
sociation with a primary path and reserves alternative paths for
retransmission or back-up. If the primary path fails, the alterna-
tive paths can be used.

Concurrent Multipath Transfer using SCTP (CMT-SCTP)
[32] extends SCTP to support simultaneously using multiple
paths within a SCTP association. The sender simply adopts
round robin (RR) manner without intelligence, where it just
schedules data from the sending buffer in sequence to the avail-
able congestion window space of the next path. However, it
cannot alleviate the effects brought up by heterogeneous path
characteristics, such as packet reordering. Packets with larger
sequence number may arrive at receiver earlier than expectation,
and have to wait until the sequence numbers are continuous. The
number of out-of-order packets aggregated from multiple paths
arises due to the dissimilar and timely changed path characteris-
tics (e.g, latency, bandwidth, packet loss rate). A large receiving
buffer is required to cache out-of-order packets, which leads to
large waiting delay and heavily degrades the throughput.

Just as mentioned above, in-order delivery in a single connec-
tion over multiple paths is important. Load Sharing for SCTP
(LS-SCTP) [33] supports weighted round robin and distributes
data to each path in proportion to the ratio cwnd/RTT (con-
gestion window/round trip time). However, it is coarse-grained
and cannot ensure in-order delivery for each packet. West-
woodSCTP [34] performs a more intelligent bandwidth aware
scheduling at sender, which is named as BAS. It scores for each
path, and the path with the lowest score has the highest priority
to transmit packets. It tries to provide in-order delivery but still
suffers from serious performance degradation if the paths in an
association have significantly different latencies.

Forward Prediction Packet Scheduling (FPS) for multi-
interface terminals with disparate latencies is introduced in [35],
which is verified in SCTP. When a path under scheduling frees
congestion window space to pull new data from the sending
buffer, it estimates the duration of this new transmission. Then
it estimates the number of packets (N) that can be delivered
simultaneously in other paths during this given duration. The es-
timation is based on the assumption that no loss will occur, thus
the congestion window size will increase for every RTT. Then
the under-scheduling path chooses the (N + 1)-th packet and
the following ones from the sending buffer to fill its congestion
window. If the packets experience no loss, the estimation is pre-
cise and FPS can keep windows sliding smoothly at both sides
and enhances throughput. However, in lossy networks where
losses should be taken into consideration, it becomes fragile.
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For SCTP isn’t compatible with regular TCP, it is difficult to
implement SCTP in the current network. Recently, Multipath
TCP (MPTCP) [36] is raised to conquer the problems in SCTP.
MPTCP can establish a MPTCP connection with multiple reg-
ular TCP subflows, each may be on a different path, and it can
just fall back to regular TCP when there is only a TCP subflow.
In MPTCP layer, it divides data of a connection into several
portions and schedules them on parallel TCP subflows. Since
the packets are strictly ordered by sequence number, scheduling
algorithm at MPTCP layer is essential and needs more intelli-
gence to improve the chances of in-order delivery at connection
level. In current MPTCP specification [36], it simply uses RR
manner to schedule data. MPTCP employs a large receiving
buffer shared by all the subflows to hold out-of-order packets.
Linux-MPTCP scheduler [37] is an intelligent scheduler im-
plemented in Linux MPTCP kernel [38]. The amount of data
scheduled on each TCP subflow is in proportion to the estimated
bandwidth of the path, calculated by BW = cwnd/RTT. Be-
sides, it has the intelligence to choose which packet to allocate
from the shared sending buffer. Nonetheless, it doesn’t utilize
the TCP characteristics of each subflow and becomes fragile in
lossy networks.

III. FORWARD PREDICTION BASED DYNAMIC PACKET
SCHEDULING AND ADJUSTING WITH FEEDBACK (DPSAF)

Previous forward prediction based packet scheduling algo-
rithms for multi-path transmission only consider the difference
of RTT between different paths, without taking packet loss and
the dynamic effect of path changing into consideration. In this
section, we propose a new intelligent scheduling mechanism for
MPTCP in lossy networks, named DPSAF (forward prediction
based Dynamic Packet Scheduling and Adjusting with Feed-
back). DPSAF can be mainly divided into two parts: the basic
Forward Prediction based Dynamic Packet Scheduling mecha-
nism (FPDPS) and Dynamic Adjustment with the Feedback of
SACK (DAF). On the basis of the existing scheduling schemes,
the former one considers both packet loss and time delay, which
can be more adapted to wireless packet loss and improve the
estimation accuracy. The latter one further takes dynamic vari-
ation of the path performance into consideration, and uses the
feedback information carried in SACK to make a further correc-
tion of the predicted scheduling value for the next round, which
better adapts to the dynamic network environment changing.

A. Forward Prediction Based Dynamic Packet Scheduling
Mechanism (FPDPS)

Firstly, we propose the basic Forward Prediction based Dy-
namic Packet Scheduling mechanism (FPDPS), which is imple-
mented at sender to allocate packets over multiple TCP subflows
in a connection. FPDPS is close to FPS, but is more fine-grained
and more robust in lossy heterogeneous networks. When a sub-
flow is under-scheduling, the sender predicts the size varying
of TCP’s sending window for each faster subflow in the same
connection and estimates the data amount (V) sent on them dur-
ing one successful delivery time on the under-scheduling sub-
flow. The under-scheduling subflow then selects the (N + 1)-th



1524

§’:/ Internet
~ ~

MPTCP server

Fig. 1. An example of two-path MPTCP scenario.

packet and the following ones to fill its congestion window. The
estimation model is the key issue to be solved. Different from
FPS, FPDPS takes packet loss into consideration. FPDPS adopts
the idea of TCP modelling, which models TCP’s behavior for
each faster TCP subflow by considering all possible packet loss
events. In this section, we yield an estimation of /N, which is a
function of RTT, cwnd and packet loss rate.

We adopt most of our terminology from TCP modeling [39],
[40], which develops the characteristics of steady-state through-
put and latency. We assume that each subflow adopts TCP Reno
and we model TCP Reno in terms of “round”. A round starts
with the transmission of packets in current congestion window.
The first ACK reception marks the end of the current round and
the beginning of the next round. Without loss of generality, the
duration of a round is equal to RTT. Furthermore, We make
some other assumptions as follows:

1) For every subflow, the packets arrive at the receiver side

in order if they haven’t be lost in transmission.

2) The modelling of TCP Reno adopts independent packet
loss model, which means the lost rate of each packet is
independent of any other packets.

3) The time required to send all packet in a round is smaller
than RTT.

4) The state of each link is stable within a short period of
time, which means RTT and packet loss rate remain un-
changed in principle.

We elaborate the main idea of FPDPS through a two-path
MPTCP scenarioillustrated in Fig. 1. Both endpoints (e.g., client
and server) support MPTCP and a MPTCP connection with two
TCP subflows (e.g., sub flow;, sub flow;) has been established
between them. These two subflows are transmitted on different
paths, where path; experiences a larger delay than path;, which
means RTT; > RT'T;. The packet loss rates of these two paths
are p; and p; separately. Besides, itis allowed that more subflows
through different paths join the connection. In this paper, we just
use the two-path scenario for the simplification of description
and analysis.

Fig. 2 shows an example of packet transmission process of
the two-path MPTCP scenario. The first packet transmitted on
subflow; starts at time ¢, and is received by receiver at time
t'. During [t, ¢'], sender predicts there could be 5 packets sent
on subflow;. Therefore, when subflow; starts to send data,
sender should keep the packets of #1 — 5 for subflow;, and
subflow; starts at packet #06, thus all these packets will arrive
at receiver in order. This is the main idea of packet allocation
for MPTCP in the existing schemes. However, the example in
Fig. 2 does not consider the situation of packet loss. As shown
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Fig. 4. Modeling TCP’s behavior on sub flow; during transmission time 7".

in Fig. 3, if packet loss occurs during transmission, sender will
make a wrong prediction and packets will not arrive at receiver
in order, which could still lead to a reduction of transmission
rate. In the actual situation for MPTCP, we need to model the
TCP behaviour considering packet loss.

Therefore, in Fig. 4, we model subflow;’s behaviour dur-
ing T (the time between [t,t']) in details. Finally, we can get
the estimated value of N on subflow;. We use the maximum
probability to conduct the estimation, referring to the maximum
likelihood estimation, which can greatly improve the accuracy
of estimation. We use some parameters in the estimation: RTT’,
p, cwnd and ss. RTT;, RT'T}, p; and p; are the round-trip time
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and packet loss rate of subflow; and subflow; respectively,
which are the estimated values in the sender and the accuracy
of their estimated values also affect the accuracy of the final
estimated N. The parameters cwnd;, cwnd;, ss; and ss; are
the congestion window and the slow start threshold of sub flow;
and subflow; respectively, which can be directly obtained in
the sender.

In the process of modelling TCP behaviour, there are two
important steps: One is determining the modelling time, and
the other is modelling TCP behaviour in different packet loss
situations. For the first step, as shown in Fig. 2, considering
that different subflows usually do not start sending packets at
the same time, and there should be a rectification of modelling
time. For the next step, FPDPS uses maximum likelihood esti-
mation to estimate the scheduling value for each TCP subflow.
Therefore, the detailed modelling processes can be further di-
vided into the following two steps: 1) Correction of modelling
time Tj, 2) Estimation of N.

1) Determination and Correction of Modelling Time T]‘ In
Fig. 2, T} is defined as the elapsed time for the packet from
sender to receiver in path;. Packet loss rate of wired/wireless
link is usually less than 5%, then without loss of generality,
T} can be directly set as RT'T} /2. However, in the modeling,
we should consider that the two subflows usually do not start
sending packets at the same time, as show in Fig. 2. There will
be a staggered interval between two subflows. When sub flow;
started scheduling, the last round sent on subflow; is not over,
and the next round has not started yet. At this time we do not
model that subflow; starts the next round at the same time
with subflow;, otherwise we will allocate too more packets
for subflow;. Therefore, another variable Atz’- is introduced,
which is the estimation of time offset that subflow; will start
the next round compared with sub flow;’s starting time. We use
Formula. (1) to compute Atf}.

, RTT, —t; , t <RTT,
At = (1)
O 5 ti 2 RT/I‘M

where t; is the packet’s estimated transmission time on
subflow;, which can be obtained from the timeout retrans-
mission timer and the duration of this timer is referred to as
RTO (retransmission timeout), which dynamically adjusted as
the same way in TCP. In this way, we can get the modelling time
for subflow;: Tj (= T; — At’). Furthermore, we need to esti-
mate the number of packets that can be transmitted on sub flow;
during the modelling time T]’

2) Estimation of N: We use the maximum likelihood esti-
mation to estimate the scheduling vale N, which can be obtained
by Formula. (2):

N = max P(N|X), 2)

where X is the set of the parameters referred in the previous, i.e.,
TJ’, RTT;, p;, cwnd; and ss;. The parameters cuwnd;, ss; are
the congestion window and the slow start threshold of sub flow;
respectively, which can be directly acquired at sender. The pa-
rameter R1'T; is the Round-Trip Time of sub flow;, which can
be measured by the sender. The parameter p; is the random
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packet loss rate of subflow;, which can be measured by sender.
In order to simplify the description, let X ={T', RTT, p, cwnd,
ss} in the following.

Because packet loss state of each packet is independent, the
packet loss situation of each congestion window is independent
too, then we can get:

N‘X_ HP 777 ‘X(m ) (3)

where n(") is the number of packets sent on the m-th round. The
parameter X (") represents the estimated parameters of the m-th
round, i.e., 70" RTT(™) p(”‘), cwnd™) and ss(™) . Assum-
ing that the link is stable within a short period of time, we have
RTT") = RTT, p™) = p. The parameter X"™) depends on
the status of the previous (m — 1)-th round. When m = 1, we
have X(1) = X. Since cwnd™) depends on cwnd™ =1 and the
packet lost situation in the previous round, Formula. (2) can be
shown as bellow:

N = max <P(n(1) XD max (P(n(2> IX@)y.. )) ,

N N(2)

N(m) _ n(m) + N(7n+l). )
Because the maximum probability value is taken and some
small probabilities will not affect the final result, they may
not be taken into account. Therefore, we ignore the timeout
retransmissions and packet loss after retransmissions.

The estimation procedure in FPDPS is a recursive procedure,
which starts from the first round and ends until 7(™) < % - RTT.
For the m-th round, we consider the following situations:

D If7Tm < % RTT, time is not enough to transmit new

packets, and the recursive process ends. The estimation of
packages is N(m) =0, and the probability of N s 1.

2) When L RTT < T < - RT'T, the time is enough to
transmrt new packets, but not enough to retransmit the
loss packets or implement the transmission for one more
round, so the recursive process ends. For this situation, the
transmission number of packets is N (m) = cwnd™) — x,
where z is the number of lost packets in this round. The
probability of N(™) () is:

P(m)(x) (m) -z

(%)

3) When Tim) > % RTT, time is enough to transmit new
packets and retransmit the loss packets.

If packet loss does not occur, the probability of no packet

loss in cund™) is p(™) (0) = (1 — p)>4'"’  the transfer time

is RT'T/2, the time to start the next round of transmission is
(m+ )

= (@) = Ol 97 (1 =)™

RTT. Therefore, the parameters of the next round are X,

T+ — m) _ RTT,

ssmtD = g5(m)

2-cwnd™,  cwnd™ < sstm),

Cwnd(erl _ { (6)

cund™ +1, cwnd™ > ss(m).
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Then we can get N() (0) = N+ 4 ciynd(™), and the total
probability of N(™)(0) is:

P(m) (0) _ p(m)(o) . max {P(m-‘rl)(m)} s @)

where = (€ 1,2,3,..
(m + 1)-th round.

If packet loss occurs, and there are z (x > 1) packets lost. The
transmission time is 3- RT'T'/2. The time to start next round of

transmission is: 2- RT'T. The parameters of the next round are
vam+ 1):

.) is the number of lost packets in the

T+ = plm) _ 2. RTT,

55t = cwnd™ ) = max(cwnd™) /27 .2).  (8)
Then the probability of losing z packets in cwnd(™) is

p(m) ({,C) e

cwnd(™)

T m) g
p (l _ p)cwnd . 9)

In the same way, we can get N(") () = N1 4 cyond(™)
The total probability of N(™)(z) is PU™)(z) = p(™)(z)-
max { P(™*1(y)}, where z and y are respectively the num-
bers of lost packets in the m-th and (m + 1)-th rounds.

The estimation algorithm of FPDPS is showed in Algorithm 1,
which is a recursive procedure.

To be noted, if the number of subflows is more than two,
our scheme is also suitable. For each subflow (e.g., subflow;),
sender needs to model all the subflows whose RT'T is less than
its RT'T and puts the values together as N; = >, ¢ N.. Here,
as the above definition, .S is the set of subﬂows whose RTT is
less than RTT}. In the process of scheduling data, data in the
sending buffer can be seen as a data flow. When a subflow is
able to send packets, the subflow with the smallest RTT fetches
data at the starting position of the data flow, and each of the
other subflow fetches data at the position of N; x M SS. After
a subflow fetching data, the rest of the data can be treated as
a new complete data flow and next subflows will further fetch
data from it.

FPDPS provides the estimation of scheduling value by the
most likely situation of packet loss events during [¢, ¢'], but the
real successfully scheduled value is always bigger or smaller. If
sender could get the feedback information of the true value and
adjust the estimation value in the next round, the performance
will be better.

B. Dynamic Adjustment With the Feedback of SACK (DAF)

In prediction based packet scheduling algorithm for MPTCP,
the scheduling value N is the key parameter. However, note
that the prediction mechanisms always inevitably bring about
the corresponding deviation, and the estimation of IV in each
round isn’t always precise, which may be larger or smaller than
the actually scheduling value due to the varying of the path
condition. We assume that the link state is stable within a short
period in the previous modeling process. However, when the
path changes quickly, the prediction error will relatively in-
crease, so as to make the performance become poor, especially
in mobile networks. However, if the sender can make full use
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Algorithm 1: Estimation function of FP-DPS.
Require: (T}, RTT;, p;, cwnd;, $s;)
estimation of scheduling value N JZ , and the

probability of N !
function GETNP (T, RTT P, cwnd, SS)
if T < RTT/2 then
return(0,1);
elseif RTT/2 <=T < 3+ RTT/2 then
for v = 0 — cwnd do
P(SL’) = ( ) chndp ( -Pp
N(z) = cwnd — x
end for
calculate max(P(x)), the order number is [.
return(N(l), P(1));
else
for v = 0 — cwnd do
P(z) = p(x)- GETNP(X ,).P
N(x) = cwnd + GETNP(X ;).N
end for
calculate max P(z), the order number is [.
return (N(1), P(1));
end if
end function

parameters X =
Ensure:

)cwndfz

of the feedback information from the receiver and make appro-
priate adjustments, it will be as far as possible to minimize the
effect of the deviation in future scheduling and transmission.

The accuracy of the predicted value depends on the predic-
tion algorithm (e.g., FPS, basic FPDPS) and the accuracy of
estimated parameters used in the prediction algorithm. RT'T,
and the loss rate are always changing over time, and they can-
not be estimated so accurately at sender. Moreover, there are
deviations between the predicted values and the actual current
values. Therefore, if the path changing rapidly, the measurement
of RT'T" and loss rate will not keep up with the pace of the path
condition changing, which leads to the deviation. In addition,
the congestion also easily produces estimation deviation.

DAF further utilizes the feedback information of SACK to get
the actual scheduling value and further adjusts estimation of the
future rounds. Therefore, it can have a better performance in the
dynamic environment. In our enhanced scheme over FPDPS,
scheduling at MPTCP layer collects the path conditions while
the feedback module collects the information of previous pre-
dictions.

1) Arithmetic Statement: Fig. 5 gives the basic process of
DAF algorithm. Sender keeps an offset to adjust the estima-
tion of scheduling value which is computed by FPDPS or other
schedule algorithms (e.g., FPS). Then sender sends packets to
receiver and receiver sends feedback information to sender in
SACK. After that, sender could get the real transmission infor-
mation and adjust the offset for the next round scheduling.

2) Definition of Variables in Analysis: In order to describe
DAF more clearly, we introduce two concepts, master-subflow
and slave-subflow. For each subflow, any other subflow with
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Send data and
feedback

Adjust ‘with
Cufset

Estimate the
scheduling value

Update the offset
with feedback
from SACK

Fig. 5. DAF algorithm statement.
TABLE I
DEFINITION OF VARIABLES IN ANALYSIS

variables meaning

Nj(n) the real scheduling value of subflow; during the n-th
round.

Nj(n) the estimation of scheduling value of subflow; during
the n-th round.

]\7]/ (n) the adjusted estimation of scheduling value sub flow;
by offset A; during the n-th round.

Aj(n) the offset for sub flow; to modify N;(n).

ej(n) the estimation deviation of the scheduling value of

subflow; .

longer RT'T is its master-subflow, and other subflow with
shorter RT"T is its slave-subflow.
For each master-subflow subflow;, we introduce 5 param-

eters: N;(n), Nj(n), ]\Afjl (n), Aj(n), ej(n). The definition of
variables in analysis is shown in Table I, where n is on behalf
of the number of round of master-subflow. For each master-
subflow (e.g., subflow;), Nj (n) can be computed by estimat-
ing the number of the packets that can be sent simultaneously
on all its slave-subflows.

3) Two Specific Situations: Based on FPDPS, the sender can
compute scheduling value /N and schedule the corresponding
packets for each subflow. However, for any subflow, the ideal
situation that the predicted scheduling value is equal to the real
transmitted packets will hardly happen. If the predicted schedul-
ing value is too large or too small, it will also cause out-of-order
packets in receiving buffer and degrade the transmission perfor-
mance. Based on the feedback information from SACK, sender
can know the actual number of the transmitted packets in the
last round and infer the elimination deviation.

MPTCP uses dual sequence numbers, connection level se-
quence number (DSN) and subflow level sequence number
(SSN). Take the scenario in Fig. 2 for example again, there are
two subflows in a MPTCP connection, sub flow; and sub flow;.
We assume that the DSN starts at 0, SSN on subflow,; and
subflow; start from 10831 and 566 respectively, The size of
each TCP packet is equal to 1400 bytes. Next, we will illustrate
the situations of “too large” and “too small”.

1) Situationl: The estimation of N is too large, which means
the predicted scheduling value is larger than the number
of actually transmitted packets, and too many packets are
scheduled for the subflow sub flow; during the scheduling
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ACKI (1400,12231)
ACK2 (2800,13631)
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ACKS (7000,17831)

SACK  ACK
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SACK9 (7000,3366) (9800,566)

First left edge  First right edge
(10200,1966)
(11600,3366)

Situation1: The estimation of N is too large.

time of subflow;. The transmitted packets of subflow;
have to wait at the receiver.

Just take an example as shown in Fig. 6, assuming
that INV; is estimated to be 7 at the sender, which is
larger than the actual value due to the existence of the
prediction deviation. Based on the predicted schedul-
ing value, subflow; schedules 7 packets for subflow;
at the scheduling time, and selects the following 8-th,
9-th packet for subflow;, whose sequence numbers are
(9800,566) and (10200,1966) in the form (DSN, SSN).
The subflow sub flow; takes the 1 — 7-th packets out from
the shared sending buffer and sends them successively in
several rounds. After the first five packets arriving at the
receiver, MPTCP can deliver these five packets to the ap-
plication layer in turn and returns the ACK (ACKI1-5).
Later the two packets (packet 8, 9) sent on sub flow; ar-
rive at the receiver, which makes the DSN in the MPTCP
connection discontinuity. Therefore, the receiving buffer
has to store these two out-of-order packets, and triggers
the TCP SACK.

According to ACK in the TCP subflow level, we can
know that there is no packet loss in subflow; and the
“missing” packets are sent on sub flow;, from which we
can determine [V; is too large. According to the DSN
value in ACK (7000) and the first left edge (9800) in
SACKS on sub flow;, we can know there is a hole of 2800
(= 9800 — 7000) Bytes in the receiving buffer which is
sent on sub flow;, means the scheduling value is 2 packets
larger.

Situation2: The estimation of N; is too small, which
means the predicted scheduling value is smaller than the
number of actually transmitted packets, and too few pack-
ets are scheduled for the subflow subflow; during the
scheduling time of subflow;. The transmitted packets of
subflow; have to wait at the receiver.

Just take an example as shown in Fig. 7, assuming that
the sender estimates [N = 3. The subflow subflow; sets
aside 3 packets for subflow; at the scheduling time of
subflow;, and selects the the following 4-th, 5-th packets
to send over subflow;. However, the actual value of the
number of packets that can be transmitted over sub flow;
is 5.
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Fig. 7. Situation2: The estimation of N is too small.

The subflow subflow; takes the 1-st and the 2-nd pack-
ets out from the shared sending buffer and sends them
in the first round. Then in the second round, besides the
3-rd packets, the sender also schedules the following un-
scheduling 6-th and 7-th packets to fill subflow;’s con-
gestion windows and sends them over sub flow;. After the
these five packets arriving at the receiver, MPTCP can de-
liver the first 3 packets to the application layer in turn and
returns the Cumulative Acknowledgement (CumACK),
but the following arriving 2 packets (the 6-th and 7-th
packets) make the DSN in the MPTCP connection discon-
tinuity. Therefore, the receiving buffer has to store these
two out-of-order packets, and triggers the TCP SACK.
For SACKG®, the packets between its DSN value in ACK
(4200) and the first left edge (7000) are sent on sub flow;,
so sender could know the scheduling value is too small.
As there are two SACKs like this, the scheduling value is
2 packets smaller than the actual value.

4) The Dynamic Adjustment Algorithm: Every time to start
the n-th round of scheduling on subflow;, the sender can com-
pute the estimation of scheduling value N; (1) by using the basic
scheduling mechanism (FPDPS), and adjusts it with the offset
Aj; as shown in Formula. (10).

Nj(n) = Nj(n) + A;(n), (10)
where N J’ (n) is the adjusted prediction value for the n-th round.
Aj(n) is the dynamic adjustment value of subflow; in the n-th
round, and updates at the beginning of each round by:

Ajn)=Aj(n—1)+a-e(n—1), (11)

where e;(n — 1) is deviation of scheduling value of the (n —
1)-th round, which can be obtained according to the feedback
information in SACK from receiver. « is the parameter of update
processing, we set « = 1/8. SACK can indicate the out-of-order
packets in the receiving buffer, and the sender can use these
information to amend the scheduling value.

SACK is an indication about whether the prediction value de-
viates from the true value. Then, the sender determines whether
itis in Situationl or Situation2, and computes the actual enabled
scheduling value. After that, sender will compute the estimation
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Algorithm 2: DAF Algorithm Description(Part I).
Require:

Sender starts the n-th round scheduling of
subflow,

update the offset Aj(n) = Aj(n—1)+a-e (n—1)
calculate the scheduling value and modify

with offset Nj’(n) = N;(n) + Aj(n)

offset of the last round and amend the scheduling value of the
current round. In addition, if the sender does not get SACK
in the (n — 1)-th round of subflow;, which indicates that the
previous predicted N 1/ (n — 1) is accurate. Therefore, we have
Nj(n —1) = N;(n—1) and e;(n — 1) = 0, and the offset of
sub flow; shall not be updated in the n-th round.

In Situationl, the sender receives SACK from sub flow; and
finds out there is no loss indication within subflow;. Hence, it
infers that the out-of-order packets are among subflows, which
is caused by wrongly estimating the scheduling value in the last
round. After comparing the DSNs in the hole with the DSNs in
the sending buffer, the sender finds out the packets in the hole
were scheduled on subflow;. Since subflow; is the master-
subflow of subflow;, this SACK means the estimation NJ’ in
the last round is too large. The sender can use SACK of the first
scheduled packet on subflow; to compute the actual enabled
scheduling value. The sender can get the number of packets
of subflow;’s slave-subflow subflow; in the hole (Nh; ;(n)),
so the actual enabled scheduling value is N;(n) = N]’ (n) —

Nh; ;(n), and the deviation of Nj’ (n) is:

ej(n) =e;j(n) — Nh;i(n). 12)

In Situation2, the sender receives SACK from sub flow,; and
finds out there is no loss indication within subflow;. Thus, it
indicates the out-of-order packets are between subflows. Then
the sender can find the packets in the hole were scheduled to
subflow;. Since subflow; is the master-subflow of sub flow;,
this SACK means the estimated N ]’ in the last round is too small.
Whenever the sender receives a SACK from subflow;, means
the actual scheduling value N;(n) need to increase one, until
the first scheduled packet on sub flow; is confirmed according
to a DSN. Let sack;;(n) be the number of SACK received
on subflow; before the first scheduled packet on subflow;
is confirmed, we fend N;(n) = Nj (n) + sack;;(n), and the
deviation of Nj’ (n) is:

e;(n) = e;j(n) + sack; ;(n). (13)

DAF algorithm description is showed in Algorithms 2 and 3.
If the number of subflows is more than 2, the algorithm is also
applicable. When the SACK is returned from subflowy and it
can’t handle the out-of-order problem by simply retransmitting,
which means the packets in the holes are sent on other subflows,
it operates in two folds:

1) Step I: The sender finds whether the packets in some
holes were scheduled to subflowy,’s slave-subflows. If so
it means at subflowy’s scheduling time, the sender is
supposed to distribute too many packets to its slave-
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Algorithm 3: DAF Algorithm Description(Part II).
Require: The sender receives subflowy’s SACK and
there is no unordered data of sub flow;, itself.
if this SACK is triggered by the first packet sent by
sub flowy, in this round then
update the deviation e;, (n) «— ex(n) — >,

Nhy. 1 (n), where S is the set of subflowy’s
slave-subflows, NIy, ; is unACKed data of subflow,
between ACK and first left edge in subflowy’s
SACK.
end if

for each m, which sub flow,, is subflowy’s
master-subflows do

if some holes belong to sub flowy,’s master-subflows

sub flow,, and the first packet sent by sub flowy,

in this round has not been confirmed then

increase the deviation e, (n) < e,, (n) + 1;

end if

end for

subflows, estimated N/ (n) of subflowy, is larger than the
true value. And the SACK of N; 1 (n)-th packet will show
how many packets of subflowy’s slave-subflows are in
the holes. For each sub flowy,’s slave-subflow sub flow;,
the number of packets in the holes is Nhy ;(n). And
the deviation of N/, (n) is updated by: e; (n) «— e;(n) —
> 1es Nhyi(n), where S is the set of subflowy’s slave-
subflows.
Step 2: The sender checks whether there are packets in the
holes were scheduled to subflowy’s master-subflows. If
so for subflowk s each master-subflow (e.g, subflow,,),
the estimated N, (n) is smaller than the true value. Before
the ACK of the first scheduled packet on subflow,, is
received, each SACK means the deviation of N/, (n) is
increasing one: e, (n) < e, (n) + 1.
The initial value of ey (n) is 0. If there is no SACK during
the n-th round, which means the estimation of Ny (n) is exactly
accurate, the deviation of N}, (n) is zero.

2

~

IV. PERFORMANCE EVALUATION

In this section, we evaluate our scheduling mechanism pro-
posed in this paper on NS3 simulator [41]. The MPTCP NS3
code is provided by google MPTCP group [42]. Another two
scheduling mechanisms, RR and FPS are implemented as com-
parisons. The main difference between FPS and DPSAF is the
algorithm to estimate scheduling value N. Compared with FPS,
DPSAF is more adaptive and suitable in wireless network and
mobile network, in which packet loss and feedback information
are considerable.

We set up two scenarios in this section. The link state is rel-
atively stable with random wireless packet loss in the first sce-
nario, which is used to verify DPSAF’s performance advantages
in the packet loss situation. Furthermore, the link state changes

1529

subflow,

UDP
Background 100, Jom
& s 10, _@\M\M"?
1Mbp> 200ms

“m‘\w I Uﬂl\,,bp
e~

MPTCP So

100, 0

Yubﬂow m\.%
UDP Loovips 107 2Mbps  50ms v
und

Backgro

&)

Fig. 8. Simulation setup of random wireless loss scenario.

more dynamically in the second scenario, which is utilized to
verify the effect of mobile context.

A. Random Wireless Loss Scenario

1) Simulation Setup: The first scenario is showed in Fig. 8,
two subflows are established between MPTCP client (Cj)
and server (Sp), subflowy and subflow;, and the two
subflows are through different paths. UDP background
flows produce UDP data flow between UDP client ( C',
(,) and server (5, .S3), and compete with MPTCP flow
at bottleneck. I?; ; is the router on each path, i = 1 means
it is the router on subflowy while 7 = 2 means it is the
router on subflow,. There are two routers on each path,
and the link between the R; | and R; , is the bottleneck.
The MPTCP client has two interfaces to separately access
the two wireless access points, i.e., the last hop reaching
MPTCEP client of each subflow is wireless link, which is
prone to wireless link packet loss. Random packet loss
happens on the last hop of each subflow. The loss rate of
subflowyis 0.1% and the loss rate of sub flow; is between
0.1% and 5%. The subflow sub flowy’s bottleneck has the
link bandwidth of 1 Mbps and the latency of 200 ms and
the subflow sub flow,’s bottleneck has the link bandwidth
of 2 Mbps and the latency of 50 ms. The total delay of
two paths are 220 ms and 70 ms respectively.

The greatest queue length of bottleneck router is set to
100 packets, and abandon tail packet loss model has been
used. Maximal Segment Size (MSS) in our simulation is
set to 1400 bytes, which is also the packet size at TCP
layer. In our simulation, the size of UDP packets is set to
1024 bytes. The UDP data streams are produced by uni-
formly distributed generators, and the interval between
continuous packets is set to 0.01 s. Each UDP server
starts transmission at O s, and produces 1000 packets in
total.

The first part of DPSAF, i.e., FPDPS, shows the idea
of taking packet loss into consideration, so it is more
applicable to the packet loss scenario.

2) Simulation results: In order to make the result more clear,
we display the simulation result focused on total through-
put, aggregation benefit and number of out-of-order pack-
ets in receiving buffer.

We record the information of transfer time and out-of-
ordered packets when MPTCP sender sends 10 MB data to
the MPTCP receiver. Fig. 9 shows the total throughput of
RR, FPS and FPDPS, aggregated throughput of two single



1530
3.0 4
A - «m- - TCP-subflow0
251 X - o~ - TCP-subflow1
- «A- - TCP-total
—*—RR
g 207 ——FPS
S —%—FPDPS
5 15
Qo ...
.§) ......
3 1.0+
- ‘o
0.5 -| o oo .
0.0 T T T T T T
0 1 2 3 4 5
lossrate (%)
Fig. 9. the contrast of global throughput with the packet loss rate change.
1.0 [_IRR
’ FPS
B8 FrDPS
0.8 -
\ N -
~ 8
. 8 8 8
o rnnEe
mn n B
“‘nnnn
“mnnneEe
8 B 8 B8
‘nnnnne
0.1%  05% 1% 2% 3% 4% 6%
lossrate (%)
Fig. 10.  the contrast of aggregation benefit with the packet loss rate change.

TCP is also showed. The abscissa gives the packet loss
rate of sub flow;, while the packet loss rate of sub flowy is
0.1%. With the increase of packet loss rate, the single TCP
throughput is declined. Because the greater the packet loss
rate, the worse the path quality will be. At the same time,
the throughput of three scheduling policies are dropping.
We use formula. (14) to calculate the aggregation benefit
[43] of different scheduling policies. Here ¢ is the global
throughput of MPTCP, C; is the throughput of the sin-
gle TCP on subflow;, Cpax is the max throughput of
single TCPs. Assume there are n subflows in a MPTCP

connection.
g — C ax .
% Zf g > Cmax,
BGR(S) = Zizo C7 - Cmax (14)
- C
%& ng < CHIH.X'
max

As show in Fig. 10, with the increase of packet loss rate,
aggregation benefit will all fall. This is because as the
packet loss rate increases, the accuracy of any prediction
scheduling algorithms will be lower. Although, as show
in Figs. 9 and 10, comparison results show the throughput
and aggregation benefit of the basic FPDPS are always
the biggest.

MPTCP stipulates that packets must be delivered to ap-
plication layer after the DSN continues. Out-of-order
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packets need to wait in the receiving buffer. In the sim-
ulation, we keep a record of out-of-order packets every
100 ms. The average is get in Fig. 11. The abscissa is
subflow;’s packet loss rate. From Fig. 11 we know that
out-of-order packets of basic FP-DAF are less than FPS.
This means the time of receiving buffer block is less. On
the one hand, reducing buffer block means that receiver
could choose a smaller buffer under the same condition,
which can reduce the resource usage. On the other hand,
reducing buffer block can reduce the packet reordering
time and data blocking time, which can improve the trans-
mission rate. Nevertheless, with the increase of packet loss
rate in subflow;, out-of-order packets number of two al-
gorithms tend to rise. Because as the packet loss rate
increases the accuracy of the prediction algorithm will be
discounted. But the advantage of FPDPS is more obvious.

In addition to the packet loss rate, receiving buffer is one of the
main factors affecting the throughput of MPTCP. If the receiving
buffer is infinite, out-of-order packets can be temporarily stored
in the receiving buffer and do not hinder to the rest of the packet
to send, so that the overall throughput is not decreased, while the
instantaneous throughput is still affected. In the next simulation,
we control receiving buffer size as a variable, the loss rate of
subflowy and subflow; are 0.5% and 1% respectively, other
parameters are still same as before.

Fig. 12 shows the comparison of the globe throughput with the
receiving buffer size changing, the accumulation of two separate
TCP is also taken as a comparison. The throughput of TCP is a
straight line without change because the buffer of TCP is always
65 536 bytes, it just displays as a benchmark. It can be seen in
Fig. 12, when the receiving buffer is small, MPTCP throughput
will be severely affected, even worse than the best throughput
of TCP flows. As the receiving buffer increases gradually, the
throughput of MPTCP also increases and tends to be the total
throughput of two TCP flows. In this process, our solution is
always the best.

Fig. 13 shows the aggregated benefit comparison. Note that
the globe throughput of FPS and FPDPS are only equivalent to
the best of a single TCP when the receiving buffer is too small.
This is because scheduling algorithm will arrange almost all the
data in the path which RTT is smaller than others. In addition,
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FPS makes a low utilization rate on the subflow with larger RTT
because of FPS ignores the packet loss factor. When receiving
buffer is only 65536 * 0.5 bytes, the effect of the FPS is even
worse than RR, while basic FPDPS will not have this problem.
As the receiving buffer increases gradually, the benefit of these
schemes also increase gradually, in which the basic FPDPS is
always the best one.

Fig. 14 shows the number comparison of out-of-order packets
in the three scheduling schemes. When the receiving buffer is
only 65536 % 0.5 bytes, the number of out-of-order packets in
FPS is still very small, while the throughput of FPS is even
lower than RR. Because FPS only uses subflowy to send data
basically, there is no out-of-order packets caused by different
factors among subflows. Removing this exception, it can see
that the number of out-of-order packets in basic FPDPS is much
smaller than that in RR and FPS.

B. Mobile Scenario

The second part of DPSAF, i.e., DAF, uses SACK feedback
information to adjust basic scheduling value, which has a better
performance experience under the condition of mobile network.
In addition, mobile scenario always gives rise to the decrease of
link quality. In this part, based on scenario in Fig. 8, we put up
an effect of mobile link. As shown in Fig. 15, the link between
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MPTCP client Cy and router R, , is a mobile link. The user
starts moving away from router R, » at 20 s and moves back at
40 s, which means link state becomes worse at 20 s and recovers
to the original state at 40 s. After 40 s, the link returns to the
initial state.

2) Simulation results: Fig. 16 gives the comparison of globe
throughput changing with packet loss rate of subflow;. TCP-
subflow; means the throughput of single TCP on path of
subflow;. The line of DPSAF shows the result of the complete
scheme, which means FPDPS with DAF. With the increasing
of packet loss, the throughput of all the schemes are falling.
Because the more the packet loss rate grows, the greater the
congestion window will be triggered to halve, which will make
the falling throughput. However, Fig. 16 still shows the superi-
ority of the scheduling algorithms revised based on the feedback
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Fig. 18.  MPTCP benefit changes with the packet loss rate.

of SACK. Compared to the scheduling algorithms without the
adjusting with feedback (FPS, FPDPS), the revised scheduling
algorithms (FPS+DAF, DPSAF) have a certain degree of the
throughput ascension. Fig. 17 shows the number comparison of
out-of-ordered packets. For the performance comparison in this
aspect, FPDPS is better than FPS, and the number of out-of-
order packets in DPSAF (FPDPS+DAF) and FPS+DAF are ob-
viously smaller than the original scheduling algorithms (FPDPS,
FPS). The benefit comparison of FPS, FPS+DAF, FPDPS and
DPSAF is shown in Fig. 18. From the figure, we can see that
DAF brings benefits for the basic schedule algorithms of FPS
and FPDPS. If there is less packet loss in network, the perfor-
mance of FPS+DAF is even better than FPDPS. However, the
benefit of DPSAF is always the best one, , which means DP-
SAF can efficiently aggregate both subflows and bring a best
performance.

Fig. 19 shows the comparison of the globe throughput chang-
ing with buffer size, the loss rate of sub flow is 0.5% while other
parameters are changeless. The simulation results show that the
throughput of MPTCP increases with the receiving buffer in-
creasing. As the receiving buffer increases, the throughput of
DPSAF first approaches to a horizontal line, and the line of
DPSAF is the closest to the line of the total throughout of
two TCP subflows, which shows the applicability of DPSAF
and it’s the best among the algorithms in comparison. Fig. 20
shows the number comparison of the average out-of-order pack-
ets at MPTCP receiving buffer. Corresponding with the figure of
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throughput comparison, the number increment of out-of-order
packets also reduced gradually with the increasing of buffer
size, where DPSAF first tends to be smooth and steady. Fig. 21
shows the benefit comparison of the different schedule algo-
rithms. Note that the globe throughput of FPS and the basic
FPDPS is only equivalent to the best of two single TCP flows
when the receiving buffer is enough small, and DAF will not
bring benefits to them. As the receiving buffer increases gradu-
ally, in all these schemes, the throughput benefit of MPTCP also
increases gradually and approximately approaches to 1, where
DPSAF is always the best one, and more adapted to the situation
with limited buffer.
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V. CONCLUSION

MPTCP will inevitably encounter out-of-order packets prob-
lem caused by path asymmetry while using multiple paths for
parallel data transmission. Scheduling algorithms try to guar-
antee the packets arrived in order, which can promote MPTCP
throughput. However, traditional design principles of predictive
scheduling algorithms only consider the influence of RTT in a
single dimension, which cannot adapt to the wireless random
packet loss environment. Moreover, the sender can not respond
quickly when the network environment changes over time. In
this paper, we introduce the packet loss rate into consideration,
and use the feedback information from the SACK for further cor-
rection, which can further enhance the throughput of MPTCP
in lossy heterogeneous networks.

ACKNOWLEDGMENT

The authors sincerely thank the anonymous referees for their
valuable suggestions that have led to the present improved ver-
sion of the original manuscript.

REFERENCES

[1] S. Prabhavat, H. Nishiyama, N. Ansari, and N. Kato, “Effective delay-
controlled load distribution over multipath networks,” IEEE Trans. Paral-
lel Distrib. Syst., vol. 22, no. 10, pp. 1730-1741, Oct. 2011.

[2] J. Wu, B. Cheng, Y. Shang, J. Huang, and J. Chen, “A novel scheduling
approach to concurrent multipath transmission of high definition video in
overlay networks,” J. Netw. Comput. Appl., vol. 44, pp. 17-29, 2014.

[3] S.Han, H.Joo,D.Lee, and H. Song, “An end-to-end virtual path construc-
tion system for stable live video streaming over heterogeneous wireless
networks,” IEEE J. Sel. Areas Commun., vol. 29, no. 5, pp. 1032-1041,
May 2011. .

[4] S. Ferlin-Oliveira, T. Dreibholz, and O. Alay, “Tackling the challenge of
bufferbloat in multi-path transport over heterogeneous wireless networks,”
in Proc. 22nd IEEE Int. Symp. Qual. Serv., 2014, pp. 123—128.

[5]1 H.1Im, C. Joo, T. Lee, and S. Bahk, “Receiver-side TCP countermeasure
to bufferbloat in wireless access networks,” IEEE Trans. Mobile Comput.,
vol. 15, no. 8, pp. 2080-2093, Aug. 2016.

[6] K. Habak, K. A. Harras, and M. Youssef, “Bandwidth aggregation tech-
niques in heterogeneous multi-homed devices: A survey,” Comput. Netw.,
vol. 92, no. 2015, pp. 168-188, 2015.

[71 W. Lee, J. Koo, Y. Park, and S. Choi, “Transfer time, energy, and quota-
aware multi-RAT operation scheme in smartphone,” IEEE Trans. Veh.
Technol., vol. 65, no. 1, pp. 307-317, Jan. 2016.

[8] X. Zheng, Z. Cai, J. Li, and H. Gao, “Scheduling flows with multiple
service frequency constraints,” IEEE Internet of Things J., vol. 4, no. 2,
pp. 496-504, Apr. 2017.

[9]1 X. Zheng, Z. Cai, J. Li, and H. Gao, “An application-aware scheduling
policy for real-time traffic,” in Proc. 35th IEEE Int. Conf. Distrib. Comput.
Syst.., 2015, pp. 421-430.

[10] X. Zheng, Z. Cai, J. Li, and H. Gao, “A study on application-aware
scheduling in wireless networks,” IEEE Trans. Mobile Comput., vol. 16,
no. 7, pp. 1787-1801, Jul. 2017.

[11] K. Chebroluand and R. Rao, “Communication using multiple wire-
less interfaces,” in Proc. IEEE Wireless Commun. Netw. Conf., 2002,
pp. 327-331.

[12] D. Kaspar, K. Evensen, P. Engelstad, and A. Hansen, “Using HTTP
pipelining to improve progressive download over multiple heterogeneous
interfaces,” in Proc. IEEE Int. Conf. Commun., 2010, pp. 1-5.

[13] P.Sharma, S. Lee,J. Brassil, and K. Shin, “Aggregating bandwidth for mul-
tihomed mobile collaborative communities,” IEEE Trans. Mobile Com-
put., vol. 6, no. 3, pp. 280-296, Mar. 2007.

[14] Y. Hasegawa, 1. Yamaguchi, T. Hama, H. Shimonishi, and T. Murase,
“Improved data distribution for multipath TCP communication,” in Proc.
IEEE Glob. Telecommun. Conf., 2005, pp. 271-275.

[15] L. Magalhaesand and R. Kravets, “MMTP: Multimedia multiplexing
transport protocol,” ACM SIGCOMM Comput. Commun. Rev., vol. 31,
no. 2, pp. 220-243, 2001.

1533

[16] C.-M. Huang, M.-S. Lin, and L.-H. Chang, “The design of mobile concur-
rent multipath transfer in multihomed wireless mobile networks,” Comput.
J., vol. 53, no. 10, pp. 1704-1718, 2010.

[17] S. Shailendra, R. Bhattacharjee, and S. K. Bose, “MPSCTP: A simple and
efficient multipath algorithm for SCTP,” IEEE Commun. Lett., vol. 15,
no. 10, pp. 1139-1141, Oct. 2011.

[18] K. Tan, F. Jiang, Q. Zhang, and X. Shen, “Congestion control in multihop
wireless networks,” IEEE Trans. Veh. Technol., vol. 56, no. 2, pp. 863-873,
2007.

[19] J. Wu, B. Cheng, and M. Wang, “Energy minimization for quality-
constrained video with multipath TCP over heterogeneous wireless net-
works,” in Proc. 36th IEEE Int. Conf. Distrib. Comput. Syst., 2016,
pp. 487-496.

[20] J. Wu, C. Yuen, B. Cheng, M. Wang, and J. Chen, “Streaming high-
quality mobile video with multipath TCP in heterogeneous wireless net-
works,” IEEE Trans. Mobile Comput., vol. 15, no. 9, pp. 2345-2361,
Sep. 2016.

[21] J. Wu, C. Yuen, B. Cheng, M. Wang, and J. Chen, “Energy-minimized
multipath video transport to mobile devices in heterogeneous wireless
networks,” IEEE J. Sel. Areas Commun., vol. 34, no. 5, pp. 1160-1178,
May 2016.

[22] J. Wu, C. Yuen, B. Cheng, Y. Yang, M. Wang, and J. Chen, “Bandwidth-
efficient multipath transport protocol for quality-guaranteed real-time
video over heterogeneous wireless networks,” IEEE Trans. Commun.,
vol. 64, no. 6, pp. 2477-2493, Jun. 2016.

[23] K. Xue, J. Han, H. Zhang, K. Chen, and P. Hong, “Migrating unfair-
ness among subflows in MPTCP with network coding for wired-wireless
networks,” IEEE Trans. Veh. Technol., vol. 66, no. 1, pp. 798-809,
Jan. 2016.

[24] J. Cloud, E du Pin Calmon, W. Zeng, G. Pau, L. Zeger, and M.
Medard, “Multi-path TCP with network coding for mobile devices in
heterogeneous networks,” in Proc. 78th IEEE Veh. Technol. Conf., 2013,
pp. 1-5.

[25] C.Xu, P. Wang, C. Xiong, X. Wei, and G.-M. Muntean, “Pipeline network
coding-based multipath data transfer in heterogeneous wireless networks,”
IEEE Trans. Broadcast., vol. 63, no. 2, pp. 376-390, Jun. 2017.

[26] C. Xu, Z. Li, L. Zhong, H. Zhang, and G.-M. Muntean, “CMT-NC: Im-
proving the concurrent multipath transfer performance using network cod-
ing in wireless networks,” IEEE Trans. Veh. Technol., vol. 65, no. 3,
pp- 1735-1751, Mar. 2016.

[27] D. Ni, K. Xue, P. Hong, and S. Shen, “Fine-grained forward predic-
tion based dynamic packet scheduling mechanism for multipath TCP in
lossy networks,” in Proc. 23rd Int. Conf. Comput. Commun. Netw., 2014,
pp. 1-7.

[28] D.Ni, K. Xue, P. Hong, H. Zhang, and H. Lu, “OCPS: Offset compensation
based packet scheduling mechanism for multipath TCP,” in Proc. [EEE
Int. Conf. Commun., 2015, pp. 6187-6192.

[29] J.-O. Kim, T. Ueda, and S. Obana, “MAC-level measurement based traffic
distribution over IEEE 802.11 multi-radio networks,” IEEE Trans. Con-
sum. Electron., vol. 54, no. 3, pp. 1185-1191, Aug. 2008.

[30] N. Mohamed, J. Al-Jaroodi, H. Jiang, and D. R. Swanson, “A user-level
socket layer over multiple physical network interfaces,” in Proc. Int. Conf.
Parallel Distrib. Comput. Syst., 2002, pp. 804-810.

[31] R. Stewart et al., “Stream control transmission protocol,” Informational
RFC, RFC2960, 2000.

[32] J. Iyengar, P. Amer, and R. Stewart, “Concurrent multipath transfer us-
ing SCTP multihoming over independent end-to-end paths,” IEEE/ACM
Trans. Netw., vol. 14, no. 5, pp. 951-964, Oct. 2006.

[33] P. Amer et al., “Load sharing for the stream control transmission proto-
col (SCTP),” IETF Personal Draft, draft-tuexen-tsywg-sctp-multipath-13,
2016.

[34] C. Casetti and W. Gaiotto, “Westwood SCTP: Load balancing over multi-
paths using bandwidth-aware source scheduling,” in Proc. 60th IEEE Veh.
Technol. Conf., vol. 4, 2004, pp. 3025-3029.

[35] F. Mirani, N. Boukhatem, and M. Tran, “A data-scheduling mechanism
for multi-homed mobile terminals with disparate link latencies,” in Proc.
72nd IEEE Veh. Technol. Conf., 2010, pp. 1-5.

[36] A. Ford, C. Raiciu, M. Handley, and O. Bonaventure, “TCP extensions
for multipath operation with multiple addresses,” Experimental RFC,
RFC6824, 2013.

[37] S.Barré, “Implementation and assessment of modern host-based multipath
solutions,” Ph.D. dissertation, Louvain School Eng., Université catholique
de Louvain, Louvain-la-Neuve, 2011.

[38] Linux MPTCP kernel, [Online]. Available: http://www.multipath-tcp.org/,
Accessed on: 2017.



1534

[39]

[40]

[41]
[42]

[43]

IEEE TRANSACTIONS ON VEHICULAR TECHNOLOGY, VOL. 67, NO. 2, FEBRUARY 2018

B. Sikdar, S. Kalyanaraman, and K. S. Vastola, “Analytic models and
comparative study of the latency and steady-state throughput of TCP
Tahoe, Reno and SACK,” in Proc. IEEE Glob. Telecommun. Conf., 2001,
pp. 1781-1787.

J. Padhye, V. Firoiu, D. F. Towsley, and J. F. Kurose, “Modeling TCP Reno
performance: A simple model and its empirical validation,” IEEE/ACM
Trans. Netw., vol. 8, no. 2, pp. 133-145, Apr. 2000.

NS3 simulator, [Online]. Available: www.nsnam.org/, Accessed on: 2017.
MPTCP NS3 code, [Online]. Available: http://code.google.com/p/mptcp-
ns3/, Accessed on: 2017.

C. Paasch, “Improving multipath TCP,” Ph.D. dissertation, Louvain
School Eng., Université catholique de Louvain, Louvain-la-Neuve, 2014.

Kaiping Xue (M’09-SM’15) received the B.S. de-
gree from the Department of Information Security,
University of Science and Technology of China
(USTC), Hefei, China, in 2003 and the Ph.D. de-
gree from the Department of Electronic Engineering
and Information Science (EEIS), USTC, in 2007. He
is currently an Associate Professor in the Department
of Information Security and the Department of EEIS,
USTC. His research interests include next-generation
Internet, distributed networks, and network security.

Jiangping Han received the B.S. degree from the De-
partment of Electronic Engineering and Information
Science (EEIS), University of Science and Technol-
ogy of China (USTC), Hefei, China, in July, 2016.
She is currently a graduate student in communica-
tion and information system in the Department of
EEIS, USTC. Her research interests include future In-
ternet architecture design and MPTCP performance
optimization.

Dan Ni received the Master’s degree from the De-
partment of Electrical Engineering and Information
Science (EEIS), University of Science and Technol-
ogy of China (USTC), Hefei, China, in 2015. Her
research interests focuses on MPTCP performance
optimization.

Wenjia Wei received the B.S. degree from the school
of information science and engineering, in 2013. He
is currently working toward the Ph.D. degree in in-
formation and communication engineering from the
Department of Electronic Engineering and Informa-
tion Science, University of Science and Technology
of China (USTC), Hefei, China. His research interests
has focused on next-generation Internet performance
optimization.

Ying Cai (M’14) received the B.S. degree from
Xidian University, Xi’an, China, the M.S. degree
from the University of Science and Technology Bei-
jing, Beijing, China, both in applied mathematics, and
the Ph.D. degree in information security from Beijing
Jiaotong University, Beijing, China, in 1989, 1992,
and 2010, respectively. She is currently a Full Profes-
sor at Beijing Information Science and Technology
University, Beijing, China. Her current research in-
terests include cyber security, wireless networks, and
cryptography algorithm.

Qing Xu received the B.S. and Ph.D. degrees from
the Department of Physics, Zhejiang University,
Hangzhou, China, in 2006 and 2012. He is currently a
Research Engineering in Huawei Shanghai Research
Institute, Shanghai, China. His research interests in-
clude traffic flow distribution in IP network, new
packets delivery protocols, and 5G core network re-
search.

Peilin Hong received the B.S. and M.S. degrees from
the Department of Electronic Engineering and Infor-
mation Science, University of Science and Technol-
ogy of China (USTC), Hefei, China, in 1983 and
1986. She is currently a Professor and Advisor for
Ph.D. candidates in the Department of EEIS, USTC.
Her research interests include next-generation Inter-
net, policy control, IP QoS, and information security.




<<
  /ASCII85EncodePages false
  /AllowTransparency false
  /AutoPositionEPSFiles true
  /AutoRotatePages /None
  /Binding /Left
  /CalGrayProfile (Gray Gamma 2.2)
  /CalRGBProfile (sRGB IEC61966-2.1)
  /CalCMYKProfile (U.S. Web Coated \050SWOP\051 v2)
  /sRGBProfile (sRGB IEC61966-2.1)
  /CannotEmbedFontPolicy /Warning
  /CompatibilityLevel 1.4
  /CompressObjects /Off
  /CompressPages true
  /ConvertImagesToIndexed true
  /PassThroughJPEGImages true
  /CreateJobTicket false
  /DefaultRenderingIntent /Default
  /DetectBlends true
  /DetectCurves 0.0000
  /ColorConversionStrategy /sRGB
  /DoThumbnails true
  /EmbedAllFonts true
  /EmbedOpenType false
  /ParseICCProfilesInComments true
  /EmbedJobOptions true
  /DSCReportingLevel 0
  /EmitDSCWarnings false
  /EndPage -1
  /ImageMemory 1048576
  /LockDistillerParams true
  /MaxSubsetPct 100
  /Optimize true
  /OPM 0
  /ParseDSCComments false
  /ParseDSCCommentsForDocInfo true
  /PreserveCopyPage true
  /PreserveDICMYKValues true
  /PreserveEPSInfo false
  /PreserveFlatness true
  /PreserveHalftoneInfo true
  /PreserveOPIComments false
  /PreserveOverprintSettings true
  /StartPage 1
  /SubsetFonts false
  /TransferFunctionInfo /Remove
  /UCRandBGInfo /Preserve
  /UsePrologue false
  /ColorSettingsFile ()
  /AlwaysEmbed [ true
    /Algerian
    /Arial-Black
    /Arial-BlackItalic
    /Arial-BoldItalicMT
    /Arial-BoldMT
    /Arial-ItalicMT
    /ArialMT
    /ArialNarrow
    /ArialNarrow-Bold
    /ArialNarrow-BoldItalic
    /ArialNarrow-Italic
    /ArialUnicodeMS
    /BaskOldFace
    /Batang
    /Bauhaus93
    /BellMT
    /BellMTBold
    /BellMTItalic
    /BerlinSansFB-Bold
    /BerlinSansFBDemi-Bold
    /BerlinSansFB-Reg
    /BernardMT-Condensed
    /BodoniMTPosterCompressed
    /BookAntiqua
    /BookAntiqua-Bold
    /BookAntiqua-BoldItalic
    /BookAntiqua-Italic
    /BookmanOldStyle
    /BookmanOldStyle-Bold
    /BookmanOldStyle-BoldItalic
    /BookmanOldStyle-Italic
    /BookshelfSymbolSeven
    /BritannicBold
    /Broadway
    /BrushScriptMT
    /CalifornianFB-Bold
    /CalifornianFB-Italic
    /CalifornianFB-Reg
    /Centaur
    /Century
    /CenturyGothic
    /CenturyGothic-Bold
    /CenturyGothic-BoldItalic
    /CenturyGothic-Italic
    /CenturySchoolbook
    /CenturySchoolbook-Bold
    /CenturySchoolbook-BoldItalic
    /CenturySchoolbook-Italic
    /Chiller-Regular
    /ColonnaMT
    /ComicSansMS
    /ComicSansMS-Bold
    /CooperBlack
    /CourierNewPS-BoldItalicMT
    /CourierNewPS-BoldMT
    /CourierNewPS-ItalicMT
    /CourierNewPSMT
    /EstrangeloEdessa
    /FootlightMTLight
    /FreestyleScript-Regular
    /Garamond
    /Garamond-Bold
    /Garamond-Italic
    /Georgia
    /Georgia-Bold
    /Georgia-BoldItalic
    /Georgia-Italic
    /Haettenschweiler
    /HarlowSolid
    /Harrington
    /HighTowerText-Italic
    /HighTowerText-Reg
    /Impact
    /InformalRoman-Regular
    /Jokerman-Regular
    /JuiceITC-Regular
    /KristenITC-Regular
    /KuenstlerScript-Black
    /KuenstlerScript-Medium
    /KuenstlerScript-TwoBold
    /KunstlerScript
    /LatinWide
    /LetterGothicMT
    /LetterGothicMT-Bold
    /LetterGothicMT-BoldOblique
    /LetterGothicMT-Oblique
    /LucidaBright
    /LucidaBright-Demi
    /LucidaBright-DemiItalic
    /LucidaBright-Italic
    /LucidaCalligraphy-Italic
    /LucidaConsole
    /LucidaFax
    /LucidaFax-Demi
    /LucidaFax-DemiItalic
    /LucidaFax-Italic
    /LucidaHandwriting-Italic
    /LucidaSansUnicode
    /Magneto-Bold
    /MaturaMTScriptCapitals
    /MediciScriptLTStd
    /MicrosoftSansSerif
    /Mistral
    /Modern-Regular
    /MonotypeCorsiva
    /MS-Mincho
    /MSReferenceSansSerif
    /MSReferenceSpecialty
    /NiagaraEngraved-Reg
    /NiagaraSolid-Reg
    /NuptialScript
    /OldEnglishTextMT
    /Onyx
    /PalatinoLinotype-Bold
    /PalatinoLinotype-BoldItalic
    /PalatinoLinotype-Italic
    /PalatinoLinotype-Roman
    /Parchment-Regular
    /Playbill
    /PMingLiU
    /PoorRichard-Regular
    /Ravie
    /ShowcardGothic-Reg
    /SimSun
    /SnapITC-Regular
    /Stencil
    /SymbolMT
    /Tahoma
    /Tahoma-Bold
    /TempusSansITC
    /TimesNewRomanMT-ExtraBold
    /TimesNewRomanMTStd
    /TimesNewRomanMTStd-Bold
    /TimesNewRomanMTStd-BoldCond
    /TimesNewRomanMTStd-BoldIt
    /TimesNewRomanMTStd-Cond
    /TimesNewRomanMTStd-CondIt
    /TimesNewRomanMTStd-Italic
    /TimesNewRomanPS-BoldItalicMT
    /TimesNewRomanPS-BoldMT
    /TimesNewRomanPS-ItalicMT
    /TimesNewRomanPSMT
    /Times-Roman
    /Trebuchet-BoldItalic
    /TrebuchetMS
    /TrebuchetMS-Bold
    /TrebuchetMS-Italic
    /Verdana
    /Verdana-Bold
    /Verdana-BoldItalic
    /Verdana-Italic
    /VinerHandITC
    /Vivaldii
    /VladimirScript
    /Webdings
    /Wingdings2
    /Wingdings3
    /Wingdings-Regular
    /ZapfChanceryStd-Demi
    /ZWAdobeF
  ]
  /NeverEmbed [ true
  ]
  /AntiAliasColorImages false
  /CropColorImages true
  /ColorImageMinResolution 150
  /ColorImageMinResolutionPolicy /OK
  /DownsampleColorImages true
  /ColorImageDownsampleType /Bicubic
  /ColorImageResolution 150
  /ColorImageDepth -1
  /ColorImageMinDownsampleDepth 1
  /ColorImageDownsampleThreshold 1.50000
  /EncodeColorImages true
  /ColorImageFilter /DCTEncode
  /AutoFilterColorImages false
  /ColorImageAutoFilterStrategy /JPEG
  /ColorACSImageDict <<
    /QFactor 0.76
    /HSamples [2 1 1 2] /VSamples [2 1 1 2]
  >>
  /ColorImageDict <<
    /QFactor 0.40
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000ColorACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 15
  >>
  /JPEG2000ColorImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 15
  >>
  /AntiAliasGrayImages false
  /CropGrayImages true
  /GrayImageMinResolution 150
  /GrayImageMinResolutionPolicy /OK
  /DownsampleGrayImages true
  /GrayImageDownsampleType /Bicubic
  /GrayImageResolution 300
  /GrayImageDepth -1
  /GrayImageMinDownsampleDepth 2
  /GrayImageDownsampleThreshold 1.50000
  /EncodeGrayImages true
  /GrayImageFilter /DCTEncode
  /AutoFilterGrayImages false
  /GrayImageAutoFilterStrategy /JPEG
  /GrayACSImageDict <<
    /QFactor 0.76
    /HSamples [2 1 1 2] /VSamples [2 1 1 2]
  >>
  /GrayImageDict <<
    /QFactor 0.40
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000GrayACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 15
  >>
  /JPEG2000GrayImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 15
  >>
  /AntiAliasMonoImages false
  /CropMonoImages true
  /MonoImageMinResolution 1200
  /MonoImageMinResolutionPolicy /OK
  /DownsampleMonoImages true
  /MonoImageDownsampleType /Bicubic
  /MonoImageResolution 600
  /MonoImageDepth -1
  /MonoImageDownsampleThreshold 1.50000
  /EncodeMonoImages true
  /MonoImageFilter /CCITTFaxEncode
  /MonoImageDict <<
    /K -1
  >>
  /AllowPSXObjects false
  /CheckCompliance [
    /None
  ]
  /PDFX1aCheck false
  /PDFX3Check false
  /PDFXCompliantPDFOnly false
  /PDFXNoTrimBoxError true
  /PDFXTrimBoxToMediaBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXSetBleedBoxToMediaBox true
  /PDFXBleedBoxToTrimBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXOutputIntentProfile (None)
  /PDFXOutputConditionIdentifier ()
  /PDFXOutputCondition ()
  /PDFXRegistryName ()
  /PDFXTrapped /False

  /CreateJDFFile false
  /Description <<
    /CHS <FEFF4f7f75288fd94e9b8bbe5b9a521b5efa7684002000410064006f006200650020005000440046002065876863900275284e8e55464e1a65876863768467e5770b548c62535370300260a853ef4ee54f7f75280020004100630072006f0062006100740020548c002000410064006f00620065002000520065006100640065007200200035002e003000204ee553ca66f49ad87248672c676562535f00521b5efa768400200050004400460020658768633002>
    /CHT <FEFF4f7f752890194e9b8a2d7f6e5efa7acb7684002000410064006f006200650020005000440046002065874ef69069752865bc666e901a554652d965874ef6768467e5770b548c52175370300260a853ef4ee54f7f75280020004100630072006f0062006100740020548c002000410064006f00620065002000520065006100640065007200200035002e003000204ee553ca66f49ad87248672c4f86958b555f5df25efa7acb76840020005000440046002065874ef63002>
    /DAN <>
    /DEU <>
    /ESP <>
    /FRA <>
    /ITA (Utilizzare queste impostazioni per creare documenti Adobe PDF adatti per visualizzare e stampare documenti aziendali in modo affidabile. I documenti PDF creati possono essere aperti con Acrobat e Adobe Reader 5.0 e versioni successive.)
    /JPN <>
    /KOR <FEFFc7740020c124c815c7440020c0acc6a9d558c5ec0020be44c988b2c8c2a40020bb38c11cb97c0020c548c815c801c73cb85c0020bcf4ace00020c778c1c4d558b2940020b3700020ac00c7a50020c801d569d55c002000410064006f0062006500200050004400460020bb38c11cb97c0020c791c131d569b2c8b2e4002e0020c774b807ac8c0020c791c131b41c00200050004400460020bb38c11cb2940020004100630072006f0062006100740020bc0f002000410064006f00620065002000520065006100640065007200200035002e00300020c774c0c1c5d0c11c0020c5f40020c2180020c788c2b5b2c8b2e4002e>
    /NLD (Gebruik deze instellingen om Adobe PDF-documenten te maken waarmee zakelijke documenten betrouwbaar kunnen worden weergegeven en afgedrukt. De gemaakte PDF-documenten kunnen worden geopend met Acrobat en Adobe Reader 5.0 en hoger.)
    /NOR <>
    /PTB <>
    /SUO <>
    /SVE <>
    /ENU (Use these settings to create PDFs that match the "Suggested"  settings for PDF Specification 4.0)
  >>
>> setdistillerparams
<<
  /HWResolution [600 600]
  /PageSize [612.000 792.000]
>> setpagedevice


