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ABSTRACT- Multi-homing, the process of connecting a host
device to numerous networks, is increasingly being used with
contemporary Multipath TCP (MPTCP) techniques to improve
transmission  performance, bandwidth efficiency, and
dependability. Traditional TCP, which operates over a single
path, frequently exhibits a reduction in performance during brief
data transfers due to path-sharing and TCP's aggressive start
behavior. This drop happens because data packets are processed
independently, causing significant traffic consequences. This
study optimizes MPTCP performance by parameter adjustment,
with the goal of improving important metrics. Timeouts, retry
events, and wait durations, all of which effect packet loss and
delays, have been recognized as influential parameters.
MATLAB-based simulation identifies ideal parameters in text-
based MPTCP applications, minimizing the risk of congestion
and preventing loss. The results show that the proposed
approach considerably minimizes delays while maintaining high
throughput.

Keywords— Multipath TCP, completion time, short flow. packet
loss, optimization

I. INTRODUCTION

Integration of radio access technologies with heterogeneous
networks supported the growth of multiple network interfaces
facility at mobile terminals. It helps to transmit data
simultaneously  through  different interfaces. Recent
communication protocols unfortunately use single interfacing
simultaneously even though multiple interfaces are present.
Theoretical solutions wunder transmission for exploiting
multiple interfaces for available network resource aggregation
[1] is proposed for providing better performance under better
connectivity and higher bandwidth schemes. However, due to
the dissimilar characteristics of path followed for data
transmission through multiple path requires final reordering of
packets [2] generates latency, packet losses, etc. and degrades
the performance in real-time.

In recent years, methods [3] for multi-interface terminals have
been developed to improve concurrent transfers across
multiple paths, addressing issues like as sharing of load,
delivery order, and fairness. These techniques implemented at
multiple stages to optimize packet scheduling [4], [5]. Among
these, the transport layer is ideal for efficient exploitation of
lower-layer services and ensuring application transparency.
Notably, TCP is unique among transport layer protocols in its
ability to adapt swiftly to congestion across several pathways.
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Furthermore, it provides significant characteristics such as
dependable delivery and fairness assurances.

Multipath transmission uses numerous TCP flows to control
data transport. Packets are scheduled and transmitted over
many data flows inside a single connection. When each TCP
flow is granted its own path, many pathways can be used at
the same time. However, differences in latency over these
channels might pose problems. Packets having lower sequence
numbers transmitted through slower channels may arrive on
recipient end after packets having higher sequence numbers
send via quicker routes. This causes out-of-order packet
delivery, necessitating considerable storage to keep these
packets temporarily. Such requests might quickly deplete the
minimal buffer space available.

While raising the buffer size causes wasteful memory
consumption. A more intelligent solution involves tackling the
problem at the sender by providing a scheduling mechanism
with little computing complexity. A large variety of TCP-
based multipath transmission protocols have been thoroughly
researched [6], with some being further described by the IETF
Working Group (WG). Multipath TCP (MPTCP) approach
adds an extra layer above TCP, which is implemented as a
TCP option, to manage many pathways between destinations
effectively. A scheduling system is also necessary to guarantee
that delivery orders are followed correctly. In MPTCP, the
original data stream is segmented and transferred across
several TCP connections, known as "TCP subflows."
Although intelligent scheduling techniques at the sender are
intended to decrease out-of-order packets, they ignore the
effects of packet loss, rendering them ineffective in lossy and
diverse networks. Wu et al. [7] investigated packet loss,
streaming coding, and energy usage, however their research
was largely concerned with mobile video transmission.
Network coding [8] mitigates the impact on loss of packet, but
not resolve packets that are out-of-order. These techniques
omit critical feedback information in acknowledgments, which
might give insight into the correctness of past scheduling
decisions. As a result, the sender lacks the necessary
knowledge to make timely changes to the schedule for the
following cycle. This causes scheduling to be done
individually for each round, resulting in the accumulation of
mistakes across successive rounds.

In this research, we present a technique for identifying the best
server and client settings for MPTCP. This approach assigns
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network settings to each TCP subflow to reduce packet loss
and transmission latency. The appropriate settings are chosen
based on the TCP properties of each subflow in an MPTCP
connection. Furthermore, the technique combines the notion of
TCP modeling while accounting for packet loss, making it
more adaptable and suited for lossy and heterogeneous
networks. The primary aim is to identify an ideal parameter
configuration that efficiently avoids packet losses while
minimizing transmission delays. The main work contributions
in this article summarized below:
1) Implanted a multipath architecture MPTC. Under each
subflow, here utilized text data to be transmitted and account
for both time offset & packet loss rate.
2) On the basis of above scheme, identified the server and
client side parameters that impact transmission response based
on accumulated in the simulation results.
3) The Taguchi approach is used to construct experiments with
an orthogonal array of network parameter settings, resulting in
maximal coverage with the smallest array size. This technique
determines the ideal parameter set in fewer trials, providing
more exact estimation and decreasing algorithm complexity
when compared to the method presented in [9]. It offers an
overview of the effects of network parameter changes,
allowing for more efficient performance analysis. This is
especially beneficial for assessing MPTCP's upgraded
architecture under new simulation situations, such as random
packet losses and mobile scenarios. The remainder of this
paper is arranged as follows: Section II presents a assessment
of related literature of several scheduling methods utilized in
multipath transmission, with a special emphasis on transport
layer approaches. Section III describes the recommended
technique. The simulation results under the performance
comparisons are reported in section IV. Finally, Section V
concludes the article.

II. RELATED WORKS
This section summarizes previously suggested MPTCP
congestion control algorithms (MPTCP-CCAs), emphasizing
their merits and limitations. These algorithms may be divided
into three categories: delay-based, loss-based and hybrid
approaches. In loss-based CCA, packet loss is the primary
determinant of rate of transmission. These algorithms interpret
packet losses as a indicator of congestion, which occurs when
the bottleneck buffer exceeds capacity. To relieve network
congestion, they narrow the congestion window (CWND),
slowing data transmission and relieving buffer pressure.
Several loss-based CCAs have been built using MPTCP's
main design concepts, including LIA [10], OLIA [12], BALIA
[13], and D-LIA [11].
Raiciu et al. invented LIA [10], which successfully moves
traffic from busy to less congested routes, improving both
throughput and fairness. However, its stringent devotion to
fairness restricts its capacity to make full use of the underlying
network resources. Khalili et al. found a trade-off in LIA in
responsiveness and congestion balancing optimization. They
created OLIA [12], which combines both features. OLIA

continues to suffer with underutilization of its available
network resources.
Peng et al. investigated OLIA further and discovered that it
was insensitive to network changes in some cases. They
proposed BALIA [13], a modified method that aims to
increase responsiveness. However, like with its predecessors,
BALIA has issues in fully using the underlying network.
Previous MPTCP-CCAs struggled to fully leverage the
underlying network, result in inferior throughput [17]. Further,
the algorithm concentrated over congestion window (CWND)
growing process. To overcome this restriction, D-LIA [11], a
loss-based CCA, proposed a dynamic strategy for changing
the CWND reduction mechanism. In reaction to packet loss,
D-LIA adjusts the CWND reduction factor based on the time
between loss events. This method allowed D-LIA to attain
better throughput than LIA, BALIA & OLIA. However, it led
to an hike in packet losses.
MPTCP-CCAs based on delay take a proactive approach,
using delay as an indicator of congestion to avoid queue
buildup at bottleneck buffers. These methods decrease round-
trip time (RTT) optimizing throughput, making them suited
for applications for low-latency. Notable CCAs based on delay
management in MPTCP are wVegas [15] & C-MPBBR [14].
Yu et al. created wVegas [15], a MPTCP-CCA with delay-
based inspired by TCP Vegas. This approach achieves fine
balancing of load by using packet queuing delay as a indicator
of congestion. However, rather of conforming to MPTCP's
three fundamental design concepts, wVegas focuses on the
"congestion equality principle," resulting in a failure to
completely achieve MPTCP-CCA design objectives. To solve
this issue, a delay-based MPTCP CCA termed as C-MPBBR
[14] was developed. Built on single-path TCP BBR [11], C-
MPBBR aims to achieve MPTCP's basic design goals while
maintaining low latency, high throughput and better fairness.
However, the underlying single-path TCP-CCA BBR [11] still
has some serious flaws that require additional investigation.
As a result, more advancement to C-MPBBR are expected in
the future. Hybrid MPTCP-CCAs, which blend loss- and
delay-based methods, have the ability to deliver high
throughput while still achieving MPTCP-CCA design
requirements. Phuong et al. introduced MCompound [16], a
hybrid MPTCP-CCA intended for long-delay, high-speed
networks. This approach extends the previously described
Compound TCP [18] to multipath settings, demonstrating
increased performance in such contexts. However, it falls
short of meeting MPTCP's primary design goals, notably
fairness with single-path TCP traffic. As a result, there is
presently no standardized MPTCP-CCA that meets all design
criteria.

III. MOTIVATION
This section describes the motive behind proposed MPTCP for
further improvements to handle MPTCP sub-flows
successfully. First one is the issue of Fairness that is observed
while conducting experiment at different parameter sets. Two
primary separate paths (R1 & R2) are taken that are further
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has two possible paths (R3 & R4) from sender to receiver
(Figure 1). Thus, there are four possible path of data subflow.
For each path the network parameters are varied, the
bottleneck BW is taken at 10 Mbps, to examine delay and
packet loss rate. The system is first setup with all accessible
pathways between the sender and recipient. After the MPTCP
synchronization procedure, which begins at the server node
(S) and ends at the client node (C), fairness among subflows is
achieved to allow simultaneous usage of the underlying
network across all pathways. Another issue driving this
research is the Condition for Network Delay, which occurs if
bottleneck queue becoming full and packets are dropped. If
the queue is empty, the remaining network capacity is
underused. Hence, an optimum network parameter setting is
necessary to estimate the condition with least delay and packet
losses. In the modern state of the Internet, precisely assessing
the appropriate network settings to improve MPTCP
performance is difficult. The third motivation for our study is
the lack of a suitable hybrid MPTCP solution that fits the
demands of high-speed networks by integrating loss-based &
delay-based approaches. This hybrid method would enable
MPTCP to gain a deeper understanding of the underlying
network and effectively feed the required amount of data into
it. Therefore, this work focuses on developing a hybrid
MPTCP that integrates both delay-based and loss-based
approaches, resulting in improved performance.
IV. METHODOLOGY

In this software instrumentation control toolbox is used for
applying functionality using TCP client and server function
commands [18, 19]. Two different codes are written for
defining operation of client end and server end. The two
instances of independent running MatLab is launched on same
PC. In this work a MPTCP model is implemented using
simulation design on MatLab software. One instance used to
run server side operation and another instance for client side in
parallel. In the figure 1 the implemented topology is shown.
Here S is the server and C is the client. The multipath is
established by providing four routers R1, R2, R3 and R4. In
figure 1 the subflow of text data is carried out through the four
possible routes S-R1-R3-C, S-R1-R4-C, S-R2-R3-C and S-
R2-R4-C. The data that is transferred from server to client
communication is the text data. In each subflow 10 alpha
numeric characters are sent randomly from any of the four
paths. In the figure 2 the source side data in text format is
shown. This text data is sent from server through router R1
and R4 randomly. In figure 3 the text data subflow from
routers R2 and R3. Here we may also observe that packet id is
shown in title. Total 20 packets are sent through multipath
approach. In this proposed work different parameter set are
considered at server and client side for maintaining best QoS
by maintaining minimum delay and packet lossees. The
parameters that are selected are (1) S1: server waiting time for
client to connect (2) S2: delay inserted prior to next retry by
server (3) Cl: client waiting time for client to connect (4) C2 :
delay inserted prior to next retry by client and the response are

TSreq: Time delay in accepting the request of server by the
client, TSwrite,: Time delay in writing packet from S to C Pposs:
Packet loss (0/1), TCpelay: time delay in transmitting data in
propagation from S to C and TCread: Time delay at the client
end to read the data. All the response are observed at different
combination of parameter set {S1,S2,C1,C2} as shown in
table 1. There are nine different orthogonal combinations of
S1, S2 Cl and C2 MPTCP opted using Taguchi Method.
These are minimum number of combination that cover
maximum domain of parameter values for finding the
optimum set. S1 and C1 is taken =»[1.5,2.5,3.5] in sec, S2
and C2 =»[2,3,4]. In this way 3 values of S1, 3 values of S2
and 3 values of C1 and 3 values of C2 are considered that may
create 3x3x3x3=81 combinations but using Taguchi methods
only 9 combinations as design of experiment set are generated
as orthogonal combination. This may help in finding the
optimum solution in faster way by consider small number of
solution set that covers maximum search space domain.
Design Table (L9 Orthogonal Array): Below is the
experimental plan:

Experiment S1 S2 C1 C2
1 1.5 2 1.5 2
2 1.5 3 2.5 3
3 1.5 4 3.5 4
4 2.5 2 2.5 4
5 2.5 3 3.5 2
6 2.5 4 1.5 3
7 3.5 2 3.5 3
8 3.5 3 1.5 4
9 3.5 4 2.5 2

RI-R3
—> R1-R4
—> R2-R3
R2-R4
R1

N
R4

N\
A
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Fig1. MPTCP network architecture representing
paths for data subflow

In the figure 4 the text mesg data suflow is shown that are
forwarded from server S to client C through route R1 (top) or
R2 (bottom). The events with packet loss may be seen as the
absent text message at different routes. During the data
subflow the performance is measured and shown in figure 5 in
terms of request time, write time, read time and propagation
delay at different packet id under different experiment
performed at specific combination of network parameter set. It
may be observed that request time and propogation delay is
varying from 0 to 5x107 sec and red write time varying from 0
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to 0.01 secs. The variation in performance is further observed
in more elaborated way in figure 6 as the boxplot to visualize
maximum,

minimum and average value under different experiment id.
The lowest sum of Treq, Twrites Tread & Taclay 18 Observed for
experiment id 9 for the parameter set {S1,S2,C1,C2}=>{3.5,
4, 2.5, 2} . It shows that rrequest and propagation delay is
negligible main time consumed in read/write operation.
Minimum packet loss of 24% is observed for experiment S5.

Server Sent Packet: 2 to client
through route R1 and R4

Route R2 and R3 ===> Next-gener
Route R1 and R4 ====> ation netw

3r / R1
R3

{ N

R4
1F R2 1
0 . . . .
Fig2. Transmission of text data packet id 2 from path
S-R1-R4-C

Server Sent Packet: 13 to client
through route R2 and R3
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Fig3. Transmission of text data packet id 13 from path
S-R2-R3-C
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route R1 and R4
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Fig4. Transmission records of text data through router R1
(top) and router R2 (bottom)
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Fig5. Time taken during request, write, read and propagation
delay under MPTCP for each packet id under different
experiments.
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Fig6. Boxplot for showing maximum, minimum range of
request, write, read and propagation delay time

V. CONCLUSIONS

MPTCP transmission associated packet loss and delay are
observed to be uncoupled and independent behavior but
causes congestion and reduce the throughput on data share
under common bottleneck. In this paper, network parameter
identification and optimization performed using orthogonal
array selection via Taguchi method for finding under client
and server side behavior to minimize issue behind QoS
degradation. Using information about path status appropriate
parameter set is identified for smoothing the data transmission
under simulation platform on MatLab. The strategy reduces
the aggressive growth in congestion inside MPTCP,
eliminating buffer overflow, which can result in packet losses
and timeouts. MatLab simulation results show that the
suggested strategy significantly reduces MPTCP transfer
completion time by minimizing the number of retransmissions
and retransmission timeouts (RTOs).
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