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a b s t r a c t
This paper assesses whether multi-path communication can help latency-sensitive applications to satisfy
the requirements of their users. We consider Concurrent Multi-path Transfer for SCTP (CMT-SCTP) and
Multi-path TCP (MPTCP) and evaluate their proﬁciency in transporting video, gaming, and web traﬃc over
combinations of WLAN and 3G interfaces. To ensure the validity of our evaluation, several experimental
approaches were used including simulation, emulation and live experiments. When paths are symmetric
in terms of capacity, delay and loss rate, we ﬁnd that the experienced latency is signiﬁcantly reduced,
compared to using a single path. Using multiple asymmetric paths does not affect latency – applications
do not experience any increase or decrease, but might beneﬁt from other advantages of multi-path communication. In the light of our conclusions, multi-path transport is suitable for latency-sensitive traﬃc
and mature enough to be widely deployed.

1. Introduction
Live and interactive applications are sensitive to latency, as the
user experience is negatively affected when data is delayed. For
instance, freezing a live video just 1% of the video duration is sufﬁcient to turn away 5% of the viewers [1]. Similarly, a latency of
60 ms suﬃces to degrade user experience in Internet gaming [2].
Multiple ways of improving the user experience of latency sensitive applications are active subjects of research. However, as far as
we know, a weakly explored area is to determine whether utilizing
all available network interfaces at the end host could improve such
experience. In recent times, deployed devices such as tablets and
smartphones are often equipped with both Wireless LAN (WLAN)
and cellular 3G or 4G interfaces.
Multi-path transmission has been proposed to guarantee better resilience to link failures and a better use of resources. For instance, consider a connection using two interfaces simultaneously;
if one of the interfaces (or underlying links) fails, the transmission
can simply continue over the other interface. In a single-interface
scenario, the transmission would be stalled and maybe require a
∗
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connection re-establishment. It has also been shown that simultaneous transmission of data over multiple interfaces can increase
the throughput, due to capacity aggregation [3]. Even if multi-path
protocols have been shown to be more resilient to link failures and
able to aggregate capacity to provide increased throughput, the impact of using multiple paths on latency has not been thoroughly
investigated.
This paper ﬁlls this gap by assessing whether multi-path approaches are suitable transport protocols for applications transmitting latency-sensitive traﬃc, e.g., video, gaming and web traﬃc.
Recent efforts within the Internet Engineering Task Force (IETF)
include designing Multi-path TCP (MPTCP) [4] extensions to
TCP [5] to enable end-to-end connections to span multiple paths
simultaneously. Similarly, Concurrent Multipath Transfer for SCTP
(CMT-SCTP) [6–8] is an extension to the Stream Control Transmission Protocol (SCTP) [9], enabling simultaneous multi-path communication. We therefore evaluate their suitability to carry out latency sensitive traﬃc.
In our experiments we consider both symmetric multi-path
communication (e.g. WLAN-WLAN) as well as asymmetric (e.g.
WLAN-3G). For the actual evaluations we use a combination of
simulations, emulations and real experiments to ensure a correct
assessment.
The remainder of this paper is structured as follows.
Section 2 presents an overview of CMT-SCTP and MPTCP, and how
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these protocols solve the core issues inherent in transport-level
multi-path communication. Section 3 describes the applications
used in our evaluation and their latency requirements. In Section 4,
the experimental setup is detailed. Section 5 presents and explains
the results obtained. In addition to that, Section 6 provides an indepth discussion of the results. Section 7 discusses related work
on multi-path transport. Finally, Section 8 concludes the paper and
discusses possible future work in this area.
2. Multi-path transport
This section introduces CMT-SCTP and MPTCP, the current
key multi-path transport protocols. The core issues of multi-path
communication, and how these are addressed by CMT-SCTP and
MPTCP, are then described.
2.1. CMT-SCTP
SCTP [9,10] is a transport protocol originally developed by the
IETF Signaling Transport (SIGTRAN) Working Group [11], as part of
an architecture to provide reliable and timely message delivery for
Signaling System No. 7 (SS7) [12] telephony signaling information,
on top of the Internet Protocol (IP) [13]. While motivated by the
need to carry signaling traﬃc, SCTP was designed as a general purpose transport protocol on par with TCP [5] and UDP [14]. While
SCTP can offer functionality similar to TCP, such as ordered and reliable transmission or congestion controlled transport, its options
can be easily set so that SCTP rather features unordered transmission or multi-homing. This ﬂexibility is one main advantage of
SCTP as opposed to TCP.
The multi-homing feature of SCTP allows a single association (or connection) between two endpoints to combine multiple
source and destination IP addresses. These IP addresses are exchanged and veriﬁed during the association setup, and each destination address is considered as a different path towards the corresponding endpoint. Using the Dynamic Address Reconﬁguration
protocol extension [15], it is also possible to dynamically add or
delete IP addresses, and to request a primary-path change, during
an active SCTP association.
While SCTP multi-homing [9,10] targets robustness and uses
only one active path at a time, several researchers have suggested
the concurrent use of all paths for sending data. Budzisz et al.
[16] provides a survey of these approaches. In this paper, we consider the most complete of these proposals, Concurrent Multipath
Transfer for SCTP (CMT-SCTP) [6–8]. CMT-SCTP improves the internal buffer management procedures of SCTP, transmission over multiple paths and reordering with its single sequence-number space.
Assuming disjoint paths, CMT-SCTP applies the original SCTP congestion control [9] for each path independently.

While MPTCP transparently divides user data among the
subﬂows, simultaneous transmission may cause connection-level
packet reordering at the receiver. To handle such reordering, two
levels of sequence numbers are used. Apart from the regular TCP
sequence numbers that are used to ensure in-order delivery at
subﬂow level, MPTCP uses a 64-bit data sequence number that
spans the entire MPTCP connection and can be used to order data
arriving at the receiver. To ensure fairness [20] on bottleneck links
shared by subﬂows of a MPTCP ﬂow and other TCP ﬂows, MPTCP
extends the standard TCP congestion control. Running existing TCP
congestion control algorithms independently would give MPTCP
connections more than their fair share of the capacity if a bottleneck is shared by two or more of its subﬂows. To solve this
MPTCP uses a coupled congestion control [21] that links the increase functions of each subﬂows’ congestion control and dynamically controls the overall aggressiveness of the MPTCP connection.
The coupled congestion control also makes resource usage more
eﬃcient as it steers traﬃc away from more congested paths to less
congested ones.
2.3. Core issues
This section presents the core issues that are related to the use
of multiple paths and how they are addressed by CMT-SCTP and
MPTCP.

2.2. MPTCP

2.3.1. Path management
As shown in Fig. 1, a path is a sequence of links between a
sender and a receiver [4], over which it is possible to open a subﬂow. A multi-path protocol must deﬁne a path management strategy. The strategy needs to ﬁnd suitable paths to open subﬂows
over and decide whether one or more subﬂows should be opened
over a speciﬁc path. For short or extremely time-sensitive ﬂows,
the choice of path for the initial connection establishment might
be very important. For example, if (i) two paths (p1 and p2 ) are
available, (ii) both paths have the same capacity and (iii) the RTT
of p1 , r1 , is signiﬁcantly higher than the RTT of p2 , r2 , (e.g. r1 >
10 × r2 ), then whether the ﬁrst subﬂow will be opened over p1 or
p2 would seriously impact the latency. The number of subﬂows to
open over a path is a problem that is not very well studied. While
the Linux implementation of MPTCP supports this using its ndiffports path manager, as described later in this section, it is often
regarded as unnecessary to open more than one subﬂow per path
as they typically would traverse the same links and compete for
the same network resources. However, in some speciﬁc environments, e.g. datacenters, the network might conduct load balancing
between subﬂows, routing them over disjoint subpaths. In such situations there might be beneﬁts of creating several subﬂows per
path, as shown in [22].
For CMT-SCTP a path is deﬁned by the destination IP address
and port number. To manage paths, CMT-SCTP employs a simple

Multi-Path TCP (MPTCP) [17] is a set of extensions to
TCP [5,18] developed by the IETF MPTCP working group [19] to enable simultaneous use of multiple paths between endpoints. The
motivation behind MPTCP is more eﬃcient resource usage and improved user experience through improved resilience to network
failure and higher throughput.
To use the MPTCP extensions the initiator of a connection appends a “Multipath Capable” (MP_CAPABLE) option in the SYN
segment, indicating its support for MPTCP. When the connection is established, it is possible to add one TCP ﬂow, or subﬂow, per available interface to this connection by using a “MPTCP
Join” (MP_JOIN) option in the SYN segment. Once the MPTCP connection has been fully established, both end hosts can send data
over any of the available subﬂows.

Fig. 1. Deﬁnition of a path as a sequence of links between a sender and a receiver.
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strategy where the association is established during a 4-way handshake in which available IP addresses are exchanged and veriﬁed.
The handshake is conducted over the default interface of the host,
and after its completion each destination address is considered as a
path and implicitly also as an opened subﬂow. The interfaces of the
hosts are pairwise connected over two different subnets, resulting
in two possible paths. In addition to the establishment of subﬂows
during the association setup, there is an extension to CMT-SCTP
called Dynamic Address Reconﬁguration (DAR) [15] which enables
an end-host to dynamically add and remove IP addresses to an existing connection.
Like CMT-SCTP, MPTCP consults the routing table to determine
which interface to initiate the connection over. During the establishment phase, realised by a 3-way handshake, IP address information are exchanged between the hosts in a fashion similar to
that of CMT-SCTP. However, after connection establishment, MPTCP
cannot make full use of the other host’s IP address information
and start sending data over all paths straight away. Notably, at this
point it can only use the path used for the connection establishment. Additional subﬂows must be opened as separate TCP connections and joined to the MPTCP connection using the “MPTCP
Join” option in their SYN segments. Another difference, as compared to CMT-SCTP, is the availability of multiple path managers
in MPTCP. For example, the Linux implementation of MPTCP provides four different path managers: default, full-mesh, ndiffports
and binder. Using the default path manager, a host does not advertise additional IP addresses but uses the other hosts advertised
IP addresses to create new subﬂows. The full-mesh strategy uses
an opposite approach: all available IP addresses are exchanged and
used to open a subﬂow over each and one of all the possible
source-destination IP address combinations. The ndiffports manager allows a user to open X subﬂows over the default interface.
Finally, the binder manager, implements Loose Source Routing as
deﬁned in [23]. Similar to CMT-SCTP, MPTCP also includes an extension to allow dynamic addition and removal of IP addresses.
2.3.2. Scheduling
If multiple subﬂows are available, there are different ways to
schedule the transmission of data. As an example, a round-robin
scheduler may iterate over the available subﬂows and try to transmit an entire congestion window over each subﬂow, while another scheduler might only consider the “fastest” available subﬂow.
Scheduling in multi-path communication has therefore a large impact on the performance of data transmission.
One root cause for scheduling problems is the use of paths with
asymmetric characteristics. Fig. 2 illustrates how asymmetric paths,
in terms of RTT (RT T2 = 10 × RT T1 ), can affect data transmission.
Fig. 2(c), shows the so-called head-of-line blocking problem. In this
scenario, packets #3 and #4 (residing in the receiver’s buffer) cannot be delivered to the application as packets #1 and #2 are still
in ﬂight. Further, packets sent over the fast subﬂow can ﬁll the
receiver’s buffer while waiting for data transferred over the slow
subﬂow. This issue is known as receiver buffer blocking and is illustrated in Fig. 2(d).
The usual scheduler in CMT-SCTP is a round-robin scheme targeting throughput maximization: for every subﬂow in sequence,
starting from the primary one, it sends as much data over the subﬂow as the congestion window allows. As mentioned earlier, asymmetric paths can be problematic and this is also true for CMT-SCTP.
The problem is due to a combination of the scheduling and occupancy of the shared send and/or receive buffer space, and can
cause the aforementioned problems of head-of-line blocking and
receiver buffer blocking. Detailed classiﬁcations of the blocking issues are provided in [24]. To remedy this problem, other schedulers have been proposed and developed for CMT-SCTP. For example, chunk rescheduling [8,25] is a mechanism that re-injects the
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segment causing head-of-line blocking on a different subﬂow that
has space available in its congestion window. Furthermore, DelayAware Packet Scheduling (DAPS) [26] is a scheduler that, given the
RTT of the different subﬂows, tries to send packet sequences over
them in a manner that guarantees in-order delivery at the receiver.
Similar to CMT-SCTP, several schedulers have been proposed for
MPTCP. In the Linux implementation the default scheduler always
tries to transmit data over the subﬂow with the shortest RTT, as
long as there is free space in the congestion window. The default
scheduling also includes a mechanism called Retransmission and
Penalization (RP). This mechanism is similar to CMT-SCTP’s chunk
rescheduling and re-injects segments causing head-of-line blocking
in a different subﬂow. In addition to the default scheduling mechanism, a weighted round-robin scheme is also available. The schedulers available for Linux have all been evaluated and compared
in [27], identifying the shortest-RTT scheduler as the most successful in terms of throughput performance. The different schedulers
are detailed in [28].
2.3.3. Congestion control for multi-path transport
When using multiple paths for transmission, different subﬂows
cannot share a single congestion window, as each subﬂow is likely
to have different characteristics and levels of congestion. There are,
however, situations in which the subﬂows actually do share a bottleneck and thus have the same level of congestion. In such scenarios there must be some kind of collaboration between the congestion controllers of each subﬂow to ensure that the transport does
not achieve more than its fair share of the network resources.
For CMT-SCTP there is no default congestion control mechanism that manages the transmission based on the combined congestion state of the subﬂows. This is likely due to an initial design assumption that subﬂows do not share bottlenecks. As discussed above, such an assumption is not always true, making
CMT-SCTP potentially unfair to other traﬃc in the network. This
problem has been addressed by several researchers and coupled
congestion controllers have been proposed. Examples include e.g.,
CMT/RPv1 [29] and CMT/RPv2 [30].
The problem of not considering shared bottlenecks was addressed already in the design phase of MPTCP. The reason to why
coupled congestion control should be used, the beneﬁts of using
it, and what goals it has to achieve are all documented in [21].
To achieve these goals, various coupled congestion control schemes
have been proposed for MPTCP. These include the Linked-Increases
Algorithm (LIA) [21], the Opportunistic Linked-Increases Algorithm
(OLIA) [31] and the BALanced Linked Adaptation (BALIA) [32]. At
the time of writing, the default congestion control in the Linux
MPTCP implementation is LIA.
2.3.4. Handling loss and retransmissions
When data is lost in multi-path transmission the protocol must
decide whether to retransmit this data over the same subﬂow or
over a different one.
CMT-SCTP features several schemes for retransmitting data, all
detailed in [33]. A CMT-SCTP sender maintains accurate information about the working paths, as new data are transmitted over every available subﬂow concurrently. Therefore, many distinct strategies can be used. For example, retransmitting lost data over the
same subﬂow, over the subﬂow with the largest slow-start threshold or using the subﬂow with the largest congestion window.
While there is no default retransmission strategy for CMT-SCTP, we
consider retransmissions over the subﬂow with lowest RTT to give
latency-sensitive applications a beneﬁt.
In MPTCP, the loss detection is performed at two levels: subﬂow level and MPTCP level. While loss typically is detected on subﬂow level, different strategies can be taken depending on how the
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Fig. 2. Head-of-line blocking and receive buffer blocking.

loss was detected. If the loss is detected by the fast retransmit algorithm, data is only retransmitted over the same subﬂow. If, on
the other hand, the loss is detected by an expiration of the RTO
timer, the data can be retransmitted over both the same subﬂow
and over an additional subﬂow chosen by the scheduler. The rationale for using different retransmission approaches depending on
how the loss was detected is straightforward; fast retransmit only
detects loss if feedback from packets sent after the lost packet(s)
arrive at the receiver. Therefore, it is safe to assume that no massive congestion event or link breakage has happened, and that a
retransmission will arrive safely at the receiver. If no feedback is
received, however, the RTO will eventually expire, and it is then
safer to retransmit the lost packet(s) over both paths in case the
path over which the original transmission occurred is experiencing
major congestion or other serious problems.
3. Applications and their requirements for multi-path
transport
Traditionally, Internet has been dominated by web traﬃc running on top of short-lived TCP connections [34]. For example,
Ciullo et al. [35] found that approximately 95% of the client TCP
ﬂows and 70% of the server TCP ﬂows were less than 10 segments.
Although web traﬃc still constitutes a large fraction of all traﬃc,
video traﬃc and gaming traﬃc are now becoming more common.
Recent measurements [36] show e.g. that more than 53% of the
downstream traﬃc in North America is video streaming. Forecasts
(cf. [37]) also show that Internet video and gaming will continue
to grow with an annual compound growth rate of 29% for video
traﬃc and 22% for gaming.
Although the aforementioned traﬃc classes differ signiﬁcantly
in many ways, they have a common property – sensitivity to

latency. In this paper we will therefore use video, gaming and
web traﬃc to assess whether multi-path protocols are suitable for
latency-sensitive applications. The remainder of this section describes the main characteristics of the applications and discusses
their requirements.
3.1. Video streaming
There are two main use-cases of video streaming: Video on
Demand (VoD) which is not broadcast live and therefore do not
have stringent latency requirements; and direct live video which is
broadcast live and have requirements of low latency.
VoD applications has complete knowledge of the content to
transfer, and can therefore adapt the sending rate appropriately.
The quality of experience of VoD is therefore less vulnerable to
one-way delay variations than the quality of experience of direct
live video. As the rationale of this work is to assess whether multipath transport protocols can be used for latency sensitive applications, we will focus on direct live video as it is more sensitive to
latency.
The direct live video can be divided into two sub-categories:
live broadcast of TV such as BBC iPlayer1 and private video communications such as Skype.2 We have focused on the latter category as such applications typically are interactive in their nature
and thus more sensitive to latency. Although Skype is proprietary
and its communication protocol is closed, and may change over
time, we use Skype-like video traﬃc in our evaluation. We do this
for several reasons. First, Skype is a widely used application. Actually, Skype generates almost two percent of the total aggregate
1
2

http://www.bbc.co.uk/iplayer/live/bbcnews/.
https://www.skype.com/.
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Fig. 4. Distribution of web page sizes according to [47].

itself. However, low latency (lower than 60 ms is indicated in [2])
and a small delay variation [45] are important for a good gaming
experience.
3.3. Web traﬃc

Fig. 3. Distribution of packet inter-arrival time and packet size for World of Warcraft [43].

traﬃc in European ﬁxed networks [38]. Second, although Skype
mainly tries to use UDP for communication NATs and ﬁrewalls often force it to use TCP, making it an interesting use case for our
experiments with multi-path and reliable transports. Finally, Skype
traﬃc is well studied and traﬃc characteristics have been reported
by several researchers, making it relatively easy to model. According to [39,40], it dynamically adapts its sending rate to the network
conditions, with a frame rate per second going from 5 frames/s to
30 frames/s and a video bit rate from 30 Kbit/s to 950 Kbit/s.
Requirements: The latency requirements for a good user experience when considering live video communication are: one-way
delay should be lower than 150 ms [41] and the difference in delay between packets (jitter) should be lower than 30 ms [41].

Fig. 4 illustrates the distribution of common web site sizes. In
our experiments, to be representative of the web, we have selected three web sites of different sizes: small (72 KiB), medium
(1024 KiB) and large (3994 KiB). We also use software that emulates the behavior of a real browser, downloading the web sites
using 6 concurrent connections over HTTP/1.1. More details on the
web traﬃc can found in Section 4.3.3.
Requirements: The quality of user experience when accessing
a web page is highly linked to the download completion time. For
example, in [46], the authors report that Google measured that “an
additional 500 ms to compute (a web search) [. . .] resulted in a
25% drop in the number of searches done by users.”. Although the
download completion time may not be the most relevant metric
for modern browsers, as they often start rendering pages before
completion, it is the most suitable metric to use when evaluating transports as it is “browser agnostic” and therefore neutral. For
good web browsing experience, the download completion time is
required to be as low as possible.

3.2. Gaming traﬃc
4. Experiment setup
Online gaming is often categorized into three different
classes [42] each of them being characterized by speciﬁc traﬃc, as
detailed in [43]. The classes are:
• ﬁrst person avatar, e.g. First Person Shooter games (FPS)
• third person avatar, e.g. Massive Multiplayer Online games
(MMO)
• omnipresent, e.g. Real Time Strategy games (RTS)
FPS games are tolerant to loss but are very delay sensitive,
therefore they often use UDP as transport. MMO games, on the
other hand, are less loss tolerant and require less bandwidth compared to FPS games, therefore, a mixture of TCP and UDP is used
for transmission. TCP traﬃc of MMO games is composed of multiple thin TCP ﬂows. Thin ﬂows are characterized by a low transmission rate where the majority of packets are much smaller than
the maximum transmission unit (MTU). An example of the traﬃc
characteristics between the server and a client of an MMO game
is illustrated in Fig. 3. For RTS games, interestingly, latency has a
negligible effect on the outcome of the game, indicating that RTS
game-play clearly favors strategy over the real-time aspects [44].
Considering the popularity of MMO games [43], and the fact
that they use TCP, this paper assesses whether there are any beneﬁts in using multiple paths at the transport layer to carry the trafﬁc generated by an MMO game entitled Age of Conan.
Requirements: The requirements for a good gaming experience
highly depend on the class of the game and the particular game

This section describes the experiment setup used for the performance evaluation of our target applications. The protocol implementations and network models used in the evaluations are also
introduced.
4.1. Evaluation tool sets
In this study, we focus on the default and latest versions of the
protocols. Our choice of evaluation tool sets, presented in this section, has been made on the basis of availability of source code and
the fact that we wanted to consider both controlled and real life
experiments.
4.1.1. Simulations, CMT-SCTP using OMNeT++
There is no stable implementation of CMT-SCTP for FreeBSD or
Linux. Therefore, we could not perform emulations or real experiments using CMT-SCTP. Instead, we performed simulations using
OMNeT++ [48] version 5.0b1 with the CMT-SCTP model [8,49,50],
and the NetPerfMeter application model [8,51] in the latest version of the INET Framework [52], using the simulation processing tool-chain SimProcTC [53,54]. For the web traﬃc simulations
in Section 5.3, the HttpTools [55] models provided as part of the
INET Framework are used. It was only necessary to add SCTP support. The complete INET Framework sources branch used for this
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paper is available online.3 Most changes have already been merged
upstream.
Although there is an implementation of CMT-SCTP available for
NS-2 [6], it is unmaintained and as of spring 2016 it is fairly out of
date. The OMNeT++ implementation, which is used for our evaluations, includes the latest improvements and options for SCTP and
is therefore representing the state-of-the-art in SCTP features.
4.1.2. Emulations, MPTCP in a controlled environment, using CORE
Because we wanted to evaluate MPTCP in a controlled environment, we ran experiments using the Linux MPTCP implementation
and the Common Open Research Emulator (CORE) [56]. CORE enables the use of real protocols and applications together with emulated network links, making the evaluation of MPTCP easy to control and replicate. The Linux kernel implementation is the most
complete MPTCP implementation available, so this setup also allowed us to use the most feature complete version of MPTCP. Using the same MPTCP implementation for both the controlled experiments in CORE and the real life testbed experiments also allowed
us to more easily compare and validate the results.
4.1.3. Experiments, MPTCP in a real-life environment, using NorNet
Because we may drive biased conclusions if the protocols were
to be evaluated only in controlled environments, we also assessed
their performance using an environment where the network is
used by many other applications than the one we introduce in the
network.
In order to realize this, we performed real network experiments
on a dedicated testbed, namely NorNet Edge (NNE) [57]. NNE is
a multi-homed testbed where each node is connected to multiple
UMTS operators via Huawei E392-u12 modems as well as WLAN
network. More speciﬁcally, in our evaluations, we consider one operational UMTS Mobile Broadband (MBB) network in Oslo, Norway. It is labelled as “3G”. The WLAN access point is a public
WLAN hotspot, connecting around 100 people during work hours
in a large oﬃce complex with several interfering WLAN networks.
The two WLAN networks used for the WLAN-WLAN scenarios are
using the same technology (IEEE 802.11ag) and sharing the same
medium, therefore certain level of interference is highly likely depending on the number of users and traﬃc patterns. We believe,
this setup reﬂects a realistic scenario where the users cannot control these factors. The downside of this testbed experiments is that
there might be a statistically insigniﬁcant and uncontrolled behavior for few packets. Furthermore, in this paper, we focus on the
transport layer, therefore we study how transport layer reacts to
such realistic path characteristics. In this real-world environment,
MPTCP was tested under different scenarios for different applications as in the emulation setup.
4.2. Conﬁguration of MPTCP and CMT-SCTP
Both MPTCP and CMT-SCTP have open source implementations,
making it possible to enable and/or disable speciﬁc features. Due
to readability we have chosen to only present the most important
features, and their settings, in this section. Additionally, Table 1
provides a short summary of this information. For a full description
of the protocol conﬁgurations and for all the experimental scripts
and data, please see [58].
For MPTCP, we used the state-of-the-art Linux MPTCP implementation (v0.89.3).4 We use the default options of MPTCP, including e.g. receive buffer optimization and coupled congestion control, with an exception for the Nagle algorithm, which is turned off
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https://github.com/dreibh/inet/tree/td- netperfmeter- for- integration.
Linux MPTCP: http://www.multipath-tcp.org.

in all application scenarios. Turning off Nagle is common practice
when running applications that require low latency [59].
The simulation uses the CMT-SCTP model for OMNeT++ that is
fully described in [8,49]. As opposed to MPTCP, no default options
are given for CMT-SCTP. The latest version of the SCTP simulation
model [49,50] for OMNeT++ is used, implementing SCTP according
to RFC 4960 [9] with all state-of-the-art features and extensions. In
addition to the settings listed in Table 1, CMT-SCTP was conﬁgured
with the following features:
• burst mitigation with MaxBurst=4 (default from [9, Section 15])
with “Use It or Lose It” [60] strategy (i.e. behavior like the
FreeBSD SCTP implementation [50]);
• buffer splitting [24,25] to avoid buffer blocking issues [8, Section 7.5].
All data is sent in SCTP/MPTCP messages of up to 1452 bytes
(resp. 1428 bytes), which corresponds approximatively to full packets (including headers) of 1500 bytes. In CMT-SCTP, the size of the
payload depends on the number of chunks that are gathered in
one message, therefore the full packet sizes may vary depending
on the application proﬁle.
As explained in Section 2.3.1, (i) with CMT-SCTP, one subﬂow
can be opened on each working path as soon as the 4-way handshaking process has been operated and the primary path (i.e., the
ﬁrst path on which data is transmitted) has to be deﬁned; (ii) with
MPTCP, the ﬁrst subﬂow that is opened depends on the parameterization of the Linux default interface. In our evaluations, when the
paths are homogeneous (i.e., WLAN-WLAN or 3G-3G), the path on
which the ﬁrst subﬂow is opened is chosen randomly; when the
paths are heterogeneous (i.e., WLAN-3G), the WLAN path is used
for the ﬁrst subﬂow.
4.3. Application traﬃc generation and metrics
This section presents how we generate video streaming, gaming and web traﬃcs. The rationale for using these applications and
the characteristic of the traﬃc that they generate are detailed in
Section 3.
4.3.1. Video traﬃc
In this paper, we have not considered Video on Demand traﬃc
since it is hard to accurately model or emulate this traﬃc in the
various cases (emulation, simulation, experimentation) used in this
article. Moreover, these applications are not interactive and might
be seen as ﬁle transfer applications. Therefore, we considered Direct Live Video applications due to their delay sensitive nature. In
order to generate Skype-like traﬃc we considered a constant bit
rate application generating 950 Kbit/s with 30 frames/s.
4.3.2. MMO gaming traﬃc
For gaming traﬃc, we considered a set of trace ﬁles from the
Massively Multiplayer Online Game Age of Conan, provided by
Funcom [61]. These traﬃc traces extend over a very long time period. As it is extremely diﬃcult and tedious to replay all the traces
completely, we selected a set of three traces with a duration of
10 minutes each. The selection of traces was based on the possible
full game play being captured in the trace. Full game play constitutes initial loading of game settings, player interaction and infrequent chunk updates depending on the game. All the traces contain a huge chunk of game setup data in the beginning of the connection followed by occasional small bursts of MTU-sized packets
and small packets for the rest of the time. The selected traces were
replayed using the D-ITG [62] traﬃc generator. In this process DITG is loaded with full trace and it generates packets of exact size
and time sequence as seen in the trace ﬁle. This is a way of providing trace input to the experiments than generation based on a statistical setting. From here on, the traces are named Trace 1, Trace 2
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Table 1
Options for MPTCP and CMT-SCTP.
Path management
Section 2.3.1

Scheduling
Section 2.3.2

Congestion control
Section 2.3.3

Handling loss
Section 2.3.4

MPTCP

full-mesh

(i) LowRTT
(ii) Retransmission and
penalization

coupled
(OLIA)

CMT-SCTP

one subﬂow
per working path

(i) packet-based round-robin
(ii) chunk rescheduling

uncoupled
(NewReno)

(i) Fast retransmit
on the same subﬂow
(ii) RTO on a subﬂow
chosen by the scheduler
retransmission
on lowest RTT path

Table 2
Web traﬃc generation.
Size

Domain name

Number of objects

Size of objects

small
medium
large

Wikipedia (www.wikipedia.org)
Amazon (www.amazon.com)
Huﬃngton Post (www.huﬃngtonpost.com)

15
54
138

72 KiB
1024 KiB
3994 KiB

and Trace 3. They have average packet inter-departure times of
181.4 ms, 74.1 ms, and 167.7 ms respectively. Furthermore, the average packet sizes are 142.7 bytes, 113 bytes, and 101.7 bytes respectively.

we decided not to generate background traﬃc due to the limited
data quotas for the 3G subscriptions and in order to provide consistent results, we have run all NorNet experiments without background traﬃc.

4.3.3. Web traﬃc
As previously mentioned, we consider three classes (small,
medium, large) which are representative for real web sites. The
classes and sites are presented in Table 2. For the experiments,
we stored the ﬁles from the three sites (Wikipedia, Amazon and
Huﬃngton Post) on a local server. Each website data contained different umber of objects of different sizes. Of the three, Wikipedia
content was the smallest followed by Amazon and Huﬃngton Post.
The data stored in the local server was requested and downloaded
from a client with 6 concurrent connections.

4.5. Network and system characteristics

4.4. Background traﬃc generation
The congestion level in a network has a signiﬁcant impact on
the behavior of protocols employing congestion control [63]. We
therefore conduct experiments both with and without background
traﬃc. Background traﬃc is generated with NetPerfMeter [51,64] as
a mix of TCP and UDP ﬂows constituting one long TCP ﬂow and
4 UDP on-off ﬂows. The TCP ﬂow has a saturated sender sending as much data as possible with frame size of 1460 bytes. Each
UDP ﬂow generates Pareto on-off traﬃc with shape 1.5 and scale
0.166667, sending 25 frames per second each of size 50 0 0 bytes.
The aggregate usage of UDP background ﬂows were maintained at
10% of the bottleneck link capacity to be realistic [65]. The UDP
ﬂows carry data at an average of 500 Kbit/s each in the WLANWLAN scenario and 100 Kbit/s each in the 3G-3G scenario. In each
run, the background ﬂows start before the foreground experimental traﬃc and end after the experimental traﬃc.
However, in the NorNet experiments even running one experiment with the background traﬃc, especially for online gaming and
video streaming, can eat up all the monthly data quota. Therefore,

4.5.1. Topology
Fig. 5 shows the topology used in our evaluations. The same
topology was used for the simulations, emulations, and real experiments in NorNet. To understand the basic performance of protocols
and highlight their characteristics, a simple topology is more useful
than a complex topology. Though the topology can be seen as more
general, this type of basic topology is also common practise for
evaluating transport protocols, see for instance Common TCP Evaluation Suite.5 As shown in the ﬁgure, there are two paths on the
client side and a single path on the server side. In the simulations
and emulations the paths that connect the server and client are,
of course, modeled. For the experiments to be realistic we used a
parameterisation of the paths that is based on measurements that
were conducted over NorNet prior to the evaluation.
4.5.2. Path characteristics
Table 3 shows the capacity, end-to-end delay and packet loss
rates of the WLAN and 3G paths that have been measured in the
experimental testbed described in Section 4.1. The WLAN links are
IEEE 802.11ag. The loss rate is what is experienced on the transport layer (e.g. datagrams), therefore it is the loss ratio after all link
layer re-transmission schemes of underlying networks. Path 1 and
Path 2 in Fig. 5 will be assigned with these characteristics depending on the technology. In Table 3, we also detail the three combinations of paths over which the multi-path protocols are evaluated,
that are homogeneous WLAN (two WLAN paths), homogeneous 3G
(two 3G paths) and heterogeneous (one WLAN and one 3G path).
5

https://tools.ietf.org/html/draft- irtf- iccrg- tcpeval- 01.

Fig. 5. Topology.
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Table 3
Path characteristics and scenarios.

Capacity [Mbit/s]
Propagation Delay [ms]
Loss [%]
Homogeneous (WLAN)
Path 1
Path 2
Homogeneous (3G)
Path 1
Path 2
Heterogeneous
Path 1
Path 2

WLAN

3G

20–30
20–25
1–2

3–5
65–75
0

x
x
x
x
x
x

4.5.3. Buffer sizes
System characteristics of the source and destination are known
to impact the end to end performance of the ﬂows. In order to
emulate the realistic network scenarios, we use the system settings
close to the standard settings for respective technologies. The TCP
buffer sizes (send buffer/receive buffer) are set to be equivalent to
the default Android settings, that are conﬁgured as follows:
• Homogeneous (3G): 256 KiB/256 KiB.
• Homogeneous (WLAN): 1024 KiB/2048 KiB.
• Heterogeneous (WLAN-3G):
1024 KiB/2048 KiB.
Based on estimations from early measurement in the NorNet
testbed, performed during the planning phase of the work, the
queue lengths at each interface of the router (see Fig. 5) are set
to 100 packets for WLAN and 3750 packets for 3G.
Note, that the 3G buffer setting of 256 KiB/256 KiB prevents an
overly large bufferbloat [66,67] in a 3G/3G setup, while the setting
of 1024 KiB/2048 KiB will make such a bufferbloat in the WLAN3G case possible. We will explain this in detail with the results in
Section 5 and particularly in Section 5.1.1.
5. Experiment results
This section presents the experimental evaluation and its results. The protocols are ﬁrst evaluated through simulations and
emulations in controlled environments, to identify the impact of
various network parameters. This evaluation is then complemented
with measurement results from a real environment.
For each experiment scenario, SCTP is compared to CMT-SCTP,
and TCP Cubic is compared to MPTCP. For the homogeneous cases,
we consider the average delay using TCP and compare it with
that of MPTCP. We assume that we only have information about
the technologies used. That is, for a WLAN-WLAN case, the WLAN
channels might have different characteristics in terms of loss and
delay, but this information is not available to the user. The user
will most likely pick one of the WLANs randomly. Therefore, we
consider the average WLAN TCP delay performance and compare
it with the MPTCP delay performance. However, for the WLAN-3G
scenario, the user will most certainly choose WLAN, since it has
low delay, high capacity and is probably cheaper to use. Therefore,
we compare the MPTCP delay with the TCP delay of WLAN. The
evaluation of SCTP and CMT-SCTP is conducted in the same fashion.
5.1. Video streaming
First, we evaluate video traﬃc performance for homogeneous
and heterogeneous scenarios, considering both competing and

non-competing traﬃc as explained in Section 4.3. We use application layer message delay as the performance metric for the transport protocol latency performance.
5.1.1. CMT-SCTP simulations
Fig. 6 presents the average message delays and the variation in
these delays in the form of box plots [68] for video traﬃc as described in Section 4.1. First, we consider the average SCTP message
delay over 128 runs for video traﬃc without any competing traﬃc
and illustrate the results in Fig. 2(a). Table 4 presents the percentage of traﬃc sent over the different paths in CMT-SCTP. Note, that
although SCTP uses a certain primary path for payload data transport, there is always a small amount of control traﬃc (here: mainly
heartbeats to check the path status, see [9]) on the other path as
well.
In the homogeneous scenarios (WLAN-WLAN and 3G-3G) we
observe different behaviors for WLAN-WLAN and 3G-3G cases. In
the WLAN-WLAN scenario, with two similar WLAN paths, multipath transport leads to increased latency, and also increased latency variation, mainly due to the reordering caused by retransmissions on the lossy paths (i.e., 1%–2% packet loss; see Table 1).
In the 3G-3G scenario, where both paths are lossless, the performance of SCTP and CMT-SCTP are virtually the same.
For the WLAN-3G scenario, we observe that multi-path transport leads to increased delays and delay variation. The main reason for this is the reordering caused by the heterogeneous path
characteristics.
For CMT-SCTP, it is important to note that SCTP has its origins
as transport protocol for signaling systems (see Section 2.1), where
networks are designed for speciﬁc applications. Therefore, the most
important implementations – the OMNeT++ simulation model as
well as CMT-SCTP implementation in FreeBSD – currently only provide a very simple scheduler; data is scheduled on the paths in a
round-robin fashion. The intention of using this scheduler is to improve throughput, without caring about path delays. That is, once
data to send is available, and a path’s congestion window allows to
send it, as much as possible is sent on this path. Then, for further
data to be sent, the next path is tried. This mechanism is tightly
combined with the SCTP burst mitigation that limits the amount
of consecutive packets sent at once over a path. Both SCTP implementations apply burst mitigation by using the “use it or lose
it” [60] strategy, with a setting of MaxBurst=4 (default from [9,
Section 15]). That is, if a certain number of bytes α is acknowledged by the receiver side the sender would be allowed to send
up to α new bytes. The limit of in-ﬂight bytes is given by the
congestion window. However, if a non-saturated sender does not
fully utilize its allowance given by the congestion window, the congestion window is reduced to the number of in-ﬂight bytes plus
MaxBurst∗MSS. As a result, using MaxBurst=4, only up to 4 packets are sent on a path before the next path is used. The roundrobin scheduler together with the burst mitigation results in an
increase in the message delay for CMT especially when the paths
are heterogeneous or when there exists loss.
Next, the performance of CMT-SCTP was evaluated in the presence of competing background traﬃc (see Section 4.4) and the corresponding average message delays are illustrated in Fig. 2(b).
In the WLAN-WLAN scenario, similar to the case without background traﬃc, multi-path transport leads to increased latency and
latency variation due to the reordering caused by retransmissions.
We also see that the background traﬃc has no visible impact in the
WLAN/WLAN scenario due to the random packet loss on the path.
As the background ﬂows are experiencing loss, the TCP background
ﬂow backs off before it causes any noticeable congestion, and as
the UDP background traﬃc is only 10% of the link capacity it also
has very limited impact. Hence in the WLAN-WLAN scenario there
was no noticeable effect of congestion losses or queuing delay on
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Fig. 6. Average message delay for CBR video traﬃc over CMT-SCTP.
Table 4
Path 1 Traﬃc share (in %) for CBR video traﬃc over CMT-SCTP.
Traﬃc

Video on CMT-SCTP

Background

✗
√

WLAN-WLAN

3G-3G

WLAN-3G

WLAN

WLAN

3G

3G

WLAN

3G

17.5
17.5

82.5
82.5

6.3
4.5

93.7
95.5

16.4
79.2

83.6
20.8

the foreground ﬂows as compared to the corresponding scenario
without background traﬃc.
For the 3G-3G scenario, also similar to non-competing traﬃc,
we observe no signiﬁcant performance difference for CMT-SCTP as
compared to SCTP. Note that in this scenario, the send and receive
buffer sizes are 256 KiB (see Section 4.5.3), and the background
traﬃc leads to an increased delay due to bufferbloat. We observe
an average delay of around 800 ms when background traﬃc exists
as compared to 80-90 ms when there is no competing traﬃc.
The WLAN-3G results differ quite much from the nonbackground results. Note that for WLAN-3G case, we have different
buffer settings: a send buffer of 1024 KiB and a receive buffer of
2048 KiB (see Section 4.5.3). These buffer settings allow the queue
on the 3G path to grow, causing a signiﬁcant bufferbloat. Here,
we observe the delay on the 3G path jumping to values of almost
4 s, making any interactivity virtually impossible. Using CMT-SCTP
leads to a signiﬁcant reduction of the delay – due to the additional
usage of the low-latency WLAN path – to values of around 1.8 s.
However, this delay is still much higher compared to the delay of
SCTP on the WLAN path.
5.1.2. MPTCP emulation
Fig. 7 (a) presents the average message delay for video traﬃc
in all the scenarios considered, i.e., WLAN-WLAN, 3G-3G, WLAN3G. Each plot represents the data for 30 repetitions when no background traﬃc was present.
In the WLAN-WLAN scenario, the path delay difference between
the two paths is small (i.e., 20 ms – 25 ms; see Table 1). Thus,
the main factor that determines the average message delay is the
link losses. Loss on one path causes the scheduler to push data on
the other path and eventually exploiting the availability of multiple paths. If both paths have similar delay and loss as per the
setup, data is sent on both paths causing traﬃc to oscillate between paths. Such oscillation of traﬃc between paths is known as
ﬂapping. In some of the repetitions, we observed that ﬂapping and
losses caused data to arrive out-of-order at the receiver, resulting
in increased delays. However, on average, we observed that MPTCP

Table 5
Video traﬃc data share per path using MPTCP.
Traﬃc

Video

Background

✗
√

WLAN-WLAN

3G-3G

WLAN-3G

WLAN

WLAN

3G

3G

WLAN

3G

54.19
55.67

45.81
44.33

99.84
85.24

0.16
14.76

51.96
51.98

48.04
48.02

improves the delay performance and reduces the delay variation
as compared to TCP. This is in contrast to the relationship between
CMT-SCTP and SCTP discussed above. The difference is due to the
fact that MPTCP uses a lowest-RTT scheduler (see Section 4.5.3)
that moves the sending of data between the paths in a better way
as loss occurs. The limitation imposed by MaxBurst in CMT-SCTP
also results in a less suitable distribution of the data as compared
to MPTCP where the congestion window stays larger.
In the 3G-3G scenario, there are no losses and all the data is
sent over only one path. Hence, there is no performance differences between MPTCP and TCP. Table 5 provides some insights
on the share of data over each 3G path. The delay difference between the paths is small, but still enough to make the scheduler
use only one of the paths. Certain conﬁgurations start with a nonoptimal interface as default, and in those cases the scheduler eventually switches to the other path. This is evident in Table 5, where
0.16% of the data was sent on the other 3G path.
In the heterogeneous scenario (WLAN-3G), the WLAN path
clearly has a lower average delay than the 3G path, even for small
amounts of loss on the WLAN link. The behavior of the default
scheduler ensures that MPTCP uses the path with lowest RTT.
However, the performance of MPTCP was observed to be worse
than that of TCP in this scenario. MPTCP uses both paths due
to losses in the WLAN, triggering transmission over the 3G path
which otherwise would not be used due to the large path delay
differences. In the case of video traﬃc considered for the experiments, the data share shown in Table 5 should be identical to the
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Fig. 7. Average message delay for CBR video traﬃc over MPTCP in CORE emulation.

packet share, due to the ﬁxed size of the packets. The large amount
of data transmitted on the 3G link provokes head-of-line blocking
and the resulting application-level latency prevents MPTCP from
reducing the latency.
To analyse the performance in the case of competing traﬃc,
we considered experiments with background ﬂows as speciﬁed in
Section 4.4. The results are presented in Fig. 7(b). Similar to the
CMT-SCTP case, the background traﬃc has negligible impact over
the WLAN paths as the loss encountered by the background ﬂows
prevents congestion from forming. Hence there is no impact of
background traﬃc on the WLAN-WLAN scenario.
In the 3G-3G scenario, there is an improvement in the performance of MPTCP which was not visible without background traﬃc
(or for CMT-SCTP). MPTCP has a less varying average message delay
than TCP in this scenario mainly due to the use of multiple paths
and the lowest-RTT scheduling: since the distribution of the traﬃc
considers the delay of each path, it is affected by the current congestion level of each path. The MPTCP scheduler used both paths
and the data distribution among the paths is 85/15% as shown in
Table 5. The path with the shorter base RTT may not always be
the best path as the background traﬃc builds up queues in the
network, leading to a somewhat more even share of the data between the paths as compared to the scenario without background
traﬃc.
In the WLAN-3G scenario, MPTCP increases the delay compared
to single path TCP over WLAN as the data was split between asymmetric paths. The underlying issue is the same as when there is no
background traﬃc, but the background traﬃc causes the delays to
get larger. As in the CMT-SCTP scenario, in Fig. 7(b), the delays for
MPTCP and for TCP over 3G is higher than those of the 3G-3G scenario, due to the larger receive buffers in the WLAN-3G scenario.
5.1.3. MPTCP real measurements
We have run over 30 experiments in the NorNet Edge (NNE)
testbed for the video traﬃc and illustrated the delay measurements in Fig. 8. Note that different from WLAN links, in mobile
broadband networks, each user has a dedicated channel. Therefore,
we assume that the user is only streaming video without running
any other bandwidth demanding applications.
For the homogeneous cases (e.g., WLAN-WLAN and 3G-3G), we
observe that the paths can have quite different delay values although we are using the same technology. This results in delay
differences between the paths, compared to the emulations, and
impact the performance of MPTCP. For example, in the 3G-3G scenario, we observe that delay with MPTCP lies between the delay

Fig. 8. Average message delay for CBR video traﬃc over MPTCP in NorNet experiment.

Table 6
Video traﬃc data share per path using MPTCP with NorNet.
WLAN-WLAN

Video

3G-3G

WLAN-3G

WLAN

WLAN

3G

3G

WLAN

3G

65.05

34.9

93.8

6.19

20.41

79.5

with TCP of the two 3G paths and MPTCP provide delay values
much closer to the 3G path with lower delay with TCP. Similarly,
for the WLAN-WLAN scenario, the delay with MPTCP is on average
closer to the delay of the WLAN path with the lower TCP delay. We
further observe large variations in the delay values among different
experiment runs. This is in fact an expected result in real networks
where the channel conditions can be very dynamic. These observations can further be veriﬁed by looking into the video traﬃc data
share tabulated in Table 6.
For the heterogeneous scenario (WLAN-3G), we observe that
the delays achieved by MPTCP is higher than the delay of TCP
on the WLAN path, since MPTCP occasionally uses 3G path that
has higher delay values as compared to WLAN. Although we have
higher variations in the experimental results, this behavior is in
general consistent with the emulation results.

K. Yedugundla et al. / Computer Networks 105 (2016) 1–21

11

Fig. 9. Average message delay for gaming traﬃc over CMT-SCTP (without background traﬃc).

Fig. 10. Average message delay for gaming traﬃc over CMT-SCTP (with competing background traﬃc).
Table 7
Path 1 Traﬃc share (in %) for gaming traﬃc over CMT-SCTP.
Trace

Background

Gaming T1

✗
√

Gaming T2

✗
√

Gaming T3

✗
√

WLAN-WLAN

3G-3G

WLAN-3G

WLAN

WLAN

3G

3G

WLAN

3G

24.1
24.4
36.8
36.9
36.4
36.5

75.9
75.6
63.2
63.1
63.6
63.5

30.9
32.3
37.5
23.9
37.3
22.9

69.1
67.7
62.5
76.1
62.7
77.1

33.7
57.9
47.4
63.9
48.4
65.0

66.3
42.1
52.6
36.1
51.6
35.0

5.2. Gaming traﬃc
Gaming traﬃc is the second application traﬃc type that
we consider. We start by presenting the simulation results for
CMT-SCTP and continue with emulation and live experimentation results for MPTCP. We use the gaming traﬃc presented in
Section 4.3.2. Same as for video traﬃc, we use application layer
message delay as the performance metric.
5.2.1. CMT-SCTP
The average SCTP message delays over 128 runs are presented
in Fig. 9 (without background traﬃc) and Fig. 10 (with background traﬃc according to Section 4.4) for the three gaming traces
(Trace 1, Trace 2 and Trace 3) described in Section 4.3.2. The traﬃc
share between the paths (i.e. the ﬁrst path) is provided in Table 7.
A particular property of the gaming traﬃc is its mix of
traﬃc patterns due to the different phases of game play (see
Section 4.3.2). The CMT-SCTP scheduler provides no gain for the
small packets sent during the game. Therefore, when using symmetric WLAN paths in the WLAN-WLAN scenario, CMT-SCTP only
leads to additional delay caused by reordering for the occasional
small bursts of packets sent.
For the 3G-3G scenario, as explained previously for the video
traﬃc, the small send and receive buffer settings of 256 KiB keeps

bufferbloat and packet reordering small. Therefore, the effort for
reordering messages remains small as well. However, due to the
higher network latency, the burst mitigation handling leads to
some performance gain with CMT-SCTP; the non-saturated sender
does not fully utilize its allowance given by the congestion window. Therefore, the congestion window is reduced by the burst
mitigation. This limitation keeps the congestion window small, allowing CMT-SCTP to send messages more quickly on the two independent paths when small bursts of packets need to be sent.
Again, as explained in Section 5.1 there is high bufferbloat on
the 3G path in the WLAN-3G case, due to the send/receive buffer
sizing of 1024 KiB/2048 KiB. This leads to a signiﬁcant reordering
for CMT-SCTP during the initial large burst of the game. Therefore, no signiﬁcant performance improvement is achieved when no
background traﬃc is present. However, in the scenario with background traﬃc, CMT-SCTP leads to some improvement due to the
distribution of traﬃc over two paths. Nevertheless, the latencies
caused by the bufferbloat of at least 2 s make any gaming interactivity impossible.
5.2.2. MPTCP emulation
Fig. 11 shows the delay values calculated over 30 runs for each
gaming trace and the distribution of the data on each path is
shown in Table 8.
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Fig. 11. Average message delay for gaming traﬃc over MPTCP in CORE emulation (without background traﬃc).
Table 8
Gaming traﬃc data share per path using MPTCP.
Traﬃc

Background

Gaming T1

✗
√

Gaming T2

✗
√

Gaming T3

✗
√

WLAN-WLAN

3G-3G

WLAN-3G

WLAN

WLAN

3G

3G

WLAN

3G

64.88
78.58
76.79
67.65
78.30
69.33

35.12
21.42
23.21
32.35
21.70
30.67

80.85
85.93
83.40
93.42
92.01
87.76

19.15
14.07
16.60
6.58
7.99
12.24

94.03
94.27
97.98
99.23
99.29
99.31

5.97
5.73
2.02
0.77
0.71
0.69

In the WLAN-WLAN scenario, it is clear that one path is more
used than the other, which was not the case for the video traﬃc.
This is due to the limited amount of data to transmit for the many
small packets. Losses on the WLAN have minimal impact on performance as there is less data to send on the other path in the
event of loss during large portions of the game. In the 3G-3G scenario, the average delay using MPTCP is similar to that of TCP. We
also observe a split of data over the paths, which was not the case
for the video traﬃc.
Though the scenarios WLAN-WLAN and 3G-3G are symmetric
in nature based on the characteristics, one of the interfaces is the
best in any given conﬁguration. The path delay settings are randomly drawn from a range of values (see Table 1). The maximum
possible difference between two path delays are 5ms in WLANWLAN and 10ms in 3G-3G, respectively. This difference is suﬃcient
for the MPTCP scheduler to estimate, adapt and change outgoing
path for a packet. If the default interface is the best of the two
available interfaces, then the ﬂow uses mostly this interface. However, when the default interface is not the best of the two available
interfaces, the MPTCP scheduler will send the ﬁrst few packets on
the default interface before settling with the other interface. Due to
the initial large burst and the long-tail nature of the gaming trafﬁc, the ﬁrst few packets that were sent on a possibly sub-optimal
interface represents a large chunk of the data share, although most
packets are transferred on the other interface. This also results in
very similar performance for MPTCP and TCP.
It is also worth noting the difference to CMT-SCTP here, which
showed a clear gain in the 3G-3G scenario. The difference for CMTSCTP is that all paths are available for transmission immediately
and it was able to spread the initial burst of data over both paths
to reduce the delay. As MPTCP sets up the second subpath in parallel with starting the data transfer, and also uses a larger initial
congestion window, there was no gain during the initial burst of
data from the game setup.
In the asymmetric WLAN-3G scenario, the average MPTCP delay
values are similar to the TCP delay of the WLAN path. This is due
to most of the data being sent over the default (better) path, which
in this case is the WLAN.

Table 9
Gaming traﬃc data share per path using MPTCP in NorNet.
Traﬃc

Gaming T1
Gaming T2
Gaming T3

WLAN-WLAN

3G-3G

WLAN-3G

WLAN

WLAN

3G

3G

WLAN

3G

77.67
59.10
54.57

22.32
40.89
45.42

0
0
0

100.0
100.0
100.0

40.74
71.39
30.31

59.25
28.6
69.69

Fig. 12 presents the average delay of MPTCP versus TCP for each
gaming trace with competing background traﬃc. The impact of
background traﬃc for gaming is very similar to the video traﬃc
case. In the 3G-3G scenario, there is a lower and less variable average message delay using MPTCP, due to the scheduling. For the
WLAN-3G scenario, MPTCP increases the delay compared to single
path TCP over WLAN as some of the data is sent over the 3G path.
Still, the degradation is smaller and the improvement in relation
to TCP over 3G is larger than in the video traﬃc scenario. This as
a smaller fraction of data is sent on the 3G path in this scenario
as discussed above. Again, background traﬃc has no impact in the
WLAN-WLAN scenario.
5.2.3. MPTCP real measurements
We illustrate gaming traﬃc delay performance for real-world
measurements in Fig. 13 and the traﬃc distribution over the paths
is presented in Table 9. For the homogeneous scenarios, we observe that the average TCP delay is very similar to the MPTCP delay. There are small variations among different traces, where in one
trace MPTCP’s delay is a little bit lower than the average TCP delay and in one trace it is a little bit higher. We observed that the
packet shares are slightly more split towards the better path in the
emulations compared to the experiments.
For WLAN-3G, we observe that MPTCP delay is slightly higher
than the TCP WLAN delay. We observe that the packet share on the
3G path is higher in the experiments compared to the emulations,
increasing the relative MPTCP delay slightly compared to the emulation results. Overall, the general trends seen between the protocols are still similar in the experiments and in the emulations.
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Fig. 12. Average message delay for gaming traﬃc over MPTCP in CORE emulation (with competing background traﬃc).

Fig. 13. Average message delay for gaming traﬃc over MPTCP in NorNet experiment.

Fig. 14. Website download times over CMT-SCTP (without background traﬃc).

5.3. Web traﬃc
Finally, we evaluate the latency of web traﬃc for the homogeneous and heterogeneous scenarios, both with and without background traﬃc. For the web traﬃc, we chose the web site download
time as the metric for transport protocol latency performance.
5.3.1. CMT-SCTP simulations
The web site download time results for the three web site
scenarios are presented in Fig. 14 (without background trafﬁc; 256 runs) and Fig. 15 (with background traﬃc according to
Section 4.4; 1024 runs). Table 10 provides the corresponding trafﬁc share for the two paths. Clearly, the beneﬁt of CMT-SCTP usage increases as the web site size grows. The Wikipedia site (see
Table 2), having only 72 KiB of payload data, is the smallest of the
three sites. Therefore, the beneﬁt of using CMT-SCTP for this web
site is only small.
In the two scenarios with 3G path(s), a slight beneﬁt can be
seen: the 3G path has a small capacity and also a higher latency.
Therefore, combining this 3G path with another 3G path, or even
with a WLAN path, results in a faster download of the Wikipedia

web site. As expected, for the Amazon (1 MiB) and the Huﬃngton
Post (3.9 MiB) web sites, CMT-SCTP reaches a signiﬁcant download
time reduction in most cases. However, for the WLAN-3G scenario
with background traﬃc the path asymmetry is too large and CMTSCTP performs worse than SCTP over WLAN for all web sites. Here
the negative effect from head-of-line blocking dominates the gain
from load balancing.
5.3.2. MPTCP emulation
The average web site download times over 30 runs for the three
web site scenarios, without background traﬃc, are presented in
Figure 16. The corresponding results with background traﬃc are
presented in Fig. 17. Comparing the delay performance of MPTCP to
that of TCP, MPTCP only provides limited improvements in download time for Wikipedia, but larger gains for both Amazon and
Huﬃngton Post (especially in 3G-3G scenarios). As also seen for
CMT-SCTP, the results indicate that the size of the web site is critical to the total download time. With concurrent connections (6
in our setup), small web sites such as Wikipedia, can mostly be
transferred within the initial window of TCP, not allowing MPTCP
to exploit multiple paths.
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Fig. 15. Website download times over CMT-SCTP (with competing background traﬃc).
Table 10
Path 1 Traﬃc share (in %) for website download over CMT-SCTP
Website

Background

Wikipedia

✗
√

Amazon

✗
√

Huﬃngton Post

✗
√

WLAN-WLAN

3G-3G

WLAN-3G

WLAN

WLAN

3G

3G

WLAN

3G

23.5
23.7
24.6
24.3
23.9
23.9

76.5
76.3
75.4
75.7
76.1
76.1

21.7
23.3
23.6
24.1
23.2
24.6

78.3
76.7
76.4
75.9
76.8
76.4

24.5
33.0
31.2
44.2
31.9
50.5

75.5
67.0
68.8
54.8
68.1
49.5

Fig. 16. Website download times over MPTCP in CORE emulation (without background traﬃc).

Fig. 17. Website download times over MPTCP in CORE emulation (with Competing background traﬃc).

With background traﬃc, the performance trends are similar to
that of the non-background case. For the 3G paths, background
traﬃc signiﬁcantly increases the download time as well as the variation in download time. Background traﬃc has very little impact
over the WLAN paths, but the random loss over the WLAN links
still leads to a large variation in download times. The position of
the loss in the short web ﬂows can have a huge impact on the total
web site download duration.
Table 11 indicates that in symmetric scenarios, data transfer
uses both paths. In WLAN-WLAN, random losses causes data to be

sent over the second path even in small web sites like Wikipedia.
The delay variance on the paths is the primary reason for use of
the second path in 3G-3G scenarios. In asymmetric scenarios, most
of the data uses the primary faster path WLAN.
5.3.3. MPTCP real measurements
In Fig. 18, we illustrated the results of download times for web
traﬃc. For WLAN-WLAN, we observe that the MPTCP delay is lower
than the average TCP delay for Amazon whereas it is higher than
the average TCP delay for the other two web sites: Wikipedia and
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Table 11
Web traﬃc data share per path using MPTCP.
Background

Wikipedia

✗
√

Amazon

✗
√

Huﬃngton Post

✗
√

WLAN-WLAN

3G-3G

WLAN-3G

WLAN

WLAN

3G

3G

WLAN

3G

90.22
86.98
76.02
70.45
85.3
83.0

9.78
13.02
23.98
29.55
14.7
17

86.98
83.86
56.73
72.64
68.1
79.13

13.02
16.14
43.27
27.36
31.9
20.87

99.94
99.94
99.81
99.9
99.9
98.86

0.06
0.06
0.19
0.1
0.1
1.14

Fig. 18. Website download times over MPTCP in NorNet experiment.

Table 12
Web traﬃc data share per path using MPTCP in NorNet.
WLAN-WLAN

Wikipedia
Amazon
Huﬃngton Post

3G-3G

WLAN-3G

WLAN

WLAN

3G

3G

WLAN

3G

94.3
26.1
14.5

5.6
73.8
85.4

100.0
96.9
100.0

0.0
3.1
0.0

100.0
100.0
100.0

0.0
0.0
0.0

Huﬃngton Post. Similar observations can be made for the 3G-3G
scenario. We observe that when there is enough data to be transmitted, MPTCP can provide beneﬁts. For the WLAN-3G case, similar
to other traﬃc, we observe that for all the web sites, MPTCP delay
is a little bit higher than the WLAN delay.
The traﬃc distribution of data over the different paths is shown
in Table 12. We observed that for the heterogeneous cases, almost
all traﬃc is transferred over the WLAN path whereas for the homogeneous cases, the distribution depends on the size of the web
site.
6. Discussion of results
In this paper, we have run extensive measurements to evaluate the capability of multi-path transport protocols to carry latency
sensitive application traﬃc. More speciﬁcally, we have analysed the
application delays for video traﬃc, online gaming and web services both with and without competing traﬃc. Furthermore, we
considered end-hosts experiencing multiple homogeneous paths as
well as heterogeneous ones. The results are summarized in Fig. 19,
where the performance of multi-path, as compared to single path,
is categorized into four types. We next elaborate on this table and
recap our ﬁndings from Section 5.
The currently used round-robin scheduler in CMT-SCTP is optimised for throughput, not for low latency. Therefore, when there
is a signiﬁcant delay difference between the two paths, we observe
performance degradation with CMT-SCTP compared to SCTP. However, for homogeneous paths, especially when the paths are not
very lossy, we observe that CMT-SCTP can signiﬁcantly reduce latency, especially in the web scenario. For video traﬃc CMT-SCTP

provides similar or higher delay values as compared to SCTP. For
example, in WLAN-WLAN scenarios, reordering due to distribution over multiple lossy paths increases the delay both with and
without background traﬃc. On the other hand, in 3G-3G scenarios, we observe similar delay values for CMT-SCTP and SCTP. For
the WLAN-3G scenario, packet reordering causes increased delay
for CMT-SCTP even when there is no competing traﬃc. For gaming
traﬃc, while CMT-SCTP leads to a latency increase in case of two
similar, low-latency WLAN paths, it becomes beneﬁcial in case of
high-latency paths with background traﬃc; in comparison of using
only the higher-delay path, CMT-SCTP is able to take advantage of
the lower-delay path to reduce latency. However, as observed for
the video traﬃc, its scheduler is optimised for throughput maximization without taking care of path delay. Therefore, while the
latency is lower than using only the high-delay path, it is still
much higher than using only the low-delay path in the heterogeneous WLAN-3G case. For web traﬃc, we observe that using
CMT-SCTP improves the web site download speed, especially for
homogeneous paths. Since the web traﬃc is saturated (i.e., send
as much data as possible), the round-robin scheduler that is used
by the CMT-SCTP implementation performs reasonably well by ensuring that both paths are utilized, although it does not always
chose the path with the lowest RTT. The larger the web site, the
better the performance improvement achieved by CMT-SCTP. However, for the WLAN-3G case, especially when there is background
traﬃc, CMT-SCTP cannot handle the delay difference between the
3G and WLAN paths, resulting in poor performance for CMT-SCTP
compared to SCTP.
For MPTCP, the default scheduler is based on delay and it has
been shown to achieve low and stable latency [69]. For different
type of traﬃcs, we observe similar or lower delay values for MPTCP
compared to TCP, for homogeneous paths. However, the main factor that determines the delay performance of MPTCP is indeed
the path heterogeneity, and for heterogeneous paths we observe
performance degradation whose degree depends on the traﬃc and
whether there exists background traﬃc. More speciﬁcally, for video
traﬃc, when the links are lossy, e.g. the WLAN-WLAN case, we
observe delay gains due to link aggregation. For the 3G-3G case,
where there are no losses, MPTCP selects the best available path
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CMT‐SCTP

MPTCP
Traffic

Symmetric
WLAN‐WLAN

3G ‐ 3G

Asymmetric
WLAN ‐ 3G

Symmetric
WLAN‐WLAN

3G ‐ 3G

Asymmetric
WLAN ‐ 3G

Video
Video with BG
Gaming
Gaming with BG
Wikipedia
Wikipedia with BG
Amazon
Amazon with BG
Huffpost
Huffpost with BG

Significant performance improvement with multi‐path than that of single path
Slight performance improvement with multi‐path than that of single path
No improvement with multi‐path but no significant degradation
Performance degraded significantly with multi‐path
Fig. 19. Multi-path versus single path transport protocols depending on the latency sensitive traﬃc: Summary table.

resulting in minor gains compared to TCP. In the presence of background traﬃc, the delay values are in general higher but the beneﬁts of using MPTCP are consistent with that of the non-competing
traﬃc. We further observe that these emulation results are mostly
consistent with the NorNet experiments. Here, the main difference
is that in real networks, paths have more diverse characteristics,
although using the same technology. This results in slight heterogeneity and the delay using MPTCP becomes higher than using TCP
over the best path only, but still lower than the average TCP delay.
For gaming traﬃc, we observe very similar delay values to TCP
for almost all cases due to the very limited amount of data. The
background traﬃc did not induce enough loss in the foreground
ﬂows, therefore the delay values are similar to that of no background traﬃc. One exception is the 3G-3G scenario where MPTCP
keeps sending over one path as long as there is no loss, therefore,
providing some delay gains. For the WLAN-3G case, MPTCP uses
the WLAN at almost all times, therefore, the MPTCP delay is
similar to the TCP delay of WLAN. Similarly, for the results of the
real experiments, we observe similar behavior to the emulations,
especially for the homogeneous scenarios, with slight variations
among different trace ﬁles. For the heterogeneous scenario, there
is slightly higher delay in real experiments compared to emulations, due to some traﬃc is being transferred over the slower 3G
path. For the web traﬃc, we observe that MPTCP provides lower
delay values, especially for web sites with many objects. The lower
delay is a consequence of MPTCP’s scheduler which always tries
to use the path with the lowest RTT. However, when the paths are
very heterogeneous in terms of delay and loss as in the WLAN-3G
case, losses in WLAN forces MPTCP to use the suboptimal 3G path;
therefore, the MPTCP delay becomes higher than the TCP delay
of WLAN. These results hold for emulations with and without
background traﬃc. Similar to the previous applications, the results
of the real experiments are mostly consistent with the emulation
results. Due to the differences in the paths for the homogeneous
cases (e.g. 3G-3G and WLAN-WLAN), MPTCP delay is higher

than the best path while still much lower than the average TCP
delay.
One conclusion of our study is that multi-path transport protocols can hardly reduce the latency for all the tested applications,
when there is some asymmetry between the paths. Moreover, in
this case, multi-path transport may increase the latency, mainly
because of head-of-line blocking. However, it is worth pointing out
that in most symmetric scenarios, multi-path transport protocols
enable a signiﬁcant latency reduction.
7. Related work
This section discusses work related to ours. While there are numerous articles on MPTCP and its performance in relation to TCP,
not much has been written on the relation between CMT-SCTP
and SCTP. Instead, most articles on CMT-SCTP propose various optimizations to the protocol itself. There are, of course exceptions;
Aydin et al. [70] elaborates the importance of TCP friendliness for
single homed SCTP and evaluates the TCP friendliness of CMT-SCTP.
Arianpoo et al. [71] propose an adaptive network coding mechanism for CMT-SCTP to desensitize the receiver against packet reordering and consequently eliminate the receiver buffer blocking
problem. They claim to have improve the CMT-SCTP performance
by 62% over the original implementation in cases of severe path
asymmetry.
For MPTCP, a closely related research work is [72], which
measures MPTCP performance with the aim to understand the
beneﬁt of using two interfaces with MPTCP over using either one
of the interface with TCP. This study also focuses on the impact
that ﬂow size has on the average latency, and provides insights
into the effect of path characteristic diversity on application
level performance. Their conclusions are consistent with ours:
using multi-path becomes more and more beneﬁcial when the
size of the data to transmit increases. We extend their work by
considering more application scenarios. In [73], S. Deng et al.,
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studies the performance of MPTCP over wireless technologies
using Android application traﬃc. Their study focuses on energy
eﬃciency and provides new challenges such as dynamic decision
making at the mobile applications to select appropriate network
technology depending on the ﬂow size and traﬃc pattern. Handover performance was seen as a potential MPTCP performance
impairment especially when the path characteristics are different.
Andrei et al. [74] provided a simultaneous association solution
using MPTCP for WLAN that avoids fast handover. It also provides
possible modiﬁcations at the client side implementation, to mitigate the throughput loss in cases where the WLAN characteristics
differ due to channel speciﬁcation. Such approach of reducing
the occurrence of handovers is a necessary improvement: it is
essential to improve performance where multi-path transport
increases the latency, and that has been identiﬁed in this paper.
Grinnemo et al. [75] provides a ﬁrst comprehensive evaluation of MPTCP performance with latency as the quality of experience metric for cloud-based applications. They study three different applications: Netﬂix, Google Maps and Google Docs, representing high, mid and low intensity cloud-based traﬃc. The authors conclude that MPTCP provides signiﬁcant performance gains
for high and mid intensity traﬃc. Furthermore, it is noted that the
variation in RTTs among network paths causes higher application
latency, and the current Linux standard scheduler is seen as the
primary cause of increased latency in such cases.
Raiciu et al. [76] proposed a mobility architecture to allow
MPTCP to switch between different technologies and handle mobility at the transport layer instead of at the network layer. The
mobility of MPTCP was evaluated with simulations and indoor mobility experiments. The criteria for the evaluation was measured
throughput on TCP and MPTCP using WLAN-3G, and power eﬃciency of both protocols. The study concludes that MPTCP provides
performance improvements over TCP when multiple interfaces are
used in parallel. Power eﬃciency of MPTCP depends on the underlying interface power consumption and should be tuned for better
performance. Later, the power eﬃciency of MPTCP drew much attention in [77], which analyses the energy consumption and handover performance of MPTCP in the different operational modes:
Full MPTCP Mode, Backup Mode and Single path Mode. This work
again provides experimental evaluations using the Linux implementation of MPTCP and commercial access networks providing 3G
and broadband access on static nodes. The study concludes that
MPTCP handovers might have small impact on application delay
and goodput in different operational modes.
With a few exceptions discussed above, most of the prior research on CMT-SCTP or MPTCP measurements focused on the performance of the protocol in terms of throughput, energy consumption, handover performance and RTTs. To the best of our knowledge, this paper is the ﬁrst to provide a comprehensive analysis of
multi-path transport performance with latency as the main metric.
As seen throughout this paper, the performance of multi-path
transport is highly dependent on doing eﬃcient scheduling. Paasch
et al. [27] provide a detailed study of schedulers and their impact
on performance. The authors implement a generic modular framework for evaluating MPTCP schedulers in Linux. Using this framework, different schedulers are then evaluated using various performance metrics and different types of traﬃc, including bulk and application limited traﬃc.

8. Conclusions and future work
For an increasing number of applications, latency plays an important role as it directly impacts their performance. Still, most
work considering multi-path communication is solely focused on
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resilience and throughput maximization. The work presented in
this paper tries to bridge this gap by evaluating whether multipath communication can help latency-sensitive applications satisfy
their users’ requirements. Three latency-sensitive applications have
been considered: video, gaming and web traﬃc. Performance have
been evaluated using 3G–3G, 3G–WLAN, and WLAN–WLAN paths,
in both simulated, emulated and real-life environments considering both CMT-SCTP and MPTCP.
The results indicate that multi-path communication can reduce
latency signiﬁcantly, but only when paths are symmetric in terms
of delay and loss rate. The potential gain comes mainly from two
factors: the possibility to distribute short bursts of data over multiple interfaces and the ability to select the best of the available
paths for data transmission. In asymmetric scenarios where the latency reduction is not as signiﬁcant (or non-existent), applications
may still beneﬁt from other properties of multi-path communication, without increasing latency. This is, however, highly dependent on the scheduling mechanism used. As seen in some of the
CMT-SCTP experiments, a scheduler designed mainly for throughput maximization, may lead to increased latency in some scenarios. Considering the importance of scheduling, this is where we direct our attention for future work, and we are currently designing
a scheduler targeting latency-sensitive traﬃc.
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