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Abstract—It has been shown that the Multi-Path Transmission
Control Protocol (MPTCP) can improve throughput, robustness
and resilience of network transport. This paper seeks to discover
the relationship of buffer size with throughput and congestion
control algorithms, based on the statistical predictive modelling
method. In spite of rapid growth of the implementations of
MPTCP, the theoretical and fundamental question — how large
the buffer size of MPTCP should be to meet the network traffic – remains unaddressed, although there were graphic illustrations
and descriptive discussions about it.
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I. I NTRODUCTION
With the development of new network access technologies,
many devices today provide multiple network interfaces. Each
of these interfaces provides a path or paths to allow data
trans- mission. For example, each modern smartphone has at
least one mobile broadband interface (i.e. 2G/3G/4G) and WiFi. However, the Transmission Control Protocol (TCP) [1]
can only use a single path. In 2009, Internet Engineering
Task Force (IETF) formed the Multi-Path Transmission Control Protocol (MPTCP) Working Group to start the MPTCP
endeavor. MPTCP [2], [3] is an effort towards enabling the
simultaneous use of several IP addresses/interfaces, i.e. paths,
between two peers by an extension of TCP. MPTCP presents a
regular TCP interface to applications, while, in fact, spreading
data into subflows across paths connecting the pair of sender
and receiver. Using MPTCP provides [4], [5] better resource
utilization, better throughput and smoother reaction to failures.
For example, Apple iOS uses MPTCP for improved resilience.
Also, MPTCP benefits data centre communications [6], where
there is need for high throughput. However, while MPTCP
is quickly adapted in reality, many theoretical issues remain
unaddressed. In early TCP implementations, TCP send and
receive buffer sizes were often set by default values of the
operating system, if not explicitly set by the application.
MPTCP did this as well. However, it is in many cases not
possible to utilize modern networks with such default settings.
§ Xing Zhou is corresponding author.

If the set buffer size value is too small, not enough data can be
outstanding to utilize the capacity of the underlying networks.
On the other hand, if it is too large, memory resources are
wasted — particularly e.g. for servers managing thousands of
connections. Therefore, an appropriate buffer size for specific
networks should be found, rather than using a fixed default
value, in order to achieve the two goals:
1) Utilizing available capacity of the underlying networks to
achieve a high application payload throughput, while
2) Keeping the memory usage low.
In this paper, we introduce a statistical approach to obtain
formulae for configuring buffer sizes. Our research is based
on real-world Internet measurements between multi-homed
systems, based on the N OR N ET testbed [7]–[9]. We conducted
experiments that include parameter settings, sampling design
and implementation, testing, data collecting and model validating in the NorNet testbed.
II. BACKGROUND I NFORMATION
A. Multi-Path TCP
As shown in Figure 1, MPTCP uses multiple subflows
to implement multi-homing and possibly concurrent multipath transport between source/destination IP addresses pairs.
An MPTCP connection may even simultaneously use IPv4
and IPv6 address pairs. On the wire, each subflow appears
like a regular TCP connection, i.e. MPTCP-unaware middleboxes [10] in the network should handle subflows like TCP
connections.
MPTCP needs to mainly carry out two tasks [11], [12],
as depicted in Figure II-A: one is Packet Scheduling (PS),
which is linked with data scheduling, interfacing with the
subflows, and congestion control. Another is Path Management (PM) [13], which manages the communication paths,
i.e. subflows between source/destination IP address pairs. PS
processes and sends the data from the Application Layer. It
transmits data via available subflows, and adds subflow sequence numbers and confirmation numbers into data segments,
before handing them to the Network Layer. When the peer
at the remote side receives a subflow segment, it sends the

Then, segments denoted as “out-of-order segments” can also
be found in the receive buffer, waiting for their preceding segments to arrive. Modern TCP implementations [14] acknowledge such segments by so-called selective acknowledgements.
Once the missing segments have arrived, and all data is in
the right order, a cumulative acknowledgement for the whole
segment range can be generated, and the data is passed to the
Application Layer (i.e. leaving the receive buffer).
[11] explains that, in order to cover the worst-case retransmission situation, a buffer size B is needed:
B ≥ (3 ∗ RTT + RTO) ∗ Bandwidth

Figure 1. The Architecture of MPTCP

Figure 2. The Functions of MPTCP

information to the PS again and hands it to the Application
Layer. The PM controls the paths between the sender and the
receiver. Paths can be added to, or removed from, a running
MPTCP connection, for dynamically adapting to changing
network conditions.
B. Buffer Handing for TCP
TCP uses window-based flow and congestion control. Data
to be transmitted is stored in the send buffer. If the corresponding data segments have been sent, but are not yet
acknowledged by the receiver side, then they may still be in
transmission, or the segment or its acknowledgement has been
lost. In this case, there may be a need for a retransmission, the
data needs to remain in the send buffer until it is finally acknowledged by a cumulative acknowledgement. A cumulative
acknowledgement means that all data has been received by the
receiving site. Only after a cumulative acknowledgement, data
can be removed safely from the send buffer.
The receiver side stores the received segments in the receive
buffer. Obviously, when all segments have been received in
their correct sequence, they can be forwarded to the Application Layer. Then, all segments until the last one can be
acknowledged by a cumulative acknowledgement. However,
sometimes, reordering occurs in the network. That is, there
may be gaps in the segment sequence due to packet losses.

(1)

Here, RTT stands for Round-Trip Time and RTO stands for
Retransmission Time-Out. It may be necessary to cover:
1) 1×RTT for the initial transmission,
2) 1×RTT for a fast retransmission transmission (after a
segment is reported as missing in 3 selective acknowledgements),
3) 1×RTO to wait for the RTO to expire (if a segment is
still not acknowledged),
4) 1×RTT for the timer-based transmission after the RTO.
A very detailed introduction of the underlying protocol mechanisms is provided in [15, Section 2.9].
C. Buffer Handing for MPTCP
Clearly, when using multi-path transport with MPTCP, the
buffer handling becomes challenging. For MPTCP, send and
receive buffers are shared among all subflows. When path
characteristics (i.e. bandwidth, delay, loss rate and error rate)
become dissimilar -– which is very likely when using the
Internet – blocking issues can occur. That is, as shown by [15]–
[17], some low-performance subflows may occupy a major
share of the buffers, leaving no room to fully utilize other
subflows. Therefore, Equation 1 can be extended easily to
Equation 2 for n paths:


B ≥ 3 ∗ max {RTTi } + max {RTOi } ∗
1≤i≤n

n
X

1≤i≤n

(2)
Bandwidthi .

i=1

That is, in the worst case, it takes three times the highest
subflow RTT plus the highest subflow RTO of the total
bandwidths.
Here, it is useful to visualize the scale of buffer size, in a
real-world example of two dissimilar Internet paths, calculated
by Equation 2:
1) High-speed fiber, 100 Mbit/s, 10 ms RTT, 1 s RTO.
2) Asymmetric Digital Subscriber Line, 1 Mbit/s uplink,
200 ms RTT (i.e. light buffer bloat [16], [18]), 1 s RTO.
With these settings, the buffer size of MPTCP is 161.6 Mbit,
calculated by Equation 2. That is, according to Equation 2,
once timer-based retransmissions are included in the calculation, the buffer size requirements become inconveniently large.
Considering a server with hundreds, thousands or even more
simultaneous connections, this becomes costly and inefficient.
Furthermore, it is important to note that an RTO of 1 s is
still quite small, and much higher values — e.g. in case of
buffer-bloated ADSL or 2G/3G networks [16], [17] -– are not
unusual. The RTO setting is dynamically calculated according
to [19]; see also [15, Subsection 2.11.4] for an introduction.

Obviously, Equation 2 is just taking the worst cases of RTT
and RTO on all paths, without considering that different paths
may also have different characteristics. That is, this “worst
case” scenario is likely not being the case in most scenarios.
Therefore, the question to handle in this paper is: How much
buffer space is needed in realistic Internet setups?
D. Congestion Control
Similar to TCP, also MPTCP needs congestion control (CC)
to adapt the transmission rates on each path to changing network conditions. Congestion control is used to adjust the congestion windows of subflows in order to control each subflow’s
data transmission rate. CC algorithms can be categorized into
two groups [4], [20]: uncoupled and coupled strategies. While
uncoupled algorithms handle each path independently, coupled
algorithms try to archieve fairness on paths sharing a common
bottleneck link.
In the following, we briefly introduce the CC algorithms
used in this paper. Detailed introductions can be found in [21].
The following uncoupled CC algorithms are used:
1) Reno [14] is the IETF standard for TCP CC.
2) Cubic [22] is the default algorithm used by Linux for
TCP and MPTCP.
3) Vegas [23] measures the difference O between expected
throughput and actual throughput based on RTT measurements. When O is less than a low threshold, Vegas
assumes the path is not congested and thus increases its
sending rate. When O is larger than a upper threshold,
which is strong indication of congestion, Vegas reduces
its sending rate. Otherwise, it maintains the current rate.
4) Scalable [24] aims to make the recovery time from loss
events be constant, regardless of the window size.
5) Hybla [25] ensures fairness among flows with different
RTTs through measuring the congestion window increment.
As coupled algorithm, we use OLIA [26]), which is a further
development of Linked Increases (LIA) [27]. OLIA (and LIA)
are based on Reno CC [14], and just add the path coupling.
OLIA is now the main coupled algorithm of Linux MPTCP.
III. M EASUREMENT S ETUP
A. The N OR N ET C ORE Testbed
N OR N ET is a key component for evaluating MPTCP: the
N OR N ET [8], [28], [29] Testbed1 is the world’s first, open,
large-scale Internet testbed for multi-homed systems and applications. Its wired network part is denoted as N OR N ET
C ORE [5], [9]. A unique characteristic of N OR N ET C ORE is
that each site is multi-homed with several ISPs. Particularly,
it is currently used for research on topics like multi-path
transport and resilience. Researchers can run experiments
on distributed, programmable nodes which spread over four
continents and are connected to multiple different ISPs with
different access technologies. Clearly, a key feature of N OR N ET C ORE is to work in the real-world Internet.
In this paper, we examine the communication between
the sites at Universitetet i Oslo (UiO) and Universitetet i
Tromsø (UiT), i.e. the connectivity between two universities in
Norway, with UNINETT2 as the high-speed research network
1 N OR N ET :

https://www.nntb.no.
https://www.uninett.no.

2 UNINETT:

plus multiple consumer-grade ADSL ISP connections (Broadnet3 , PowerTech4 , Telenor5 ). As shown in Table I, yellow cells
(such as Broadnet, PowerTech, Telenor) indicate low-speed
ISPs, where downlink/uplink speed is less than 10/10 Mbit/s.
Green cells indicate high-speed ISPs, where downlink/uplink
speed may be greater than 100/100 Mbit/s. With the path
chosen for the initial subflow, MPTCP establishes all the
subflows connecting the two sites.
B. Measurement Tools
In our experiments, we sent data between the different
source/destination pairs of the N OR N ET C ORE sites listed in
Table I, and we measured the application payload throughput
at the receiving site. We used three tools for our experiments:
(a) P ING: This is the well-known Unix command to test
Internet connectivity by Internet Control Message Protocol (ICMP) Echo Requests and Echo Replies [30]. We
used this tool to record the RTTs of the paths during the
bandwidth measurements.
(b) N ET P ERF M ETER: The bandwidth measurements were
performed by using the N ET P ERF M ETER [15], [31],
[32] tool. It provides the performance comparison of
multiple transport connections and protocols. Particularly,
MPTCP is supported by N ET P ERF M ETER as well [4],
[5], [31]. Furthermore, it supports configuring the send
and receive buffer sizes for a connection by using
the SO SNDBUF and SO RCVBUF socket options.
Note, that kernels also need to take buffer management
overhead into account. While e.g. FreeBSD treats the
SO SNDBUF/SO RCVBUF values just as “hints”, Linux
systems – as provided in N OR N ET C ORE – simply double
the given values.
(c) Statistic Analysis System (SAS) System and PROC GLM:
SAS is a comprehensive computer program for entering
and analyzing data; PROC GLM (General Linear Model)
is one of SAS packages to do regression analysis for a
variety of data types [33], [34].
C. Scenarios Parameters
For all measurements, we used the following configuration:
(a) Linux kernel version 4.4.84,
(b) Linux MPTCP [35] version 0.92.16 using the “fullmesh”
path manager (to use all possible paths [13], [36]).
(c) The congestion control algorithms (see Subsection II-D) as
provided by the Linux kernel and Linux MPTCP. Explicit
Congestion Notification (ECN) support [37], [38] was
enabled.
(d) The TCP (and MPTCP) buffer size limit (SO SNDBUF
and SO RCVBUF settings) was set to 16 MiB7 by default.
IV. P OTENTIAL FACTORS WHICH COULD AFFECT
T HROUGHPUT
With experiments, we observed that throughput is impacted
by network characters as follows:
• Sending and receiving ISPs and IP version [5],
• CC algorithms [4], [20],
3 Broadnet:

https://www.broadnet.no.
https://www.powertech.no.
5 Telenor: https://www.telenor.no.
6 Available from http://www.multipath-tcp.org.
7 sysctl: net.ipv4.tcp rmem, net.ipv4.tcp wmem, net.ipv4.tcp mem.
4 PowerTech:

Site
Universitetet i Oslo
Universitetet i Tromsø

Abbreviation
UiO
UiT

City, Province, Country
Oslo, Oslo, Norway
Tromsø, Troms, Norway

ISP 1
UNINETT
UNINETT

ISP 2
Broadnet
Telenor

ISP 3
PowerTech
PowerTech

Table I
T HE N OR N ET C ORE T ESTBED S ITES U SED FOR THE M EASUREMENTS

Initial path selection [13], and
Buffer size settings [11].
We designed a Python script that generates data for statistical analysis by measuring throughput at various values of
network parameters listed above. For each sending/receiving
pair, we used:
• 40 different buffer size settings,
• 6 congestion control algorithms,
• n ISPs associated with sending site, and
• m ISPs associated with receiving site.
In total, this generates n × m choices for the initial path. As
a result, we planned to obtain 40 × 6 × n × m sample points
for each pair of sites. In each experiment, we transported data
from a saturated N ET P ERF M ETER sender continuously over
a duration of 60 s between two sites. For this paper, we only
used IPv4, i.e. work on IPv6 is left for future work. And due
to space limitations, we only listed one of the scenarios here
(UiO-UiT) to explain our research achievement.
We observed that the initial choice of sending and receiving
ISPs, i.e. initial choice of path, does have a little impact on
the throughput. This impact is evidenced by the data collected
in experiment. Table II shows a few data points for different
initial choices of paths (pair of From Provider/To Provider)
generates different Throughput while all other parameters are
set equal. In order to check the statistical significance of the
initial path choice, we fist collected 40 × 6 × n × m (with
n = 3 and m=3, see Table I) sample points for the UiOUiT experiment. However, after statistical analysis on the data
from pair UiO-UiT, which is detailed in Section VI, we found
that initial choice of path’s impact is statistically insignificant,
meaning that variation of throughputs at different initial paths
is caused by random disturbs of the network and the correlation between initial paths and throughput is statistically weak.
We conclude that there is no statistically significant relation
between initial path and throughput. Therefore, we no longer
include the initial path in our analysis.
•
•

V. T HE R EGRESSION M ODELLING
A. Regression Analysis
In this section we briefly introduce the basics of regression
analysis [39]. The concept of regression analysis deals with
finding the best form of relationship between independent
variables X, X = (x1 , x2 , . . . , xn ) and a dependent variable y
(i.e. y = f (X), which is called regression model or predictive
model), quantifying the strength of that relationship, excluding
the random noises, and predicting the value of y given a value
of X with minimum error.
Nowadays, regression analysis is done by standard procedures in statistical software. Regression analysis is one of
the procedures in Statistical Analysis System (SAS). If the
data contains a mixture of continuous variables and categorical variables, such as variable CC whose values are not
numerical, the Generalized Linear Model (GLM) procedure

in SAS, which deals with regression analysis at presence of a
categorical variable, is recommended [34].
What we need to do is to load data into the GLM procedure.
The data contains a column of y values and n columns of
X values. We use yi and Xi to denote the i-th data point
of (y, X). Taking Table II as example, y2 = 14909513.18
and X2 =(PowerTech, PowerTech, 256000, scalable). Using
the loaded data, the GLM procedure generates two outputs:
one is a set of regression coefficients ci , i = 0, 1, . . . , n, for
constructing the regression model y = f (X). The other output
is a set of criteria measuring the quality of the regression
model.
Among the set of criteria measuring the quality of a
regression model, the most essential criteria are R-Square and
p-values. R-Square is defined as:
R−Square =
with SST =

n
X
i=1

SSR
,
SST

(yi − y)2 and SSR =

n
X

(yˆi − y)2 .

i=1

Here, yˆi is produced by putting value Xi into the regression
model y=f (X) and y is the mean value of data points yi . We
call yˆi the predicted value at X = Xi .
Clearly, SST is the total variation of yi , the observed values
of dependent variable y, SSR is the total variation of yˆi , the
predicted values generated by regression model y=f (X). RSquare indicates what proportion of the total variation SST in
the dependent variable is explained by the predicted values.
R-Square has a value in the interval [0,1]. If R-Square=0.9,
it would mean that 90% of total variation of yi is captured
by regression model. An extreme case is R-Square=1, which
implies perfect prediction yˆi = yi . Obviously, a bigger RSquare value indicates a better model. R-Square is the first
criteria to look at during the regression analysis process.
Then, we need to go further to look at the strength of each
independent variable xi . In the deterministic case, the strength
(or the contribution, or effects) of an independent variable xi to
the dependent variable y can be obtained by partial derivatives
∂y
∂xi , which is the rate of change in y caused by change of xi .
In particular, in case of linear relation, say y = kx + b, the
coefficient k is the strength of variable x in the relation.
However, in the probabilistic situation, the strength of an
independent variable xi (or the regression coefficients ci in
linear relation) is a random variable. There is a chance that
we may incorrectly view that xi effects y, but, in fact, its effect
is null. p-value is the probability to measure this chance. For
example, p-value=0.2 for xi implies that the probability of
incorrectly allowing that xi enters to regression model y =
f (X) with non-zero coefficient is 0.2. This probability is too
big to be accepted. A p-value 60.05 is a commonly accepted
criteria in statistical society.
Analysis starts from one independent variable, and then includes one more independent variable into the consideration, to

From Provider
UNINETT
PowerTech
Broadnet
UNINETT
PowerTech
Broadnet
UNINETT
PowerTech
Broadnet

To Provide
PowerTech
PowerTech
PowerTech
Telenor
Telenor
Telenor
UNINETT
UNINETT
UNINETT

Buffer Size B
256000
256000
256000
256000
256000
256000
256000
256000
256000

CC
Scalable
Scalable
Scalable
Scalable
Scalable
Scalable
Scalable
Scalable
Scalable

...
...
...
...
...
...
...
...
...
...

Throughput T [bit/s]
14581081.31
14909513.18
17287917.84
16804440.32
16812756.06
17055549.97
16859066.17
16576638.68
16873208.91

Table II
D IFFERENT I NITIAL PATH C HOICE

see if an added independent variable improves R-square and pvalues, in iteration, until the model with combination of largest
R-square and smallest p-values is found. There are more subtle
criteria such as t-values, F-values, MSE, etc. for the quality of
regression model in the GLM procedure output [39]. Since
this paper is about how to predict appropriate buffer size
in MPTCP, rather than statistics research, we would like to
bypass those subtle criteria and concentrate on the modelling
of buffer size.
B. The Buffer Size Model
The relationship between throughput and network parameters is probabilistic in nature, because throughput is disturbed
by the random noises in the network. Hence, it cannot be
uniquely determined by given values of network parameters.
To establish a solid analytical formula based on sample points,
we decided to use the method of regression analysis. The formula found by the regression method is also called regression
model, or predictive model. The following statistical procedure
needs to be followed:
(1) The sample data must be large enough. For each variable,
at least 40 random data points are needed.
(2) Several tests need to be done to identify variables that are
significant (measured by their p-values) in the regression
model and only allow those variables and combinations of
significant variables to enter the model.
(3) Several models need to be tested. The best model is
determined by looking at the R-square and p-values.
(4) A validation procedure needs to be carried out by examining the models built in Step (3) on a set of different sample
points, in order to compare the accuracy of prediction. The
model with highest R-square value and lowest prediction
error is the model that fits the data best.
In our case, the variables are defined as follows:
• n: number of ISPs at the sending site.
• m: number of ISPs at the receiving site.
• T : value of the measured average application payload
throughput of the measurement, in bit/s.
• B: value of total buffer size, in byte.
• Di,j factor with i ∈ {1, 2, . . . ,n}; j ∈ {1, 2, . . . , m}: pair
of service providers which provide transport service from
Provider i to Provider j. Dij =1 if Provider i to Provider j
is used for establishing the initial subflow, and Di,j =0
otherwise. That is,

1 (Initial subflow via i to j)
Di,j =
.
0 (otherwise)
There are a total of n × m paths.

•

Ek factor with k ∈ {1, . . . , 6}: type of congestion control
algorithm (see Subsection II-D).
– k = 1: Cubic.
– k = 2: Hybla.
– k = 3: OLIA.
– k = 4: Reno.
– k = 5: Scalable.
– k = 6: Vegas.
There are total of 6 different congestion control algorithms used for our experiments. We define Ek factor as:

1 (Algorithm k is used)
Ek =
.
0 (otherwise)

Since there is only one algorithm per flow, the following
conditions apply:
– ∃k ∈ {1, . . . , 6} : Ek = 1
– ∀k, l : [Ek = 1 ∧ El = 1] =⇒ k = l
P
That is, 1≤k≤6 Ek = 1. For example, if using Cubic,
E1 =1 and Ek =0 for all k ∈ {2, . . . , 6}.
In initial measurements, we observed that the T values
(throughput) change with a change of B (buffer size), Di,j
(initial path) and Ek (CC algorithm). Thus, T is a function of
the variables defined above:
T = f (B, D1,1 . . . , Dn,m , E1 , . . . , E6 ).

(3)

Our goal is to find the formula of this function. For this
purpose, we used the PROC GLM procedure package of SAS.
As mentioned in Subsection V-A, at presence of categorical
variables, such as variable CC in our data, PROC GLM is
recommended to do regression analysis.
We have tried linear regression model, quadratic model,
logarithm model, and square root model. For each of the
models, we have tried to put all the variables (Di,j , Ek , B), as
well as the combinations of these variables such as B ∗ Di,j ,
B ∗ Ek , . . . into consideration. We find that the quadratic
regression model can best describe the relationship of variables
presented by our data by comprehensively comparing the RSquare and p-values of the models.
VI. R ESULTS
Based on the definitions in Section V, we carried out
measurements in the N OR N ET C ORE testbed with the parameters defined in Section III. We collected the data based
on the parameters in Section IV and analyze the communication between Universitetet i Oslo (UiO) and Universitetet
i Tromsø (UiT) (see Table I for the site configuration details). For this site pair, n=3 (providers UNINETT, Broadnet,

R-Square
0.914228

Coeff. Var.
20.93300

Root MSE
19895611

Average Throughput T
95044251

RTT

Table III
SAS GLM P ROCEDURE O UTPUT FOR THE U I O-U I T S CENARIO
Parameter
Intercept
B
B2
B × CC Cubic (E1 = 1)
B × CC Hybla (E2 = 1)
B × CC OLIA (E3 = 1)
B × CC Reno (E4 = 1)
B × CC Scalable (E5 = 1)
B × CC Vegas (E6 = 1)

Estimate
6649290.287
3.542
−3.301 × 10−8
0.659
0.357
0.915
0.683
1.487
0.000

UNINETT

Telenor

PowerTech

24.785ms
43.217ms
43.468ms

33.733ms
43.980ms
42.937ms

25.217ms
44.089ms
44.078ms

Table V
RTT OF U I O-U I T MEASURED BY P ING

P r> |t|
<0.00001
<0.00001
<0.00001
<0.00001
<0.00001
<0.00001
<0.00001
<0.00001
.

(E5 =1). From Equation 4, we can see that – with respect to
throughput – Scalable is the best algorithm among the six
CC algorithms. That is, the buffer size can allow the highest
throughput T = f (B, 0, 0, 0, 0, 1) compared to all other types.
In particular, if total buffer size B=20,000,000 bytes, then our
multi-path transport network can handle:

Table IV
SAS GLM P ROCEDURE O UTPUT FOR THE U I O-U I T S CENARIO

PowerTech at UiO) and m=3 (providers UNINETT, Telenor,
PowerTech at UiT). That is, there are in total 9 paths. After
all the deliberations, we decided that the following form of
Equation 3 is the best for the data obtained from the sites
relation UiO-UiT:
T = 6649290 + 3.542B − 3.301 ∗ 10−8 B 2
+ 0.659E1 B + 0.357E2 B + 0.915E3 B
+ 0.683E4 B + 1.487E5 B
X
(1843200 ≤ B ≤ 92160000 and
Ek = 1).

UiT

UiO
UNINETT
Broadnet
PowerTech

(4)

1≤k≤6

Please note that although there
P6 are 6 variables E1 , . . . , E6 ,
but because of constraints
k=1 Ek = 1, the degree of
freedom is 5. As result, only 5 variables are explicit in the
model. It is generally true that there are n − 1 variables for
n values of a categorical variable in the model. Equation 4
is based on the output of running PROC GLM in SAS. The
output of GLM Procedure shown in Table III and IV not only
provides coefficients that define the form of Equation 4, but
also provides the criteria for the quality of regression model.
Values in the “Pr> |t|” column are the p-values mentioned
in Subsection V-A. Values in the “Estimate” column are the
regression coefficients entering Equation 4. In our situation,
the R-Square value is 0.914228, which is very close to 1,
indicating that Equation 4 is a good fit. The p-values are
all less than or equal to 0.00001. For example, p-value of
coefficient 3.542 is <0.00001, indicating that there is less
than 0.00001 probability that impact of variable x (buffer size)
on T (throughput) is null, i.e. buffer size does significantly
effect throughput. Overall, this output shows that Equation 4
is a good model.
But what about the choice of the initial path, i.e. Di,j ? When
we put Di,j or Di,j ∗ B into the GLM procedure, statistic
analyses show that there is no reason to reject the hypothesis
that any coefficient of Di,j and Dij ∗B equals to 0, i.e. p-values
are all greater than 0.05 (see Subsection V-A). Therefore, we
conclude that Di,j are not statistically significant variables.
Thus, the Equation 3 reduces to:
T = f (B, E1 , E2 , E3 , E4 , E5 ).
The graph of T = f (B, 0, 0, 0, 0, 1) is shown in Figure 3,
visualising how the model fitting the data for CC=Scalable

T = f (20000000, 0, 0, 0, 0, 1)
= 94, 025, 290 bit/s
= 11, 753, 161.25 byte/s.
In the inverse, if the multi-path network shall be able to
handle throughput T , we can solve the following equation:
T = f (B, 0, 0, 0, 0, 1)
= 6649290 + 5.029B − 3.301 ∗ 10−8 B 2 .

(5)

For example, for T =20,000,000 bit/s (2,500,000 byte/s), we
solve the quadratic equation:
20, 000, 000 = f (B, 0, 0, 0, 0, 1)
= 6649290 + 5.029B − 3.301 ∗ 10−8 B 2 .
Then, B=2,702,691 bytes is the total buffer size to set.
Moreover, since Equation 5 is a quadratic function which
is increasing for B ≤76,173,886 bytes, we can predict that if
we set buffer size B=76,173,886 bytes, then the throughput
for UiO-UiT is 198,188,528 bit/s = 24,773,566 byte/s with
CC=Scalable. Buffer size B=76,173,886 bytes is the maximum space needed to satisfy the traffic flow requirement in
this scenario. The above prediction is made under assumption
that other parameters not being part of Equation 4 remain
unchanged from the time of collecting the data. If any of those
parameters is changed, such as hardware change, we should
redo the analysis.
In the contrast of the Equation 2 for buffer size used in the
other publications, the benefit of Equation 4 is obvious. First,
RTT depends on throughputs, especially for congested networks. Their relation is not a simple linear relation. Throughput is the ultimate measure for the quality of a network, and it
is more measurable than RTTmax . Equation 4 directly relates
throughputs and buffer size, which is a more straightforward
approach. Second, Equation 4 suggests that the buffer size
does not have to be as large as what Equation 2 calculated.
For example, we have just calculated by Equation 4 that
buffer size B=2,702,691 bytes for 9 paths and throughput T
= 20,000,000 bit/s = 2,500,000 byte/s, whereas for this scenario that we measured RTTmax is 0.044089 s as shown in
table V, RTOmax =1 s, and all of the bandwidths provided by
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Figure 3. Fitted curve for CC=Scalable for UiO-UiT

Subsection III-A, which following Equation 2 can calculate a
minimum buffer size B of:
B ≥(3 ∗ 0.044089 + 1)∗
(100000000 + 200000+
2000000 + 512000 ∗ 3 + 128000 ∗ 3)/8
=14, 736, 455.01 bytes.
With Equation 4, MPTCP can dynamically set the buffer
size according to the measured throughput. Equation 4 was
validated in a new experiment on 10 different buffer sizes,
which are equally distributed in the interval [6,000,000 bytes,
66,000,000 bytes]. The average error Err of the prediction was
less than 0.1, calculated by
!
50
X
|ŷi − yi |
/50,
Err =
yi
i=1
where ŷi is the predicted value calculated by Equation 4 and yi
is the observed value at 50 (B, Ek ) points.
VII. C ONCLUSIONS
The contributions of this paper can be concluded as follows:
(1) It finds that in MPTCP environment, although the
observed phenomenon is that many factors effect throughput
such as providers, type of Congestion Control Algorithms,
buffer size, etc., but only some factors have significant impacts.
To build a buffer size model, the effect from initial choice of
path (pair of sending/receiving providers) can be ignored.
(2) This is the first paper to propose that buffer size could
be predicted by throughput and CC algorithm. This paper
uses a statistic predictive model. The idea is that to satisfy

a throughput requirement, we predict how large the buffer
size should be, and this prediction is at a certain level of
accuracy defined by the statistical modeling procedure. That
is, the buffer size needed to handle network traffic can be
dynamically determined by throughput, rather than the fixed
Equation 2.
(3) Predictive models show the effects of several congestion
algorithms in MPTCP on throughput, which provides an
evaluation criterion for the performance of each congestion
algorithm.
(4) We have shown that models are concave quadratic
functions. This finding tells us that increasing buffer size will
improve throughput. However, the rate of improvement in
throughput almost decreases to zero with increase of buffer
size. That is, when the buffer size is already large enough, it
is inefficient to increase it again. The buffer size obtained by
our formulae is much smaller and accurate than the buffer size
calculated by Equation 2.
(5) Finally, this paper shows a new way to solve the
problems arisen in MPTCP endeavor. However, in MPTCP
endeavor, we have not seen any employment of this powerful
method. Many other scholars have observed phenomena in
MPTCP. But the description and illustration of those phenomena stay at the intuitive and perceptive level, without mathematically rigorous analysis. This paper is our first attempt to
bring statistical procedure to this field of research.
In the future, we plan to continue our effort to bring
statistical modeling method to the research of MPTCP endeavor. We have the following goals: (1) Find the formulae
that relate the network traffic and its transmission time on
paths, and further realize optimal flow distribution among

paths; (2) Investigate the robustness of a network in MPTCP;
(3) Examine the applicability for further multi-path transport
protocols, particularly for Concurrent Multipath Transfer for
SCTP (CMT-SCTP) [15], [40] or a multi-path extension of
QUIC. (4) Combine our approach with multi-protocol API
frameworks like NEAT [41], [42].
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[29] A. Kvalbein, D. Baltrūnas, K. R. Evensen, J. Xiang, A. M. Elmokashfi,
and S. Ferlin, “The NorNet Edge Platform for Mobile Broadband
Measurements,” Computer Networks, Special Issue on Future Internet
Testbeds, vol. 61, pp. 88–101, Mar. 2014, ISSN 1389-1286.
[30] D. L. Mills, “Internet Delay Experiments,” IETF, RFC 889, Dec. 1983,
ISSN 2070-1721.
[31] T. Dreibholz, “NetPerfMeter: A Network Performance Metering Tool,”
Multipath TCP Blog, Sep. 2015.
[32] T. Dreibholz, M. Becke, H. Adhari, and E. P. Rathgeb, “Evaluation of
A New Multipath Congestion Control Scheme using the NetPerfMeter
Tool-Chain,” in Proceedings of the 19th IEEE International Conference
on Software, Telecommunications and Computer Networks (SoftCOM),
Hvar, Dalmacija/Croatia, Sep. 2011, pp. 1–6, ISBN 978-953-290-027-9.
[33] SAS, SAS 9.4 Programming Documentation, Mar. 2017.
[34] SAS, SAS/STAT 14.2 User’s Guide – The GLM Procedure, Nov. 2016.
[35] C. Raiciu, C. Paasch, S. Barré, A. Ford, M. Honda, F. Duchêne,
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