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Abstract—Load balancing in data center networks (DCNs) is
a crucial and complex undertaking. Multi-path TCP (MPTCP)
has been proposed as a cost-effective solution that aims to
distribute workloads and improve network resource utilization.
However, it can escalate buffer occupancy and undermine burst
tolerance, particularly in scenarios involving incast short flows.
To address these limitations, we propose a novel multi-path
congestion control algorithm, RateMP, to optimize bandwidth
utilization efficiency while ensuring burst tolerance in DCNs.
RateMP employs a hybrid window and rate control loop with
coupled gradient projection adjustment, enabling fast and fine-
grained bandwidth allocation and accelerating convergence.
Additionally, RateMP eliminates the limitation of cwnd with
under-rate pacing to protect incast and busty flows. We prove
that RateMP is Lyapunov stable and asymptotically stable,
and show the improvement of RateMP through a kernel-
based implementation and extended large-scale simulations.
RateMP keeps high bandwidth utilization, cuts RTT by 2x and
reduces flow completion times (FCT) by 45% in incast scenarios
compared to existing algorithms.

I. INTRODUCTION

Data center networks (DCNs) are the essential infrastructure
[1], [2], which host a wide variety of cloud computing and
storage services. With the increase in demand of distributed
computing and storage resources, the data transmission over-
heads among the distributed servers/hosts have become the
bottleneck of DCNs’ performance. Therefore, improving net-
work transmission performance is becoming a crucial issue for
the development of large-scale DCNs [3], [4].

To bridge the bottleneck of data transmission, a lot of DCN
topologies make dense interconnect fabrics to increase the
network resource among the distributed servers/hosts [5], such
as Fat-Tree, BCube, etc. In such topologies, networks expand
the available links and aggregation bandwidth between every
two layers (such as, between the edge layer and aggregation
layer, between the edge layer and core layer) to hold more
transmission capacity. Such dense interconnect fabrics increase
the available network bandwidth on the whole. Then, end-to-
end transmissions can disperse their data in the network and
accelerate the data transmission. In this context, multi-path
transmission protocols like Multi-path TCP (MPTCP) [6] offer
a solution by enabling parallel transmissions over multiple
paths and distributing traffic across the network [7]-[9].
By fully utilizing the idle links within DCNs, MPTCP can

improve the overall bandwidth utilization efficiency, achieving
up to a two-fold improvement [10]-[12].

Except the bandwidth utilization efficiency, another cru-
cial performance metric in DCNs is achieving low flow
completion time (FCT) and high burst tolerance for short-
burst flows. Short-burst flows are the common communication
pattern in DCNs, usually occurring as incast traffic where
multiple nodes concurrently send data to a single destination
for distributed high-performance applications [13]. However,
MPTCP demonstrates undesirable performance for short-burst
flows, creating a dilemma. That is to say, utilizing multiple
paths in each connection spreads data transmission over as
many as possible available links in the network to fully utilize
the idle network resource, but at the same time, inevitably
causes a rise in the resource occupation while meeting burst
and incast flows at local bottlenecks and leads to low burst
tolerance. Existing coupled congestion control algorithms de-
signed for MPTCP usually focus on fully utilizing the network
bandwidth resource, but struggle to solve the increasingly
serious problem of heavy burst and incast traffic in DCNs. On
the one hand, MPTCP increases the number of active subflows
in the network. When local incast and burst traffic occurs,
the number of active subflows aggregated at the bottleneck
is much larger than using single-path protocols (such as TCP
or RDMA), leading to a rise in resource usage. On the other
hand, the jitter of transmission control rises sharply when too
many subflows pass through one bottleneck, again leading to
incast performance degradation.

We find that the key insight for achieving high transmission
performance in DCNs is to achieve optimal utilization of
network bandwidth resources through multi-path transmission
while avoiding the increase in delay and FCT under burst and
incast situations. In this paper, we propose a novel solution
of coupled congestion control algorithm to achieve the above
goals, called RateMP, to optimize bandwidth utilization with
high burst tolerance. RateMP improves network bandwidth
utilization from two perspectives. First, RateMP utilizes a
model-based gradient projection adjustment method with the
consideration of network utility and subflow congestion bal-
ance to control the congestion window (cwnd) and sending
rate, instead of the Increase and Multiplicative Decrease
(AIMD) and Additive Increase and Additive Decrease (AIAD)
method. RateMP limits the queues in the network and adjusts



the offset of the control loop according to how much the
transmission rate deviates from the feedback congestion level.
Through accurately perceiving the congestion degree informa-
tion in the network, RateMP couples and adjusts subflows’
rates to achieve the optimal network utility and subflow-level
congestion balancing. Therefore, the transmission rate adjusts
rapidly when the deviation from the target congestion level is
large, while the transmission rate is smooth when it is close to
the target congestion level. Second, RateMP utilizes a hybrid
cwnd/rate control state transition, which uses pure rate settings
to reduce the short-time-scale incast burstiness by removing
the limitation of minimum cwnd on subflows. RateMP also
utilizes a cooperative method to detect the congestion in
networks, which can yield a quick convergence performance,
improving the load balancing ability among MPTCP subflows
and reducing the network queue delay. The contributions of
the paper are summarized as follows.

o We analyze the key issues related to multi-path trans-
mission with a dynamic multi-path resource optimization
model, and show the shortcomings of the existing multi-
path protocols while taking into account the unique
characteristics of DCNSs.

o« We propose RateMP to optimize both bandwidth uti-
lization and burst tolerance under dynamic traffic loads.
RateMP introduces a hybrid multi-path control loop to
incorporate the demands for maintaining short queues and
expediting the dynamic convergence rate. Then, RateMP
eliminates the limitation of cwnd with a dynamic state
transition to protect incast and busty flows.

o« We prove that RateMP is Lyapunov stable and asymp-
totically stable in the network. Through Linux kernel-
based evaluations and extended large-scale simulation
experiments, we show that RateMP outperforms the state-
of-the-art congestion control algorithms, achieving low
RTTs and reducing FCTs in different scenarios while
keeping high bandwidth utilization.

The rest of this paper is organized as follows. Section II
presents the problem formulation. Sections III and IV present
the design and analysis of RateMP. Section V presents the
simulation results. Section VI presents a brief review of related
works. Finally, Section VII concludes the paper.

II. BACKGROUND AND PROBLEM ANALYSIS

In this section, we first discuss the dilemma in which using
end-to-end multi-path transmission leads to higher throughput
for long flows whereas it also leads to more buffer pressure
under local congestion. Then, we formulate and analyze the
multi-path rate allocation problem in large-scale DCNs, and
show the design goals of the proposed RateMP algorithm in
this paper.

A. Dilemma of Utilizing MPTCP in DCNs

In the context of the dense paths in DCNs, utilizing
multi-path can improve the overall bandwidth utilization and
the network utility. We show it from a simple example in
Fig. 1(a). There are six bottlenecks in the network, where

each bottleneck has a bandwidth of 100 Gbps. For single-path
transmission, one connection can only utilize the bandwidth
on one bottleneck at once. A multi-path transmission can fully
utilize the bandwidth in the network, which improves resource
utilization.

(b) Incast

(a) Non-incast

Fig. 1. Examples of multi-path transmissions in DCNs.

On the contrary, using multi-path transmission will lead to
low burst tolerance. As shown in Fig. 1(b), a larger number of
aggregated subflows adds a larger amount of data at the incast
bottleneck, and the possibility for burst packet loss greatly
increases. This is because each subflow keeps a minimum
cwnd (usually set to the size of 1 packet). This is used to keep
a subflow always holding the ability to send data. If network
conditions change and paths become non-congested, a subflow
can increase its rate to fully utilize the bandwidth resource
of the path. However, when a large number of subflows are
aggregated at one bottleneck, the queue occupancy increases
a lot, leading to low performance of incast traffic. Moreover,
while using multi-path transmission fully utilizes network
links, it also leaves less room for burst traffic, resulting in
low burst tolerance.

Therefore, existing MPTCP is difficult to achieve both
high bandwidth utilization and high burst tolerance in DCNGs.
In the following subsections, we formulate the multi-path
transmission problem and analyze the problem.

B. Problem Formulation

We define the multi-path transmission in a DCN as follows.
The network is a graph that consists of a link set L = {l;}
and a flow set S = {Sj}. Layered on top of the link set is
a path set R = {R;}. Link I; denotes a point-to-point link.
Path R; denotes an end-to-end routing path, which consists of
one or more links. Flow S, denotes an MPTCP flow, which
consists of one or more paths. Each link /; has a finite capacity
c¢;. The relationship between L and R is denoted by a matrix
A, where a;; = 1if l; € R, and a;; = 0 otherwise. The
relationship between R and S is denoted as a matrix B, where
bjr = 1if R; € Sy, and bj;, = 0 otherwise. The rate matrix
is denoted as x = {x;;}, where xj;, is the rate of path R; of
flow Sj. Let U(y;) denote the utility function of a flow, which
is strictly concave and twice continuously differentiable, and
U(0) = —oo. Let y;, denote the overall rate of a flow:

Uk =Y Tjk. (1)
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The objective is to determine the rate matrix x to maximize
the total network utility subject to link capacity constraints:

max > U(yk)
x>0 5 (2)
sit. ABx < C,

where the constraint condition means that the total traffic
carried on each link cannot exceed the link capacity.

Additionally, the static problem formulation can be seen
as a part of the dynamic network environment. The dynamic
network environment is divided into several intervals, each
of which is considered a static network. The model assumes
a discrete notion of time slot, {H}, denoting the times of
events (flows join and leave). Given this, we can now model a
dynamic network, N7 = {ILf S#}, where N is the model
of the network during time slot H, L/ and S are the link set
and flow set at time slot H, respectively. Typically, the link set
stays the same at each time slot, in the absence of link failures
or router failures. The flow set changes at different time slots,
as new flows join the network or old flows complete.

The goal of congestion control is that the network can con-
verge quickly from any initial point to an optimal equilibrium
point in any time slot. When the time slot moves from the old
H to the new H + 1, the old equilibrium point is destroyed
as the network changes and becomes the initial point of the
new time slot. Then, the network is readjusted and converged
to the new equilibrium point. We ignore the statement of time
slots in the preceding and following descriptions.

C. Problem Analysis

Let A = {\1, Ao, ...} denote the Lagrangian multipliers, the
dual problem of the original problem is:

I}\lg())( D\ = Xk:Dk()\) — Z Aici,

l 3)
Di(\) = max {Uk (ye) — > (Z )\iai]) mjk} .
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Let p; = > A;a;j, assume that at the network equilibrium

point, the optimal p = {pjlp; ZZ.GRj Ai} is p* o=
{rilp; > ier, A} According to Karush-Kuhn-Tucker
Conditions [14], the optimal solution of a flow k is:

U’ (4) = min p*
(vi) min pj,

* : * . *
j, 2 0, if pj = minpj, 4)
¥, =0, if p*¥ > min p*.

jk ’ D jeskp]

A flow should transmit data only on the paths with the
smallest pj. For other paths whose pj is larger, the flow does
not transmit data on them. Window-based congestion control
algorithms at least keep a minimum cwnd on subflows, which
still take a high bandwidth occupancy when the subflow’s RTT
is small. However, this violates the rate allocation principle of
multi-path transmission and causes difficulties in improving
the overall utility.

When several flows pass through the same paths, they
should have the same sending rate to optimize network
performance. Assume that there are flows ki,...,k, in the
network that experience the same bottleneck links /;,,...,[; .
At the equilibrium of the network, the congestion degrees of
bottleneck links are A7 , ..., A7 , respectively. The congestion
degrees of the paths in Sy, with bottlenecks iy, ...,7,, are
Py, = Af 5o p;,. = A; , respectively. Then, we have
U'(yk;) = minjes, p; = minA; . Since U(:) is strictly
concave, we have y,, = -+ = yi, = -+ = Yy, . Therefore,
the flows passing through the same bottlenecks should have
the same rate. Moreover, in an incast scenario, all flows should
achieve the same rate since they have the same min{p;}, no
matter how many subflows they have.

III. RATEMP DESIGN

In this section, we provide RateMP, to achieve high global
network resource utilization and high burst tolerance under
dynamic traffic loads in DCNS.

A. Overview

RateMP utilizes the well-established feedback mechanism
for assessing network congestion levels and employs multi-
signal detection techniques to expedite the dynamic conver-
gence rate of multi-path congestion control. This approach
improves the load balancing convergence speed in dynamic
network traffic, ensuring efficient utilization of available net-
work resources. When the sending rate is small, RateMP
utilizes a rate-limited control logic and adds delay detection
for accelerating traffic convergence. We will primarily focus
on introducing RateMP from the following aspects:

o Fine-grained congestion detection: RateMP utilizes a
combination of two kinds of congestion detection, ECN
and delay detection, to ensure load balancing and high
throughput. Among them, probabilistic ECN feedback
provides the main congestion detection with accurate in-
network congestion feedback, delay is added to speed up
the rate increase when the sending rate is low.

o Stable and fast-convergent control loop: RateMP uti-
lizes a gradient projection method. It limits the queues
in the network and adjusts the offset of the control
loop according to the degree to which the send rate
deviates from the feedback congestion level, providing
less fluctuation in sending rate as well as optimizing
network utility.

o Rate control under window limitation: RateMP sets
a pacing_rate to directly control the pure sending rate
on subflows under low rates. By removing the limitation
of cwnd, RateMP can reduce the influences caused by
different RTTs and make a fine-grained rate allocation.

B. Fine-grained Congestion Detection

RateMP utilizes a probabilistic ECN marking to notify the
in-network congestion degree, and utilizes a delay-detection
to enhance the in-network congestion degree detection under
some specific situations. Firstly, the marking probability is



proportional to the queue length of the switch port queue, the
in-network congestion degree is feedback by one-bit ECN with
a probabilistic marking rate. Then, RateMP uses double signal
detection of ECN and delay to adapt to the rapid congestion
change in the network.

Probabilistic ECN-marking and congestion degree de-
tection: RateMP sets the ECN mark associated with the
queue length. By calculating the proportion of ACKs with the
ECN mark of a subflow, senders can perceive the congestion
degree of each subflow from the one-bit ECN. RateMP’s ECN
marking mechanism uses the standard ECN marking, which is
supported by most switches [15]. Two thresholds K,,;, and
K. of queue length are set at switches. When the queue
length exceeds K,,in, packets are marked with a linearly
increasing probability with a max probability P, until the
queue length exceeds K,,,,. After the queue length exceeds
Kpaz, all packets are marked. With a queue length gqueue,
the ECN mark probability is:

0, queue < Kin
— queve-Prmaa
Pmark = K. K. Kmin < queue < Kmaw (5)
max main
1, queue > Koax

By setting K, = 0 and P4, = 1, the ECN mark
probability is £*<“<, which is proportional to the queue length.
By choosing a suitable K,,,,, RateMP is able to keep the
queue length within a certain range.

RateMP maintains an estimation of ECN marking probabil-
ity of subflow j, denoted as j3;, which is calculated by the

fraction of ECN-marked ACKs. j3; updates once per RTT:

B =1 =B +F, (6)

where F' is the ECN-marked proportion of ACKs in the recent
cwnd, v is the update parameter. We set v = 1/16, which is
similar to the setting in [16]. Let p; denote the congestion
degree of path, p; = a3, o is a positive constant, since p; is
in direct proportion to ;.

Delay-based congestion degree detection: Let new_rtt;
denote the RTT of the most recent packet, base_rtt; denote
the minimum RTT of subflow j. Then, an RTT offset Artt; =
new_rtt; —base_rtt; shows the queue delay, where Artt; =
g;/c, and c is the link bandwidth. Then the queue length g;
on the path can be estimated as:

g; = Arttj - ¢ = (new_rtt; — base_rtt;) - c. 7

The same as ECN-detection, the congestion degree can be
estimated as p; = aq;/Kmaaz-

ECN detection provides an accurate notification of the
in-network congestion [17]. However, the sender needs to
count the percentage of ECN-marked ACKs to understand the
degree of congestion on the path, where sufficient samples are
needed to calculate the actual proportions. Therefore, when
the sending rate is small, it takes a long time to calculate. If
the link goes idle, ECN detection reacts slower. Conversely,
delay detection provides a fast response to changing network
congestion. A large descending RTT of a single packet can
help senders quickly detect congestion changes and improve

the sending rate. Therefore, RateMP utilizes ECN detection as
the main method to detect congestion. When the sending rate is
small, delay detection is added to provide fast rate adjustment.

C. Stable and Fast-convergent Control Loop

RateMP leverages a model-based gradient projection ad-
justment method to control the cwnd, taking into account
network utility and subflow congestion balancing, instead
of the traditional Additive Increase Multiplicative Decrease
(AIMD) or Additive Increase Additive Decrease (AIAD)
approaches. This method limits the queues in the network
and adjusts the offset of the control loop based on the degree
of deviation from the feedback congestion level. When there
is a significant deviation between the estimated congestion
level at the current rate and the detected congestion level,
the transmission rate is rapidly adjusted to improve the
convergence speed of load balancing under dynamic network
traffic. Otherwise, as it approaches the detected congestion
level, the transmission rate remains stable.

We show the control loop of a single flow and omit the
subscript k& for sake of simplicity. Let x;(t) denote the rate
of subflow j, p;(t) denote the feedback congestion degree
of subflow j at time t. A flow adjusts the sending rate of
each subflow according to the connection rate and subflow
congestion degree,

, +
2+ 1) =[50 +0. (V@) -n0)] . ®
where 0, is the step size at time ¢, yx(t) = >, Tjk(t),
[z]T = max{0, z}.

We utilizes U(y) = log(y) to achieve proportional fair-

ness [18], 6, = Zj zj(t)atotar, and p;(t) = B;(t)/total-
The updated rule of sending rate is:

+

Then, the cwnd is: w;(t+1) = x;(t+1)-rtt;(¢+1). RateMP
adjusts z; and w; per ACK. After receiving an ACK, the rate
adjustment of a subflow j based on ECN is:

_ Zj Ly Qiotal _ B,
ijj )

T+ Tttj
Similarly, based on delay detection, the adjustment of sending
rate can be calculated as:

5 Y <(%mal Arﬁj'0>
2 — - .

Zj "I“ttj Z]- €5 Kmaw

When the sending rate is large (that is, z; - rtt; > 1), RateMP
only uses an ECN-detection to adjust the sending rate. That
is ; < x; + 0;. When the sending rate is small, RateMP
uses cooperative congestion detection and rate adjustment
to speed up the convergence to the network changes. Let
d = (01 + 62)/2 denote the average adjustment of sending
rate based on ECN-delay combined congestion detection. If
0 > 0, RateMP utilizes d- to speed up the increase function.

o1

(10)

(1)



Otherwise, RateMP still utilizes &7 to adjust the sending rate
and cwnd.

Algorithm 1: RateMP control loop
1 if Receive a new ACK then

2 if in slow start state then

3 wj = w; +1;

4 pacing_rate = 0;

5 if 5, > atoml/zj xj or w; > ss; then
6 | Exit slow_start state;

7 else

8 Update (;;

9 Calculate Artt; = new_rtt; — base_rtt;;
10 if z; - rtt; > 1 pkt then

_ 2% ota )
u i R (%J&j - ﬁj)»
12 else
oy . )
¥ o= (S =)
o T ota Artt;c' .,

14 52 - 13]'~J’r’tt]' %Jtz_‘l,‘ - Kmajz )’
15 0= (01 +02)/2;

16 if 6 <0 then

17 L .’ﬁj = l’j + 51;

18 else

19 | aj =5+ 02
20 x; = max{min_rate, x;};
21 w; = max{l,z; - rtt; };
22 if z; - rtt; > 1 pkt then

23 L pacing_rate = 0;
24 else

25 L pacing_rate = x;;

D. Rate Control under Window Limitation

A hybrid window/rate control is used to reduce short-term
burst traffic conflicts by eliminating the limit of the subflow
minimum cwnd and using under-rate pacing. RateMP sets and
controls the actual sending rate of each subflow at a low rate.
Let pacing_rate denote the sending rate of a subflow, and
RateMP set x; to the pacing_rate of each subflow to control
its sending rate. On the one hand, a small sending rate setting
protects the incast scenarios from buffer float. On the other
hand, for the scenarios where MPTCP should migrate data
among subflows, a small minimum sending rate can leave
other flows an available high bandwidth. However, this method
will introduce the convergence problem at a low rate. When the
sending rate is low, the incentive decreases due to the absence
of feedback information (ECN marking) since it needs several
ACKs to calculate the ECN marking probability. As a result,
subflows cannot quickly fill the available bandwidth after the
path congestion disappears. This problem is addressed by the
cooperative congestion detection and convergence acceleration
mechanism as mentioned above.

The hybrid window/rate control logic of RateMP is as
follows. The sender employs a dynamic decision that adapts
the window and rate control based on the current sending
rate. When the transmission rate is high, the sender utilizes
window control to ensure the prompt delivery of packets while
minimizing control overhead. When the transmission rate is
low, the sender switches to rate control.

In rate control, the sender utilizes a pacing_rate to
control the actual sending rate of each subflow. Then,
pkt/pacing_rate is set as the sending interval between two
packets, where pkt is the size of a packet. At a low rate
situation, the sending interval between two packets can be
more than an RTT.

ﬂ > Pioral
J

i~

, Time out
O

Time out
orw; >ss, \

Cwnd control
(ECN)

Fig. 2. Congestion control state transitions of RateMP.

Fig. 2 shows the state transition of RateMP. There are
three states: slow start, cwnd control (ECN), and under-rate
control (ECN-delay). At the beginning when a connection is
established, RateMP enters a slow start state as traditional
congestion control algorithms do to quickly detect the avail-
able bandwidth. In the slow start state, it uses window-based
congestion control and the cwnd increases 1 when an ACK
is received. If §; > amml/Zj xj or w; > ssj, where ss;
is the slow start threshold, RateMP exits the slow start state
and enters a cwnd control (ECN) state. Transitions between
cwnd control (ECN) and under-rate control (ECN-delay) states
are judged by x; - rtt;. If x; - rtt; > 1, RateMP enters
the cwnd control (ECN) state and only uses ECN for rate
adjustment. Otherwise, RateMP enters the under-rate control
(ECN-delay) state and adds delay for accelerating the rate
adjustment. Algorithm 1 shows the RateMP control loop. In
line 20, RateMP sets x; = max{min_rate, x;}, which means
setting a minimum sending rate as min_rate. The default
min_rate is set to 0.01pkt/rtt;, referring to sending 0.01
packet per RTT.

IV. ANALYSIS AND DISCUSSION

A. Equilibrium Analysis

Theorem 1. RateMP control system is Lyapunav stable and
asymptotically stable.

Proof. We analyze the stability based on a widely used fluid
model in [19]. Assume there is a lone-term flow transmit data
with N subflows sharing a bottleneck link with bandwidth c.



Let x(t) denote the window size of subflow j at time ¢, ¢(t)
denote the bottleneck queue length at time ¢. We have:

= |2

The adjustment logic of RateMP’s control is:

-0 (

where (3;(t) is the ECN mark proportion of received ACKs,
and 5 (t) = arotarnq;(t). Let " = aorar-n, and the aggregate

rate z(t) = >, x;

q(t+ 6t) — q(t —c| 6t (12)

;(t+6t)— L‘”) - ﬁj(t)) 5t, (13)

N

i(t) can be expressed as:

. Qtotal /
t) =x(t — i(t) | . 14
i0) = o) (22— /o500 (14)
And the queue length can be expressed as:
q(t) = =(t) —c. (15)

When the sending rate and the queue length stabilize i.e.,
#(t) = 0 and ¢(t) = 0, there exists a unique equilibrium point
(e, qe) = (c, a;",‘cal ). By applying a change of variable from
Ze to ©(t) = xe + dx(t) and linearize Eq. (14) and Eq. (15)
around (., ¢.), we have:
di(t) = —n'qedx(t) — n'w.dq(t).
0q(t) = ox(t).

Converting the above differential equations to a matrix form,

we have:
o] = 10 0 e

o = fPmaT

2

(16)
a7

(18)

The eigenvalues of the system are and

VA R R V2"/2_4"/. Since 7 > 0, both the eigenvalues have
negative parts. This proves that the system is Lyapunav stable
and asymptotically stable. O

B. Discussion

RateMP utilizes ECN and delay for in-network congestion
notification and rate adjustment. The notification based on
ECN requires a unified deployment of ECN on switches in the
network, as well as ECN support on end nodes. Since ECN
is a common protocol for switches and routers in networks,
and is widely supported by modern routers and switches. It is
easy to deploy the ECN mechanism on all switches in DCNs
and set the ECN parameters uniformly on all switches. The
notification based on delay only requires RTT detection on end
nodes, which does not need other modifications to switches.

Moreover, due to the limitation of low rate, RateMP may
result in significant disparities between subflows, leading to the
occurrence of HoL blocking. To address this issue, RateMP
can incorporate a packet scheduler as an extended patch, which
receives data from applications and sends them to each subflow
after segmenting and processing [20], [21].

When a subflow enters the low rate control phase while
other subflows are still in the cwnd control phase, indicating
a substantial discrepancy between the subflows, the scheduler
recognizes the need for additional measures. In such cases,
the scheduler introduces redundant packet transmissions for
the subflows in a low rate. This redundant data transmission
helps alleviate the Head-of-Line (HoL) blocking problem by
compensating for the excessive path variations. By introducing
redundant packets, the scheduler ensures that the subflows
experiencing lower rates do not block the whole transmission.
And, it ensures that the subflows remain active, allowing them
to immediately detect and utilize idle bandwidth whenever
it becomes available on the paths. This approach enables
RateMP to efficiently utilize in-network paths and maximize
overall network throughput.

V. PERFORMANCE EVALUATION

In this section, we show the evaluation of RateMP in
different network scenarios. We first implement RateMP in
Linux kernel and evaluate it in small-scale networks. RateMP
is implemented in MPTCP v0.95 [22] as a kernel module.
The kernel module implements the MPTCP ratemp_main()
and ratemp_set_cwnd_and_pacing_rate() functions to enforce
its direct rate control and rate adjustment to subflows, respec-
tively. We then show RateMP’s performance through a large-
scale simulation in NS-3 [23].

A. Kernel-based Evaluation

Fig. 3 shows the small-scale network testbed topology of
multi-bottleneck and incast scenarios, where we evaluate and
show the performance of data migration ability and delay.
The ECN parameters used in RateMP are set to K, = 0,
Kinazr = 150 KB, Ppax = 1. We set aqotar = ¢/100, where
c is the link bandwidth. We perform the measurement and
compare the results of RateMP with DCTCP, BALIA, and
LIA. DCTCP is a single-path congestion control algorithm,
we run it independently on each subflow.

MPTCP

MPTCP 1-n

(a) Multi-bottleneck

(b) Incast

Fig. 3. Testbed setup.

Fig. 4 is the performance comparison under a topology
shown in Fig. 3(a), which is a topology of multiple bottlenecks.
The bandwidth of bottleneck links AB and C'D is set to 0.5
Gbps, and the link delay is set to 100 us. MPTCP flow starts
at 0 s and continues transmitting data. TCP flow starts at 5
s and ends at 10 s. Fig. 4 shows the real-time throughput of
different algorithms. RateMP can quickly achieve the optimal
load-balancing effect, and maintains a stable sending rate.
BALIA decides the state of subflows according to the lost



packet situation and then adjusts their cwnd, so the result is
not as accurate as RateMP. Since the packet loss situation
is relatively random, it sometimes misjudges and results in
performance degradation. DCTCP and LIA have poor load-
balancing ability. The throughput of TCP is low due to the
unreasonable allocation of resources among subflows.
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Fig. 4. Real time throughput of different congestion control algorithms.

TABLE I
RTT COMPARISON OF DIFFERENT ALGORITHMS

Average RTT ~ RTT variance
RateMP 0.236 ms 0.0122 ms
DCTCP 0.615 ms 0.229 ms
BALIA 7.35 ms 3.14 ms
LIA 8.56 ms 2.75 ms

Table I shows the average RTT of each MPTCP flow of
different congestion control algorithms. LIA and BALIA have
the largest RTT with high fluctuation. The RTT of DCTCP
decreases a lot, since it utilizes ECN for in-network congestion
notification and keeps a low queue in the network. However,

the basic RTT is 200 ps, and the RTT of DCTCP is still several
times of the basic RTT, which is caused by the queue delay.
RateMP keeps the lowest average RTT, which is very close
to the basic RTT, and its RTT variance is also the lowest.
Compared with other algorithms, RateMP reduces 50% RTT.
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Fig. 5. FCT of different congestion control algorithms.

Fig. 3(b) is an incast scenario. The bandwidth of the
bottleneck link is set to 1 Gbps, and the link delay is set
to 100 ps. There are 8 long MPTCP flows, each has 2
subflows. And the right server downloads data with different
sizes from the last server at the left. Fig. 5 shows the flow
completion time (FCT) of downloading data with different
sizes (10 KB, 100 KB, and 1 MB). Fig. 5(a) shows the
FCT of small flows. RateMP provides the smallest FCT with
low fluctuation. BALIA and LIA show large average FCTs
with high fluctuation, since they make high queue delay and
easily cause time-out. DCTCP also keeps little fluctuation in
FCTs, but the average FCT is larger than RateMP. Especially,
RateMP reduces FCTs more than 45% compared with other
algorithms when transmitting data of 100 KB.

B. Simulation in Large-scale Networks

Setup. The DCN topology is a 3-tier Fat-Tree topology
with parameter K = 10, including 125 switches and 500
servers. Link bandwidth between switches is 100 Gbps. The
propagation delay between aggregation switches and core
switches is 0.5 ps, and the remaining links are 0.1 ps. Switches
use per-flow ECMP routing [24]. The buffer size of each
switch is set to 4 MB. The RateMP parameters are set to
Koin = 0, Kipaz = 40 KB, Praz = 1, total = C/lOO,
where ¢ = 100 Gbps is the link bandwidth. LIA, BALIA,
XMP, MPCC, DCTCP, DCQCN, BBR, and Swift are used for
comparison. DCTCP, DCQCN, BBR, and Swift are single-path
transmission protocols, which only use one path for each flow.
We generate traffic based on cache follower traffic workload
and DCTCP traffic workload.

Random traffic in the network. Fig. 6 shows the per-
formance of random traffic. The traffic load increases from
0.2 to 1.0. The network traffic is set randomly, where each
server sends to one other server chosen at random. Under
the random traffic, MPTCP benefit for load balancing is
obvious because it is able to use multiple paths to balance
the load to every available link in the network, especially
when the network load is light. When the network traffic
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Fig. 7. Average throughput, RTT, and utility of many-to-many traffic under a Fat-Tree topology.

load is less than 0.4, MPTCP with RateMP, XMP, MPCC,
BALIA, and LIA all achieve higher average throughput than
single path protocols (TCP with DCTCP and BBR, RDMA
with DCQCN and Swift). Among them, RateMP has the
highest average throughput, XMP is the second highest which
is close to RateMP, and the others have lower throughput.
This is because both RateMP and XMP utilize ECN as a
notification for in-network congestion feedback, which is more
accurate for transmission adjustment. Among them, RateMP
uses ECN to provide more accurate feedback on the degree
of congestion in the network, while adding and delay for
auxiliary judgment, so the throughput is the highest. And this
advantage is more obvious when the network load is high. LIA
and BALIA are loss-based algorithms continue to increase the
cwnd until packet loss happens. Despite they working with
RED set up at switches, they still cause relatively long delay
and throughput loss. MPCC is a lightweight online learning
algorithm that relies on the parameter configuration of the
reward in practical. The parameter configuration used in the
experiments is underlying the reference [25]. While MPCC is
better suited to the heterogeneous Internet, it performs poorly
in DCNs. With the increase of traffic load, the throughput of
MPCC becomes even lower than that of single path protocols.
Moreover, RateMP keeps the lowest RTT at around 4.5 ps, and
its RTT grows slightly when the network traffic load increases.

Many-to-many traffic in the network. Then, we simulate
a many-to-many traffic situation. In the Fat-Tree topology,
only the hosts in the first port are chosen as receivers. At
each time, we randomly choose a server as the sender and a
server in the last port as the receiver to transmit data. RateMP,
XMP, BALIA, and OLIA utilize 4 subflows in each MPTCP
connection. DCTCP and DCQCN utilize a single path. Fig. 7
shows the performance of average throughput and RTT of
different algorithms with changing traffic density. When there
are small number of flows in the network, LIA and BALIA
achieve higher throughput than DCTCP and DCQCN. With the
increase of flows, the throughput of LIA and BALIA becomes
less than that of DCTCP and DCQCN. Moreover, LIA and
BALIA have the highest RTT. Since loss-based algorithms
continue to increase the cwnd until packet loss happens, hence
cause long delay. RateMP keeps the highest throughput with
the lowest RTT. Compared with XMP, DCTCP and DCQCN,
which also use ECN detection, the RTT of RateMP keeps low
and increases slightly.

Incast traffic in the network. Fig. 8 shows the experimen-
tal results with an incast (many-to-one) traffic. In the Fat-Tree
topology, each time it randomly chooses a server as sender,
sends data to the last server. MPTCP utilizes 8 subflows in
each connection. The background traffic in the whole network
is set as 0.5, and the incast traffic load increases from 0.2 to
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1.0. RateMP always maintains the highest average throughput.
Fig. 8(a) and Fig. 8(b) are the average throughputs and
FCTs of all flows in the network, respectively. RateMP keeps
a higher average throughput than other algorithms. Loss-
based congestion control algorithms (LIA, BALIA) increase
the cwnd continuously, which results in the collective packet
loss in network congestion and performs the worst. ECN-based
congestion control algorithms (XMP, DCTCP, DCQCN) show
better performance, however, still cause a degradation when
the number of incast flows increases. RateMP keeps low queue
occupancy through a low rate setting, reducing performance
degradation caused by continuous packet loss. Fig. 8(c) and
Fig. 8(d) are the average throughputs and FCTs of small flows
in the network, respectively. With the increase of traffic load,
the number of subflows (of MPTCP) converging at the last hop
increases, causing long queues and intensive continuous packet
loss. RateMP lowers the sending rate, therefore reducing queue
occupancy and achieving smaller FCT than other MPTCP
congestion control algorithms (LIA, BALIA, XMP, MPCC).

VI. RELATED WORK

Multi-path congestion control algorithms: LIA [26] is the
first algorithm that is designed to couple the congestion control
strategies running on different subflows through the growth
rate of correlation subflows. OLIA [27] and BALIA [28]
further improve MPTCP’s load balancing ability through
different designs on window adjustment methods. Coupled
BBR [29] and SBCC [30] are further proposed to enhance the
performance of loss tolerance and shared bottleneck fairness.
ECN-based algorithms, such as XMP [31] and AMP [32],
provide better throughput and delay performance in DCNs.
They use the same ECN-mark mechanism as DCTCP does to
control buffer occupancy in the switch, and make a trade-off
between latency and throughput through different designs on
window adjustment. MMPTCP [33] uses a packet scattering
technique to improve the delay performance of short flows
while it acts as a regular MPTCP for long flows. In Internet,
the change of network conditions is usually unpredictable,
especially in heterogeneous and dynamic network environ-
ments. MPCC [25] designs a utility function apply it to convex
optimization, and decides its sending rates through trial-and-
error. MPCC shows excellent ability to dynamically make
appropriate adjustments to changes in network conditions.

Single-path congestion control algorithms: 1) ECN-
based: ECN-based proposals usually adopt ECN marking
based on instant queue length, such as DCTCP [16],
D2TCP [34], L2DCT [35], and DCQCN [36]. DCTCP is the
most commonly used end-to-end transmission protocol in
DCNs, which enables ECN to estimate congestion probability
and adjust the cwnd in advance. D2TCP and L2DCT build
upon DCTCP. D2TCP focuses on decreasing the likelihood
of missed deadlines for TCP flows, and L2DCT aims to
reduce FCT for short flows. DCQCN works like DCTCP
depending on ECN to modulate sending rates but it is
designed for RDMA. 2) Delay-based: TIMELY [37] and
Swift [38] uses special network interface cards (NIC) to
measure RTT in DCNs at the microsecond granularity,
predict in-network congestion, and keep buffer occupancy
low. 3) In-network telemetry (INT)-based: HPCC [39] and
PowerTCP [40] utilize the INT to obtain detailed switch and
link information [41]. These algorithms generally require
switch or NIC configuration and computing power to break
through traditional performance bottlenecks.

VII. CONCLUSION

In this paper, we analyzed the dilemma that MPTCP
achieves high bandwidth utilization but hinders the perfor-
mance of short-burst traffic in DCNs, and highlighted the
limitation of existing coupled congestion control algorithms.
To overcome this limitation, we proposed RateMP, which
utilizes a hybrid control loop with fine-grained congestion
degree detection to eliminate the limitations. We have imple-
mented and evaluated RateMP, and shown that RateMP can
greatly improve the performance of DCNs, reducing traffic
delay by more than 40% in most cases with high throughput
achievement.
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