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Abstract—TCP Incast problem attracts much attention due to the catastrophic goodput drop. In this paper, a goodput model of the

problem is built to understand why goodput collapse occurs and a solution to the problem based on the theoretical analysis is proposed.

We found that the TCP Incast goodput deterioration is mainly caused by two types of timeouts, one happens at the tail of data blocks

and dominates the goodput when the number of senders is small, while the other one at the head of data blocks and governs the

goodput when the number of senders is large. The proposed model describes the relationship between these two types of timeouts and

the Incast communication pattern, block size, bottleneck buffer size, and so on. The simulation results indicate that the model well

characterizes the features of the TCP Incast problem. Enlightened by the analysis, a PRiority-based solution to the TCP INcast

problem (PRIN) is proposed, which avoids timeouts at the head of blocks by reducing TCP send window and prevents timeouts at the

tail of blocks by leveraging priority technology. The experimental results show that PRIN solves the TCP Incast problem.

Index Terms—Data center network, TCP incast, modeling, goodput, experiment
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1 INTRODUCTION

TCP Incast has risen to be a critical problem recently in
data center networks due to its catastrophic goodput

collapse [2], [3], [4]. Incast, a communication pattern, was
first termed by Nagle et al. in file storage systems [5]. In the
Incast communication pattern, multiple senders concur-
rently transmit data blocks to a single receiver, and any
sender cannot send another data block until all the senders
finish transmitting the current ones. As the number of send-
ers increases, the goodput of the receiver will become lower
than the capacity of the bottleneck link in one or even two
orders of magnitudes. The Incast communication pattern
exists in many popular applications, such as cluster-based
storage systems [5], [6], [7], MapReduce-based applications,
including web research, digital media processing and so on.

Much attempt has been made to avoid the TCP perfor-
mance deterioration in the Incast communication pattern
[2], [3], [4], [8], [9]. However, few work has been done to
understand the radical reasons of the TCP Incast problem
theoretically. In this paper, first a goodput model of the
TCP Incast problem is built to understand the problem in
depth, then enlightened by the goodput model, a simple
TCP modification mechanism, named PRIN, is proposed to
address the problem.

The main challenges of modeling the TCP Incast goodput
are twofold. (1) Most of traditional modeling work on TCP
assumes that the application layer always delivers enough

data to the transport layer [10], [11], [12], [13], [14]. Thus,
the goodput of TCP will not be affected due to insufficient
data from the application layer. However, the workflow in
our model exhibits the Incast communication pattern. All
the senders deliver data from the application layer to the
transport layer synchronously. The laggard sender will
cause that the transport layers of the other ones have no
data to transmit. (2) The proposed TCP Incast goodput
model describes the overall goodput of the bottleneck link
that contains multiple flows instead of focusing on the
throughput of only one flow as traditional TCP goodput
models do. It is difficult to model the interaction of multiple
flows in the Incast communication pattern.

In the proposed TCP Incast goodput model, we summa-
rize that the goodput collapse in the incast communication
pattern is mainly caused by two kinds of TimeOuts (TO).

� Block tail TimeOut (BTTO). It is caused by the special
Incast communication pattern. Since each sender
cannot get the next block data from the application
layer until all the senders finish transmitting the
current ones, if one of the last three packets (assume
three duplicate ACKs are needed to trigger fast
retransmission (FR)) in current block of a sender is
dropped, then the sender will not receive enough
ACKs to trigger FR, a timeout naturally occurs.

� Block head TimeOut (BHTO). BHTO is apt to happen
when the number of senders becomes larger. During
transmitting a block, some senders finish earlier, and
they have to wait for the others to finish without tak-
ing any bandwidth. Therefore, the behindhand flows
will finish their blocks using more capacity on aver-
age, which results that they have larger send win-
dow size on average when finishing their current
blocks. At the beginning of the next blocks, all the
senders inject their whole windows to the small
Ethernet buffer, which usually causes lots of
dropped packets. If a flow unfortunately losses its
whole window, which can easily happen since the
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window of each flow becomes smaller as the number
of senders increases, then it will enter a TO period.

Enlightened by the theoretical analysis results of the TCP
Incast goodput model, we developed a simple mechanism
PRIN which modifies TCP a little and avoids the two kinds
of timeouts, BHTO and BTTO. The proposed mechanism
reduces the send window of each connection at the start of
blocks to avoid BHTOs, and prevents BTTOs by configuring
higher priority for the last three packets at the end of blocks
to prevent them from dropping. The existed priority mecha-
nisms mainly include IEEE 802.1p [15], differentiated serv-
ices code point [16], type Of services [17], and so on. IEEE
802.1p has long been implemented in most switches [18]
and it cooperates with IEEE 802.1q (VLAN). VLAN is
widely used in today’s enterprise networks [19] and is
extended to be virtual eXtensible local area network to
adapt to virtualized data center networks recently [20].
Thus, we employ IEEE 802.1p to configure the priority in
our implementation of PRIN.

The performance of PRIN is evaluated on a real testbed
that is consist of Dell servers, a HP ProCurve 2910al Ether-
net Switch and a Cisco Catalyst 2960G Ethernet Gigabit
Switch. The experimental results demonstrate that the pro-
posed mechanism, RPIN, avoids almost all the TOs and
thus averts the goodput collapse in Incast communication
pattern. From the results, we can also infer that the perfor-
mance deterioration of Incast applications is indeed mainly
caused by BHTOs and BTTOs.

The remainder of the paper is organized as follows. Next
section introduces related work. In Section 3, the main
assumptions and denotations used in our goodput model
are listed. Subsequently, the goodput of TCP Incast with
and without awnd limitation is modeled and validated in
Sections 4 and 5, respectively. In Section 6, the mechanism,
PRIN, is proposed to avoid BHTOs and BTTOs, and the
implementation of PRIN is described. In Section 7, the per-
formance of the proposed PRIN is evaluated on a real
testbed. Finally, the paper is concluded in Section 8.

2 RELATED WORK

The existing approaches to solve the TCP Incast problem
can be classified into three categories.

First, avoiding or reducing TOs by modifying TCP. In [2],
several trials have been made to avoid TOs, such as reducing
the duplicate ACK threshold of entering fast retransmission
from 3 to 1, disabling slow start phase, and trying different
TCP versions. However, most of these methods are ineffec-
tive. Since the serious bandwidth wastage in TCP Incast is
caused by the large RTOmin, which typically equals 200milli-
seconds in TCP, Vasudevan et al. suggested decreasing
RTOmin to microsecond-granularity to reduce the capacity
wastage caused by TOs. This method reduces the bandwidth
wastage caused by TOperiods.However, it does not decrease
the number of TO periods. Since a TCP flow will enter slow
start phase after a TO period, the frequent slow start periods
will possibly reduce the goodput of flows. Besides, small
RTOmin is likely to cause spurious retransmission.

The above methods attempt to modify TCP at the sender
side. Wu et al. proposed ICTCP [8] which controls flow rate
by adaptively adjusting the awnd at the receiver side. The

bottleneck link is assumed to directly connect to the
receiver. The receiver estimates the available bandwidth
and round trip time (RTT) to compute the reasonable awnd

and thus each flow fairly injects proper traffic to the net-
work. However, exact estimation of real-time available
bandwidth and RTT is challenging. Foremost, ICTCP fails
to work well if the bottleneck is not the link that connects to
the receiver as stated in [8].

Second, replacing TCP with other new transport proto-
cols. Some recently proposed new transport protocols for
data centers can also mitigate the TCP Incast performance
deterioration. For example, DCTCP [9] employs explicit
congestion notification technology to avoid packet losses
and thus reduces the number of TOs. In D3 [21], the senders
of delay-sensitive flows compute their expected send rates
and transmit them to switches. Each switch assigns proper
rate for each flow based on the collected rate requirements
to avoid traffic congestion and thus solve the TCP Incast
problem. PDQ [22] provides delay-aware transmission con-
trol by emulating preemptive scheduling mechanisms. pFa-
bric [23] is a novel transport protocol for data center
networks wherein switches provide priority-based schedul-
ing. Flows start at the line rate and throttle back only under
high and persistent packet losses. These new proposed
transport protocols can solve the TCP Incast problem. How-
ever, before they are widely deployed, it is better to design
a light-weight TCP modification mechanism that can be eas-
ily deployed and poses no impact on other kinds of applica-
tions, to solve the TCP Incast problem.

Third, employing mechanisms at other layers. Several
solutions have been proposed at the data link layer. Pha-
nishayee et al. proposed using Ethernet Flow Control to
solve the TCP Incast problem [2]. However, it cannot work
well if multiple switches exist between the senders and the
receiver due to head of blocking. Pan et al. suggest prevent-
ing packet losses by modifying quantized congestion notifi-
cation (QCN) [24], which is an Ethernet layer congestion
control mechanism designed for data center ethernet. Simu-
lation results show that QCN proposed by IEEE 802.1 qau
group fails to solve TCP Incast problem. Thus, QCN is mod-
ified by increasing the sampling frequency at the congestion
point and making the link rate increase adaptively to the
number of flows at the reaction point. Zhang et al. proposed
fair QCN (FQCN) which modifies the congestion feedback
in QCN to improve the fairness of different flows along the
same single bottleneck. However, FQCN requires that the
switch monitors the packet arrival rate of each flow, which
incurs high overhead due to the large number of flows in
data centers. Besides, modifying QCN incurs overhead for
all the other applications except for that with TCP Incast
problem in data center networks since QCN works in the
link layer. At the application layer, Facebook [25] engineers
proposed limiting the number of outstanding requests to
alleviate Incast congestion.

3 ASSUMPTIONS AND NOTATIONS

3.1 Assumptions

3.1.1 TCP Incast Scenario

The bottleneck buffer employs the Drop Tail queue man-
agement scheme. Packets will not be dropped unless the
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bottleneck buffer overflows. Besides, if the number of
senders is larger than the bottleneck buffer size in unit of
packets, then even if each sender transmits one packet,
the bottleneck buffer will be overwhelmed. Therefore,
we assume that the number of senders is smaller than the
buffer size.

3.1.2 TCP

Assume that the TCP version is NewReno, which is popular
in practice. The receiver sends one ACK for each received
packet and ACKs are not lost. The threshold of duplicate
ACKs to trigger FR phase is 3. Since the unabiding slow
start process imposes a negligible impact on TCP througput,
it is igonred in our modeling.

3.2 Notations

Before defining the notations, we first introduce a concept
called round. The first round starts from the beginning of a
congestion avoidance (CA) period and lasts one RTT. The
after round starts from the end of the last round and also
lasts one RTT. A CA period finishes with the next round
after some packets being dropped. If the dropped packets
are detected by the sender through three duplicate ACKs,
then a FR period will be entered, else if through a fired
retransmission timer, then a TO period occurs.

A scenario of TCP Incast is shown in Fig. 1. N senders
transmit data blocks to a single receiver. The bottleneck

bandwidth is C packets per second. The bottleneck buffer
size is B packets. Each packet has the same payload Sp

Bytes. Considering a CA period, let Wi be the window size
of a flow in round i whose duration is Ri. Qi denotes the
queue length of the bottleneck buffer at the end of round i.
The other key notations are summarized in Table 1 for the
sake of terseness.

4 GOODPUT MODEL WITHOUT AWND LIMITATION

The goodput of TCP NewReno [26] in the Incast environ-
ment without awnd limitation will be modeled in this sec-
tion. As aforementioned in Section 1, two types of TOs lead
to TCP goodput drop. We will first show them in Figs. 2
and 3 which are plotted based on the results of simulations
conducted on the ns-2 platform.

Fig. 2 shows the scenario where BTTO happens. Eight
senders transmit synchronized data blocks to the same
receiver. The figure plots the window evolution of two send-
ers among them. A pentagram plotted at ðt; 20Þ represents

Fig. 1. A scenario of TCP Incast, where multiple senders concurrently
transmit data blocks to a single receiver.

TABLE 1
Key Notations in Our Model

Not. Description

Wm Window size when some of the N flows begin to drop
packets

Wn Expected maximum window size
Wl Advertised window size of the receiver
D Propagation delay between each sender and the receiver
TC
N

Expected duration of a CA period with totalN flows

Y C
N

Expected number of packets successfully transmitted in a
CA period

Nm The number of flows which lost packets when window
size isWm

Y B The block size in unit of packets

Y F
N

Expected number of successfully sent packets in a CA
+ FR period

TF
N

Expected duration of a CA + FR period
N� Critical point between BHTO dominating goodput and

BTTO doing
G Goodput of the receiver without advertised window lim-

itation
Gl Goodput with window limitation

Fig. 2. The scenario where BTTO happens. N ¼ 8 senders concurrently
transmit packets to the same receiver. The packet size Sp ¼ 1KB, bottle-
neck bandwidth C ¼ 1 Gbps = 12:5pkts, buffer B ¼ 64 packets, synchro-
nized block Sb ¼ 1; 024KB. The advertised window of the receiver is set
to 1; 000 packets. We can see that as long as one flow enters a TO
period at the end of a block, the other flow will also undergo a TO period.

Fig. 3. The scenario where BHTO happens. The main parameters of this
scenario are: N ¼ 32; Sp ¼ 1KB;B ¼ 64; Sb ¼ 256KB;C ¼ 12:5 pkts.
The window evolutions of sender 1, 5, 6 are plotted to illustrate BHTO.
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that a block finishes at time t. The big X represents that a
retransmission timer is fired. The awnd of the receiver is set
to 1;000 packets, which is large enough that it has no impact
on the sendwindow evolution. We can see that at about time
t ¼ 0:79 s, sender 1 finishes Block 10 and then the window
size does not vary. While sender 2 suffers a TO period before
finishing Block 10 during time about ð0:79 � 0:98Þ s. By
observing the congestion window evolution of flow 2, we
found that the penultimate packet of Block 10 of sender 2
was dropped. Although the last packet of Block 10 was suc-
cessfully transmitted, only one duplicate ACK was received
by sender 2. What’s more, according to the Incast communi-
cation pattern, the packets of Block 11 will not be delivered
to the transport layer from the application layer until all
senders finish Block 10. Therefore, sender 2 has to wait until
the retransmission timer fires at about 0:98 s. A timeout event
happens. Then sender 2 retransmits the dropped packet, and
then Block 10 is finished. With respect to sender 1, although
it finishes Block 10 much earlier than sender 2, it cannot get
the data of Block 11 immediately since sender 2 does not fin-
ish Block 10 yet. Hence, it also waits until sender 2 finishes
Block 10. The bandwidth is wasted during 0:79 � 0:98 s,
which deteriorates the goodput.While at about 1:25 s, sender
1 delays finishing Block 14 due to the same kind of timeout
and therefore also degrades goodput.

Fig. 3 illustrates the situation where BHTO happens.
N ¼ 32 flows concurrently send packets to the same
receiver. The advertised window size of the receiver is also
set to 1;000 packets. We plot three of the 32 flows to illus-
trate the behavior of BHTO. The pentagram represents that
a block is finished. At time 0:325 s, all the senders begin to
transmit Block 2. We can see that sender 6 finishes Block 2
at about 0:35s. Unfortunately, sender 1 and 5 do not receive
any ACKs and thus their windows do not change. Through
tracking the simulation data, we can find that both sender 1
and 5 lose all packets sent in their first windows at the
beginning of Block 2 and thus no new and duplicate ACKs
are fed back to the sender. Therefore, their retransmission
timers fire at about time 0:52 s. And at 0:56 s, both of them
finish Block 2. It can be inferred that all the other flows also
finish Block 2 before 0:56 s since the transmission of Block 3
begins at this moment. With respect to Block 3, all the three
senders luckily finish their third Block soon without under-
going TO periods. However, they do not continue to trans-
mit Block 4 at once, which implies that some other flows
delay finishing their third Blocks.

Through investigating numerous simulation data, we
found that BTTO dominates TCP goodput when N is small
while BHTO does when N is large. Let N�ð1 � N� � NÞ
denote the critical value between these two situations. We
will first model the goodput when N is small where BTTO is
themain factor of degrading TCPperformance. Subsequently,
N� will be computed and the goodput whenN is large where
BHTO largely deteriorates TCP goodputwill bemodeled.

4.1 Goodput As N < N�

4.1.1 Dynamics of Queue Length

During the ith round of a CA period, N senders transmit
data to one receiver. Then NWi packets will be injected into
the bottleneck buffer, and CRi packets will be served by the

bottleneck link. Thus, we can obtain Qi, the number of pack-
ets in the queue at the end of the ith round, as follows:

Qi ¼ minfðQi�1 þN �Wi � C �RiÞþ; Bg; (1)

ð�Þþ equals ð�Þ if ð�Þ > 0, else equals 0.

4.1.2 Relationship between RTT and Queue Length

Assume that the queue employs First-Come-First-Served
model and the propagation delay between each source to
the destination is a constant value D. As a rough approxi-
mation, Ri is the sum of the propagation delay and the
queuing delay as follows:

Ri ¼ E DþQi�1 þ f

C

� �
; (2)

where f is a stochastic variable which models the possible

longer queuing delay of the transmitted packets than Qi�1
C in

round i. Clearly, the first packet transmitted in round i will

undergo Qi�1
C queuing delay since the queue length at the

end of round ði� 1Þ is Qi�1. However, the afterwards pack-
ets will suffer longer queuing delay if the rate of the arrival
traffic is larger than the departure rate.

4.1.3 Number of Packets Successfully Transmitted in a

CA Period

Fig. 4 illustrates the congestion window evolution in a CA
period. The window size increases by 1 in each round
iði > 1Þ until some packets are dropped at round n. Rounds
ð1 � nþ 1Þ form a CA period. Let Wn be the maximum con-
gestion window size in a CA period. dn packets will be lost
when the window size becomes Wn. In the last round, bn

packets will be transmitted. Therefore, the number of suc-
cessfully transmitted packets Yn in a CA period is

Yn ¼ Sn þ bn � dn; (3)

where Sn ¼ PWn
2
j¼0ðWn

2 þ jÞ ¼ 3
8 ðWnÞ2 þ 3

4Wn.
Now compute the maximum window size Wn. Accord-

ing to Eqs. (1) and (2), we can infer

Qi ¼ minfðNWi � CD� fÞþ; Bg: (4)

In a CA phase, the difference between Qi and Qi�1 is
about N according to Eq. (4). The first packet in round i suf-

fers Qi�1
C delay, and the last packet in round i suffers

Qi
C ¼ Qi�1þN

C delay. Since the arrival rate and departure rate

Fig. 4. Congestion window evolution during a CA period.
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are both constant, we can infer that EðfÞ ¼ N
2 . If Qi > B, i.e.,

Wi >
CDþBþN

2
N , some packets will be dropped. Let

Wm ¼ CDþB

N
þ 1

2

� �
þ 1: (5)

In the mth round, approximately Nm ¼ NWm� bCDþ
N
2 þBc packets will be dropped. Obviously, 1 � Nm � N .

Since the windows evolutions of all the flows are synchro-
nized when N is small, their packets will be fairly dropped.
So we can infer that about Nm flows will lose one packet
each. While the window of the other ðN �NmÞ flows will
increase toWm þ 1. Assume that each of the ðN �NmÞ flows
will lose one packet when their window sizes are Wm þ 1,
we can get the maximum window size in a CA period

Wn ¼ Wm; with probability Nm
N ;

Wm þ 1; with probability ð1� Nm
N Þ:

�
(6)

Hence, the expected number of packets successfully
transmitted by one ofN flows in a CA period, Y C

N , is

Y C
N ¼ Nm

N
Ym þ 1�Nm

N

� �
Ymþ1

� �
: (7)

Assume bi uniformly distributes between 1 and Wi, then

its expectation EðbiÞ ¼ Wi
2 . Based on the analysis above,

we have dm ¼ dmþ1 ¼ 1. Hence, from Eqs. (3) and (7), we
can obtain

Y C
N ¼ E

��
Nm

N
ðSm þ bm � dmÞ

þ
�
1�Nm

N

�
ðSmþ1 þ bmþ1 � dmþ1Þ

��

¼
�
3

8
ðWmÞ2 þ 2Wm þ 5

8
�
�
3

4
Wm þ 13

8

�
Nm

N

�
:

(8)

4.1.4 Duration of a CA Period

Assume Qi�1 > 0ð1 � i � nÞ, namely, there are backlog in
the buffer during CA phases. Combining Eqs. (2) and (4), we

have Ri ¼ NWi�1
C . Since W1 ¼ Wn

2 , according to the window

regulation law in slow start phases, the window size W0

before the first round should be Wn
4 . Thus, the duration Tn of a

CA periodwith themaximumwindow sizeWn is as follows:

Tn ¼
Xnþ1

i¼1

Ri ¼ N

C

� 3

8
ðWnÞ2 þWn

�
: (9)

Similar to the analysis of computing the number of the
successfully transmitted packets Y C

N in a CA period, the

expectation of the duration TC
N of a CA period is

TC
N ¼ Nm

N
Tm þ

�
1�Nm

N

�
Tmþ1

¼ N

C

�
3

8
ðWmÞ2 þ 7

4
Wm þ 11

8
�
�
3

4
Wm þ 11

8

�
Nm

N

�
:

(10)

4.1.5 Probability of Block Tail Timeout

Fig. 5 illustrates a timeout event which happens at the tail of
blocks. As long as any one of the last three packets in a block
is lost, a timeout event will appear due to inadequate ACKs
to trigger FR. As shown in Fig. 5, the third packet from the
end of Block h is lost, then even if the last two packets of
Block h are successfully transmitted, the sender can receive
only two duplicate ACKs, which insufficiently triggers a FR
procedure. Then, when the retransmission timer fires, a TO
event occurs. We refer to this type of TO as BTTO. Next, the
probability of this event occurrence is deduced.

The number of packets successfully transmitted by a flow
during a CA period is Y C

N . The number of packets that a

block contains, denoted by Y B, is Y B ¼ dSbSpe, where Sb; Sp

are the sizes of a block and a packet, respectively. If a TO
period appears after k CA periods, then at least one lost
packet in the kth CA period is one of the last three packets
in a block, namely

kY C
N � a ¼ hY B � b; k and h are integers; (11)

where a, a stochastic variable, is the number of packets suc-
cessfully transmitted after a lost packet in the kth CA
period. If a packet is dropped in round n, then a ¼ Wn � 1.
Based on the model of the maximum window size Wn

defined in Eq. (6), we have

a ¼ Wm � 1; with probability Nm
N ;

Wmþ1 � 1 ¼ Wm; with probability
	
1� Nm

N



:

�
(12)

If ðkY C
N � aÞ is just one of the last three packets in the hth

Block, then a TO period will appear. hY B � bðb 2 f0; 1; 2gÞ
models one of the last three packet in the hth Block.

Denote yðxÞ ¼ minfkjkY C
N � hY B ¼ xg. For a specific a

value and a flow f , the number of CA periods between two
successive TO periods is

kfa ¼ minfyðaÞ; yða� 1Þ; yða� 2Þg: (13)

Now considerN flows. If at least one of theN flows enters
a BTTO period, the other flows will also wait for a period
which almost equals the BTTO period even if they have suc-
cessfully transmitted Block h (Fig. 2). This is because they
cannot get the next block data from the application layer.
Therefore, the probability of the BTTO period of a flow is the
maximumprobability of BTTO of theN flows.

Fig. 5. The scenario where a BTTO happens.
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Let kmin be the number of CA periods between two suc-
cessive TO periods when there are totalN flows. Define

a1 ¼ Wm � 1; if kfWm�1 < kfWm
;

Wm; else;

�
(14)

and fa2g ¼ fWm � 1;Wmg � fa1g, then we have

kmin ¼ kfa1 ; with probability 1� ðPr½a ¼ a2	ÞN;
kfa2 ; with probability ðPr½a ¼ a2	ÞN:

(
(15)

Thus, the expectation of kmin is

EðkminÞ ¼ kfa1ð1� Pr½a ¼ a2	ÞN þ kfa2Pr½a ¼ a2	N: (16)

Hence, the probability of entering a TO period from a CA
period is PO ¼ 1

EðkminÞ.
Now compute the duration of a TO period TO. A TO

period possibly contains several timeouts and ends with a
successfully retransmitted packet. In our model, the win-
dow evolution of all the flows can be assumed to be syn-
chronized when N is small, and the packets will only be
dropped when the bottleneck buffer overflows, so the
retransmitted packet after the first timeout in a TO period
will be successfully transmitted if N < B since the windows
of all the flows start from 1 after a timeout. Let T0 denote the
duration of the first timeout duration, which usually equals
RTOmin since the RTT of data center networks is quite
small. The duration of a TO period equals the first timeout

duration, namely, TO ¼ T0.

4.1.6 Goodput

When N < N�, at the end of each CA period, a TO period

happens with the probability PO. Thus, TCP goodput G1 as
N < N� is calculated as follows:

G1 ¼ N
Y C
N

TC
N þ POTO

Sp

¼ NSpb38W 2
m þ 2Wm þ 5

8 � ð34Wm þ 13
8 ÞNm

N c
N
C ð38W 2

m þ 7
4Wm þ 11

8 � ð34Wm þ 11
8 ÞNm

N Þ þ POT0

:

(17)

Remarks. If there are only CA periods, then according to
the expression of Y C

N and TC
N , TCP goodput of all the N

senders approximately equals C no matter what values

N;B; Sb take. Therefore, the probability of TO periods, PO,

is the main factor of degrading goodput. PO is decided by
whether the lost packet is one of the last three packets in a
block, which has negative correlation to the Least Common

Multiple of Y B and Y C
N , i.e., LCMðY B; Y C

N Þ. Thereby, larger
block size Y B decreases PO and thus improves goodput G1.

4.2 Goodput As N > N�

4.2.1 Calculation of N�

By observing simulation results, we found that when N
becomes relatively large, most TO periods happen at the
beginning of blocks. While few TO periods happen in the
subsequent rounds. This is because some flows will have
larger window sizes at the end of current block if the other

flows finish their blocks earlier. Besides, each flow injects all
the packets into networks according to its window size at a
quite short interval at the start of the next block. If these
packets cannot be accommodated by the buffer, some of
them will be dropped. A unlucky flow, which unfortunately
loses its whole window, will enter a TO period. While in the
subsequent rounds, the congestion windows are regulated
by CA procedures. Only one packet is transmitted after an
ACK is received. Hence, there are less traffic burst. All the
flows lose packet more fairly than that at the beginning of a
data block transmission. And the flows will timely respond
to packet droppings and thus few TO events appear due to
full window losses. We refer to the TO periods that occur at
the start of blocks as Block head TimeOut.

In reality, the numbers of the two types of TO periods,
i.e., BTTO and BHTO, per data block vary with different
number of senders N . Next the critical point N� is com-
puted. If N� senders transmit data to the same client, then
on average one flow will suffer a BHTO period in each
block. When N < N�, BTTOs are dominative, while when
N 
 N�, BHTOs are significant.

To determine whether a flow enters a TO period at the
beginning of Block b, we first compute the number of lost
packets Db at the first round of its transmission. Let Ab be
the expected summation of the first windows of all the flows
at the start of Block b. If all the windows of the N flows vary
synchronously, then the windows of all the flows uniformly

distribute between Wn
2 and Wn. While the system can accom-

modate about NWn packets. Hence, in theory few packets
will be lost at the start of Block b. However, simulation
results tell that when N becomes large, the asynchronism of
the windows evolutions cannot be ignored. As stated in
Section 4.1.3, Nm flows lose packets when their congestion
window sizes equal to Wm while the window of the other
ðN �NmÞ flows continue to increase. Hence, approximate
ðN �NmÞ flows will finish transmitting Block ðb� 1Þ earlier
than the other Nm flows. Then the Nm flows will compete
for the bandwidth of the bottleneck link to transmit their
remaining ðb� 1Þth Blocks. Therefore, at the start of Block b,

the windows of the ðN �NmÞ flows take values between Wm
2

and Wm, while the windows of the other Nm flows uni-

formly distribute between WNm
m
2 andWNm

m . Let

WNm
m ¼ bCDþB

Nm
þ 1

2c þ 1; Nm > 0;
Wm; Nm ¼ 0:

�
(18)

Hence, we can obtain that

Ab ¼ ðN �NmÞ � 3

4
Wm þNm � 3

4
WNm

m : (19)

The number of dropped packets Db at the beginning of
Block b is the difference between the arrival and the summa-
tion of departure plus the backlog in the buffer, namely

Db ¼ Ab � ðtC þBÞ; 0 < h < 1; (20)

where t is the maximum time spent by the senders injecting

the packets in their first windows. Since WNm
m 
 Wm, and

the capacity of the link between each sender and the inter-
mediate switch is C packets, the maximum time taken by

the senders is t ¼ WNm
m
C .
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Next let us compute the number of flows suffering a TO
at the start of Block b. Assume that the arrival rate to the bot-
tleneck buffer, denoted by r, is constant. As shown in Fig. 6,
if all the flows totally spend time tðAbÞ1 injecting their first
windows to the network, then during time tðI1ÞðtðI1Þ <
tðAbÞÞ, no packets will be dropped since I1 ¼ BþO1, where
O1 is the number of packets served by the bottleneck link
during tðI1Þ. However, some packets could be lost if the
arrival rate is larger than the capacity of the link during
tðI2Þ. The probability Pt that a flow starts during tðI2Þ is

Pt ¼ tðI2Þ
tðAbÞ ¼

rtðI2Þ
rtðAbÞ ¼

I2
Ab

:

Therefore, the expected number of flows Nt which starts
during tðI2Þ is

Nt ¼ N � Pt ¼ N � I2
Ab

: (21)

All the lost packets Db are dropped during tðI2Þ. Thus,
the packet loss probability Pp is Pp ¼ Db

I2
. Then the probabil-

ity Pw that all the packets of a windowW are dropped is

Pw ¼ ðPpÞW ¼
�Db

I2

�W

: (22)

Since the link capacity is constant, the number of
departure packets during tðI1Þ is O1 ¼ tC � I1

Ab
. Therefore,

we can obtain that I1 ¼ Bþ tC � I1
Ab
. Clearly Ab ¼ I1 þ I2,

Therefore,

I2 ¼ Ab � BAb

Ab � tC
: (23)

Combining Eqs. (21)-(23), we can obtain that the expected
number of flows entering TO period after the first round is

NO ¼ Nt � ðPpÞW ¼ N 1� B

Ab � tC

� �
� Db

Ab � BAb
Ab�tC

0
@

1
AW

;

hereW ¼ ð1� Nm
N Þ � 3

4Wm þ Nm
N � 3

4W
Nm
m is the expected first

window size of each flow.
The minimum N , which enables NO ¼ 1, isN�.

4.2.2 Goodput

When N ¼ N�, on average one flow will enter a TO period
at the beginning of each block. And when N > N�, we can
infer that on average ðN� � 1Þ lucky flows can transmit a
block without undergoing any TOs, and the other
ðN �N� þ 1Þ flows will enter a TO period. Assume that the
ðN� � 1Þ lucky flows can finish their blocks during this TO
period. Then, after the TO period, the other ðN �N� þ 1Þ
flows compete for the bandwidth to transmit packets. All of
their windows start from 1, and they transmit a packet only
after receiving an ACK. They can relatively fairly use the
bandwidth of the bottleneck link without full window
losses. But their maximum window sizes are very small
when N is large, the FR periods are so frequent that the cor-
responding time cannot be ignored.

Let TF denote a CA period plus the subsequent FR
period. Similar to the analysis as N < N�, we need to com-
pute the number of packets successfully transmitted in a TF

period by one of the ðN �N� þ 1Þ unlucky flows, Y F
N�N�þ1,

and the duration of a TF period, TF
N�N�þ1. NewReno will

enter into FR after receiving three duplicate ACKs. If the
current window is W , d packets are dropped, then the con-

gestion window is ðW2 þW � dÞ since each duplicate ACK

increases the window by 1 [11]. If d < W
2 , then ðW2 � dÞ pack-

ets will be transmitted. According to the analysis of comput-

ing Y C
N in Section 4.1.3, when the window size reachesWn, a

flow will drop one packet, i.e., d ¼ 1. Hence, in FR, a flow

will send ðWn
2 � 1Þ packets. In our model, we only consider

N � B, which implies that Wn
2 > 1. Assume the packets in

the first cycle of a FR period, which lasts about D, are suc-
cessfully sent, then we can get

Y F
ðN�N�þ1Þ ¼ Y C

ðN�N�þ1Þ þ
Wn

2
� d (24)

TF
ðN�N�þ1Þ ¼ TC

ðN�N�þ1Þ þD: (25)

The time that one of the ðN �N� þ 1Þ unlucky flows
spends transmitting a block determines when the next block
can be transmitted. Since the ðN� � 1Þ flows can finish their
blocks in a TO period and the other flows will not undergo
more TOs after the first round, the time that a unlucky flow
needs to finish one block is

TB ¼ T0 þ Y B

Y F
ðN�N�þ1Þ

TF
ðN�N�þ1Þ: (26)

Therefore, we can get the goodput G2 asN 
 N�

G2 ¼ N � Y B

TB � Sp ¼
NSpY

BY F
ðN�N�þ1Þ

T0Y
F
ðN�N�þ1ÞþY BTF

ðN�N�þ1Þ
: (27)

Combining Eqs. (17) and (27), we can obtain that the TCP
goodput of N senders concurrently transmitting data blocks
to a receiver is

G ¼
NSp

�
3
8W

2
mþ2Wmþ5

8�ð34Wmþ13
8 Þ

Nm
N

�
N
C

	
3
8W

2
mþ7

4Wmþ11
8�ð34Wmþ11

8 Þ
Nm
N



þPOT0

; N < N�;

NSpY
BY F

ðN�N�þ1Þ
T0Y

F
ðN�N�þ1ÞþY BTF

ðN�N�þ1Þ
; N 
 N�:

8>><
>>:

Fig. 6. The behavior of the packets in the first windows of all the flows at
the beginning of Block b.

1. tðxÞ represents the time taken by transmitting x packets, i.e.,
tðxÞ ¼ x

r.
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4.3 Validation

In this section, we validate our model through simulations
on the ns-2 platform in scenarios with different buffer size
and different data block size, and discuss the impact of
some parameters upon TCP Incast goodput. The module for
TCP Incast is developed by Phanishayee et.al. in [2]. The
RTOmin is set to 0:2s.

4.3.1 Different Buffer Size B

Figs. 7, 8, and 9 show the normalized goodput of our
proposed model and simulation results with different
buffer size B. The title of the graph indicates the bottle-
neck link capacity C, the bottleneck buffer size B, the
synchronized data block Sb, the propagation delay D,
and the packet size Sp.

The model well characterizes the general goodput ten-
dency of TCP Incast, which indicates that the two types of
TOs, BTTO and BHTO, indeed are the essential causes of
the TCP Incast problem. Besides, we found that the critical
point N� is just the goodput collapse point. Specifically,
when N < N�, i.e., before goodput collapse, some model
results are not in conformity with the simulation data. The
reason is that the frequency of BTTO is quite sensitive to the
location of the lost packet since the lost packet must be one
of the last three packets in a block. Therefore, the imprecise
number of packets successfully transmitted in a CA period

Y C
N and locations of lost packets will both have negative

impact on the accuracy of the model. When N > N�, the
model results are almost the same as the simulation data
with different buffer size.

From the three simulation curves in Figs. 7, 8, and 9, we
can summarize three features. (1) Larger buffer size B
improves the whole goodput with different N . This fact can
be explained by our proposed model. Larger buffer size B

augments the maximum window size Wm ¼ bCDþB
N þ 1

2c þ 1.

Then the expected number of packets successfully transmit-

ted in a CA period, Y C
N , increases. When N < N�, the proba-

bility of a TO period has a negative correlation with

LCMðY C
N ; Y BÞ, hence the goodput has an ascendant trend as

B increases. When N > N�, large maximum window
size decreases the time taken by one of the ðN �N� þ 1Þ
unlucky flows transmitting a block, namely, TB ¼ T0þ

Y B

Y F
N�N�þ1

TF
N�N�þ1 becomes small. Thus,G2 increases. (2) Large

Bmakes the critical point N� shift right. Before goodput col-
lapse, that is, when the number of senders N is smaller than
the critical point N�, the goodput largely depends on BTTO,
while as N > N�, goodput is mainly determined by the fre-
quency of BHTO,whichwill severely decrease TCP goodput.
Larger buffer can makeN� shift right since it can cache more
packets. Therefore, larger B delays the onset of goodput col-
lapse. (3) After the critical pointN�, goodput becomes larger
as N increases. The goodput of a flow is quite low when N
equals N�. However, the goodput slowly increases as N
becomes larger. This can be explained using our model.

Transmitting a block spends time TB ¼ T0þ Y B

Y F
N�N�þ1

TF
N�N�þ1.

In our analytical model, a TO period lasts only one timeout,
namely, its duration equals T0. Hence, when N becomes
large, although the unlucky flows spendmore time transmit-
ting their blocks, the time taken by the TO period keeps

unchangeable. Thus, larger N increases TB a little. But the
increment is quite small compared with T0. Hence, goodput
slowly increases with larger number of senders N . In fact,
whenN becomes very large, packets will likely be lost in the
TO periods due to more severe bandwidth contention, that
is, a TO period will possibly take longer time than T0. In our
model, we do not take this longer TO into consideration, so
the analytical results slightly deviate from the simulation
data when N becomes quite large. The gap between the
model results and the simulation data is more obvious when
the buffer size is small, this is maybe because the probability
that longer timeout periods happen is larger when the buffer
size is small.

4.3.2 Different Synchronized Data Block Sb

Figs. 10, 11, and 12 plot the proposed model and simula-
tion results with different block size Sb. We can see that
the goodput becomes larger when the block size
increases. But large block size has little impact on the
onset of goodput collapse. According to our model, block
size Sb is irrelative to the maximum window size. There-
fore, the goodput of a CA period does not vary. WhenFig. 8. Normalized goodput with 128 KB buffer.

Fig. 7. Normalized goodput with 64 KB buffer. Fig. 9. Normalized goodput with 256 KB buffer.
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N < N�, the probability of a TO period has a negative cor-

relation with LCMðY C
N ; Y BÞ. Hence, when Sb becomes

large, the probability that a TO period happens will have
a decline tendency and consequently the goodput will
increase. When N > N�, since on average one TO happens
in each block. Thereby, when the block size becomes
large, the ratio of the time wasted by a TO period to the
time spent by unlucky flows transmitting packets
becomes smaller. As a result, the goodput increases.

4.3.3 Parameter Analysis

N� is a quite important point since it is the critical point of
the goodput collapse. We conducted a series of simulations
with different N;B;C, and obtained the value of N� using
our analytical model. The results are presented in Figs. 13
and 14. We can see that the critical point is mainly related to
B, while the bandwidth of the bottleneck link has little
impact on it. This is because the window of a flow becomes
larger as C increases with a specificN , the number of served
packets also increases during the first round of a block.
These two impacts just counteract and thus larger C does
not enlarge the probability of BHTO. Therefore, larger C
does not delay the onset of goodput collapse. With respect
to the buffer size, larger buffer size can temporarily accom-
modate more packets to prevent them from being dropped.
Hence, larger B can delay the onset of goodput collapse.
However, larger buffer size will increase the end-to-end
delay and is not economical. Thus, the commodity switches
in data centers usually employ shallow buffer.

5 GOODPUT WITH AWND LIMITATION

The model above is based on the premise that the window
limitation of the receiver is so large that its impact can be
neglected. In this section, the window limitation Wl will be
taken into account.

5.1 Model

5.1.1 Wl < Wm

All the windows stop increasing after reaching Wl if
Wl < Wm. Based on our analysis, no packets will be dropped.
Therefore, all the flows keep transmitting data at the rate of
Wl
Rl
. Since they are totally synchronous, all the flowswill finish

transmitting a block almost at the same time. No senders
need to wait for other sluggish senders. Thus, the goodput
whenwindow limitationWl is smaller thanWm is

Gl ¼ NSp
Wl

Rl
: (28)

In Eq. (4), the dynamics of the queue system is modeled
as Qi ¼ minfðNWi � CD� fÞþ; Bg. The window limitation

Wl < Wm indicates that Qi < B. Thus Qi ¼ ðNWi � CD� fÞþ.
Since f describes the difference between Qi�1 and Qi, while
Wi�1 ¼ Wi ¼ Wl, hence Qi�1 ¼ Qi and further f ¼ 0. Thus,

Qi ¼ ðNWi � CDÞþ. From Eq. (2), we can get that Rl ¼ NWl
C if

NWl � CD > 0, else Rl ¼ D. Finally, we can obtain the
goodput whenWl < Wm as follows:

Gl ¼
NSpWl

D ; Wl � CD
N ;

CSp;
CD
N < Wl < Wm:

�
(29)

5.1.2 Wl ¼ Wm

When the windows of N flows increase to Wm, the win-

dows of Nm flows will drop to Wm
2 due to one lost packet

based on the analysis in Section 4.1.3, and the other
ðN �NmÞ flows will keep Wm until the windows of the
Nm flows increase to Wm again. Then another Nm flows

will drop to Wm
2 . Consequently, in a CA period, the

expected number of successfully transmitted packets is

Fig. 11. Normalized goodput with 128KB block.

Fig. 10. Normalized goodput with 64 KB block. Fig. 12. Normalized goodput with 512KB block.

Fig. 13. Critical pointN� with different B and C ¼ 1 Gbps.
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Ŷ C ¼ Nm

N
Ym þ 1�Nm

N

� �
WmTm; (30)

where Ym and Tm is defined in Eqs. (3) and (9), respectively.
The expected duration of a CA period is T̂ C ¼ Tm. Thus,

the goodput with window limitation ðWl ¼ WmÞ is

Gl ¼ NSpŶ
C

T̂C
;Wl ¼ Wm: (31)

5.1.3 Wl 
 Wmþ1

When Wl is larger than Wm, the goodput of TCP Incast will
not be affected by the advertised window size, thus we have

Gl ¼ G; Wl 
 Wmþ1: (32)

5.2 Validation

Fig. 15 shows the impact of the advertised window of the
receiver on the goodput. We select a typical Wl ¼ 10,
According to Eqs. (29)-(32), we get that

1) As N ¼ 1;Wl <
CD
1 , hence, Gl ¼ NSpWl

D .
2) As N 2 ½2; 8	, CDN < Wl < Wm, hence Gl ¼ CSp.

3) As N ¼ 9,Wl ¼ W 9
m, hence Gl ¼ NSpŶ

C

T̂C .

4) As N > 9,Wl > Wm, hence Gl ¼ G.
The results shown in Fig. 15 validate that our model is

accurate, and the advertised window Wl can directly affect

the goodput if there are Ni flows as well asWl � WNi
m .

Remarks. From Eq. (29), we can infer that if the advertised
window size is larger than CD

N and smaller than Wm, then
the maximum aggregate throughput can be achieved. The
simulation results corroborate the conclusion. Besides,
ICTCP [8] solves TCP Incast problem by adjusting awnd to a
proper value.

6 SOLVING TCP INCAST PROBLEM USING

PRIORITY

From the throughput model of the TCP Incast problem, we
can infer that BHTO and BTTO should be eliminated to avoid
the TCP Incast goodput collapse. Next, we will first present
our priority-based solution to the TCP Incast problem, PRIN.
Then the implementation of PRIN is described. At last,the
performance of PRIN is validated on a real testbed.

6.1 Details of PRIN

6.1.1 Avoiding BHTO

BHTO occurs at the start of each data block due to too large
accumulated initial congestion window size. Synchronously

sending a large amount of data at the same time will over-
whelm the small switch buffer and thus cause many packet
losses. To avoid BHTOs, the congestion window size of
each flow is reduced at the beginning of every data block.

Then how large the initial window size should be? From
Eqs. (5), (18), and (19), we can infer that the aggregated con-
gestion window size at the start of each data block is

Ab ¼ ðN �NmÞ � 3

4
Wm þNm � 3

4
WNm

m

� ðN �NmÞ � 3

4
Wm þNm � 3

4
Wm � N

Nm

� �

< 2N � 3

4
Wm:

(33)

Normally if N long-lived TCP flows, without limitations
at the application layer, compete for a bottleneck, the sum-

mation of their window sizes is approximate N � 3
4Wm.

Thus, the initial window of each flow should be multiplied

by 1
2. If the value is smaller than the slow start window size,

which equals 2 if delayed ACK is enabled, otherwise 1, the
slow start window size is used as the initial window.

6.1.2 Preventing BTTO

BTTO occurs if at least one of the last three packets is lost at
the tail of data blocks. In this case, senders cannot receive
enough duplicate ACKs to trigger the fast retransmission
period and thus have to retransmit the lost packets after the
retransmission timer fires. To address this problem, we can
either retransmit the lost packets in advance or prevent the
last three packets from dropping. In the former method, it is
hard to determine a proper duration before retransmitting
the packets. A small value possibly incurs many unneces-
sary retransmissions, while a large value causes much band-
width wastage. Thus, in PRIN, we use a higher priority to
ensure the successful transmission of the last three packets.
Three packets are set to higher priority since generally three
duplicated ACKs are needed to trigger the TCP FR/FR pro-
cedure [27].

6.2 Implementation

Our algorithm is implemented in Linux kernel with version
2.6.18. The flags in the socket interface between the applica-
tions and TCP is used as an on-off switch to enable or disable
our algorithm. To ensure that TCP can work normally when
our modification is disabled, TCP header is not modified
and no new TCP options are added. The implementation of

Fig. 14. Critical pointN� with different B and C ¼ 10Gbps. Fig. 15. Normalized goodput with window limitationWl ¼ 10.
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PRIN has a slight change to TCP kernel. The patch of our
algorithm only contains decades of lines of codes.

The implementation contains three parts: notifying data
block boundaries, reducing the initial congestion window at
the start of each block and configuring priority to the last
three packets at the end of every block.

6.2.1 Notifying Block Boundary

Applications can use the parameter flags of the socket API,
i.e., flags in function ssize_t send (int s, const void* buf, size_t
len, int flags), to notify TCP layer the block boundary. The
type of flags is signed integer, which has 31 bits to be used.
Until now, the maximum used flags is 0x800 (MSG_MORE
since Linux kernel 2.4.4) which tells TCP that the applica-
tion has more data to send. Hence, we use the 16th bit in
flags to notify TCP that the data in buf is the beginning of
the current data block. Besides, the 17th bit is used to notify
TCP layer to fragment packets in advance. Also, we use this
flag as the on-off switch mentioned above to indicate
whether our algorithm is enabled.

6.2.2 Reducing Congestion Window at the Start

of Blocks

If the 16th bit of the flags is set to 1, it can be inferred that a
new block starts, then the congestion window will be multi-
plied by 1

2. The lower bound of the initial window size is set
to 2 since the delayed ACK mechanism [28] is enabled in
default, which delays the first ACK for 40ms if no other
ACKs are to be sent.

6.2.3 Configuring Priority

IEEE 802.1p is employed in our implementation. Thus, we
first configure VLAN in our testbed to enable VLAN tag, then
the last three packets of a data block are set higher priority.

VLAN configuration. With VLAN tag, higher priority can
be set for the last three packets. For Linux hosts, the com-
mand vconfig add [interface-name] [vlan-id] can add a virtual
network interface card, which needs corresponding new IP
address and network mask. Packets sent from the virtual
interface card will have VLAN tag automatically. To config-
ure a VLAN at a switch, all the ports of it are configured to
be trunk mode. Trunk mode can support multiple VLANs
in one local area network. Fig. 16 shows the VLAN configu-
ration in our experiment. A VLAN named 100 is configured
by adding a virtual network interface eth0:100 to each PC.
N þ 1 black lines form default LAN with 192:168:0:x net-
work segment, while N þ 1 red dashed lines form VLAN
100 with 192:168:100:x network segment. Applications can

choose proper destination IP address to use default LAN or
VLAN 100.

TCP fragmentation. TCP provides stream-like data trans-
mission. The data in the socket buffer is cut into packets
whose size is not larger than maximum transmission unit
(MTU) before transmission. This fragmentation mechanism
leads to various packet sizes. Thus it’s difficult to precisely
estimate the start position of the last three packets. To
address this problem, our algorithm fragments data just
after data is delivered to the TCP layer from the application
layer. We fragment the data at the tail of each strip unit to
three packets by using TCP’s fragmentation function and
each packet size is smaller than MTU size which ensures
that TCP won’t fragment these packets again.

Setting priority. After the tail of one data block is frag-
mented, we set higher priority for the last three packets in
VLAN tag. In Linux kernel, struct sk_buff is the data
structure of data buffer, which has a variable priority.
We set sk_buff.priority to a higher priority 4 for the
last three packets. Besides, to avoid this value being over-
written by the TCP option SO_PRIORITY in the IP layer, we
modify the codes in the IP layer to choose the higher prior-
ity for the last three packets. To adapt the normal TCP con-
nection, this modification is also controlled by the on-off
switch of our mechanism.

7 EXPERIMENTAL EVALUATION OF PRIN

7.1 Experimental Configuration

Before conducting experiments, to make sure that the trans-
mission rate of TCP can reach 1 Gbps, two important param-
eters, net.ipv4.tcp_wmem and net.ipv4.tcp_rmem, in
the kernel should be enlarged. They are both a vector of three
integers:[min, default, max]. tcp_wmem are used by
TCP to regulate the send buffer size and tcp_rmem stands
for receive buffer size. We modify the default sizes of both
the send and the receive buffers to 128 KB. The maximum
sizes of them are set to 256 KB. Then we use Iperf [29] to test
the maximum throughput of a TCP connection between two
servers that connect to a HP ProCurve 2910al switch without
background traffic. The result can reach 950Mbps.

We deploy a testbed with Dell servers, a HP ProCurve
2910al Ethernet Switch and a Cisco Catalyst 2960G Ethernet
Gigabit Switch. Each PC is a DELL OptiPlex 360 desktop
with Intel 2.93 GHz dual-core CPU, 6 GB DRAM, and one
Intel corporation 82567LM-3 Gigabit Network Interface
Card. The operating system is CentOS 5.5.

First, the performance of our algorithm PRIN is com-
pared with TCP NewReno in a single-hop topology using
HP ProCurve 2910al Ethernet Switch. Then, we add a Cisco
2960G Ethernet switch and build a multiple hop topology to
evaluate the performance of our algorithm when the con-
gestion does not happen at the last hop.

The Incast application in our experiments transmits
100 data blocks in each scenario. All the results are the
average value.

7.2 Results

7.2.1 Single-Hop Topology

In this topology, PRIN is compared with TCP Newreno
without or with UDP background traffic.

Fig. 16. VLAN structure.
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Without background traffic. Fig. 17 shows the normalized
goodput of PRIN and Newreno without background traf-
fic. We can see that with all the three different data block
sizes, TCP NewReno achieves quite small goodput when
the number of senders is larger than 3. Especially, when
the data block size is 64 KB, the goodput of TCP New-
Reno decreases from 90 percent to approximate 20 per-
cent of the bottleneck bandwidth as the number of
servers grows, while PRIN achieves high goodput which
is about 90 percent of the link bandwidth. Note that the
goodput is low when there is only one sender. This is
because one sender does not lead to the TCP Incast prob-
lem since the sender can transmit the next data block
right after it finishes the current one without waiting for
the other senders. Its congestion window will not exceed
the link capacity more than one packets. However, PRIN

multiplies the send window size by 1
2 at the beginning of

each data block. Therefore, the goodput is lower than
TCP Newreno. Since the number of senders in Incast
communication pattern is generally large, at least more
than 1, this special case can be ignored.

Fig. 18 plots the average number of timeouts during one
data block which is computed in the following way. First
the maximum number of timeouts of all the senders during
one data block is recorded, then we compute the average
value of all the 100 data blocks. Since TCP Incast goodput is
determined by the slowest sender, the number of TOs
shown in Fig. 18 can explain the goodput performance in
Fig. 17. In TCP NewReno, the senders suffer quite many
TOs per data block. The number reaches 1 as the number of
senders increases, which indicates that there is about one
TO period in every data block. While in PRIN, the average
number of TOs is close to zero. Thus, TCP NewReno suffers
goodput collapse while PRIN does not.

With background traffic. We add UDP background traffic
using Iperf with the rate of 100 Mbps. The normalized
goodput and the average number of TOs per data block
are shown in Figs. 19 and 21, respectively. Fig. 19 shows
that PRIN can still achieve about 80 percent utilization of
the link bandwidth, which is smaller than the highest
value 90 percent in Fig. 17 since UDP traffic takes 100
Mbps bandwidth. While the goodput of TCP NewReno
decreases from 70 � 80 percent to 20 � 40 percent as the
number of servers increases.

Similar to Fig. 18, the average number of TOs increases
as the number of senders grows. The difference is that
TCP NewReno has a little larger number of TOs on aver-
age than that without background traffic. The additional
TOs are caused by the bandwidth contention of the UDP
traffic. The average number of TOs per data block in
PRIN is still quite small, which indicates that PRIN can
work well with background traffic.

7.2.2 Multi-Hop topology

ICTCP only focuses on the scenario where the congestion
happens at the switch port that connects to the receiver [8].
We next evaluate whether our solution PRIN can work well
when the bottleneck is not the last hop as shown in Fig. 20.

Fig. 17. The normalized goodput of TCP with different data block sizes.

Fig. 18. Average number of TOs per data block with different block sizes.

Fig. 19. Normalized goodput of TCP with UDP background traffic.

Fig. 20. Multi-hop topology.

Fig. 21. Average number of TOs with UDP background traffic.
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This kind of scenarios possibly happen in data centers, such
as the reducer fetches data from the mappers that do not
locate in the same rack as the reducer and one intermediate
link is congested.

Figs. 22 and 23 show the throughput and the number of
timeouts happened in a block with 100 Mbps UDP back-
ground traffic on the intermediate link, respectively. Similar
to the performance with background traffic in the single-
hop topology, PRIN still exhibits stable and high goodput,
which indicates that PRIN works well no matter where the
congestion link is located. The difference is that the maxi-
mum throughput is about 800 Mbps since 100 Mbps band-
width is taken by the background traffic.

8 CONCLUSIONS

In this paper, an analytical model is built to understand the
essential causes of the TCP Incast problem. The existing
investigations on the problem try to find an effective solu-
tion to address it. However, they either are hard to be
deployed, such as substituting TCP by new transport proto-
cols, or only can temporarily mitigate goodput drop, such
as reducing RTOmin.

To solve the TCP Incast problem substantially, the funda-
mental reasons should be first explored. we found that two
types of TOs, BTTO and BHTO, significantly degrade the
TCP goodput. The critical point between them is the onset of
TCP goodput collapse. BTTO caused by one of the last three
packets in a block being dropped happens when the number
of concurrent senders is small, while BHTO caused by the
first whole window loss happens when the number of con-
current senders becomes large. The proposed model is vali-
dated by comparing with simulation data. We found that
ourmodel well characterizes the goodput of TCP Incast.

Based on the insights provided by the proposed model,
we design a simple mechanism PRIN by leveraging the
IEEE 802.1p technology to eliminate BHTOs and BTTOs.
PRIN modifies TCP a little and poses no impact on the other
applications. The experimental results on a real testbed
demonstrate the effectiveness of our solution, which also
corroborates the goodput model.
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