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Abstract— In this paper, we propose Layered TCP
(LTCP for short), a simple layering technique for the
congestion window response of TCP to make it more
scalable in highspeed networks. LTCP is a two dimensional
congestion control framework - the macroscopic control
uses the concept of layering to quickly and efficiently make
use of the available bandwidth whereas microscopic control
extends the existing AIMD algorithms of TCP to determine
the per-ack behavior. We provide the general intuition
and framework for the LTCP protocol modifications in
this paper. Then, using a simple design, we illustrate the
effectiveness of using layering for improving the efficiency,
without sacrificing the convergence properties of TCP.
Evaluation of the specified design is based on analysis, ns-2
based simulations and emulation on a Linux testbed. We
show that LTCP has promising convergence properties, is
about an order of magnitude faster than TCP in utilizing
high bandwidth links, employs few parameters and is easy
to understand. The flexible framework opens a whole class
of design options for improving the performance of TCP
in highspeed networks.

I. I NTRODUCTION
Over the past few decades the traffic on the Internet
has increased by several orders of magnitude. However,
the Internet still remains a stable medium for communication. This stability has been attributed primarily to
the wide-spread use of congestion control algorithms of
TCP [1]. The congestion control algorithms are designed
such that bandwidth is shared fairly among flows with
similar RTTs. However, these same congestion control
algorithms hold TCP back from scaling to future networks with high-bandwidth links of the order of several
Gbps.
The TCP congestion control algorithms use additive
increase multiplicative decrease(AIMD) for moderating
the congestion window. When there are no losses in the
network, the window is increased by one for each RTT.
This work is supported in part by a grant from The Texas Higher
Educatio n Board, by an NSF grant ANI-0087372 and by Intel Corp.

Upon a loss of packet, the window is reduced by half. In
other words, the AIMD parameter for increase is chosen
such that the available bandwidth is probed conservatively, but the parameter for decrease upon a packet loss,
is chosen to give up the bandwidth aggressively. While
this has worked well for the networks in the past, for
future networks that have capacity of the order of several
hundreds of Mbps or Gbps, this could lead to highly
degraded performance.
To illustrate the problem effectively, consider the
following popular example - The throughput of a TCP
connection is given by
, where is the packet
size, is the round trip time for the connection and is
the packet loss rate [2]. This means that for a standard
TCP connection using a packet size of 1500 bytes over
a connection with round trip delay of 200ms and packet
loss rate of
, the maximum throughput that
can be achieved is 23.2Mbps. If the packet loss rate
the maximum throughput
were reduced to
could be increased to 232.4Mbps. Conversely, to achieve
a throughput of 1Gbps, the packet loss rate required
should be
or lower and for 10Gbps it should
be
. These loss rates are unreasonable - for the
10Gbps link, the loss rate translates to a loss of at most
one packet in
packets or at most one loss for
every six hours ! Clearly, the standard TCP connections
do not scale in high capacity networks.
In this paper we propose a simple layering technique for the existing congestion response algorithms
to make it scale in high-bandwidth networks. The idea
of layering to probe and utilize the available bandwidth
has been researched earlier in the context of video
transmission on the Internet and in multicasting[27],
[28]. The contribution of this paper is to extend this
idea to the congestion control algorithms in TCP so
that scalability can be achieved at the cost of minimal
implementation overhead, while retaining many of the
desirable characteristics that have made TCP the protocol
of choice.
The rest of the paper is organised as follows - In
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Section II we present a brief overview of the related
work. This is followed by Section III where we provide
the general framework for the LTCP scheme. Section IV
discusses one possible design choice and presents analyses pertaining to it. Results of the evaluation of the
chosen design using ns-2 simulations and emulation on
a Linux testbed are presented in Section V. We conclude
the paper in Section VI by summarising our experiences
and taking a look at the future work.
II. R ELATED W ORK
Over the past few years, several solutions have been
put forth for solving the problem of performance degradation on highspeed networks due to the use of TCP.
These solution can be classified into four main categories
- a) Tuning the network stack b) Opening parallel TCP
connections between the end hosts c) Modifications to
the TCP congestion control d) Modifications to the network infrastructure or use of non-TCP transport protocol
The traditional solution to improve the performance of
TCP on high-capacity networks has been to tune some of
the TCP parameters. Several auto-tuning schemes have
been proposed such as [3], [4], [5] and [6]. [7] presents
a comparison of some of these auto-tuning schemes.
Tuning the stack improves the performance of TCP in
high-speed networks significantly and could be used
in conjunction with other schemes to achieve the best
possible performance.
A number of other proposals have employed network
striping, where the application is network-aware and
tries to optimize the network performance by opening
parallel TCP connections. Some of the applications that
use this approach or allow it as an option are XFTP
[8], GridFTP [9], storage resource broker [10] and [11].
In [12] the authors provide a library called PSockets
(Parallel Sockets) to make it easier to develop applications that use network striping. While most of this
work has been at the application level, in the MulTCP
scheme[13] the authors present a mechanism where a
single TCP flow behaves as a collection of several virtual
flows. In [14], the authors describe a scheme for using
virtual round trip time for choosing a tradeoff between
fairness and the effectiveness of network usage. In [15]
the authors describe a scheme for managing the striped
TCP connections that could take different network paths.
However, all the above mentioned schemes use a fixed
number of parallel connections and choosing the optimal
number of flows to maximise the performance without
effecting the fairness properties is a significant challenge.
The third category of research for improving the
performance of TCP in highspeed networks has been to

modify the congestion response function of TCP itself.
HighSpeed TCP [16] uses a congestion window response
function that has a higher slope than TCP. Scalable TCP
[17], uses multiplicative increase/multiplicative decrease
response, to ensure that the congestion window can be
doubled in a fixed number of RTTs. FAST TCP [18]
relies on the delay-based bandwidth estimation of TCP
Vegas [19] and is optimised for Gbps links. Bic-TCP [20]
focuses on the rtt fairness properties by modifying the
congestion response function using binary search with
additive increase and multiplicative decrease. H-TCP
[21] aims to identify whether the congestion window
is operating in the low speed mode or highspeed mode
and uses two different values for the increase/decrease
parameters accordingly.
Several other schemes that go beyond modifications
only to TCP have also been proposed. In the XCP[22]
scheme, the authors propose changes to the TCP congestion response function as well as the network infrastructure. In schemes like Tsunami[23], RBUDP[24] and
SABUL/UDT [25] reliable data transfer is achieved by
using UDP for data and TCP for control information.
GTP[26] is also a rate based protocol, but focuses on
max-min fair rate allocation across multiple flows to
support multipoint-to-point data movement.
In this paper, we propose the Layered TCP scheme
which modifies the congestion response function of TCP
at the sender-side and requires no additional support
from the network infrastructure or the receivers. In a
sense, this scheme can be thought of as an emulation
of multiple flows at the transport level, with the key
contribution that the number of virtual flows adapt
to the dynamic network conditions. Layering schemes
for probing the available bandwidth have been studied
earlier in the context of multicast and video transfer,
for example [27], [28]. LTCP, in contrast to this earlier
body of work, uses layering within the congestion control
algrithm of TCP with per-ack window adaptation to
provide efficient bandwidth probing in high bandwidth
links while retaining fairness between multiple flows
with similar RTTS.
III. L AYERED TCP : T HE F RAMEWORK
The layered TCP scheme is a sender-side modification
to the congestion response function of TCP for making
it more scalable in high-speed networks. The congestion
window response of the LTCP protocol is defined in
two dimensions - (a) At the macroscopic level, LTCP
uses the concept of layering to quickly and efficiently
probe for available bandwidth (b) At the microscopic
level, it extends the existing AIMD algorithms of TCP
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to determine the per-ack behavior. In this section, we
present the intuition for the layering framework.
The primary goal behind designing the LTCP protocol
is to make the congestion response function scale in
highspeed networks under the following constraints:
1) the LTCP flows should be fair to each other (with
similar RTTs)
2) the LTCP flows should be fair to TCP flows when
.
the window is below a predefined threshold
The threshold
defines the regime in which LTCP
is friendly to standard implementations of TCP. The
optimal value of
is debatable and likely a topic of
research by itself. We choose a value of 50 packets for
. This value is motivated by the fact that when the
window scale option[29] is not turned on, the maximum
window size allowed is 64Kb which is about 44 packets
(of size 1500 bytes). The window scale option is used in
highspeed networks, to allow the receiver to advertise
large window size. In order to ensure that the new
scheme with aggressive bandwidth probing is fair to
TCP is slow networks, we choose a window threshold
that is slightly greater than 44 packets. This
value
imposes a constraint on LTCP to maintain proportional
fairness to TCP flows in slow networks. Arguments
aimed at keeping new protocols fair to TCP below
a predefined window threshold, while allowing more
aggressive behavior beyond the threshold have been put
forth in [16], [17] as well.
In order to ensure that below the threshold
, LTCP
is fair to TCP, all new LTCP connections start with only
one layer and behave in all respects the same as TCP.
The congestion window response is modified only if the
congestion window increases beyond the threshold
.
When the congestion window of the LTCP flow grows
beyond the LTCP window threshold
, the increase
behavior is modified to behave two dimentionally - (a)
If congestion is not observed over a period of time,
then number of layers is increased (b) The per-ack
congestion window behavior of TCP is extended so that,
when operating at higher layer a flow can increase its
congestion window faster than when operating at a lower
layer.
Just like the standard implementations of TCP, the
LTCP protocol is ack-clocked and the congestion window of an LTCP flow changes with each incoming ack.
However, an LTCP flow increases the congestion window
more aggressively than the standard implementation of
TCP depending on the layer at which it is operating. At
the microscopic level, when operating at some layer ,
the LTCP protocol increases the congestion window as if
it were emulating virtual flows. That is, the congestion
window is increased by
for each incoming ack,
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or equivalently, it is increased by
on the successful
receipt of one window of acknowledgements. This is
similar to the increase behaviour explored in [13].
Layers, on the other hand, are added if congestion is
not observed over an extended period of time. To do this,
a simple layering scheme is used. Suppose, each layer
is associated with a step-size
. When the current
congestion window exceeds the window corresponding
) by the step-size
,
to the last addition of a layer (
a new layer is added. Thus,
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Graphical Perspective of Layers in LTCP
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The step size
associated with the layer
should
be chosen such that convergence is possible when several
flows share the bandwidth. Consider the simple case
when the link is to be shared by two LTCP flows. Say,
the flow that started earlier operates at a higher layer
(with a larger window) compared to the later-starting
flow operating at a smaller layer
(with the smaller
window). In the absence of network congestion, the first
flow increases the congestion window by
packets per
RTT, whereas the second flow increases by
packets
per RTT. In order to ensure that the first flow does not
continue to increase at a rate faster than the second flow,
it is essential that the first flow adds layers slower than
the second flow. Thus, if
is the stepsize associated
with layer
and
is the stepsize associated with
layer
, then
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when
, for all values of
.
The design of the decrease behavior is guided by a
rather similar reasoning - in order for two flows starting
at different times to converge, the time taken by the
larger flow to regain the bandwidth it gave up after a
congestion event should be larger than the time it takes
the smaller flow to regain the bandwidth it gave up.
and
Suppose the two flows are operating at layers
(
), and
and
is the window
reduction of each flow upon a packet loss. After the
packet drop, suppose the flows operate at layers
and
respectively. Then, the flows take
and
RTTs respectively to regain the lost bandwidth. From
the above reasoning, this gives us -
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(3)

The window reduction can be chosen proportional to
the current window size or be based on the layer at which
the flow operates. If the latter is chosen, then care must
be taken to ensure convergence when two flows operate
at the same layer but at different window sizes.
This framework provides a simple, yet scalable design for the congestion response function of TCP for
the congestion avoidance phase in highspeed networks.
The congestion window response in slow start is not
modified, allowing the architecture to evolve with experimental slowstart algorithms such as [30]. At the
end of slowstart the number of layers to operate at can
easily be determined based on the window size. The key
factor for the framework is to determine an appropriate
(or equivalently, the
relationships for the step size
window size
at which the layer transitions occur)
and the window reduction that satisfy the conditions in
Equation 2 and Equation 3.
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<

IV. D ESIGN C HOICE
In order to evaluate the effectiveness of the LTCP
protocol, we present the following design option. We
support this design with extensive analysis to understand
the protocol behavior. However, this is by no means the
only possible or the best possible design for the LTCP
scheme. We are currently persueing alternate design
options and evaluation measures for identifying other
options. The scheme presented here is a means for
illustrating the effectiveness of the LTCP framework
for efficiently claiming available bandwidth, without
sacrificing the convergence and fairness properties.

For our design, we first choose the decrease behavior.
Since we want to keep the design as close to that of
TCP as possible, we choose a multiplicative decrease.
However, the window reduction is based on a factor of
such that (4)

Y

.U > [Y Z .

Based on this choice for the decrease behavior we
determine the appropriate increase behavior such that the
conditions in Equation 2 and Equation 3 are satisfied. To
provide an intuition for choice of the increase behavior,
consider Eq. 3

.U  N .\
2 V 2 V

(5)

In order to allow smooth layer transitions, we stipulate
that after a window reduction due to a packet loss, atmost
one layer can be dropped i.e., a flow operating at layer
before the packet loss should operate at layer or
after the window reduction. Based on this stipulation,
there are four possible cases -

2

+a

1)
2)
3)
4)

2 V > 2  O 2 V > 2
2 V > ^] 2  _T+a O 2 V
2 V > 2  O 2 V > ]^2
2 V > ]^2  _T+a O 2 V

2
]^2`_

> _T2 +a and
> ]^2 b_ +a .

It is most difficult to maintain the convergence properties, when the larger flow does not reduce a layer but the
smaller flow does, ie,
. With
this worst case situation, Eq. 3 can be written as -

2  V > 2  O 2 V > ]^2 _c+a
.U  N .U
2  ]^2 _b+a

(6)

If this inequality is maintained for adjacent layers, we
can show by simple extension, that it can be maintained
for all other layers. So consider
.
Then, the above inequality is

2 d> 2 O 2 e> ]^2U_f+a
.U  N .U
(7)
2
2g_ S
Suppose, the window for flow 1 is .UV when the packet
loss occurs and the window of flow 2 is .UV then,
substituting Eq. 4 in the above equation, we have,
. VN . V
2 2g_
h . V N 2 . SV
2g_ S
2 O 20V >
In order for the worst case behavior (21V
to
]^2i_ S a ) to occur, the window . V could > be close
the transition to the layer ]^2
@ +a and the window . V
could have recently transitioned into layer ]^2j_+a . In
order to get the estimate of the worst case we substitute
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these values in the above equation to get -

(8)
.G=IH  N 2k2 _ G. =  
S
Based on this, we conservatively choose the increase
behavior to be

.G= > 22g@_  .G=  
(9)
S
Note that alternate choices are possible. This is essen-

tially a tradeoff between efficiently utilizing the bandwidth and ensuring convergence between multiple flows
sharing the same link. While it is essential to choose
and
such that the
the relationship between
condition in equation 8 is satisfied to ensure convergence,
a very conservative choice would make the protocol
slow in increasing the layers and hence less efficient in
utilizing the bandwidth.
we have,
Since layering starts at

.B=

.G=  

. 9> .0/
.G= > 2!]^2 @ +m a]^2l_T+a .0/
(10)
By definition, <=
> .B=IH  _n.B= and hence we have,
(11)
< = > 2o]^2 @ +a . /
S
By simple substitution, we can show that the inequal-

ity in Eq. 2 is satisfied. Also, since this scheme was
designed with the worst case for the inequality in Eq. 3,
that condition is satisfied as well, when two competing
flows are at adjacent layers. The result for adjacent layers
can then be easily extrapolated for non-adjacent layers.
It can also be shown that when two flows operate at the
same layer, the inequality in Eq. 3 is satisfied.

Y

Choice of : The above presented analysis is hinged
on the stipulation that after a window reduction due to
packet drop, at most one layer is dropped. In order to
ensure this, we have to choose the parameter carefully.
The worst case for this situation occurs when the flow
has just added the layer
and the window
, when the packet drop occurs. In order to ensure that
the flow does not go from layer
to
after the
packet drop, we need to ensure that
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(12)
p
(Ignoring the reduction due to since we are computing
the worst case behavior.) On simple substitution, this
yields,

Y

Y > rst$

is satisfied. We use a value of
in this paper.
The reason for this choice of is explained in the next
section.
With this design choice, LTCP retains AIMD behavior.
At each layer K, LTCP increases the window additively
by K, and when a packet drop occurs, the congestion
window is reduced multiplicatively by a factor of .

Y

A. Analysis
As explained earlier, the primary goal for designing
the LTCP protocol is to be able to utilize available link
bandwidth aggressively in highspeed networks. In this
section we provide quantitative analysis for time taken by
an LTCP flow (in terms of RTTs) for claiming available
bandwidth, the throughput analysis and the analysis to
show that with this design, LTCP can potentially reduce
the RTT unfairness problem inherent to TCP.
Time to claim bandwidth and Packet Recovery
time: Suppose the maximum window size corresponding
to the available throughput is
. Then, time to increase
can be obtained as the sum of the
the window to
time to transition from layer 1 to 2, 2 to 3 and so on
until layer . In other words, the time to increase the
window to
is -

2

. =

.G=

. =
u]^<  a @ u]^< a @ vvv @ u]^<=  a @ w]^<=   a
where u]^< = a is the time (in RTTs) for increasing the
window from layer 2 to ]^2
@ +a . When the flow operates
at layer 2 , to reach to the next layer, it has to increase
the window by <= and the rate of increase is 2 per
RTT. Thus u]^< = a is given by xz= y . Substituting this in
the above equation and doing the summation we find
that the time to reach a window size of .G= is
u]^<  a @ ]^2g_ S a% ]^2 @ q a .1/
(14)

Note that the above analysis assumes that slowstart is
terminated before layering starts.
Table in Fig. 2 shows the number of layers corresponding to the windowsize at layer transitions (
)
with
. For a 2.4Gbps link with an RTT of
150ms and packet size of 1500 bytes, the window size
can grow to 30,000. The number of layers required to
. Based
maintain full link utilization is therefore
on this we choose
(corresponding to
).
The table also shows the speedup in claiming bandwidth compared to TCP, for an LTCP flow with
, with the assumption that slowstart is terminated when
window =
. This column gives an idea of the number
of virtual TCP flows emulated by an LTCP flow. For
instance, a flow that evolves to layer 15, behaves similar

$
Y F q
(13)
2

@
Y
Thus, should be chosen such that the above equation

.B=

. / > $

Y r st$
>

.0/

2 > t$
2 > t{
.1/ >
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to establishing 10 parallel flows at the beginning of the
connection.

Y. V

and just after a packet drop respectively. On a packet loss
. Suppose the
the congestion window is reduced by
flow operates at layer
after the packet drop. Then,
for each RTT after the loss, the congestion window is
increased at the rate of
until the window reaches
the value
, when the next packet drop occurs. Since
we stipulate that atmost one layer can be dropped after
the window reduction due to packet loss, the window
behavior of the LTCP flow, in general, will look like
Fig. 3 at steady state.
With this model, the time between two successive
, will be
RTTs or
losses, say
seconds. The number of packets sent between two successive losses, say
, is given by the area of the shaded
region in Fig. 3. This can be shown to be -

2 V

.\ 
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Fig. 2. Comparison of LTCP (with

Y.

|R}

= 50 and

.

~

(15)

= 0.15) to TCP

An LTCP flow with window size
will reduce the
congestion window by
. It then starts to increase the
congestion window at the rate of atleast
packets
per RTT (since we stipulate that a packet drop results
in the reduction of atmost one layer). The packet loss
recovery time then, for LTCP is
. In case of TCP,
upon a packet drop, the window is reduced by half, and
after the drop the rate of increase is 1 per RTT. Thus, the
. The last column of Table
packet recovery time is
in Fig.2 shows the speed up in packet recovery time for
LTCP with
compared to TCP. Based on the
conservative estimate that a layer reduction occurs after
a packet drop, the speed up in the packet recovery time
of LTCP compared to TCP is a factor of
.

 =  W  

 = W V V Z  I

]^2_+a

Fig. 3.

Analysis of Steady State Behavior

/  

The throughput of such an LTCP flow can be computed as
. That is,

 . .\  ] I_ Y a
(16)
>  I
. 3S
S
The number of packets sent between two losses u is
Y rst$
nothing but   . By substituting this in Eq. 15, and solving
>
for .
we have,

Z
(17)
. V >  Y ] 92 _ V  av
q  q'q ]^2_G+a
Throughput Analysis: In order to understand the
Substituting in Eq. 16 we have
relationship between throughput of an LTCP flow and the
 =V
drop probability  of the link, we present the following
] I_  a
.

analysis. Fig. 3 shows the steady state behavior of the
(18)
> I 
congestion window of an LTCP flow with a uniform
loss probability model. Suppose the number of layers at
Again if we consider the example above of the
steady state is 2 and the link drop probability is  . Let 2.4Gbps link with an RTT of 150ms and packet size of
. V and . V represent the congestion window just before 1500 bytes, the window size can grow to 30,000. From,

7

2 > t$
Y rst$
>

Fig. 2 we see that this window size corresponds to a
. Substituting this value in the above
layersize of
equation, we notice that for the 2.4Gbps link mentioned
above with
, LTCP offers an improvement of a
factor of about 8 for the achievable throughput compared
to TCP.
Convergence: The inequality in the Eq. 3 of the LTCP
framework ensures that flows will converge asymptotically to a fair share, since a larger flow takes longer
time to recover lost throughput than a smaller flow. With
the current design, we can show that this inequality is
held after a congestion event irrespective of the layer
transitions and hence asymptotic convergence is ensured.
Alternate Designs: In this section we presented one
possible design for LTCP and provided the relevant analysis to understand the protocol behavior with this design.
This design has several desirable properties such as
efficient scaling of the window in high speed networks,
quick convergence to fairness in the presence of multiple
flows and alleviated RTT fairness problem. However, we
would like to stress at this point that this is by no means
the only possible or the best possible design choice. The
aim of this design was to illustrate the effectiveness of
using a simple concept like layering in the context of
TCP congestion control to improve efficiency without
sacrificing convergence properties. We are currently in
the process of evaluating other designs. For instance by
adding layers using the simple rule
we
can design a protocol that has very similar dynamics as
TCP regarding window reduction and convergence but
faster increase behavior. We have omitted the details of
this design here because the window reduction similar to
TCP results in highly fluctuating throughput, which may
not be desirable in high speed networks. Details will be
made available in a technical report.

.G= > G. =  

the following changes are made to the TCP congestion
response function -

 ]^8P695 a
5¡ 6e8;:  > 5¡6e8;: N @ 243+57698;:
]^6 8;:£¢6]-a > .G=IH  a
2 @b@
¤
 ]¥#5tr¦ §¨¢'©ª©«a
5¡ 6e8;:  > 5¡6e8;: ] e_ Y a
]^6 8;:£¢6]-a¬F.G=Ra
2k_b_
¤
The rest of the algorithms used in the traditional
implementation of TCP - for instance the algorithms for
RTT calculations, SACK processing, timer management
etc, are not modified.
V. R ESULTS
To evaluate the LTCP protocol, we conducted experiments based on both simulations on the ns-2 simulator
and emulations on a Linux testbed. The ns-2 simulations
help us evaluate the behavior of LTCP under diverse
network conditions. The emulations, on the other hand,
help us evaluate a real implementation of LTCP on the
Linux network stack. Third party evaluation of LTCP
in comparison with other advanced TCP stacks such as
HighSpeed TCP [16], Scalable TCP [17], FAST TCP
[18], Bic-TCP [20] and H-TCP [21] and UDP based
scheme UDT [25] is currently underway at the SLAC
lab at Stanford. In this section we focus on some of the
results of the simulation and the emulations comparing
the performance of LTCP to unmodified TCP.

B. Implementation Details
The LTCP protocol requires simple sender-side
changes to the congestion window response function
of TCP. For the chosen design, it uses two additional
parameters and . In our implementation,
and are set to 50 and 0.15 respectively. Additionally,
variables need to be used for saving the number of
layers
and the windows corresponding to each
layer K
. When a new connection is established,
the protocol is started with
and the slowstart
algorithm of standard TCP. When slowstart is exited,
the number of layers
is obtained based on the current
cwnd. If K = 1, LTCP behaves in all respects similar
to TCP. Otherwise (congestion window exceeds
),

Y

.0/

Y

]^2a
].G=a

2

.0/

2 > 

.0/

A. ns-2 Simulations
Fig. 4 shows the network topology used in the simulations. The topology is a simple dumbbell network. The
bottleneck link bandwidth is set to 1 Gbps unless otherwise specified. The links that connect the senders and
the receivers to the router have a bandwidth of 2.4Gbps.
The end-to-end RTT is set to 70ms. The routers have
the default queuesize of 6000 packets unless specified
otherwise. DropTail queue management is used at the
routers. The LTCP protocol is implemented by modifying the TCP/Sack1 agent. The unmodified TCP/Sack1
agent is used for TCP. The receiver advertised window
is set to a large value to ensure that it does not interfere
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with the simulations. For the LTCP flows, the parameter
is set to 50 packets and the parameter was set to
0.15. The traffic constitute of FTP transfer between the
senders and receivers.
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Comparison Between LTCP and TCP Windows

Fig. 6.

Link Utilization and Packet Loss Rate for LTCP and TCP

Simulation Topology

1) Comparison of LTCP with TCP: Since LTCP uses
adaptive layering, it is capable of increasing its window
size to the optimal value much faster than TCP. Also,
when a packet loss occurs, the window reduction of
LTCP is not as drastic as TCP. As a result the window
adaptation of LTCP is much more efficient in utilizing
the link bandwidth in highspeed networks. Fig. 5 shows
congestion window of LTCP in comparison with that
of TCP, when the network consists of only one flow.
As seen from the figure, the congestion window of the
TCP flow takes over 600 seconds more than that of
an LTCP flow to recover from a packet loss due to its
drastic window reduction (factor of 1/2) followed by a
conservative window increase (one per RTT). On the
other hand, in case of LTCP, the window is reduced
by a factor of 0.15 and after the window reduction, the
per RTT, resulting
window is increased at the rate of
in a more efficient window adaptation function.
The table in Fig. 6 shows the comparison between
the long-term average steady state link utilization and
average packet loss rates between a TCP flow and an
LTCP flow for different link bandwidths. The throughput
is calculated over a period of 2000 seconds after the flow
reaches steady state. The buffersize at the router is set
to the delayXbandwidth product. At large values of link
bandwidth, the link utilization by the TCP flow is close
to
, wheras the LTCP link utilization remians close
to
. Since LTCP can operate close to the optimal
value most of the time and keep the link utilization high,
the congestion loss rate of the LTCP flow is larger than
that of TCP, which owing to under-utilization of the link
sees lower congestion losses.

2

®$«m ¯
{ ¯

0

2) Dynamic Link Sharing: Both the macroscopic
and microscopic control of LTCP protocol respond to
dynamic network conditions, to ensure that protocol
converges quickly to its fair share. In this experiment,
we evaluate how LTCP flows respond to dynamically
changing traffic conditions created by multiplexing of
several flows starting and stopping at different time.
One LTCP flow is started at time 0, and allowed to
reach steady state. A new LTCP flow is then added at
150 seconds and lasts for 1250 seconds. A third LTCP
flow is added at 350 seconds and lasts for 850 seconds.
Finally, the fourth flow starts the transfer at 550 seconds
and sends data for 450 seconds. All these flows share
the same bottelneck link. Fig. 7 shows the throughput
of each flow. From the graph we see that, when a
new flow is started and the available link bandwidth on
the bottleneck link decreases, the existing LTCP flows
quickly give up bandwidth until all flows reach the fair
utilization level. The per-flow link utilizations remain
stable at this value until some of the flows stop sending
traffic. When that happens, the remaining LTCP flows
quickly ramp up the congestion window to reach the new
fair sharing level, such that the link is fully utilized.
3) Interaction with TCP: In this section, we verify
the effect of LTCP on regular TCP flows. It must be
noted that the window response function of LTCP is

9
1000

B. Emulation Results

900

800

LTCP1
LTCP2
LTCP3
LTCP4

Throughput (Mbps)

700

600

500

400

300

200

100

0

Fig. 7.

0

200

400

600

800
1000
Time (seconds)

1200

1400

1600

1800
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designed to be more aggressive than TCP in high speed
networks. So a single flow of TCP cannot compete with
a single flow of LTCP and thus, for this simulation
we compare the aggregate throughput of ten TCP flows
to that of one LTCP flow at different link bandwidth.
Also, to verify that an established LTCP flow gives up
a share of its bandwidth to TCP flows, we first start the
LTCP transfer and let it run for 300 seconds, so that it
utilizes the link fully. At this point the TCP flows are
started. The throughput is calculated for the flows after
another 300 seconds. Fig.8 shows the results. As the link
bandwidth increases, TCP flows become more inefficient
in utilizing the available bandwidth, and as such, the
percentage of the bandwidth used by TCP decreases.
But, the aggregate throughput of TCP flows increases
with higher link capacity, showing that inspite of the
aggressive nature of LTCP congestion control, it still
gives up a share of the bandwidth to competing TCP
flows. For instance, on the 500Mbps link, the aggregate
throughput of the TCP flows is 101.25Mbps but on the
1Gbps link it is 185.64 Mbps.

Fig. 8.

Interaction of LTCP with TCP

We have implemented LTCP in the network stack
of the Linux 2.4.24 kernel. The network stack in the
2.4.x kernel is quite sophisticated and supports several
standards from the RFCs as well as features beyond those
published in RFCs or IETF Drafts [33] aimed to provide
good network performance. The LTCP modifications
change only the congestion response behavior as discussed in section IV-B - no other code optimizations are
made beyond those present int he Linux 2.4.24 network
stack. Further work for improving the performance of the
network stack by reducing the cost of SACK processing,
modifications to the burst moderation algorithm etc,
are currently underway in the Linux community. We
expect that LTCP will see some performance benefits
due to these optimizations as well, since it uses the same
implementation as the TCP-SACK for all purposes other
than the congestion window modifications.
Our testbed consists of two off-the shelf Dell Optiplex
GX260 workstations with Pentium 4 3.06GHz CPU,
512MB of RAM, Intel PRO/1000 MT gigabit NICs
on to a 33MHz/32bit PCI bus. The two computers are
connected using a copper Cat 6 cable. The 33MHz
PCI bus limits the achievable throughput to around 750
Mbps. Setting one of these machines as a router further
reduces the achievable throughput as both the incoming
and outgoing traffic share the same PCI bus. Thus,
instead of using NistNET or Dummynet for emulating
LAN environments, we chose to use a packet delay
scheduler patch made available on the Linux mailing list
(by Stephen Hemminger). This patch modifies the FIFO
queue such that every packet queued is delayed for a
fixed amount. This allows us to use the link between
the two machines to emulate links of different RTTs.
The machine configured as the sender used the 2.4.24
kernel with the LTCP patch. The machine configured
as the receiver used the 2.4.26-rc1 kernel with the
packet delay scheduler patch. iperf [34] was used for
generating traffic. We increased the socket buffers to
allow maximum link utilization. The txqueuelen for the
NIC was set to the default value of 1000. The backlog
queue was modified to have a size of 1000.
In all experiments we show results for three rtt values
- 25ms, 70ms and 150ms - which are representative
of links across closeby cities, across the country and
transatlantic links. These values are chosen based on the
pingER measurement history tables at SLAC [32].
1) Basic Performance Tests: In this experiment, we
compare the performance of vanilla TCP with that of
LTCP at different RTTs. The socket buffer size at both
the sender and receiver is set to 32MB to ensure that
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a single flow can utilize all the available bandwidth.
The experiment is run for 15 minutes (900 seconds) and
is repeated four times. The table in Fig.10 shows the
average and standard deviation of the number of bytes
transferred and the sustained transfer rate. At low rtts,
both the TCP and LTCP flows manage to keep the link
almost fully utilized and transfer about 75 GBytes of
data. As the rtt increases, TCP takes longer to recover
from packet losses and its performance starts to deteriorate. For an rtt of 150ms, which is comparable to that
of the transatlantic links, the performance deterioration is
significant and in 900 seconds, the TCP flow manages to
transfer only about 17 GBytes. In contrast, a single LTCP
flow transfers an average of about 49 GBytes, almost a
factor of 3 improvement. Also, the deterioration in link
uilitzation as the RTT is increased is more graceful in
the case of LTCP compared to that of TCP.

3) Interaction of LTCP with UDP-based Traffic: In
order to evaluate how LTCP responds to the presence
of dynamically changing traffic that does not respond
to congestion, we conducted the following experiment.
In this experiment, an iperf stream of UDP sending
at 350Mbps (about half the available link capacity) at
intervals of 5 minutes was used as the source of nonresponsive on-off traffic. UDP traffic consumes a lot of
resources on the machines. In order to offset this, the
txqueuelen and the backlog queue were set to 5000 in
this experiment. Fig. 12 shows the results. It is clear
from the graphs, that when the UDP stream is sending
packets, the LTCP source reduces its congestion window
so that the link is shared between the LTCP and the UDP
traffic. When the UDP source, stops sending packets, the
LTCP flow increases its sending rate close to the full link
capacity. We verified this at different RTTs, but have
included the results here for the medium RTT case.
Medium RTT
800
LTCP
UDP
RTT
700

Fig. 9.

Basic Performance Test

2) Fairness Among Multiple Flows: In order to evaluate the inter-protocol fairness among multiple flows of
LTCP we repeated the experiment above with multiple
flows starting at the same time and calculated the Jain
Fairness Index [31]. Fig. 11 shows the results. The
Jain Fairness Index for LTCP is high across different
RTTs and different number of flows. Also, the standard
deviation in the per-flow throughput of the LTCP flow
is fairly low. This indicates that multiple flows of LTCP
protocol share the available bandwidth equitably. Results
for TCP are included to aid the comparison.
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Interaction of LTCP with non-responsive Traffic

VI. C ONCLUSIONS

AND

F UTURE W ORK

In this paper we have proposed LTCP, a layered
approach for modifying TCP for high-speed links. LTCP
employs two dimensional control for adapting to available bandwidth. At the macroscopic level, LTCP uses the
concept of layering to increase the congestion window
when congestion is not observed over an extended period
of time. Within a layer , LTCP uses modified additive
increase (by
per RTT) and remains ack-clocked. The
layered architecture provides flexibility in choosing the
sizes of the layers for achieving different goals. This
paper explored one design option. With this design, the
window reduction on a packet loss is multiplicative.
We have shown through analysis, simulations and
emulations that a single LTCP flow can adapt to nearly
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fully utilizing the link bandwidth. Other significant
features of the chosen design are - (a) it provides a
significant speedup in claiming bandwidth and in packet
loss recovery times (b) multiple flows share the available
link capacity equitably (c) it could potentially alleviate
the RTT unfairness inherent to TCP (d) requires simple
modifications to TCP’s congestion response mechanisms
and is controlled only by two simple parameters and .
As part of our future work, we plan to compare
the performance of LTCP with the current design with
other high speed TCP stacks and experiment with further
benefits to be reaped by proposed kernel optimizations.
Comparative third party evaluation of LTCP against other
proposals is currently underway at SLAC, Stanford.
Our design is hinged on an early decision to use
multiplicative decrease, and on the stipulation that atmost
one layer is dropped after a congestion event. A number
of other possibilities exist for alternate designs of the
general LTCP approach. We plan to pursue these options
in future.
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