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Abstract—Web browsing generally involves multiple short file
transfers. The reliable transport protocol used by the World
Wide Web is the Transmission Control Protocol (TCP), but
several recent studies have shown that TCP is extremely
inefficient for the transfer of small files. TCP uses the slow
start phase to gradually ramp up its congestion window in order
to probe for available bandwidth. The problem with this
algorithm is that it does not efficiently utilize the available
bandwidth when the file sizes are small because the majority (if
not all) of the file finishes transferring while still in this slow
start phase. Thus, data is never really transferred at the peak
available rate. We propose to explore various other algorithms
as alternatives to the TCP slow start algorithm. The goal is to
provide a mechanism for performing the transfer of small files
much more efficiently than is currently done with TCP. The
new algorithms considered in this paper rely on previous
network performance history as well as the size of thedata in an
effort to speed up the filetransfer.

1 INTRODUCTION

The increasing popularity of the World Wide Web
(WWW) over the course of the past several years has
resulted in an exponential growth in the amount of Web
traffic. Although the composition of the data keeps
changing over time, and while the demand for certain
kinds of data tends to fluctuate depending on the
popularity of the data, one thing that has remained
consistent is the nature of the flows. The nature of the
flows that we refer to is the fact that in general, Web data
download involves the transfer of multiple short files
followed by periods of idle time — the reason for this will
be explained shortly. Studiesindicate that aimost 70% of
gateway traffic consists of Web transfers (most of which
are short transfers of about 10-20 packets on average) as
opposed to long-lived FTP-type flows [26]. Asthe use of
the WWW, and therefore, the amount of Web traffic,
constantly increases, it is imperative to ensure that we
have the best possible resources to deal with the growing
demand for precisdy this type of traffic. These resources
include not only the deployment of better technology as
far as the hardware and software concerned, but even
more importantly, include the design infrastructure that
the Web is based on.

At present, clients use the HyperText Transfer Protocol
(HTTP) to request and retrieve information from Web
servers.  HTTP transfers Web objects by setting up
multiple concurrent connections between the server and

the client, with each connection transferring one of the
requested objects. The following simplified description
illustrates what happens during a typical Web transfer
session. When a user sitting at a machine accesses a
Web page, HTTP reays that request to the server. The
server, in turn, responds by transferring each of the
objects on the page (such as the HTML document itsdlf,
the images etc.) via a separate connection. Then, thereis
a brief period of inactivity while the user browses through
this information (which is the idle time mentioned earlier)
until the next time that the user decides to access ether a
link on the same page or a new Web page atogether.
HTTP is an application layer protocol that requires a
reliable transport mechanism at the lower levels in order
to be successful. Since the Transmission Control
Protocol (TCP) has been in wide use, and has been
proven to work in a variety of environments, it was
sdected as the de facto rdiable transport protocol of
choice.  TCP conducts a three-way handshake for each
connection setup by HTTP to transfer the server objects,
and it utilizes a congestion window (cwnd) for each
connection in order to keep track of the number of
outstanding packets within the network. TCP enters the
slow start phase either at connection startup or after the
connection has been idle for too long (usually more than a
round trip time), where this cwnd is initialized to 1 [9].
TCP then probes for the available bandwidth by
exponentially increasing its congestion window per round
trip time (RTT). This is accomplished by increasing the
congestion window by 1 for every successful
acknowledgement (ACK) received by the sender before
the expiration of the retransmission timer [7], [15], [16].
The congestion window is thus increased exponentially
ether until it equals the receiver’s advertised window, or
until aloss occurs in the network. [If the latter holds true,
then TCP assumes that there is congestion in the network
inducing losses and therefore, it reduces the cwnd to half
its value and transitions to the more conservative
congestion avoidance phase. TCP maintains another
variable, the slow start threshold (or ssthresh) in order to
determine whether it should be in the slow start or
congestion avoidance phase [2], [16]. If cwnd<ssthresh,
then the flow is still in slow start; otherwise its in
congestion  avoidance. The bandwidth probing
mechanism during slow start, although relying on an
exponential window increase mechanism, actually takes



several RTT's. Discovering the bandwidth in this manner
is therefore, extremdy inefficient. If the network has
sufficient bandwidth (i.e., the transfer never moves to the
congestion avoidance phase and just finishes in slow start
without multiple packet losses), then in this case the
duration of the transfer is directly related only to the RTT
of the connection and not to the amount of available
bandwidth along the path. So, the main problem with
TCP's agorithms is that the pace of this algorithm is
normally too slow for most web transfers since they are
usually completed in only a few RTT's. Recent
measurements from a busy Internet server show that 85%
of the packets are transferred by the server while the
flows are still in their slow start phase [5]. Thisindicates
that the bulk of the file (if not all of it) is actually
transferred while the flow is till in the slow start phase
probing for bandwidth. These statistics imply that a
majority of the file transfers in the Internet occur sub-
optimally due to the nature of the slow start algorithm.

Although it is very slow in discovering bandwidth,
however, slow start is at the same time overly aggressive
in probing for bandwidth because of the way it handles
congestion window increase. The problem is that due to
the exponential increase in the window size, it is possible
to overshoot the congestion window by twice the amount
of available bandwidth. Therefore, slow start is both,
inefficient and aggressive, all at once. Short flows, which
transfer most of their data during slow start, really suffer
due to these inefficiencies, indicating that it might be
possible to design other algorithms as alternatives to slow
start that are much better suited for handling small file
transfers.

This paper presents a simulation study involving
alternatives to the TCP slow start algorithm. The goal is
to provide a mechanism for performing the transfer of
small files much more efficiently than is currently done
with TCP. The new algorithms considered in this paper
rely on previous network performance history as wdl as
the size of the data in an effort to speed up the file
transfer. Our methodology takes advantage of the work
done on the TCP/SPAND project in that it uses some of
their concepts and ideas. Although many of the concepts
presented in this paper are similar to those in earlier
works, the novelty of this algorithm involves looking at
the size of the data to be transferred and then making a
decision on the best possible way to transfer thefile. The
file is either transferred at a constant rate (based on the
previous values of cwnd), or it is transferred by starting
at a higher initial window, or it is transferred using just
normal TCP (if the fileis too large). We try to evaluate
our algorithm on the basis of its efficiency (judged by the
file transfer time) and its TCP Friendliness across a wide

number of connections and file sizes. The basic idea is
that TCP is actually a very good protocol when it comes
to long data transfers. It isonly for short flows, when the
slow start phase comprises a majority of the life of the
flow, that TCP becomes inefficient.

The rest of this paper is organized as follows. Section
2 informs the reader on previous work done in addressing
this problem of TCP dow start. Section 3 proposes
improvements to slow start and establishes the conditions
under which these new methods should be used. Section
4 provides analysis on the efficiency of our algorithm and
the savings that can be achieved over TCP. Section 5
describes the simulation setup and methodology. The
results of the simulation experiments are presented in
Section 6. We conclude with our observations and
acknowledgements in Sections 7 and 8 respectively.

2 RELATED WORK

There have been numerous proposals to improve upon
the TCP dlow start problem both, at the transport leve
and at the application level. In the transport protocol
itsdf, one proposal involves increasing the initial window
size to 2-4 segments, depending on the maximum segment
size[1]. The upper bound for theinitial window hereis:

IW = min (4* MSS, max(2*MSS, 4380))

As mentioned in [1], this is a recommended value for
the initial window that can be used at the beginning of the
transfer (upon connection setup) or after a prolonged idle
period. The window still gets initialized to 1 upon
expiration of the retransmission timer. The problem with
this proposal is that it would modify the TCP stack so
that this algorithm gets utilized for all TCP flows. It does
not take into consideration network conditions or the
properties of the bottleneck link in order to decide how to
transfer the file. The algorithm we' re proposing has the
added benefit that it utilizes the higher initial windows by
first checking the network measurement history and the
file size of the transfer. Transaction TCP (T/TCP)
proposes to cache previous connection count history in
order to get rid of the threeeway handshake in certain
situations to speed up connection establishment [3], [4].
T/TCP uses caches to maintain TCP control block
information, e.g., smoothed RTT (srtt), RTT variance
(rttvar), congestion avoidance threshold (ssthresh), and
the maximum segment size (MSS) [3]. Although it does
not provide details, this work also mentions the
possibility of caching “congestion avoidance threshold.”
The problem is that many browsers and servers open
multiple concurrent connections to a server anyway, and
many servers don't support persistent connections [23].
TCP control block interdependence emphasizes temporal



sharing of TCP state, including the reuse of the
congestion window of the previous connection [11].
Similar to this scheme, TCP Fast Start proposes re-
utilizing the congestion window size (cwnd), the slow
start threshold (ssthresh), the smoothed round-trip time
(srtt) and its variance (rttvar) [9]. Although all of these
algorithms try to aggregate and share information to some
extent, they do not take advantage of information
regarding the file to be transferred to speed up the
transfer.

There are several application-level approaches to tackle
the inefficiencies of TCP slow start as wel. Using
multiple concurrent TCP connections can cause problems
for TCP congestion control since these connections do not
share any congestion information [9]. This asoincreases
congestion because the group of flows as awhole ismuch
more aggressive in probing for bandwidth than any single
flow [23]. In addition, only a subset of these connections
usually backs off upon experiencing congestion [23].
Several other solutions multiplex logically distinct
streams onto a single TCP connection at the application
levd. These include Persistent-connection HTTP (P-
HTTP) [24] and the MUX protocol [25]. These solutions
have their own drawbacks as wdl. Since they are
application-specific, each type of application would need
to reimplement the same functionality [23].
Furthermore, they result in unnecessary coupling of the
different streams of data: if packets from a particular
flow get lost, the other flows might still stall needlessly
because of the TCP semantics of guaranteed, in-order
ddivery [23]. Therefore, the flows are no longer
processed independently.

In summary, there is very little information on how to
manipulate the various TCP parameters in order to get
the most optimal performance. Also, we do agree with
some of the approaches that mention ways to share
information and use previous network measurement
information. However, we believe that the size of the
data is an important parameter that is missing from all of
these algorithms since it determines the network
conditions that the transfer actually “experiences.” For
instance, depending on the time scales of the congestion
periods, a short flow might have enough bandwidth
available to conduct its transfer whereas a long-lived FTP
flow might see varying network conditions over the
course of its transfer. Bandwidth between hosts can vary
from kilobits to hundreds of megabits per second and, in
general, networks exhibit a great deal of heterogeneity
[12]. Therefore, a particular algorithm for data transfer
might be optimal in one case but not in the other. Hence,
there is a need for more adaptive algorithms that take into
consideration various factors in making their decisions.

We now propose our set of algorithms that combine the
concepts from some of the previous works with our idea
of using the size of the transfer as one of the parameters
in deciding how to transfer the data.

3 NETWORK ADAPTIVE SLOW START

The adaptive TCP slow start algorithm consults
previous history regarding the flows to determine the
amount of network resources available. Based on the
estimate of the available capacity and the size of the
transfer, it decides on one of three methods for
performing the transfer.

The network measurement methodology is identical to
the one used by TCP/SPAND [13]. We implement ther
concept of shared, passive measurements in our
algorithm.  The reason for sharing measurement
information is that in the local sub-domain, thereis plenty
of bandwidth available and therefore, the bottleneck links
are usualy much further aong the path. In such a
scenario, any two hosts in the sub-domain would
experience similar performance to distant hosts and so
sharing of performance information is very useful [12].
Passive measurements provide the added benefit that no
additional traffic is introduced into the network in the
process of discovering the resources available. Earlier
methods, such as Packet Pair and Packet Bunch Mode,
require the generation of a lot of traffic in order to
determine the measurement information and are extremely
inefficient in using the existing bandwidth. Also, these
techniques do not always produce accurate results. So,
for our case, the traffic that the applications generate is
itsdf used in order to determine the necessary network
characteristics.

In our algorithm, we maintain a global state variable
that keeps a history of the ending congestion windows
(cwnd) and the smoothed round-trip times (srtt) of
previous connections.  Since the srtt is an average
estimate of the round-trip time over the course of the
entire connection, we use only the value obtained from the
most recent connection as the estimate for future
connections. The congestion window, however, only
represents a single instant in time (ie, the end-point) of the
previous connection. Therefore, we pool information of
ending congestion windows across all of the hosts in the
local network, and aggregate this information using a low
pass filter. The weights of the low pass filter are set (ie,
they’re not dynamic), and the values of the congestion
window and the smoothed round-trip time are updated
upon completion of any given file transfer. We do not
weight the previous history very heavily because we want
to be able to adapt to changesin network conditions.



Besides maintaining history of previous network
performance, we also try to utilize the size of the file
being transferred in choosing our particular method of
transfer.  Previous studies have shown that network
conditions that determine the amount of available
bandwidth tend to remain pretty stable over time scales
that are orders of magnitude higher than the usual time
that a flow spends in slow start [9]. Thisimplies that we
can essentially assume that the available bandwidth stays
constant over the course of the slow start phase. In our
algorithm, we first calculate the time required for a flow
to complete its slow start phase assuming that we know
the available bandwidth. We use previous network
history (namey the low pass filtered value of the
congestion window) as an estimate of this value. In this
calculation, we assume that the receiver ACKs each
incoming segment and that there are no ACK lossesin the
network. With these assumptions, the dow start time (ss)
is calculated as [2]:

ss= R(log. W)

Here, R is the round-trip time and W is the size of the
congestion window in terms of number of segments. We
then calculate the number of packets that we can send in
this time if we transmit at a rate equivalent to the stored
congestion window value (call this value maxpossible).

maxpossible = (W x ss)/R

We compare this value of the number of packets that
can be sent with the actual size of the file to be sent and
then choose one of the following methods:

In the first method, we first determine whether the
actual file size is smaller than maxpossible. If it is, then
we check to see whether the previous connection finished
in the slow start phase or the congestion avoidance phase
(by comparing the value of the cwnd from the previous
connection with the ssthresh value of the same transfer).
If in congestion avoidance, then we know that we' ve gone
through the bandwidth discovery phase, and that our
congestion window falls in the region of [0.5*maxwnd,
maxwnd], where maxwnd is the maximum possible
window that can be maintained without inducing losses in
the network (essentially, this is the available bandwidth).
With this being the case, we just perform the transfer at a
constant rate equivalent to the current averaged value of
the congestion window. It is important to note that this
constant rate transfer is in some sense a TCP constant
rate transfer and not a UDP transfer. What thismeansis
that unlike UDP, which does no congestion control or
backoff upon loss, our transfer follows the semantics of
regular TCP when it experiences packet loss.

The second method takes care of the case when the
previous congestion window falls in the slow start regime
of that transfer. In this case, we know that the previous

flow was dtill in the bandwidth discovery phase and we
can't be overly aggressive in conducting our transfer.
Therefore, we initialize the starting window of our new
transfer to half of the congestion window value as a
conservative estimate to the amount of available
bandwidth. If this estimate falls beow 1 then we just
initialize the window to 1. This way, we know that even
when the congestion window is doubled in the next round,
it won't induce losses right away if the original estimate
hasn’t overshot the amount of available bandwidth.

The final method is used when the file size of the new
transfer is greater than the maxpossible value. The
previous two methods are based on the assumption that
the bandwidth is stable on the time scale of the entire
dow start phase. However, we don't make the same
assumption beyond this phase. Since the maxpossible
value represents the number of packets that can be
transferred during slow start, anything greater than this
would spill over into congestion avoidance. Since we
don't make the same bandwidth stability assumption for
congestion avoidance, we decide that we can’'t optimize
the transfer in the same way as the other two methods.
Essentially, we are saying that the file is too big since
we re only trying to optimize small file transfers. At this
point, we just decide to use normal TCP to transfer the
file

Thus, we choose the most optimal algorithm based on
the size of the file — this ensures that for any given set of
network conditions and a given file size, we re making the
right decision on how to conduct the transfer.

4 THEORETICAL ANALYSIS

To gain better understanding of the efficiency of this
algorithm, we analyzed its performance in comparison to
that of normal TCP Reno. The analysis applies to TCP
without delayed ACKs.  The performance measure that
we have used in our simulations is the transfer time of the
file, so we use the same metric in order to perform our
analysis.

We make the following assumptions in evaluating the
performance of our algorithm. First, we assume that the
flow does not go into congestion avoidance and only stays
in slow start. This assumption makes sense since our
algorithm is geared towards providing maximum
improvement in the transfer time of short flows that
usually finish transfer while mostly still in the slow start
phase. The second assumption we make is that there is
enough buffer space and bandwidth so that there are no
packet drops. This assumption is used to compare the
gains in the best case scenario for both, our algorithm and
for TCP Reno.



We compare the time required to transfer a flow of x
packets. We know from [7] that in TCP slow start, the
time of transfer is:

t1(X) = (ceil(logz X) + 1)*R

Here, R represents the round trip time of the
connection. The amount of time required to transfer a
flow of the same size (i.e,, x packets) with our algorithm
for packets of size P and an available bandwidth of Bis:

t2(x) = (PIB)*x+ R

We can then calculate the minimum available
bandwidth required so that the transfer time using TCP is
greater than the time using our adaptive TCP algorithm.
Essentially, this is the region of operation for our
algorithm because we're only using our constant rate
transfer if there is enough bandwidth available to transfer
the entire file faster than with slow start. Let us use the
notation clog, (X) to dencte ceil (log; X).

t,(X) 21,(x)
(clog,(x)¥)* R= E* Xx+R

*

X+1

clog,(x) +1= P

B*

P* x

B*R
BZP*XQ 1 E
R [log,(x)

clog,(x) =

Essentially, this indicates the minimum bandwidth-
delay product required so that the time of transfer with
our algorithm is lower than with TCP slow start. Wesee
that this product is directly proportional to the length of
the flow (which is P*x) and inversdy proportional to the
log of the number of packets being sent.

We then compare the two time functions.

T(x) = t,(X) _ (clog, x+1)*R
t,(X) Ax+R

Here A = P/B (i.e, Ais the time required to transmit a
packet at an available bandwidth of B). We see that the
time function for our algorithmis linear with a slope of A.
Looking at the function T(x) more closdy we see that
there is a range of x values (determined by the slope of
the function t,(x)) over which T(x)>1 (i.e., our algorithm
requires less time than slow start). If A>>0 and A<0.4
then the two functions intersect fairly quickly and the
range is small (spanning only a few packets). If A>0.7
then the two functions don’t intersect at all, indicating
that there isn't sufficient bandwidth available in order to
use the adaptive TCP algorithm. For reasonable values

of A (i.e, packet size and bandwidth), the range of
packets falls approximately in 0 < x < 50. This means
that our algorithm is much better than TCP slow start
when the amount of data to be sent is very small.

We also evaluated the percentage savings that can be
achieved in the transfer time by using our algorithm.

t,(X) —t,(x) _ (clog, x+1)* R-(A* x+R)
t(x) (clog, x+1)* R

Bﬁﬂ*xﬂ
_[ORO

clog, x+1

This function essentially reflects the same behavior as
T(X) except here, we can calculate the number of packets
to send for maximal savings in time for a given topology
and network conditions (i.e., available bandwidth, packet
size and ddlay). As an example, consider the following
sample values: P = 8kbits, B = 0.5Mbps, and R = 200ms.
Performing the calculations, we see that although the
range in which we gain some savings is 0<x<75, we
attain savings of 40% or greater only when the number of
packets sent falls in 0<x<35. Peak savings in transfer
time are achieved by using our algorithm when the
number of packets sent for this particular scenario is x=8.
Therefore, we see that for reasonable values of bandwidth
and delay, we achieve maximum savings by using our
algorithm when the number of packets sent isvery small.

We decided to run simulations to verify this behavior
of our algorithm.

5 SIMULATION METHODOLOGY

We implemented our new algorithm in the ns network
simulator [8]. The topology of interest to usisone where
we're doing data transfer from one local area network to
another across some wide area network. We consider the
advantages of sharing information amongst hosts on the
same LAN. This is motivated by the SPAND
architecture, in which it is assumed that hosts in well-
connected domains communicate over WANs (or
networks in general) with unknown characteristics [10],
[12]. These hosts reside within uncongested, high-speed,
low-latency domains. Therefore, information for hostsin
any given sub-domain is aggregated within that sub-
domain. The simulation topology is depicted in Figure 1
[13].
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Figure 1. Smulation Toplogy

A connection per host is established between a portion
of the sources on the left with their counterpart sinks on
the right. The TCP packet/segment size is set to 1 KB.
The size of the bottleneck buffer is 20 KB. The
bottleneck router uses FIFO scheduling with drop-tail
buffer management. The scenarios shown in Table 1 are
considered (exactly the same as the ones used in the paper
by Zhang €. al) [13].

Scenario Bandwidth Link Delay Description

1 1.6 Mbps 50ms T1 speed terrestrial WAN link

2 1.6 Mbps 200 ms T1 speed geo-stationary satellite link
3 45 Mbps 200 ms T3 speed geo-stationary satellite link

Table 1. Scenarios (topologies) used for the

simulations

The simulations are carried out in a manner similar to
the simulations in Keshav's TCP/SPAND paper. Each
end-to-end flow sends 10 files to its corresponding sink,
with a 10 sidle time in between each transfer. Thereis a
jitter variable used to control the exact start time beyond
this 10 s interval. The performance metric used in our
case is the average completion time of the flows [13].

6 SIMULATION RESULTS

The performance of TCP with adaptive slow start is
compared with the performance of TCP/NewReno. The
granularity of the timer is changed to 10 ms, and this
value is used for both, adaptive TCP and for
TCP/NewReno. The reason for this is that we rely
heavily on the previous values of srtt, which need to be
fairly precise. The original TCP resolution of 200 ms is
too coarse-grained for our purposes, and therefore, we
decided to use the much finer timer resolution.

6.1 Varying the number of competing connections

In the first experiment, we try to see how the new
algorithm compares to TCP with increasing number of
connections. As mentioned above, the metric used is the

average time of transfer.  The total number of
connections is changed from an initial value of 1 to its
final value of 30. Each connection transfers 10 files of
Size 40 KB (the size of atypical web page). The transfer
time plotted on the graphs is the time obtained by
averaging al of the existing flows. We first do a
simulation run in which al of the connections are
TCP/NewReno, and then we do another run in which all
flows use our adaptive TCP. The graphs for these
simulations are presented below in Figure 2. The graphs
depict the average transfer time of the 40 KB file for each
of the two scenarios. In comparing TCP/NewReno and
our adaptive TCP, we see that our algorithm is much
faster in transferring the file in both topologies. We see
that the gains are especially more pronounced in the high
latency scenario (i.e., Scenario 2).
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Figure 2: Performance with different number of
connections

The gains obtained in Scenario 1 fall approximatdy in
the range of 4 — 50 %, while for Scenario 2 the range is
about 22 — 57 %. This does not include the one case in
Scenario 1 when TCP/NewReno does better than our
algorithm (the case with 30 connections) by about 8 %.
From these graphs we see that using our adaptive
algorithm instead of TCP dlow start results in much
better completion times.

6.2 Varying thetransfer filesize

In this part of the experiment, we try to measure the
performance of our algorithm as we vary the size of the



file being transferred. The number of connections, inthis
case, is hdd constant at 10, and each of the connections
transfers 10 files of the given size. Each point on the
graphs is obtained by taking the average of the transfer
times of all 100 of these transfers. The experiment is run
for the first two scenarios listed in the table above. The
graphs for this part of the experiment are presented
below.
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Figure 3: Performance with different file sizes in
terms of number of packets

We can see from these graphs that our adaptive TCP
algorithm performs better in all cases than regular
TCP/NewReno — the average transfer time is aways
lower with our algorithm than with TCP/NewReno. We
also see that the gains are bigger in the topology in
Scenario 2, which has a higher bandwidth-delay product.

6.3 Effects of cross traffic

We wanted to observe the effects of adding cross
traffic to our simulations. We use multiple concurrent
long-lasting FTP sessions to modd the cross traffic in the
network. First, we fix the transfer size to 40 KB and
notice the effects of varying the number of connections
from 1 to 30. We use Scenario 2 for this smulation with
2 competing FTP flows. Next, we fix the number of
connections at 20 and consider the effects of varying the
file size from 5 packets to 100 packets. This simulation
is performed with the topology in Scenario 3 with 5

competing long-lasting FTP flows. The graphs of these
two simulations are shown below.
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Figure 4: Performance with cross traffic

We observe once again that our algorithm performs
much better than TCP, even when there is cross traffic
present. The gains in the average transfer time when
varying the number of connections range from 15 % to
about 42 %. We aso see that the gains are not as high as
the number of connections is increased, probably because
each connection’s share is reduced and the scope for
improvement is much lower [13]. When we vary the file
size instead of the number of connections, we see that the
average transfer time for our adaptive TCP algorithm is
considerably lower than TCP/NewReno in all cases. The
gains range from 29% (when the file size is 5 packets) to
71 % (for afile size of 20 packets). The gains are lowest
for really small packets, mainly because the number of
packets being transferred is too small to alow any
significant improvements in transfer time. When the file
size reaches 20 packets however, we realize maximum
savings in transfer time. From that point, the percentage
gain gets progressively worse as the file sizeis increased,
although our algorithm still outperforms TCP/NewReno
by a wide margin.

6.4 TCP Friendliness
An important consideration in making any changes to

TCP is whether the new proposed algorithm is TCP
friendly or not. The key idea here is that the new



algorithm should work in conjunction with TCP without
adversely affecting the performance of regular TCP.

We show TCP friendliness by observing the
transfer times of flows when there is a mixture of TCP
flows. We run three separate simulation experiments: in
the first, all connections use the adaptive TCP algorithm;
in the second, half of the connections use adaptive TCP,
the other half use TCP/NewReno; and in the final
experiment, all connections use TCP/NewReno. In each
case, the total number of connections is set to 20 and the
file transfer size is varied. There is no cross traffic
present in this setup. The topologies from scenarios 1
and 2 are explored. The following two graphs
demonstrate the results of these experiments. For the
most part, we see that the adaptive TCP algorithm
transfers the files much faster than TCP/NewReno.
Other than when the file sizes are very large (in
comparison to the bandwidth-dday product of the
network), using our adaptive TCP algorithm results in
sharp reductions in the average file transfer times. More
importantly, however, we see that these reductions do not
come at the expense of other TCP flows.
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Figure 5: TCP Friendliness study

We observe that the transfer times for TCP/NewReno
are almost equivalent regardless of whether flows using
the adaptive TCP algorithm are present or not. This
means that our algorithm only chooses the more
aggressive modes of transfer when it knows that there is
plenty of bandwidth present in the network and the file to
be transferred is quite small. Otherwise, the algorithm
chooses TCP/NewReno, which is why the discrepancy

between the transfer times of the adaptive TCP flows and
the TCP/NewReno flows is amall for larger file transfers.

The data, therefore, indicates that the adaptive TCP
algorithm is TCP friendly and that it does not result in
any kind of degradation in the performance of
TCP/NewReno. In addition, we actually wanted to
quantitatively measure the impact of mixing connections
of both types of TCP's. For this purpose, we ran more
simulations where the setup was as follows: we initiated
20 connections, each with 10 files to transfer with a fixed
file size of 40 KB. There were three sets of simulations
for each of the first two scenarios: the first set had only
adaptive TCP flows, the second contained half adaptive
TCP and half TCP/NewReno flows, and the last set
included only TCP/NewReno flows. We measured the
average transfer times for each of these three sets of

simulations. The results are presented in the tables
below.
Scenario 1: 20 Scenario 1: 10 Scenario 1: 20
Modified TCP Modified TCP/10 TCP/NewReno
flows NewReno flows flows
Modified TCP Delay (s) 0.982 0723
TCP/NewReno Delay (s) 1.07 134
Average Delay (s) 0.982 0.897 134

Table 2. TCP Friendliness Study Average Delay

Comparison (Scenario 1)

Scenario 2: 20
Modified TCP

flows

Scenario 2: 10
Modified TCP/10
NewReno flows

Scenario 2: 20
TCP/NewReno

flows

Modified TCP Delay (s)

1.9

177

TCP/NewReno Delay (s)

3.02

310

Average Delay (s)

1.9

239

310

Table 3: TCP Friendliness Study Average Delay
Comparison (Scenario 2)

We notice that while our adaptive TCP algorithmis the
fastest in transferring the files, this speed does not come
at the expense of the other TCP flows; in fact, it is
actually beneficial to the TCP/NewReno flows that are
present at the same time. For instance, the overall
average file transfer time of the NewReno flows in the
presence of adaptive TCP flows is dlightly lower than
when there are no adaptive TCP flows present at the
same time. The reason for this is that the adaptive TCP
flows are more eficient in utilizing ther available
bandwidth, and they finish their transfers faster, thus
leaving the rest of the bandwidth for the TCP/NewReno
flows. When all the flows are TCP/NewReno, however,
they compete against each other throughout the course of
the transfers for their share of the bandwidth. Another
thing we realize from these tables is that the average
transfer time for our adaptive TCP flows is lower in the



presence of TCP/NewReno flows than when there are no
TCP/NewReno flows. This phenomenon also occurs for
the same reasons as stated above. When there are only
adaptive TCP flows present, they compete against each
other for the available bandwidth. However,
TCP/NewReno flows, when present, are more
conservative in terms of their window increase algorithm,
and so our adaptive TCP flows can use the available
bandwidth more efficiently and finish in a shorter amount
of time. It is important to note that in ether case, the
adaptive TCP flows aways finish faster than the
TCP/NewReno flows, implying that there are benefits to
using this new algorithm.

7 CONCLUSIONS AND FUTURE WORK

In this paper, we have demonstrated how we can
improve the performance of TCP when dealing with short
flow transfers that are on the order of the bandwidth-
delay product of the network. Since most short flows
finish their transfers while they are still in the slow start
phase, the inefficiencies of this phase seriously hurt these
data transfers. Most improvements to TCP that have
been proposed in the past are aimed at completey
changing the behavior of the protocol in all cases, without
realizing that what is optimal for short flows is not
necessarily the optimal thing to do for longer flows. We
beieve that our approach is better than previous
proposals since it picks the algorithms to be used based
on the size of the file to be transferred. We do not just
blindly apply the same algorithms to all cases. We also
make use of previous network performance history to get
a better estimate of the available bandwidth. We use
these estimates to determine how much data we can pump
through the network more aggressively.

There are a number of things that can still be improved
upon with this work. For instance, a lot of the
parameters for how we do averaging of congestion
windows and round-trip times are still untested. Thereis
some work involved in figuring out whether we can
obtain parameters that will work optimally in general or
if they will actually be toplogy dependent. Also, for the
purposes of the simulation, we have assumed that we are
going from one well-connected local domain to another
across a WAN of unknown characteristics. However, we
have not considered the case when connections are being
made to different hosts that reside on different domains.
The immediate open question that relates to this case is
trying to figure out how to maintain previous
performance history across these different domains.
Clearly, we cannot just maintain a single value of the
congestion window and round-trip time as we have done

with our simulations because the network conditions
going to different domains across different LAN’s will be
different.
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