
The 18th Annual IEEE International Symposium on Personal, Indoor and Mobile Radio Communications (PIMRC’07)

SENDER SIDE INTELLIGENCE FOR TCP THROUGHPUT ENHANCEMENT IN
WIRED-CUM-WIRELESS NETWORK

Anup K Ghosh
IBM India Pvt Ltd

Calcutta 700 091, India

Sudipto Das∗

Dept. of Computer Science
University of California, Santa Barbara, USA

Rajesh Roy†

Dept. of Computer Science
University of California, Davis, USA

Amitava Mukherjee, Senior Member IEEE
Royal Institute of Technology, Stockholm 16440, Sweden

IBM India Pvt Ltd, Calcutta 700 091, India

ABSTRACT

Performance of the TCP Congestion Control Algorithm has
been the focus of research over the last decade. In this pa-
per we propose modifications to TCP Congestion Control to
improve its performance in wired-cum-wireless networks The
key idea to determine the Optimal Congestion Window for a
TCP Sender, in a particular network scenario (that corresponds
to the fair share of that connection) and keep this congestion
window a constant to a point where the fair share in the net-
work has changed considerably from the instance of the calcu-
lation of the size of the last window. At this point, the TCP
Congestion Window is recalculated according to the nature of
new scenario. The proposed mechanism is particularly effec-
tive over wireless links, which have an inherently loss-prone
nature, as Modified TCP’s congestion window being indepen-
dent of packet losses (be it corruption losses or it congestion
losses), keeps transmitting at the same rate at before.

I. I NTRODUCTION

A well-known problem of the TCP Congestion Control Algo-
rithm [1–3] in wired – cum – wireless environment is that it
relies on packet loss as an indicator of network congestion.
In order to ease the congestion scenario and to avoid a con-
gestion collapse, a TCP Reno Sender reduces the congestion
window (cwnd expressed in number of segments) and refrains
from sending packets. In the wired portion of the network a
congested router is invariably the likely reason of packet loss,
whereas in the wireless portion a noisy, fading radio channel is
the more likely cause of loss. This results in degraded perfor-
mance of TCP Reno since it lacks the ability to distinguish and
isolate congestion loss from wireless loss. Various approaches
to address this problem have been discussed and compared in
the work by Balakrishnan et al. [4, 5] where the authors care-
fully contrast three approaches: end-to-end (E2E), Split Con-
nection, and Localized Link Layer methods were carefully con-
trasted. The split-connection approach [6, 7] violates these-
mantics of E2E reliability and requires a lot of state mainte-
nance at the base station. On the other hand, TCP Westwood
(TCPW) is a new congestion control algorithm that is based on
E2E bandwidth estimation [8–11].
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In this paper, we propose a TCP Sender side modification of
the TCP congestion control algorithm [12] that takes the E2E
approach. The crux of idea is that for a given network scenario,
the Modified TCP Sender determines its optimal fair share of
bandwidth in the link setting its Congestion Window (cwnd)
in a way that it can effectively transmit with a rate that utilizes
the fair share of bandwidth in that scenario. After thecwnd is
set to a value optimal for a given network scenario, it is kept
constant to the point where the network scenario has changed
by a extent significantly altering the connection’s fair share.
Since the value ofcwnd is not decreased at any packet loss in-
dication like retransmission on receipt of a tripleDUPACK, or a
coarse timeout caused by the expiration of the Retransmission
Timer, hence it is not susceptible to performance degradation
andcwnd reduction on the occurrences of stray packet losses.
This leads to an enhanced performance in the wireless scenar-
ios, as the losses are never an indication of congestion, rather
they are caused due to the inherent loss-prone nature of the
radio propagation medium. We provide simulation results in
support to our claim that constantcwnd can outperform TCP
Reno in static (i.e., certain time interval) network scenarios.

The rest of this paper is organized as follows: section II.
summarizes some related work; section III. gives the analyti-
cal approach; section IV. describes the algorithm used by the
sender; section V. summarizes the results obtained by the sim-
ulations; section VI. gives an idea of the challenges faced while
implementing such a strategy; and finally, section VII. con-
cludes the paper.

II. RELATED WORK

NCPLD [13] compares the measured Round Trip Time (rtt)
with the lowestrtt (or that at the knee of the goodput – load
curve). If the former is close to the latter, then the cause of
a packet loss is assumed to be wireless errors. TCPW [8–11]
measures goodput (or reception rate) and uses that rate to set
the congestion window whenever a packet is detected lost. If
the current goodput is below a certain band around the mean,
then the cause of a packet loss is assumed to be congestion,
otherwise the cause of loss is attributed to wireless errors.

This paper uses the TCPW bandwidth estimation scheme
and also compares the performance of the Modified sender with
the TCPW sender. The TCPW sender monitorsACKs to esti-
mate the bandwidth currently used by, and thus available to the
connection. More precisely, the sender uses (1) theACK recep-
tion rate and (2) the information anACK conveys regarding the
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amount of data delivered to the destination. The Westwood al-
gorithm is described briefly below. Let us assume that anACK
is received at the source at timetk, notifying thatdk bytes have
been received at the TCP receiver. We can measure the follow-
ing sample bandwidth used by that connection asbk = dk/∆k,
where∆k = tk - tk−1 andtk−1 is the time the previousACK
was received. The following discrete-time filter is used which
is obtained by discretizing a continuous low-pass filter using
the Tustin approximation

bk = αkbk−1 + (1 − αk)(bk + bk−1)/2 (1)

wherebk is the filtered estimate of the available bandwidth
at timet = tk, αk = (2τ - ∆k)/(2τ + ∆k), and1/τ is the cutoff
frequency of the filter.

Algorithm after n duplicate ACKs
The pseudo code of the algorithm is the following:
if (n DUPACKs are received)
ssthresh = (BWE * RTTmin)/seg size;
if (cwin > ssthresh) /* congestion avoid */
cwin = ssthresh;
endif
endif

Here, segsize identifies the length of the payload of a TCP
segment in bits.

Algorithm after coarse timeout expiration
The pseudo code of the algorithm is:
if (coarse timeout expires)
ssthresh = (BWE * RTTmin)/seg size;
if (ssthresh < 2)
ssthresh = 2;
endif;
cwin = 1;
endif

III. ANALYTICAL APPROACH

The logic for using a constant window would be summarized
as under: As in [1] if we measure the network load by average
queue length over fixed intervals of some appropriate length,
and Li be the load at instanti, then, for a congested network
we have:

Li = N + γLi−1 (2)

whereN (a constant) accounts for the average arrival rate of the
new traffic, andγLi−1 accounts for the traffic left from the last
time interval. Evidently, the termγLi−1 arises when the sender
is sending at a rate which is greater that its fair share leading to
a fraction of packets from the previous round remaining in the
network when the packets form the next round arrives in the
network. But if the sender is sending at a rate that utilizes its
fair share, theγLi−1 vanishes, equation (2) thereby reduces to

Li = N (3)

which is a constant, and this forms the basis for use of a con-
stant congestion window.

IV. TCP MODIFICATIONS

The key idea here [12] is that we can divide the entire lifetime
of a TCP connection into a finite number of slots such that the
connection’.s fair share in the network remains almost samein
a particular slot, i.e. we may assume that the network scenario
remains almost static with such slot. A change in the available
share of a network, due to some connections leaving the net-
work or some new connections joining, ends a slot and marks
the beginning of the next slot. Our proposal is to use a constant
TCP Congestion Window during these slots where the network
scenario is assumed to remain unchanged. The beginning of a
new slot would trigger a window recalculation and thecwnd
would be set according to the connection’s available share in
that slot.

In the proposed mechanism, we use a bandwidth estimation
algorithm similar to that of TCPW to obtain an estimate of the
available fair share. The change in thertt measurements is
used as a trigger to move to the recalculation phase from the
constant window phase (our model uses the knee region in the
rtt curve as in [13] to detect a change in fare share and trigger
recalculation). In our model, the Modified TCP Sender moves
through three distinct phases during its lifetime: thestartup
phase followed by mutually interleavedwindow recalculation
phase andconstant window phase. The three phases are de-
scribed with some detail as under.

• The Startup Phase
At connection setup, the sender has no inkling of the net-
work scenario. In order to impart dynamic nature, the
Sender refrains from using typical default values for these
essential attributes of the connection. The sender uses a
slow start mechanism as in [1]. The sender continues the
slow start process for sayk rounds, during which it ac-
quires various vital information about the network such
as the minimumrtt measurement, a measure of the net-
work bandwidth that the connection etc. After the firstk
rounds, the sender has acquired enough information about
the network and hence calculatescwnd for the first time.

• Window Recalculation Phase
When a change in available fair share is detected by the
trigger, the TCP sender enters this phase. This is the
most crucial phase of the connection, as in this phase, the
cwnd is calculated which is kept a constant during the
next phase. Hence the performance of the sender, how
well it utilizes its share of the network, depends on the
cwnd calculated. Along with the window recalculation
process, the current value of the smoothedrtt measure-
ments, obtained by passing the coarsertt measurements
of the individual segment through a low pass filter as sug-
gested by Jacobson [1], is also archived for future refer-
ence. An efficient Bandwidth Estimation Algorithm must
be in place to determine the fair share of the connection in
the network. The accuracy of this algorithm in determin-
ing the network share would determine the performance
of the Modified TCP Sender.

• The Constant Window Phase
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During this phase of the connection, thecwnd is kept a
constant irrespective of the number ofACKs received or
any indications of packet loss likeDUPACK or a coarse
timeout. The sender keeps track of thertt estimates
from the segments that have been delivered. If the percent-
age change in the smoothedrtt measurements over the
archivesrtt measure is greater than a specified thresh-
old, the sender exits the constant window phase and en-
ters the Window Recalculation Phase i.e. if| rttarc - rttvar

| /rttarc > β, a window recalculation is made. The algo-
rithm’s pseudo code is as follows

Algorithm
if( slow start state)
slow start(); /* open cwnd by one segment on
each ACK arrival */
else
if( |rttarc - rttvar|/rttarc > β)
/* Fractional increase greater than threshold */
/* recalculate window and archive the value of rttvar */
cwnd = (EstimatedBandwidth * RTTmin) / segsize ;
if(cwnd < 1) cwnd = 1;
rttarc = rttvar ;

In the pseudo code,seg size identifies the length of the
TCP segments in bytes; RTTmin is the estimated mini-
mum value ofrtt throughout the lifetime of the partic-
ular connection, and EstimatedBandwidth is the Band-
width Estimate obtained by some Bandwidth Estimation
Algorithm.

V. PERFORMANCEANALYSIS

Figure 1: Network Scenario used for simulation

In this section, we report on the basic performance behavior
of the modified TCP senders and its fairness among a num-
ber of connections sharing a bottleneck link. A performance
comparison is made with the TCP Reno and TCP Westwood
sources operating in similar network scenarios. Intermediate
node buffer capacity is always set equal to the bandwidth de-
lay product for the bottleneck link based on literature studied.
Increasing the buffer capacity further does not have any impact
on the performance [13]. The traffic model used is FTP with
infinite data to send so that the sender has data to send when-
ever the network permits, and the packet size is set to 1000

Figure 2: Variation of Throughput with varyingcwnd for var-
ious bit error rates for single S/R pair

Figure 3: Variation of throughput with varying error rates in
scenarios with constant bit error rates for single S/R pair

Figure 4: Variation of Throughput with number of TCP con-
nections sharing the link in scenarios with 5% loss in constant
bit error

bytes (1040 bytes with headers) in all experiments. The wire-
less subnet is error prone. In our simulations we have used the
conventional TCP Sink which responds with an ACK for every
packet received. There is no congestion or error in the ACK
path. All simulations have been carried out for a period of 250
seconds with the TCP senders transmitting data for the entire
period of simulation. All the simulations have been carried
out with 802.11 MAC with a maximum available bandwidth of
1Mbps. A Two Ray Ground propagation model is used with an
Omni-directional antenna. The wired subnet is error free while
the wireless subnet is prone to varying error rates.

The performance of the Modified TCP Senders, TCP West-
wood, and TCP Reno has been compared based on the through-
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Figure 5: Variation of Throughput with varyingcwnd error for
various burst error for single S/R pair

Figure 6: Variation of throughput with varying error rates in
scenarios with burst error and for single S/R pair

Figure 7: Variation of Throughput with number of TCP con-
nections sharing the link in scenarios with 5% loss in burst er-
ror

put metric, i.e. the number of data packets received at the
sender. We have analyzed the performance of the Constant
Congestion Window aspect of the Modified TCP to assert that
in the time slots when the share of a connection in the net-
work remains unchanged, a Constantcwnd TCP outperforms
the Reno and Westwood sources in situations with wireless er-
rors. Our assumption is that the share of a connection remains
unchanged during the entire period of simulation. The optimal
cwnd for a given scenario has been evaluated thecwnd of the
modified TCP Sender has been set accordingly. One aspect is
to be noted that we are not simulating the entire lifetime of a
modified TCP sender. Rather, our analysis is concentrated only
on the Constant Congestion Window phase of the connection.

All simulations in this paper have been carried out using the
LBL network simulator ns2 [14, 15] with appropriate modifi-
cations for implementation of the changes in the modified TCP
sender. For comparison with TCP Westwood, the correspond-
ing TCPW modules were used [16].

Figure 1 shows a schematic of the scenario used for simu-
lation. A number of TCP connections share a common wired
bottleneck that connects the intermediate router to the base sta-
tion. When there is only one TCP connection in the network,
there is no loss due to congestion. As a result, any packet loss
is due to wireless errors. Hence, we can evaluate the perfor-
mance of the Modified congestion control algorithm in scenar-
ios where wireless loss is the only cause for packet loss. As
the numbers of source/receiver pairs are increased, gradually
the wired link between the router and the base station would
become congested. Hence packets will also be lost both due to
congestion as well as wireless errors. Hence, the performance
of the Modified TCP sender in congested networks can also be
evaluated using the same scenario.

A. Constant Bit Error rates

In the scenarios under consideration, the wireless subnet is
prone to constant bit error rates. Figure 2 compares the per-
formance of the Constantcwnd senders for different values of
cwnd. As is evident, for every scenario, there exists a value
of cwnd (in some cases more than one) for which the perfor-
mance of the TCP Sender is maximum. This is the optimal
cwnd for the given network scenario. In Figure 2,cwnd is
expressed in segments.

As is evident from Figure 3, a Constantcwnd TCP outper-
forms the Reno and Westwood senders operating in similar net-
work conditions. A 10-15% increase in throughput has been
obtained as is evident from Figure 3. In this figure, the error
rates are expressed as percentage. Figure 4 compares the per-
formance of the TCP variants for multiple connections sharing
the wired bottleneck and hence, packet is lost due to congestion
as well. The ConstantcwndTCP sender outperforms Reno and
Westwood in such scenarios as well

B. Burst Error

This subsection compares the performance of Modified TCP,
TCP Reno and TCP Westwood based on the throughput met-
ric. In the scenarios under consideration, the wireless subnet
is prone to burst error. The burst error is modeled using is a
discrete time first order Markov Model. The pattern of errors
is described by the transition matrix

M =

(

pBB pBG

pGB pGG

)

where is pBG the transition from bad to good, i.e., the condi-
tional probability that successful transmission occurs ina slot
given that a failure occurred in the previous slot, and the other
entries in the matrix are defined similarly. It is to be noted that
represents 1/(1 - pBB) the average length of a burst of errors,
which is described by a geometric random variable.

Figure 5 compares the performance of the Constantcwnd
senders for different values ofcwnd. As is evident, for every
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scenario, there exists a value ofcwnd (in some cases more than
one) for which the performance of the TCP Sender is maxi-
mum. This is the optimalcwnd for the given network scenario.
In Figure 5,cwnd is expressed in segments.

When comparing the performance of the Constantcwnd
TCP Sender, the
t cwnd is set to the optimal value for the given scenario. As is
evident from Figure 6, a Constantcwnd TCP outperforms the
Reno and Westwood senders operating in similar network con-
ditions. A 10-20% increase in throughput has been obtained
as is evident from the figure. In Figure 6, the error rates are
expressed as percentage.

Figure 7 compares the performance of the TCP variants for
multiple connections sharing the wired bottleneck and hence,
packet is lost due to congestion as well. The Constantcwnd
TCP sender outperforms Reno and Westwood in such scenarios
as well.

VI. CHALLENGES IN IMPLEMENTING THE PROPOSED

MECHANISM

In the earlier sections of the paper, we have proposed Sender
side modification of the TCP congestion control algorithm.
There are certain challenges which need to be met in order for
this mechanism to work more efficiently. Firstly, the bandwidth
determination algorithm would be precisely able to calculate
the available fair share of the connection in the network. Anin-
correct estimation would negate the performance enhancement
which would be gained by not reducing the window in case of
wireless errors. Secondly, the triggering mechanism wouldbe
able to efficiently determine a change in the available fair share
of the bandwidth in the network. Failure to do so would lead
to potential over or under utilization of the available fairshare
in case the fair share of the connection decreases or increases
respectively.

VII. CONCLUSION AND FUTURE WORK

In this paper, we propose a Sender side modification of the
TCP congestion control algorithm. In addition to this pro-
posal, we have evaluated and compared the performance of the
modified TCP sender during a particular phase of its lifetime
viz. the Constant Congestion Window Phase. The simulations
performed has shown a throughput enhancement of 10-15% as
compared to TCP Reno and Westwood in cases with constant
bit error rates and about 10-20% in cases with burst error cor-
responding to a discrete time first-order Markov model. One
important aspect of operation of this modified TCP is that the
cwnd should be set to a value optimal for a given connection.
For this purpose, an efficient Bandwidth Estimation Algorithm
would be designed that would dynamically determine a con-
nection.s fair share based on certain observed and measured
parameters. We are working on to derive a function that would
dynamically determine thecwnd during the window recalcu-
lation phase.
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