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ABSTRACT In this paper, we propose a TCP Sender side modification of
‘ f th . | Algorithm h the TCP congestion control algorithm [12] that takes the E2E
Performance of the TCP Congestion Control Algorithm proach. The crux of idea is that for a given network scenari

been the focus of research over the last decade. In this gas \1qgified TCP Sender determines its optimal fair share of
per we propose modifications to TCP Congestion Control Eindwidth in the link setting its Congestion Windoemd)

Improve its perform_ance in wwgd—cum-wwelgss ne_tworksTr]n a way that it can effectively transmit with a rate thatiaglk

key idea to determine the Optimal Congestion Window for @ ¢4ir share of bandwidth in that scenario. After thend is

TCE Sfer)de:], ina p;a:;ucular network scegall(”o (thﬁ_t COmMBERO ot 16 4 value optimal for a given network scenario, it is kept

to tde air share of that cor_mecttl]on) arr: ¢ gepht IS Fonﬁes“@onstant to the point where the network scenario has changed

window a constant to a point where the fair share in the nelY a extent significantly altering the connection’s fair igha

wqu has chan_ged conS|derabI_y from the Instance of the €al&] o the value ofwnd is not decreased at any packet loss in-

lation of .the size of t.he last window. At th_'s point, the TCRjication like retransmission on receipt of a trid&PACK, or a

Congestlon'Wmdow is recalculated acpordmg to .the natare &arse timeout caused by the expiration of the Retransomissi

new scenarlo.l Thelz_ pkroposhe.:dhn;]echamsr.n r']s partllmljlarly eﬁeﬁmer, hence it is not susceptible to performance degradati

tive over w:\;le Sff’ me(S:PW Ich have an !nderertl)ty OSS:;WO andcwnd reduction on the occurrences of stray packet losses.

hature, as Moditie S _congestlc_)n WINdow being INAEPeRp;s |aads to an enhanced performance in the wireless scenar

dent of packet Iosses'(t_)e it corruption losses or it Ccmg"&st'ios, as the losses are never an indication of congestidmerrat

losses), keeps transmitting at the same rate at before. they are caused due to the inherent loss-prone nature of the

radio propagation medium. We provide simulation results in

I. INTRODUCTION support to our claim that constaotnd can outperform TCP

. Reno in static (i.e., certain time interval) network scéosr

A well-known problem of the TCP Congestion Control Algo- The rest of this paper is organized as follows: section II.

fithm [1-3] in wired — cum — wireless environment is that i, | i/ 06 some related work; section lll. gives the analyt
relies on packet loss as an indicator of network congestlo(gj‘.I approach; section IV. describes the algorithm used by th
In order to ease the congestion scenario and to avoid a ¢ '

estion collanse. a TCP Reno Sender reduces the conges Igfhder; section V. summarizes the results obtained by tire si
\?vindow (cwng ex’ ressed in number of segments) and refgraiHI%tlons; section VI. gives an idea of the challenges fackeitew
; P X 9 |rﬁplementing such a strategy; and finally, section VII. con-
from sending packets. In the wired portion of the networka
o . : udes the paper.
congested router is invariably the likely reason of packss)
whereas in the wireless portion a noisy, fading radio chhisne
the more likely cause of loss. This results in degraded perfo
mance of TCP Reno since it lacks the ability to distinguisth aNCPLD [13] compares the measured Round Trip Timet()
isolate congestion loss from wireless loss. Various apgres with the lowestr t t (or that at the knee of the goodput — load
to address this problem have been discussed and compareglive). If the former is close to the latter, then the cause of
the work by Balakrishnan et al. [4,5] where the authors cara-packet loss is assumed to be wireless errors. TCPW [8-11]
fully contrast three approaches: end-to-end (E2E), Spiit-C measures goodput (or reception rate) and uses that rateé to se
nection, and Localized Link Layer methods were carefully-cothe congestion window whenever a packet is detected lost. If
trasted. The split-connection approach [6, 7] violatesgbe the current goodput is below a certain band around the mean,
mantics of E2E reliability and requires a lot of state maintehen the cause of a packet loss is assumed to be congestion,
nance at the base station. On the other hand, TCP Westwoggerwise the cause of loss is attributed to wireless errors
(TCPW) is a new congestion control algorithm that is based onThis paper uses the TCPW bandwidth estimation scheme
E2E bandwidth estimation [8-11]. and also compares the performance of the Modified sender with
- - the TCPW sender. The TCPW sender monitd@Ks to esti-
*This work was carried out when the author was an undergradstatient mate the bandwidth currently used by. and thus availabledo t
at Jadavpur University, Kolkata _ . y Y,
tThis work was carried out when the author was an undergracatatient CONnection. More precisely, the sender uses (1 b€ recep-
at Jadavpur University, Kolkata tion rate and (2) the information aCK conveys regarding the

Il. RELATED WORK
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amount of data delivered to the destination. The Westwood
gorithm is described briefly below. Let us assume thaf@K
is received at the source at timg notifying thatd;, bytes have

al IV. TCP MODIFICATIONS

The key idea here [12] is that we can divide the entire lifetim
of a TCP connection into a finite number of slots such that the

been received at the TCP receiver. We can measure the follow-

ing sample bandwidth used by that connectiob;as d;/Ay,
whereAy =ty - ty—1 andt,_; is the time the previousCK
was received. The following discrete-time filter is used ethi

is obtained by discretizing a continuous low-pass filtengsi
the Tustin approximation

bk: = akbk:—l + (1 - ak)(bk: + bk:—l)/2 (l)

whereby, is the filtered estimate of the available bandwidt

attimet = ty, ay, = (27 - Ap)/(27 + Ay), andl/7 is the cutoff
frequency of the filter.

Algorithm after n duplicate ACKs

The pseudo code of the algorithm s the following:
if (n DUPACKs are received)

ssthresh = (BWE * RTT,,,;,,)/Seg_size;

if (cwin > ssthresh) /* congestion avoid */

cwin = ssthresh;

endif

endif

connection’.s fair share in the network remains almost siame

a particular slot, i.e. we may assume that the network saenar
remains almost static with such slot. A change in the avklab
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 conhsta
TCP Congestion Window during these slots where the network
I%cenario is assumed to remain unchanged. The beginning of a
new slot would trigger a window recalculation and twnd
would be set according to the connection’s available share i
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 thet 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 curveasin[13]to detecta change in fare share and trigger
recalculation). In our model, the Modified TCP Sender moves
through three distinct phases during its lifetime: startup
phase followed by mutually interleavedindow recalculation

Here, segsize identifies the length of the payload of a TCPhase and constant window phase. The three phases are de-

segment in bits.

Algorithm after coar setimeout expiration
The pseudo code of the algorithmis:

if (coarse timeout expires)

ssthresh = (BWE * RTT,,,;,,)/Seg_size;

if (ssthresh < 2)

ssthresh = 2;

endif;

cwin= 1,

endif

1. 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
gueue length over fixed intervals of some appropriate length
and L; be the load at instanit then, for a congested network

we have:

Li=N+~L;_ (2)

whereN (a constant) accounts for the average arrival rate of the

new traffic, andyL;_; accounts for the traffic left from the last

time interval. Evidently, the termL;_, arises when the sender

is sending at a rate which is greater that its fair share tegpti

scribed with some detail as under.

e 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 saly rounds, during which it ac-
quires various vital information about the network such
as the minimunr t t measurement, a measure of the net-
work bandwidth that the connection etc. After the fikst
rounds, the sender has acquired enough information about
the network and hence calculatsnd 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 smoothéd measure-
ments, obtained by passing the coarté measurements

of the individual segment through a low pass filter as sug-

a fraction of packets from the previous round remaining m th
network when the packets form the next round arrives in the
network. But if the sender is sending at a rate that utilizes i
fair share, theyL;_; 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. °

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, tbend is kept a
constant irrespective of the numberAEKs received or
any indications of packet loss liIKBUPACK or a coarse
timeout. The sender keeps track of thet estimates
from the segments that have been delivered. If the percent-
age change in the smoothetlt measurements over the
archivesrtt measure is greater than a specified thresh-
old, the sender exits the constant window phase and en- o i o s 4
ters the Window Recalculation Phase i.€.rift,,... - rtt,q. cwnd

| /rttare > 3, @ window recalculation is made. The algo- | oo e |
rithm’s pseudo code is as follows

500 4

Throughput (in Kbps)

Algorithm Figure 2: Variation of Throughput with varyingwnd for var-
if( Slow_start_state) ious bit error rates for single S/R pair

slow_start(); /* open cwnd by one segment on

each ACK arrival */ 900

else

if(|rttere - Mtyar|/Mtare > 3)

/* Fractional increase greater than threshold */

/* recalculate window and archive the value of gt */
cwnd. = (EstimatedBandwidth * RTT,,;,) / segsize;
iflcwnd_ < 1) cwnd =1, 300
rttm’c = rtt?mm ;

700 -

500 -

Throughput (in Kbps)

Error Rates

. . . TCPR — ———TCPWestwood ------- C tant TCP
In the pseudo codegg_size_ identifies the length of the | S e onstant TCF |

TCP segments in bytes; RT.L, is the estimated mini-

mum value ofr t t throughout the lifetime of the partic- Figure 3: Variation of throughput with varying error rates i
ular connection, and Estimatd&hndwidth is the Band- scenarios with constant bit error rates for single S/R pair
width Estimate obtained by some Bandwidth Estimation

Algorithm. —
2
V. PERFORMANCEANALYSIS %
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=
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» e 0 2 4 6
g S Number of S/R Pairs
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2 S, .
~ 4]
Base Station L ' = . . .
10Mbpe05ms 1Mbps ™~ Flgu_re 4: Varl_at|on of_ Th_roughput_wnh _number of TCP con-
nections sharing the link in scenarios with 5% loss in camsta
Wired Nodes Wireless Nodes bit error
Figure 1: Network Scenario used for simulation bytes (1040 bytes with headers) in all experiments. The-wire

less subnet is error prone. In our simulations we have used th

In this section, we report on the basic performance behavimynventional TCP Sink which responds with an ACK for every
of the modified TCP senders and its fairness among a nupacket received. There is no congestion or error in the ACK
ber of connections sharing a bottleneck link. A performangath. All simulations have been carried out for a period d 25
comparison is made with the TCP Reno and TCP Westwoseconds with the TCP senders transmitting data for theeentir
sources operating in similar network scenarios. Interatedi period of simulation. All the simulations have been carried
node buffer capacity is always set equal to the bandwidth dmst with 802.11 MAC with a maximum available bandwidth of
lay product for the bottleneck link based on literature g&dd 1Mbps. A Two Ray Ground propagation model is used with an
Increasing the buffer capacity further does not have anyarhp Omni-directional antenna. The wired subnet is error fredavh
on the performance [13]. The traffic model used is FTP wite wireless subnet is prone to varying error rates.
infinite data to send so that the sender has data to send wher-he performance of the Modified TCP Senders, TCP West-
ever the network permits, and the packet size is set to 10060d, and TCP Reno has been compared based on the through-
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All simulations in this paper have been carried out using the
e = LBL network simulator ns2 [14, 15] with appropriate modifi-
o cations for implementation of the changes in the modified TCP

con | S 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-
o0 . . . lation. A number of TCP connections share a common wired
e e i i i bottleneck that connects the intermediate router to the bias
tion. When there is only one TCP connection in the network,
there is no loss due to congestion. As a result, any packet los
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, gilgdua
the wired link between the router and the base station would
e become congested. Hence packets will also be lost both due to
congestion as well as wireless errors. Hence, the perfacman
of the Modified TCP sender in congested networks can also be
evaluated using the same scenario.

oo

Threughput (in Kbps)

— — —-3% Error 5% Error

—-—--Small Error  ---.--- 1% Error ‘

Figure 5: Variation of Throughput with varyirgand error for
various burst error for single S/R pair

500

A. Constant Bit Error rates

In the scenarios under consideration, the wireless sulsnet i
Error Rates prone to constant bit error rates. Figure 2 compares the per-
formance of the Constactwnd 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-
Figure 6: Variation of throughput with varying error ratés i ;mance of the TCP Sender is maximum. This is the optimal

Throughput {in Kbps)

300

TCP Reno — — = =TCP Westwood -«----- Constant TCP |

scenarios with burst error and for single S/R pair cwnd for the given network scenario. In Figure @wnd is
expressed in segments.
700 As is evident from Figure 3, a Constarwnd 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 siari

300 : : : : : the wired bottleneck and hence, packet s lost due to coiogest

as well. The Constamtwnd TCP sender outperforms Reno and
Westwood in such scenarios as well

500 +

Throughput (in Kbps)

Number of S/IR Pairs

TCPReno —— —-TCPWestwood ------- Constant TCP ‘

B. Burst Error

Figure 7: Variation of Throughput with number of TCP conThis subsection compares the performance of Modified TCP,
nections sharing the link in scenarios with 5% loss in burst eTCP Reno and TCP Westwood based on the throughput met-
ror ric. In the scenarios under consideration, the wirelessisub

is prone to burst error. The burst error is modeled using is a

put metric, i.e. the number of data packets received at tfliscrete time first order Markov Model. The pattern of errors
sender. We have analyzed the performance of the Constarfiescribed by the transition matrix

Congestion Window aspect of the Modified TCP to assert that

in the time slots when the share of a connection in the net- M= (
work remains unchanged, a Constamind TCP outperforms

the Reno and Westwood sources in situations with wireless erwhere is g3 the transition from bad to good, i.e., the condi-
rors. Our assumption is that the share of a connection resmatiimnal probability that successful transmission occura slot
unchanged during the entire period of simulation. The ogtimgiven that a failure occurred in the previous slot, and theeot
cwnd for a given scenario has been evaluatedaivad of the entries in the matrix are defined similarly. It is to be notedltt
modified TCP Sender has been set accordingly. One aspeceesents A1 - ps ) the average length of a burst of errors,
to be noted that we are not simulating the entire lifetime ofwahich is described by a geometric random variable.

modified TCP sender. Rather, our analysis is concentratigd on Figure 5 compares the performance of the Constawtd

on the Constant Congestion Window phase of the connectiosenders for different values ofawnd. As is evident, for every

PBB DPBG
PGB PGaG
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VII. CONCLUSION AND FUTURE WORK
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TCP congestion control algorithm. In addition to this pro-
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lation phase.



