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Comparative Study of Various TCP Versions Over a
Wireless Link With Correlated Losses

Faroog Anjum Member, IEEEand Leandros Tassiulas

Abstract—in this paper, we investigate the behavior of the link, though a lot of attention is currently being given to the
various Transmission Control Protocol (TCP) algorithms over  design of a better protocol over wireless links [2]-[4], [7], [15],
wireless links with correlated packet losses. For such a scenario, [19]. Because of the difficulty of modeling the TCP protocol

we show that the performance of NewReno is worse than the analvtically. manv of these studies have been simulation based
performance of Tahoe in many situations and even OldTahoe in yucally, y udi V! imuiatl :

a few situations because of the inefficient fast recovery method On the other hand, it is not possible to obtain insight into

of NewReno. We also show that random loss leads to significant the effects of particular parameters on the behavior of TCP
throughput deterioration when either the product of the square uysing simulations of specific settings. Further, investigations to
of the bandwidth-delay ratio and the loss probability when in the improve TCP or design a better transport protocol can become

good state exceeds one, or the product of the bandwidth-delay . . .
ratio and the packet success probability when in the bad state is less cumbersome given a simple and accurate analytical model

less than two. The performance of Sack is always seen to be thefor TCP.

best and the most robust, thereby arguing for the implementation ~ The first step toward the design of a better transport pro-
of TCP Sack over the wireless channel. We also show that under tocol for wireless networks has to be a better understanding of
certain conditions the performance depends not only on the the way TCP works over wireless links. This would reveal the
bandwidth-delay product but also on the nature of timeout, \o,qqns for the inefficiency of TCP over wireless links. There
coarse or fine. We have also investigated the effects of reducing .
the fast retransmit threshold. have been several efforts recently on the analytical study of TCP
over wireline [12] as well as over wireless links [9]-[11], [20].
Two classes of random losses have been considered, indepen-
dent identically distributed (i.i.d.) and correlated. The effect of
i.i.d. packet losses on TCP performance is studied in [9]. They

I. INTRODUCTION address the TCP versions Tahoe, Reno, and NewReno, but only

RANSMISSION Control Protacol (TCP) is the transpor{n the context of a local network scenario. They also evaluate
protocol used by many internet-based application@e various protocol features such as fast retransmit and fast re-

including http, ftp, telnet, etc. TCP is a reliable end-to-enfPVery- Unlike in this paper, the packet transmission times are

window-based transport protocol designed for the Wire“r%ssumed to be exponentially distributed, as is the transmission

networks characterized by negligible random packet loss&€ of the packet on the lossy link. Furt_her, they a's‘? model
C‘%igicongestmn avoidance phase probabilistically in which each

The way that TCP works is that it keeps increasing the sendi : .
rate of packets as long as no packets are lost. When pa nowledgment (ack) causes the window to be incremented by

losses occur, e.g., due to the network becoming congested, Vs with a certain proba_bility_. Note that both these assumptions
decreases the sending rate. Thus, TCP infers that every pa to be rgsorted to.'n th|s'approach S0 as to carry out .the
loss is due to congestion and, hence, backs off in the form an cycle time analysis. In this study, the authors also consider

reducing the send window. Extending TCP as used over thless fretqu_e?t cats;]e whe(rje t,he S'Zde of_the recelve; erldtcr)]w
wireline links to the wireless links may not be an efficien € constraint on the sender s window Increase and not the

solution due to the different characteristics of the wirelin andwidth delay product of the link. Thus, this study precludes

and the wireless links. This is because wireless networks && s'tu<.jy of thedbas;ﬁ LCP mechlanlsrCT wk;ereby thi.w'nc_jrc;]v.v
characterized by bursty and high channel error rates, unli g€ IS Increased unti there s a loss € o congestion. ThIS
the wireline networks. Due to this, the throughput of a TC ss is caused on account of the bandwidth delay constraint. In
connection over a wireless link suffers. In spite of this, th 3], Mishraet al. consider only OldTahoe pveralinkwithi.i.d. :
TCP protocol is still used to transfer data over the Wirele&sse.s' Lakshman and Mad.how [11] consider Tahoe and Renqm
a regime where the bandwidth-delay product of the network is
high compared to the buffering in the network. They show using
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by link layer retransmissions, to the problem faced by TCP ovehannel using a Markov chain, we consider a simple two-state

the wireless link. The approach used is also similar to the ddarkov chain called the Gilbert—Eliot model as in [10], from

proach used in [9] and, hence, suffers from the drawbacks notekich the description next is adapted. The two states that we

earlier. Zorzi and Rao [20] study TCP OldTahoe assumingcansider are the “Good” state and the “Bad” state. We assume

correlated loss model. The approach followed by them requirgmt the packet succeeds with probability 1 while in the good

enumerating the transmission time, acknowledgment time, astdte and is lost with probability 1 while in the bad state. The

timeout time of every packet in a cycle. This is computationtransition probability matrixC,,, of the simple two-state Markov

ally cumbersome in the case of analysis of links with largehain is then given by

bandwidth delay products, since in this case large humbers of 1

packets have to be accounted for. Further, this approach cannot Cp = ( BO‘ 1 @ [3) . Q)

be taken to model the fast retransmit and fast recovery mech-

anisms present in the newer TCP versions like Tahoe, Refite chain is assumed to be embedded at the beginnings of

NewReno, and Sack. packet transmissions. Thus, if a number of packets are being
Simulation-based studies evaluating the performance of difansmitted back to back, and if the channel is in a Good state

ferent TCP algorithms have also been reported. In [5], Chookhen a packet is about to be transmitted, then this packet

alingamet al. deal with a simulation study of TCP NewRenawill be successful and the next packet will be successful or

under the effect of correlated errors on the wireless link. Theymsuccessful with probabilities — « and «, respectively.

consider only a 1.5-Mb/s wireless link characterized by a vefshis model which is commonly adopted in wireless fading

low delay-bandwidth product. channels [5], [10], [20] tracks fading but excludes impairments
In this paper, we analyze the behavior of the different TC&uch as path loss and shadowing which vary on a much longer

algorithms OldTahoe, Tahoe, NewReno, and Sack under cdime scale. These phenomena are assumed to be taken care of

ditions whereby the wireless channel is subjected to the mayg power control mechanisms and hence are not considered.

realistic case of correlated packet losses. Since the main ainTalis, givena and 3, the channel properties are completely

this study is to address the behavior of the different TCP vetharacterized. Further, the steady-state properties of the chain

sions under different conditions of the wireless channel, we @@e then given byt andrz which symbolize the steady-state

not consider the effects of multiple flows at all. This, in factprobability that the channel is in the good state and bad state,

could be a subject for future work. We show that in certain cifespectively. These are given by

cumstances characterized by bursty loss conditions, the perfor- 3 o

mance of NewReno can lag behind the performance of Tahoe. TG = , T = . (2)

This performance gap can worsen against NewReno as the band- a+f atp

width-delay product increases. We also show that the perfdtote that the average duration of the bad state is givetyby

mance of Sack is the best under all conditions, though at logkile the average duration of the good state is giverl by

rates characterized by very small durations of good periods, #lets or packets since we assume that each slot corresponds to

performance of the different versions is equally bad. We algloe transmission time of a packet.

derive conditions under which significant throughput deteriora-

tion occurs under correlated loss conditions. Investigations into [Il. APPROACH

‘h‘? eff(_acts Qf reduc_lng the fast retransmlt_ threshold as well 8Srhe behavior of the different TCP algorithms is analyzed
using finer timeout intervals are also carried out and we shqw . : .
ased on the concept of packet trains which we introduce

that t_hese incremental cha_n_ges tothe TCP versions are eﬁecd\égt_ For ease of explanation, we consider TCP NewReno. A
only in case of lossy conditions.

. . : . .NewReno sender when sending new data is either in the slow
This paper is organized as follows. In Section Il, we speci

the correlated loss model in detail. In Section Ill, we explaintart phase or the congestion avoidance phase. The loss of a

the approach that we take in order to study the behavior %?Cket in either of these phases is subsequently followed by

the different TCP versions under different wireless channré]echan'SmS to recover the lost packet(s). A NewReno sender

conditions. In Section IV, we characterize the throughput oPes the fast retransmit mechanism whereby the arrival of a

the different TCP algorithms as a function of the wireles%ertaln numk_Jer of duplicate acks signals a packet IOSS.' If not
%pough duplicate acks (as required by the fast retransmit mech-

channel parameters. Section V deals with the numerical stu r¥ism) arrive back at the sender. then a timeout. which is the

of the performance of the different TCP versions. Finall val of th K of ket withi tain tme int |
conclusions are presented in Section VI. We would like L%onarnva ot the ack ot a packet within a certain ime intervay,
gtaken as an indication of packet loss. Following the detection

point out that due to lack of space, we do not describe t ket | h h the fast ret it hani th
different TCP algorithms here. Readers requiring details ¢ a packet [oss throug € fast retransmit mechanism the
ewReno transmitter resorts to the fast recovery mechanism
refer to [6], [9], and [17]. : o
whereby the window size is reduced by half and the sender uses
additional incoming acks to clock outgoing packets. The fast
recovery mechanism concludes successfully when all the lost
It is well known that mobile radio channels in an actual phygpackets have been recovered and is followed by the congestion
ical environment are subject to multipath fading. The multipa#ivoidance mechanism. If a retransmit timeout has to be resorted
fading process in a mobile environment follows a Rayleigh di$s, then the sender always starts in the slow start phase after the
tribution [8]. In order to model a correlated Rayleigh fadingimeout interval.

Il. LOSSMODELS
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In the model described, we ignore the fact that on succdefred during the previous minicycléhis goes on until there
sive timeouts the actual value of the timeout is increased ex@we one or more packet drops in a particular cycle, causing the
nentially. Further, for the purpose of simplifying the analysigck cycle to either dry up or generate enough duplicate acks
we also assume that packets retransmitted during fast recov&sulting in the end of the first stage of the cycle. The end of
are not dropped. As a result, it is to be kept in mind that otine first stage can lead to the second stage. Since a NewReno
analysis is less conservative and, hence, gives optimistic valgesder recovers only one lost packet per round-trip time (RTT)
compared to the actual implementations during regimes of highring the fast recovery stage, we consider that each minicycle
loss probability. We would also like to remark that it is venduring the second stage carries a single packet which is being
much possible using our approach to give up these assumptiogtsansmitted. In practice, there may also be some new packets
at the cost of higher complexity. Since these assumptions &&nsmitted during this phase. We do not take these new packets
fect the performance only in the region of high loss probabilitinto consideration. On the other hand, practical implementations
where the efficiency is already very low, we choose to redutrave a bound on the number of packets which can be transmitted
complexity by making these assumptions. Note also that them®e the fast recovery stage is finished. We do not consider such
approximations done to simplify the analysis in no way affettounds and, hence, both these effects should cancel out each
the results that we obtain in this paper. As done in case of ther in our analysis, thereby having the analytical model follow
other studies, we assume that acks are not lost. This is justifibe practical TCP implementations closely.
because of the fact that ack packets have a very small loss probaA/e assume that all the packets in a minicycle traveltmaia.
bility due to the small size of the packets. Further because of thieus, there is a packet train in every minicycle and the size of
cumulative nature of acks, the only consequence of ack lossles packet train in théth minicyclek > 1 depends on the size
is increased burstiness on the forward path [18]. of the packet train in the previous minicycle and the phase of the

We consider the operation of a NewReno transmitter in terrhiewReno sender. A new packet train starts once the ack for the
of cycles. A cycle begins with either the slow start phase or tifiest successful packet of the previous packet train comes back.
congestion avoidance phase following the detection of a pacHéiis train ends when the packets corresponding to the last ack of
loss. The cycle ends either with the successful conclusiontbg previous train have been transmitted by the sender or a cer-
the fast recovery mechanism or on the basis of the retransitain number of duplicate acks reach the sender, thus giving some
timeout mechanism. This timeout can occur due to the abseeegth to the train. Start of a successful timeout at any point also
of the fast recovery mechanism. The fast recovery mechaniggnminates a train. The length of the packet train which is the dis-
may be absent because of the lack of adequate duplicate aekee between the first packet of the train and the last packet of
to infer packet loss, thereby causing the fast retransmit mecthe train keeps on increasing since the number of packets in suc-
anism to fail. A typical cycle in case of NewReno can start inessive trains is an increasing function. This concept of a packet
the congestion avoidance phase, have the fast recovery phtasd is illustrated in Fig. 1. A great convenience offered by the
and end on the conclusion of the fast recovery phase, becapaeket train conceptis that it helps to differentiate packets on the
all the packets transmitted during the fast recovery stage hdasis of the minicycle that they belong to. This, as we see later,
been successful in reaching the receiver. greatly helps in calculating the throughput of a flow. This is be-

Thus, every cycle can be considered to have three stagescanse once we know the number of trains in a cycle as well as
the first stage, the sender is either in the slow start or the congge window sizer when the packet drop was detected in the last
tion avoidance phase. The fast recovery mechanism which cagele, the expected number of packets in the cycle as well as the
stitutes the second stage follows the detection of a packet las®an cycle duration can be easily calculated. As we see later,
During this stage, the window size is reduced and the packéiss is the approach that we take to characterize the throughput
inferred to be lost are retransmitted. The third stage consistsodfa flow. Of course, the expected number of trains in a cycle
the retransmit timeout interval. While the first stage is preseas well as the mean loss window depend on the TCP algorithm
in every cycle, the second and the third stages may or may fatowed as well as on the packet loss probability characteristics
be present depending on the packet loss(es). of the wireless channel.

In order to explain the working of these algorithms we define We would like to remark here that the concept of packet trains
the kth minicycle of the first stage ofth cycle to be the time is not new and has also been considered elsewhere [14]. How-
taken to transfer theth window of packets during the first stageever, the details are sufficiently different especially in terms of
of theith cycle. Hence, the first minicycle corresponds to thihe granularity and the assumptions made.
first window of packets on the start of a new cycle. Thus, every Example: Before proceeding further, we illustrate the above
cycle of NewReno begins with one packet being transmitted @mncepts using an example of a TCP NewReno sender. Consider
the first minicycle if it is in the slow start phase. If it is in thethe evolution of a TCP NewReno sender as shown in Table I. We
congestion avoidance phase, then the number of packets tratart observation when the ack for packet 14 reaches the sender.
mitted in the first minicycle depends on the window size wheWe assume that packets 15-18 are lost. Thus, the first stage of
the packet drop was detected in the previous cycle. In every sthis cycle ends on account of the fast retransmit feature when
cessive minicycle, the number of packets transferred is doulie third duplicate ack reaches the sender since the receiver has
the number of packets transferred during the present minicycézeived packet 21. The second stage starts with the transmis-
as long as the sender is in the slow start phase. During the con-
gestion avoidance phase, the number of packets transferred iﬂor ease of explanation, we are ignoring some constraints like delayed acks,
each minicycle is one more than the number of packets tramsich though can be easily incorporated into the description.



ANJUM AND TASSIULAS: TCP VERSIONS OVER WIRELESS LINK WITH CORRELATED LOSSES

Loss Window of this cycle

[
N
” [ I
3
o
©
£
2 Slow Start

Threshold of this cycle
1

Time —>
—->Start of Congestion Avoidance
Phase
91 92 93 94
Train  Train Train Train
1 3 4
m =N
mEE
T= - +
P =PR PP, ...
Time —>
A TCP cycle

Fig. 1. lllustration of packet trains.

sion of packet 15. On the receipt of the ack for packet 15, the
next packet, 16, is retransmitted. This repeats until packet 18
is retransmitted. Thus, all the lost packets are recovered by re-
transmitting only one lost packet per RTT. This cycle ends once
the ack for packet 18 comes back, following which a new cycle
begins.

Since the previous cycle did not have the third stage, the
sender starts in the congestion avoidance phase in the first stag
of the new cycle. Packets 23-26 are transmitted on the start o
the new cycle and these packets constitute the first train. A new
train (second train) starts once the ack for packet 23 reaches th:
sender and ends when the packets corresponding to the last ac
of the previous train (for packet 26) have been transmitted. Thus,
the second train starts with packet 27 and ends with packet 31
We assume that the first packet dropped in this cycle is packet
29, which is in the second train. Packets 30 and 31 are also as
sumed to be lost.

Since packet 27 is successful, the third train starts (on the

TABLE |
TCP NewReNO CYCLE

373

‘Detection of
Packet Drop

receipt of the ack for packet 27) with the transmission of packet

Pkt Recd infoin ack | Ack [ w W | Pkt sent

14 14 | 5(say) | 8 22

141D.A. 19 |5 8 (pkt 15-18 lost)
14 II D.A. 20 5 8 -

14 III D.A.(II stage) | 21 4 7 15

141V D.A 22 4 8

15 15 4 4 16

16 16 4 4 17

17 17 4 4 18

22(New cycle, I train) | 18 4 4 23,24,25,26
23(II train) 23 |4 4. |27

24 24 4 4.. | 28

25 25 | 4 4.. | 29(lost)

26 26 |4 5 30 (lost),31(lost)
27(TI train) 27 4 5. 32

28 28 4 5. | 33

Timeout(III Stage)

28(I D.A) 32 4 5|~

28(I1 D.A.) 33 |4 5. |-

New cycle - 2 1 29

32. Note that the TCP sender has not yet detected the loss of
packet 29. Packet 33 is sent on the receipt of the ack for packet

28. Since the next three packets (29—-31) are lost, no acks ardyele. At the same time, the timeout clock starts ticking after
for those packets. This signifies the end of the first stage of thlge transmission of packet 33. The acks for packets 32 and 33



374 IEEE/ACM TRANSACTIONS ON NETWORKING, VOL. 11, NO. 3, JUNE 2003

are duplicate acks and, hence, do not result in the transmissiothe cycle does not end in a timeout. This is because Tahoe
of any packets. Note that if not for the packet losses, then a neand OldTahoe do not have fast recovery, while Sack has fast
train would have started with the receipt of the ack for packetcovery, but it does not have many of these trains since it is not
32. Because of the lack of enough duplicate acks, this cycle emdsistrained to retransmit at most one dropped packet per RTT
with the third stage of a timeout. In this cycle, we have twas in the case of Reno or NewReno.
stages: the first stage and the third stage. The next cycle startds is clear from the above explanation, every cycle of
with the retransmission of packet 29 and the process continu@&dTahoe and Tahoe begins with a slow start. In the case of
Note that since the last cycle ended with a timeout, the senddgwReno and Sack, a cycle begins in the slow start phase only
in the new cycle begins in the slow start phase while in the firafter a timeout has occurred. In the sequel, the size okthe
stage. type-1 train in case of such cycles is denotedfhy Thus,
Now consider the other TCP algorithms. Any TCP sendét; denotes the number of packets in theéh train. Further,
whether OldTahoe, Tahoe, or Sack when sending new dat#®jis = f(fx—1) and, thus, depends on the TCP algorithm
generally either in the slow start phase or the congestion avoidlowed. We also let), = 0. For the cycles of NewReno and
ance phase. An OldTahoe sender uses timeout as the mecha®isak starting in the congestion avoidance phase, the size of the
to infer packet losses. A Tahoe sender, on the other hand, &&in type-1 train is denoted .
also use the fast retransmit mechanism. Both of these senderghe size of the loss window, i.e., the window size at which
resort to slow start after the detection of a packet loss by iidéze packet loss is detected by the sender, is denoted By,
ducing the window size to one. The Sack sender, on the otlel@notes the maximum size that the window can grow to, which
hand, uses the fast retransmit mechanism to infer packet los$gsour earlier assumptions is given bY,, = T + 1, where
But following the detection of a packet loss, the Sack sendgrdenotes the bandwidth of the wireless link, while the RTT of
like the NewReno sender, resorts to the fast recovery mechize link is denoted byl". Further, . denotes the steady state
nism whereby the window size is reduced to half and the sengpbability of a timeout in a cycle. We will introduce further
uses additional incoming acks to clock outgoing packets. Thetation as we go along when necessary.
fast recovery mechanism concludes successfully when all théWith this, let us consider the packet trains. The metric that
lost packets have been recovered, and this is followed by tve consider to evaluate the different TCP algorithms is the
congestion avoidance mechanism. Of course, if there are Hupughput which we define next. Let the number of packets
enough duplicate acks as required by the fast retransmit mectiansferred during a cycle be denoted®yand the duration of
nism, then a retransmit timeout has to be resorted to, followiiige cycle be denoted hy. Note that both}) and( are random
which the sender always starts in the slow start phase. variables. The steady state throughpubbtained by the TCP
Thus, a cycle of a Tahoe or OldTahoe sender starts with th@nnection is given as
slow start phase and ends following the detection of a packet loss .
either on the basis of the ack-based fast retransmit mechanism — M ©)
or the timer-based retransmit timeout mechanism. On the other E(()

hand, a cycle of the Sack sender begins with either the slow stast yatermine the number of packets sent in a cycle, we need

phase or the congestion avoidance phase following the detectiginow not only the number of trains in the cycle but also the
of a packet loss. The cycle ends either with the successful cQfirqow size in the previous cycle at which a packet loss was
clusion of the fast recovery mechanism or on the basis of thg;acted. Also, le) denote the number of packets sent before
retransmit timeout mechanism. Thus, the OldTahoe, Tahoe, 3Ad fi,st dropped packef) denotes the sum @f and the number
Sack senders always have the first stage in a cycle. An OldTafb‘?%ackets in the second stage, if presemtenotes the number
sender does not have the second stage of fast recovery angyali,ckets successfully sent by the source after the packet loss

ways has the third stage of retransmit timeout. The Tahoe sendgf hefore the packet loss is detected by the sender while still in
will not have the second stage and may or may not have e first stage. Hence, we have

third stage of a timeout depending on whether enough packets
are successful after the lost packet for the fast retransmit mechr (Q) = E[E(Q/n1,n2,0)] + E(e)
anism to succeed. In contrast, a Sack sender, like the NewReno ~

. ’ ' = P(ny,ng,0)E , N2, E
sender, can have either the second stage of fast recovery or the Z Z Z (n1,n2,0) B(Q/na, m2, 0) + El)
third stage of a retransmit timeout if adequate acks to activate

o n; ng

the fast retransmit mechanism are not present. = Z P(o) Z P(n/o) Z P(na/n, o)
We now go back to the analysis. Let the number of trains s _0m 2
in a cycle be denoted by. On the basis of our explanation X E(Q/n1,n2,0) + E(0)
above, it is clear that there are two types of trains: type-1 trains = Z P(0) Z P(ny/o) Z P(ny/ny,0)
during stage 1 and type-2 trains during stage 2. The first type of - ny no
trains are the normal trains constituting the first stage of a cycle. X [n2 + E(Q/n1,0)] + E(0)
Let ny denote the number of such trains. The type-2 trains are = E[E(n2/n1,0)] + E[E(Q/n1,0)] + E(0) (4)

those constituting fast recovery. In the case of NewReno, these

trains have only one packet that has been detected to have bfgé(?w "

lost previously. Letu, denote the number of such trains. Note E(Q/n1,0) = Z 0. (5)
also thatn, = 0 for Tahoe and OldTahoew, = 1 for Sack =0
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Equation (4) follows from (3) sinc&(Q/ny,n2,0) = ny +  probability calculation, respectively, for the different TCP algo-
E(Q/n1,0). Forthe derivation above, for simplicity we assumethms. Note that due to the different mechanics of the various
thatE(e) = E(o0). TCP algorithms, the required expressions above would highly
Remark: In the above P(o) denotes the steady state probadepend on the TCP algorithm being considered. This entire
bility of the loss window, i.e., the window size in the cycle atpproach to characterize the throughput of a window-based
which the first stage ends due to a packet loss which is algmtocol is what we call thpacket train model
the same as the window size at which the packet loss is deSince we are considering the packet train model, the success
tected by the sendeR(n /o) denotes the steady state condior failure of a particular packet depends on the success or
tional probability on the number of type-1 trains given the losgilure of the previous packet as long as both the packets
window, whileP(n /n1, o) is the steady state conditional probare in the same train. In the sequel, we assume that the first
ability on the number of type-2 trains given the loss window anghcket of every train finds the wireless link in its steady
the number of type-1 traind’(Q /n1, o) denotes the expectedstate. This is realistic as long as the intertrain gap is large
number of packets in stage 1 of a cycle given the loss wind@mough which happens when we consider large bandwidth links
and the number of trains in the first stage. under scenarios whereby the window does not grow to the
We next look at the expected cycle time. Iggt denote the maximum possible values. In such a case, the duration between
RTT taken by a packet of thieth type-1 train. Then we have trains is quite large compared to the packet transmission time
and, hence, our assumption does in fact reflect reality. This

ni+1 assumption is also justified due to the fact that we are interested
ot = Z b+ Tt (6) in the comparison of different TCP algorithms operating over
k=1 a wireless link and, hence, this assumption affects all the
! different algorithms to the same extent.
(r = Z Pi+ LeTe Y Scenarios whereby the window does grow to the maximum
:1::1 possible values such that the intertrain gap is low enough can
_ _ also be very easily taken care of. This can be done by calcu-
NR ; bt (1= IneT + Imy ®) lating the window sizé¥ until the point at which our assump-
ny+1 tion holds. This window siz&V is a function of the intertrain
(g = Z b+ (1 —I)T + Iy (9) gap which depends on the bandwidth of the link and the packet
k=1 size. For window sizes beyoridl, we consider that the success

or failure of the first packet of a train depends on the success or
wherel, denotes the indicator function of the timeout event arfdilure of the last packet of the previous train, while for window
7 denotes the value of the timeout interval, which is typically size less tha® we use the same approach as above. For sim-
multiple of 500 msOT refers to OldTaho€] refers to Tahoe, plicity, we do not further pursue this approach here.
NR to NewReno, an& to Sack. We would also like to point
out that the summation in the above equations is eye# 1
type-1 trains, since a packet lost in theth type-1 train can be
detected by the sender only in the+ 1th type-1 train. Further,
the effect of the exponential backoff in case of multiple timeouts |, this section, we proceed to specify expressions for the loss
can be incorporated by substituting a random variable denotifghqow probability calculation, train probability calculation,
the size of the timeout interval instead Bfr; in the equations ket count calculation, and timeout probability calculation.
above. Taking expectations, assumingpy) = T, we have  pye 1o |ack of space, we show these calculations only for

Tahoe. Expressions for the other algorithms follow similarly as

IV. THROUGHPUTCHARACTERIZATION

E(Cor) = (E(n)+ )T+ the expressions for Tahoe and are provided in detail in [1]. We

E(¢r) = (E(n) + 1) T + 1 P; next describe the approach that we take in order to calculate
E(txn) = (E(m1) +1) T + E(no)T + 7P P(0). LetW, denote the maximum window size reached in the
T pth cycle. Thus{W,}, denotes the sequence of window sizes

E((s) = (E(n) + )T+ (1= P)T +7Pr. (10) gt which packets are dropped in successive cycles. It is obvious

that the loss window sequenééV, }, forms a Markov chain.

At this point, we can use (4) and (10) in (3) in order to calcudence, in order to determine the steady state probability of the
late the throughput of a TCP flow for any of the TCP sendergss windowP (o), = 1,2,...,W,,, we seek to characterize
namely, OldTahoe, Tahoe, NewReno, or Sack. But in ord#éve probability P(W,+1 =n/W, = o). Given the transition
to use (4) and (10) for any TCP versions, we need to specffyobability matrix, we can generate the stationary distribution
expressions foP(c), P(ni /o) andP(ns/n1,0), E(Q/n1,0) P(o) using any of the standard methods. Thus, during the
and P.. Hence, we next try to evaluate the expressiongindow probability calculation we characterize the transition
P(0),P(ni/o) and P(ns/ni,0),E(Q/n1,0), and P, probability matrix P(W,.1 =n/W, = o).
calling them as the loss window probability calculation, train Proposition 1: Loss Window Probability Calculation—Tran-
probability calculation, packet count calculation, and timeousition Probability: Consider TCP OldTahoe or Tahoe. Let the
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wireless link be governed by the correlated loss model with pa-Let log,(w + k) be an integer. In such a case, thet+ kth
rametersy andS. Then, withw as the slow start threshold wepacket is the first packet of a train. Hence, it is not affected

have by what happened to the previous packet. The probability of
dropping thew + kth packet is then given by
P(W, 'z w+k/W,_1 =0) - (11) Fulw+ b
w+k—1 7B/
a1 —a)** (”G + E) , w<hk<0&A = > Probthat channelis iith state
(1 — q)wtk-t (7FG + %’:)w , —w<k<0&B i=good,bad .
probability of dropping packet
= { (reatmp(1=0)) 1-4), if1 k) is an int 14
(1—a)® [Wcm“ffﬁj] 7 0<k<W, —w =rga+mp(l—p0), Iif log,(w+ k)isaninteger. (14)
1 — % — b Now consider the probability ob + £ — 1 packets being
(-9t 5) . .
1 o) [W N 771;,9] v W successfulw + k — 1 packets occupylog,(w + k)] trains.
\ ( o) GT T-a - m The channel is in a good state before the start of a new train
(12)  with probabilityr. Hence, the first packet of the train in such
a condition is successful with probability— «. If the channel
where is in a bad state before the start of a train, which happens with
probability g, then the packet is successful with a probability
m = [logy(w + F)] B. Thus, we havélog, (w + k)] places to fill with eithetrg or
2
Y2 = [logy(w)] + & wp in all possible combinations. Hence
73 = s(w — 1,k) :kw —-l4+w+-+w—-14+Ek Sy(w+ k) = Wgogz(w-l-kﬂ(l — @)~ k-1
Py = 7TG(1 — a)"""‘ 'k 1 + 7rgogg(w%»k)‘l71(1 . Oz)w+k727l'B,[3 4
Yy = Pl — a)tr 4w hos @R () gyetk=l=ind gi g

and A denotedog, (w + k) not int while B denotedog, (w + + (1 — qyethmtmTosa ()] (7 gy Hloma (0 b]

k) int. B s w8 (4
Proof: Consider a TCP Tahoe cycle. Every cycle starts =(1-a) TG+,

with a window of one and a slow start thresholdwf Then 1,5, the expression for the transition probability for the case

during the slow start phase, the window advances by one for_ ( e the slow start phase, follows from (13), (14), and
every successful packet. Hence, to achieve a windoy af < 15).

w, 1 — 1 packets have to be successful. I%(n) denote the  Now consider the case > 0, i.e., the congestion avoidance
probatyhty qf packgts successfully reaching the receiver so Pase. Le5? (1)) denote the probability of packets successfully

to attain a window size af such that b_e_longs to the slow start reaching the receiver so as to attain a window size sfich
phase, and leff () denote the probability of a packet 10ss S0 a1, helongs to the congestion avoidance phase. Further, let
to have a loss Wlndow_5|ze of such that) belongs to the sloyy F.(n) denote the probability of a packet loss so as to have a
star't phase. Thqs, during 'the slow start pha;e, the probability&fs window size ofy, such that; belongs to the congestion
hgvmg a |0$S window Ofl n thepth C_YC'?’ given that the 10ss 4\gidance phase. Thus, during the congestion avoidance phase
window during the previous cycle is is given byS; (1) Fs(1)-  the probability of having a loss window af in the pth cycle

. (15)

We need to show that given that the loss window during the previous cycleis given
[og, (n)] by S7(n)F.(n). In this case, we need to show that
_ n—1 ﬂ-B/B

Ss(n) =1 —a)"" |7 + [ogy (w)]+71—w

1-«a o _ s(w—1,n—w) WB/B
. . Se(n)=(1-a) TG +
Fy() = { T6@ +75(1 =), log,(n)is an integer l-a
S\ log,(n) is not an integer. F.(n)=1-7g(1—a)"—npB(1—a)" ", n< Wp

w + k is the drop window size during the cycle of interest. =L =W

Since we consider TCP Tahoe during the slow start phase, wéuring the congestion avoidance phase, the window advances
havek < 0. The window size and the slow start phase togethby one packet for every successful window of packets delivered.
imply thatw + k — 1 packets have been successful whiledhe For a drop window ofv + £ during the present cycle, at least
kth packet has been dropped. The train number correspondimg of thew + & packets has to be unsuccessful. The probability
to packetw + k — 1 is [logy(w + k)]. Letlog,(w + k) not be that not a single packet of a train of size+ k is dropped is

an integer which implies that the + kth packet is not the first given byrg(1 — )<t 4+ r53(1 — a)“T#~1. Hence, we have
packet of any train: In such a case, the probability of droppir}gc(w th) =1—7g(l—a)*tF —rpB(l — a)*TF 1,

thew + kth packet is affected by what happened to packet wik<W, (16)

k — 1. But packetv + k£ — 1 has been successful, hence
while if w + k = W,,, thenF.(w + k) = 1 since a packet is
Fy(w+k)=qa, Iif logy(w+ k)isnotaninteger. (13) surely dropped.
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The congestion avoidance phase starts afterl packets are  Let us consider the case ofdrops. We remark here that a
successful. Hence, to reach a windowef & &k > 0, we require timeout results if and only if > ¢’ — Q. Note thatifi = ¢/ — 1,
sw—1,k)=w—14+w+w+1+---+w+k—1successful then probability of timeout is given byl — 3)?. Hence, we next
packets. Thesg(w — 1, k) packets occupflog,(w)] +k trains. considerw’ —1 > 7. These drops are possible either by having
Hence, using an approach similar to (15), we have the channel in a bad state at the beginning of a transmission and
transitioning to the bad state itself, which happens with proba-
bility 1 — 3, or by having the channel in a good state at the be-
ginning of a transmission and transitioning to a bad state, which
happens with probability.. Let! indicate the number of times
Hat the channel starts in a good state. Hence, we have the prob-
ability of 7 drops as

ST (w+k)=(1- a)S(W—Lk) [WG + M

1l -«

:| [log, (w)]+k

(17)
Thus, the expression for the transition probability for the ca
k > 0 follows from (16) and (17).

Remark: Note that by letting? = 1 — « we obtain an i.i.d.
packet loss model. The transition probability for such a case (1-pB)y—tal. (20)
with p = « is given as
1 packet drops also imply that the rest of the packets are not
dropped and result in duplicate acks. Again, two scenarios result
here with the channel beginning in a good state or a bad state.
Let m denote the number of times that the channel starts in the
whered = [1 — (1 —p)***]0 < k < W,, —wandg =1—p. bad state. Hence, the probability ofirops implies that — i

We next consider the timeout probability calculation. Givepackets get through which is given by the probability
a loss window of’, we have

¢“TFlp,  —w<k <0
P(Wp = w—f—k‘/Wp_l = 0') — qS(w—l,k)A
qs(w—l,k)7 k=W,, —w

(1 — )7, (21)
W
P, = Z P(o" )7y (18) The probability of one such way of a timeout occurringlis-
o —1 Bl fm(1—a)7 7™, 44 Brka++ frxa - - -xxa denotes

ethe general form of a trace of packet successes or losses leading
to a timeout withl — £ raised to appropriate power occupying
e++ spaces antl— « raised to appropriate power occupying
exx spaces. Hence, we halve= m orl =m — 1, i.e.

wherer, is the probability of timeout in a cycle. Hence, wi
next proceed to specify the expression for.

We would like to remark here that the starting point for th
channel is the bad state. But we calculate the timeout prolS
bility assuming that all the packets in the loss window belong m>1>m—1.
to the same train. Note that this is an approximation in the case
whereby a packet is lost from the middle of a train in which ca eurther
the entire loss window consists of packets from two different c—i—-m>0—>0—i>m (22)
trains. For such a case, we also have to consider the channel i—1>0—i>1 (23)
state that the first packet of the second train encounters. This
could be taken care of at the cost of extra complexity but we
choose not to do so. Further, since this assumption is done foiThus, given, I, andm, we next look at the number of possible
all the TCP algorithms, it does not affect the results. combinations of a trace leading to a timeout. Consider the pair

Proposition 2: Timeout Probability CalculationConsider 3 andl — «. Note that since we are starting with a lost packet,
TCP Tahoe during theth cycle. Let2 > 0 denote the number the pattern(1 — o) f = 0, 1,2, ... can occur only afteB has
of duplicate acks on the receipt of which the sender enters thecurred. Thus3 occursm times, while the patterih — « can
fast retransmit phase. Thep , the probability of timeout given occuro — i — m times such thaB precedes the trace. Hence,

—i+1>m >l (24)

that the loss window ig’, is given by m — 1 #’s each raised to power 1, can appear in any order with
o'—2 min(o’—1—ii+1) min(m.i) o —1—m repetitions ofi — « with no restrictions on consecutive
= Z Z Z ( o' —i—2 > appearances df — «. Thus, we are asking for the number of
7 Pl = = o' —1—i—m subpopulations of size — i — m in a population of size — i —
; L m + m — 1, which equals
_ i— m _ o' —1—i—m
+(1_,B>U/_1- (19) g—1—m

Similarly, considering the pattern efand1 — 3, we are asking

Proof: A timeout results if and only if less tha dupli- ¢4 the number of subpopulations of size [ in a population of
cate acks arrive at the sender. In a loss window/ pbne packet sizei — I + I, which equals

is already lost. Hence, atimeout occurs if and only if the number _

of packets lost after the first packet loss is greater than or equal ( ot ) (26)

to o’ — Q. Note that the maximum number of packets which can i1

be lost at this point is = ¢’/ — 1 since a packet is already lostsince the first occurrence af can be afteil — 3 has occurred.

in a window ofo’. Thus, the total number of combinations is given by the product
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of (25) and (26). Hence, the probability of a timeout given Whenk = ¢,,,, a packet is lost from thg,, th train with proba-

lossesr!,, such that > i > o’ — Q, is given by bility 1 and, hence
min(o—i,i4+1) min(m,i) 1 P(nl = tm/O')
i o—1— tm—1
L, = 3 m
Ty Z l %: ) <0’ — g — > _ (1 _ 05)91+02+"'+‘91m*1 |:7rG + 17Tf/a:| ) (29)

] . <
% (L i l) (1 _ ﬂ)z l lﬂm( _ )o-—z—m.
Calculating E(n1) given the above probability distribution

Thus, the probability of a timeout given a loss window size " then be done as

o’ then follows as E(ny) = E[E(n1/0)] (30)
min(o—1,i+1) min(m,i) = Z P(U) Z.jp(7ll = ]/U) (31)
S5 S D Gy T
i=o'—Q  m=1 s NT TV Remark: t,, in this case denotes the maximum number of
i izl 1om o—iem trains possible in a cycle.
X\ 2y ) A=B) T fm (1~ a) +(1=0)°. Remark: Note thatn, = 0 w.p. 1 in case of Tahoe and Old-
¢ Tahoe.

Proposition 4: Packet Count CalculationConsider TCP

It is to be remarked that in case of OldTahoe, every packEhoe or OldTahoe. The number of packets during a cycle
loss is accompanied by a timeout and, henge= 1 Vo'. given the number of trains and the loss window during the

Proposition 3: Train Probability Calculation:Consider TCP previous cycle is given by
Tahoe or OldTahoe. Then the probabilities of the different trains F(Q/ny = ko) = 61+ - - + by,

is given as
0<k<tn,; O0<o<W,

P(ny =k/o) where

k—1
= (1= q)f ot {WG L b } b, — 1
e i1 =272 <w < 29714,
X [L=tp1p —tha] 0<k <tm S .
0; =w=|0/2] wherej = [log,(w)] + 1

P(ny = tm/o) .
0j+1 :0j+lo<l§tm—‘].
= (1 — )i thet+bu,1 {W + LI ] Proof: ;
1_ roof: Note that every cycle of Tahoe starts with one
packet, i.e.f; = 1. The packets in a train keep on doubling as
where long as the window size is less than the slow start threshold.
Following this, the number of packets in a train increases by
Y1 = 1a(1 — @)% one in each successive train. Let the slow start threshold be
boj = A1 — @)l reached in theith train. Hence;j = [log,(w)| + 1 and the
! maximum size of a train i8V,,,. With this, the expressions for
tin = Wi — w + [logy(w)] + 1. (27)  the terms given above as well as #©(Q/n1,0) are obvious:
Proof: Forn; to bek, we require thak — 1 trains experi- V. PERFORMANCE STUDY

ence no packet loss while there is at least one packet lost in th
kth train. Since the number of packets in itk train is given to
bed;, we have following the remarks made in the proof of th
loss window probability calculation, that

?\Iow that the loss window probability, train probability,
acket count, and timeout probability are specified, we use
e expressions in (4) and (10) to calculate the throughput

using (3). Since it is difficult to obtain a closed-form solution

for the throughput, we graph the different expressions given

P(m = k/o) L in order to obtain an understanding of the way TCP versions
=(1- Q)Ei; 0; work over a wireless link with correlated losses. We consider
k—1 4 all the TCP algorithms, namely, OldTahoe, Tahoe, NewReno,

x Z (k N 1) rk-i-l (rpB(1 - a)—l)Z and Sack, in this section. The different parameters that we

i1 ¢ consider while studying the behavior of the TCP versions under

% {1 —me(1— )% —npB(1 — a)"*"l}, 0<k<t, correlated losses ate 3, packet sizes' (bytes), link bandwidth
b w (Mb/s), timeout value(s) and RTT time(s). In order to validate
=(1- a)Zf;f i [WG + m5f ] our conclusions, we also use simulations. We use the widely
l-a used simulation package ns2 [16]. When using simulations,
x {1 —mg(l—a)® —agB(1 — )1} (28) we obtain the throughput as an average over two trials, each
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045 Correlated losses over a 2Mbps link with 0.01s rtt, beta=0.1 TABLE 1l
' ‘ ' ‘ EVOLUTION OF TAHOE WHEN PACKETS 15-19 ARE LOST TAKING
0aF —————-— - o THREE RTTSTO RECOVER THELOST PACKETS
0.35L .~ — - OldTahoe Pkt info in ack | Ack for pkt [ w [ W [ Pkt sent
A — Tahoe 14 14 - |8 22
5 0.3 NewReno 141 dup ack 20 - 8 -
£ - - Sack 14 Il dup ack | 21 - |8 -
g’ozs 14 I1I dup ack | 22 4|1 15
£ 15 15 412 16,17
2 ool 16 16 13 [18,19
g \ 17 17 4 |4 20,21
2015 \ 18 18 442522
*********** - Y 22 19 4 |45 | 23,24,25,26
01t Y
N A
0.05- ~ \A TABLE 1l
SN FAST RECOVERY FORNEW RENO WHEN PACKETS 15-19 (NCLUSIVE)
S ARE LOSTTAKING FIVE RTTSTO RECOVER THELOST PACKETS

|
-4

o

107

107° 10 1 107"
Prob. of packet loss in good state—-alpha Pkt info in ack | Ack for pkt | w | W | Pkt sent
i i ) ) ) 14 14 -8 [22
Fig.2. Behavior of different TCP algorithms with correlated packetloss model 14 T dup ack 20 -8 |-
under bursty loss conditions over a link with a bandwidth delay product of 20 14 TI dup ack 21 S ls |-
packets. 14 IIT dup ack | 22 407 |15
15 (Partial ack) | 15 414 |16
trial lasting for a duration of 50 s. The default values of the 16 (Par ack) 16 414 |17
parameters are assumed tade- 125 bytes orS = 500 bytes, 17 (Parack) | 17 414 |18
timer granularity of 0.5 s for coarse timeout and 0.05 s for fine 18 (Par ack) 18 414 |19
g ty of 0. : 22 (Par ack) 19 4[4 |93,24,25.26

timeout [9] while§2 = 3.

We next investigate the performance of the different TCP al-
gorithms over wireless links using both the packet train modélf course, Sack, by virtue of the selective ack option, recovers
as well as simulations. Consider Fig. 2 which illustrates the panost efficiently and, hence, exhibits the best performance.
formance of a wireless link with a bandwidth of 2 Mb/s and aNote also that as the maximum possible window si¥g,

RTT of 0.01 s using the packet train model. We assumed a pacgedws larger, the performance of NewReno lags behind the
size of 125 bytes here resulting in a bandwidth delay productpérformance of Tahoe by a larger degree. This is because the
20 packetsf is assumed to be 0.1 whiteis varied and shown size of the bursts may not be enough to cause a timeout due to
on thez axis. The throughput normalized to the link bandwidtlthe large loss window leading to lost packet recovery through
is shown on they axis. the inefficient fast recovery method of NewReno. As a corol-

An important observation is that for low values ¢f lary, this implies that at higher values of the performance
NewReno performs worse than Tahoe. This is because of tifeNewReno can be better compared to the performance of
nature of NewReno of taking one RTT to recover each lo$ahoe since at high values afthe maximum possible value
packet which leads to a smaller throughput than achievable toywhich the window can grow to is limited, thereby masking
Tahoe. For example, in a window of 10, assuming five burstiie weakness of NewReno's fast recovery mechanism. We can
packet losses (that is, five consecutive packets lost) in a ladsserve this from Fig. 2.
window of 9 or more a timeout does not occur since there ltis to be remarked here that if packet losses were more stag-
are enough successful packets to inform the sender of padjeted like in the i.i.d. model, NewReno, while being constrained
losses through the duplicate ack mechanism. In this scenatmsend at most one lost packet per RTT, could also send more
NewReno takes five RTTs to recover from these five pack#itan two packets (the other packets carrying new data) per RTT.
losses by sending one lost and at most two packets in each RTHis plus the nature of Tahoe of retransmitting even the packets
In contrast, Tahoe, by resorting to slow start, recovers thesgccessfully received in such a scenario ensures that the perfor-
packets more efficiently by sending more number of packetsance of NewReno is better than the performance of Tahoe in
on the average. We show an example of one such possibibity i.i.d. loss regime (causing staggered packet losses).
in Tables Il and Ill. As shown, when five consecutive packets In order to verify this, we simulate a scenario with a 2-Mb/s
15-19 are lost, Tahoe recovers these packets within three RTifik with an RTT of 0.02 s5 is assumed to be 0.2 and the
while NewReno takes five RTTs to recover these packetsacket size is 500 bytes. The resulting performance of Tahoe,
thereby causing a higher inefficiency in the link utilization. ONewReno, and Sack is shown in Fig. 3. We again see the better
course, the drawback may be that Tahoe had had to retrangmitftormance of Tahoe as compared to New Reno. Note also the
some packets unneccessarily, yet in terms of throughput tietter performance of all the algorithms for low valuesds
Tahoe sender is more efficient than the NewReno sender. Themnpared to the previous figures. This is due to the higher value
Tahoe is able to send 14 packets not present at the recemif, low value of the bandwidth-delay product as well as due
during these five RTTs while NewReno is able to send ontp performance of the packet train model being less optimistic
five packets not present at the receiver during these five RTTar low values ofa. We have also verified this behavior in other
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2Mbps link with 0.02s rit, beta =0.2 and 500 byte packets
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1Mbps link with 0.02s rtt, beta=0.1 and fine timeout

T T 0.7 T T T
—— Tahoe 06 RS N )
— - NewReno 1
Sack
B 05— — = — = - —. = i
E 3
£ 1 5
3 304 i
£ =
= B
© = -~
£ . g03 - OldTahoe
2 S — Tah
2 ahoe
7 0.2t NewReno i
- — Sack
01F 1
107 10"3 10"2 o 107" 05 ) - " -1
10 10 0 10 10

Prob of packet loss in good state —-alpha

Prob. of packet loss in good state—-alpha

Fig. |3'. llustrating the performance of various TCP algorithms usingjg 5 justrating that at low values of the performance depends only on
simulations. the bandwidth-delay product when using a fine timeout interval.
2Mbps link with 0.01s rtt, beta =0.8 and 500 byte packets 2Mbps link with 0.01s rit, beta=0.1 and fine timeout
e ; —= 0.7 ; : ;
= — Tahoe
— - NewReno — - OldTahoe
0.9l Sack e - — Tahoe
061 Tl NewReno ]
081 “ - - Sack
N
07} 0.5F
5 5
5 - - .
Eosl S -
£ £
0.5F
s 8
5 <03l
5041 E
z S
=z
0.3 0.2+
0.2
01
0.1F
0 ‘ ‘ l 1 ‘
10 107 10° 10" 10° 107 107 107 107

Prob of packet loss in good state —-alpha Prob. of packet loss in good state—-alpha

Fig. 4. lllustrating the performance of various TCP algorithms usingig 6. |llustrating that at low values of the performance depends only on
simulations for less deleterious bursty conditions. the bandwidth-delay product when using a fine timeout interval.

scenarios. A similar scenario with= 0.8 is shown in Fig. 4. It low. Further, the timeout duration also becomes a smaller mul-
can be seen from these figures that as the valug¢io€reases, tiple of the RTT as the RTT increases and, hence, the use of
the performance of the different TCP algorithms improves. coarse timeout becomes less significant. Thus, it can be inferred
We also see from these figures thataisicreases, the perfor- that at low values off the performance does not depend on just
mance of all the algorithms decreases. Note that the reciprotted bandwidth-delay product but also on the value of the RTT.
of 3 gives the average number of packets lost while the reciphis is not the case for high values®fThis is because at high
rocal ofa gives the average number of good packets. Hence,/asalues, Tahoe, NewReno, and Sack experience timeouts very
[ increases, the probability of timeout decreases and the pefrequently, leading to insensitivity to the granularity of the
formance is hence better. At moderate valuegipthere are timeout interval. Thus, it can be expected and it has also been
more chances of multiple packet drops in a window while atrified that at relatively high values ¢f, fine timeout does not
high values ofs around one, generally only single packet dropsiake much of a difference compared with the coarse timeout.
occur. (In this case, each tick of the TCP clock is much smaller than
We have also observed that the normalized throughput libe coarse timeout granularity of 500 ms.)
comes better for low values ¢f as the RTT increases. This is To show that the performance difference is indeed due to the
because of the large bandwidth-delay product link which intoarse timeout granularity for low values gf in Figs. 5 and
plies that even witl# = 0.1, the chances of an entire window of6, we consider link bandwidths of 1 and 2 Mb/s, respectively,
packets being dropped for window sizes high enough are quithile ensuring that the bandwidth delay products remain the
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1Mbps link with 0.05s rit, beta =0.2 and 500 byte packets

same at 20 packets by properly choosing the RTT values. Ft os : :
these two figures, we use the packet train model assuming
packet size of 125 bytes. Comparing these two figures, itcant **[ - __
seen that the performance of the different TCP versionsis near | N

07 B
AN —— Tahoe

similar, with the performance becoming identical as the timeot R ~ - NewReno
granularity is decreased further. Another point to be noted i_osf \ sack 1
that as the granularity of the timeout interval becomes finer an AN
less significant with respect to the RTT, the behavior gap
Tahoe and OldTahoe decreases and, hence, NewReno exhils
the worst performance of all the TCP versions, as expected
this regime.

We next obtain approximate conditions under which randon o
packet losses lead to significant throughput deterioration. Thel
are two factors that have to be taken into consideration. The fir: o1 1
is a, which governs the maximum window size possible in eacl
cycle. The second factor [$ which governs the probability of 2= gy gy o
a timeout Prob of packet loss in good state ——alpha

Concentrating on the first factor, every cycle can have at mcp% 7. lllustrating the applicability of conditions which lead to significant
t, trains, which is a function of¥,, ando. The duration of throughput deterioration.

each train igl" seconds, which is the RTT. Hence, for good per- ,
. . Correlated losses over a 1Mbps, 0.05s rtt link alpha=0.0001
formance, noting that the duration of each slot equals the tran os : : ;
mission time of a packet, we require
0.7+ T T .

1 . o ’ .
— > t,, - T - (number of packets transmitted per unit time) /
(6]

> t,. T @2
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This follows since the reciprocal of denotes the mean number s, Sost
of successful packets in a cycle, and we desire that the meg
duration of the good period exceed the duration of an entn““' i
cycle. It is quite obvious that by ensuring this, not only doeef |
the window grow to the maximum possible si#é,,, but also 2~

the next cycle begins with a high slow start threshold which i:
desirable. Now, sincg,, is proportional td4/,,,, approximating

m by W,,, we have a necessary condition for good behavia o[

that

—-- OldTahoe
— Tahoe
0.2 NewReno

- — Sack

1 ‘
N 107 107" 10°

Prob of packet loss in bad state—-beta

1 2 ?o“' 10
— > (p1)".
«
Looking at the second factor next, for good performanceFa. 8. lllustrating the effects of varying for a link with a bandwidth-delay
necessary condition is that product of 50 packets.

1 < uT/2. the TCP algorithms. We also see the performance lag in case of
/3 NewReno as compared with Tahoe.
This follows since the reciprocal ¢f denotes the mean number We next investigate the effects 8fvhile keepingx constant.
of packets lost in the loss window. If this is comparable to thEhese are shown in Figs. 8 and 9, both of which are based on
size of the loss window, then it will result in a timeout which hathe packet train model. For both these figures, we also assume
to be avoided for good performance. Hence, we require that thigpacket size of 125 bytes. In Fig. 8, we consider a scenario
quantity be smaller than the average window size assuming thath a bandwidth-delay product of 50 packets and a wireless
the window can grow to its maximum possible values. It has timk bandwidth of 1 Mb/s. At very low values of, timeouts
be remarked here that this condition would not be necessanait the norm and, hence, the performance of all TCP versions is
the connection were using fine timeout values since in that casmilar. The robustness of Sack and Tahoe to valugsaiiove
the effect of a timeout is not severe at all. a threshold, as remarked earlier, is also seen. This is because
We verify the above conditions in Fig. 7. This simulation reSack and Tahoe recover the same way for single and multiple
sult considers a 1-Mb/s link with a one-way delay of 0.05 @acket drops (with Sack resorting to fast recovery in both cases
B = 0.2, and 500-byte packets. Thus, this results in a link bandnd Tahoe going through slow start for both scenarios), they ex-
width delay of 25 packets. Hence, the two necessary conditidmibit similar behavior for both moderate and high valuegiof
for good performance translate inio< 0.0016 ands > 0.08. In contrast, NewReno recovers from multiple packet drops by
From the figure, we see that the link utilization is greater thaetransmitting one lost packet per RTT and, hence, its behavior
60% in the regime where these conditions are satisified for athproves continually a8 increases, until at high values@the



382

0.7

Correlated losses over a 2Mbps, 0.05s rit link alpha=0.0001

0.6

o o o
w iS &
T T T

Normalised throughput

o
o

0.1

T T T

—-- OldTahoe
— Tahoe

NewReno
— — Sack

T L

Fig. 9.

-1

1 10
Prob of packet loss in bad state--beta

lllustrating the effects of varying for a link with a bandwidth-delay

product of 100 packets.
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lllustrating the effects of varying using simulations for a low

bandwidth-delay product link.

performance of NewReno and Sack becomes very similar. Fr
Fig. 9, which considers a link with a bandwidth delay produ
of 100 packets and a link bandwidth of 2 Mb/s, it can be se
that the minimum robustness threshold decreases as the ba
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this figure with the earlier figures. We also see the performance
deterioration of NewReno for low and moderate valueg.of

VI. CONCLUSION

In this paper, we have looked at the behavior of the different
TCP algorithms over a wireless channel with correlated packet
losses. Like the earlier analytical studies and many of the
simulation studies, we have been concerned with just a single
TCP connection. In addition to modeling of the interaction
between multiple TCP flows being notoriously difficult, the
main reason for this is to develop insight into the interaction
between random packet losses and the TCP dynamic window
adjusting mechanism.

We first provide an analytical model for studying the per-
formance of the different TCP algorithms, namely, OldTahoe,
Tahoe, NewReno, and Sack, operating over a wireless link
with correlated packet losses. We then provide conditions on
the wireless channel satisfaction of which ensures that the
throughput of the TCP algorithm tends to the best possible
throughput. We see that the behavior of Sack is the best in all
regimes. Another important result that we have shown is that
for situations of even moderately bursty losses, the performance
of NewReno is worse than Tahoe with the performance gap
widening with higher values of¥,,,. This is a serious flaw
in the performance of NewReno, which also argues for the
widespread implementation of Sack. Also, at values of high
«, the performance difference between the different versions
decreases with the difference becoming insignificant as the
value of 3 decreases. It is also seen that Sack and Tahoe are
insensitive to the value gf as long as? is not low enough,
while NewReno's performance improves continually @s
increases. This implies that Sack and Tahoe are less sensitive to
the bursty conditions above a certain threshold.

We have also shown that performance of the different TCP
versions under correlated packet loss depends not only on the
bandwidth delay product but also on the granularity of the
timeout timer for low values ofs. For high values of3, the
performance depends just on the bandwidth delay product.
Further, it is also seen that reducing the granularity of the
timeout interval as also reducing the value of the fast retransmit
6%eshold makes a difference only in case of very bursty loss
c[onditions and in scenarios where the window cannot grow to
i%rge sizes for high values @f. We have also shown that at
very high bursty loss conditions the performance of all the TCP
vgrsions is similar.

width-delay product increases. The performance of NewRena,

however, is very sensitive to the value@flt can also be seen
that at high values of the RTT with a corresponding high value
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