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Abstract— We introduce a new congestion control algorithm,
called TCP-lllinois, which has many desirable properties ér
implementation in (very) high-speed networks. TCP-lllinds is
a sender side protocol, which modifies the AIMD algorithm of
the standard TCP (Reno, NewReno or SACK) by adjusting the
increment/decrement amounts based on delay information. ¥
using both loss and delay as congestion signals, TCP-lllirs
achieves a better throughput than the standard TCP for high-
speed networks. To study its fairness and stability propeiies,
we extend recently developed stochastic matrix models of T
to accommodate window size backoff probabilities that are
proportional to arrival rates when the network is congested
Using this model, TCP-lllinois is shown to allocate the netwrk
resource fairly as in the standard TCP. In addition, TCP-
lllinois is shown to be compatible with the standard TCP when
implemented in today’s networks, and is shown to provide
the right incentive for transition to the new protocol. We
finally perform ns-2 simulations to validate its properties and
demonstrate its performance.
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I. INTRODUCTION

gently probe the network for spare bandwidth by cautiously
increasing their send rates, and sharply reduce their send
rates when congestion is detected. Along with other feature
like slow start, fast recovery, and fast retransmissionPTC
achieves congestion control successfully in the current lo
speed networks.

However, the current TCP can perform poorly in networks
with high bandwidth-delay product (BDP) paths, since the
AIMD algorithm, being very conservative, is not designed
for large window size flows. First, it takes too long time
for a large window size user to recover after a backoff and
the bandwidth is not effectively utilized [11]. Second, TEP
time average window sizé/ is related with the loss event
probability? p in the following manner [27]

W=~ /3/2bp or p~ 3/2bW?. 1)

Since TCP interprets all packet losses as congestion sig-
nals, W is upper bounded by/3/2bp, where p; is the
transmission error rate [11} is around 107 in optical
fiber networks, and even higher in other lossy networks,
like wireless networks. So TCP, and its AIMD algorithm

TCP-Reno [17], TCP-NewReno [12], and SACK TCPin particular, should be modified in high bandwidth delay
[25] are the standard versions of TCP congestion contr@koduct networks.

protocols currently deployed in the Internet, and they have Several alternatives to current versions of TCP have been
achieved great success in performing congestion avoidansg@posed for implementation in high-speed networks. Some
and control. The key feature for the standard TCP is itfequire the modification to router algorithms also, like XCP
congestion avoidance phase, which uses the additive i[1-9]’ and some modify the sender side only, like HS-
crement multiplicative decrement (AIMD) algorithm [16]. Tcp [11], Scalable TCP [20], TCP-Westwood [35], H-TCP
Being a window-based algorithm, TCP controls the seng2], BIC-TCP [34], TCP Vegas [9] and FAST TCP [18].
rate by maintaining a window size variabl¢, which limits  Although each of these has shown advantages over TCP in
the number of unacknowledged packets in the network frO@bme aspects, none of them have yet provided Convincing
a single user. This window size is adjusted by the AIMDevidence that they are overwhelmingly better than TCP and
algorithm in the following manneiV is increased byr/W  are suitable for general deployment. In this paper, we first
(a =1 for standard setting) for each ACK, and thus igist some desirable design specifications that a high speed
increased by a constawt/b per round trip time (RTT) if TCP variant should meet, and then introduce and analyze
all the packets are acknowledged within an RTT, whHef® 3 new TCP variant called TCP-Illinois, which satisfies all

the number of packets acknowledged by each ABK=(1  the requirements and outperforms the current TCP and some
for original TCP, andb = 2 for delayed ACK [30]). On qther variants.

the other handV is decreased by a fixed proportigtw

(B = 1/2 for standard setting) once some packets are detected Il. BACKGROUND AND MOTIVATION

to be lost in the last RTT Under this algorithm, senders As we have mentioned above, several new protocols have
been introduced to replace the standard TCP in high speed
networks. To compare these protocols and to provide insight
into the development of an ideal protocol, we list below some

requirements that a new protocol should satisfy. This list
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broadens and makes more complete, a list of requirements col is mainly for wired networks, but it is a plus if
that can be found in [22]. it also performs well in wireless networks and other
Intra-protocol requirements: The requirements that the lossy networks.

protocol should satisfy in a network consisting of a single Inter-protocol requirements: The requirements on the

protocol are the following: protocol when it co-exists in a network with the standard
1) Efficiency. The average throughput for the new pro-TCP are the following:

tocol should be larger than that of TCP-Reno in high 1) Compatibility. In low speed networks, the new proto-

speed networks. col should achieve a similar rate to that of the standard
2) Intra-Protocol Fairness. Network resources should be TCP; and in high-speed networks, the standard TCP

fairly allocated to all flows. The fairness here does should not suffer significant throughput loss.

r_10t nec_essanly mean that all flows sharing the same 2) Incentive to switch. By switching to the new protocol
link achieve the same throughput. Instead, this means * .0 the standard TCP, the users should get a larger
that the new protocol should not be significantly more average throughput

unfair than the current TCP. For example, under the . ) _
current TCP. flows with different RTTs achieve similar/n the above list, the wireless network performance require

average window sizes, and their average throughput afeent is desirable but not essential, whereas all others are
inversely proportional to their RTTs. The new protocofSsential. . o .
should not be significantly more biased against long e now briefly discuss existing TCP variants to see
RTT flows. whether they satisfy all these requirements. First, it is im
3) Stability and ResponsivenessThe congestion control practical to modify routers if the benefit is marginal or can b
system formed by the new protocol should converge tgChieved by sender side modifications, and thus algorithms
the unique equilibrium state quickly, starting from anyWh'Ch nged router_ s_lde modifications, like XCP, are not
initial state. ideal. Without modifying the router, a sender has only two
4) Heavy Congestiod Avoidance. A simple idea to congestion signals: packet loss and queueing delay. We can

achieve a larger average window size for a given lodbus classify all the sender-side protocols into one of two
event probability is to choose a larger value for classes. Loss based congestion avoidance (LCA) algorithms

and a smaller value foB. However, a faster increase - like HS-TCP and Scalable TCP, use packet loss as primary

and a smaller decrement may cause heavy congestiBﬂngeStion §ignal, i_ncrease window size for each_ACK and
more frequently, and thus lead to some undesirable §iecrease window size for packet loss. LCA algorithms can
even catastrophe consequences. First, heavy congest$h regarded as general AIMD algorithms, since the only
causes more timeout and makes TCP enter slow stélfference from AIMD is that they set differerd and 3

phase more often, and causes under-utilization. Fyglues and allow them to be variables. On the other hand,

example, HS-TCP, as to be demonstrated later, facd€lay based congestion avoidance (DCA) algorithms, like
timeout regularly if SACK is not used. Second, heaVyTCP—Vegas and FAST TCP, are fundamentally different from
congestion causes synchronization more often, which!MD, as they use queueing delay as the primary congestion
makes the resource allocation very unfair for large RTFIgnal, increase window size if delay is small and decrease
users, as will be discussed later. Finally, if all the user&indow size if delay is large. _ _
choose the more aggressive policy, congestion collapseThe advantage of DCA algorithms is that they achieve
is more likely to happen. By the consideration of thigd€etter average throughput, since they can keep the system
requirement, we should not piak and B values in a around full utilization. As a comparison, the LCA algoritam

manner that leads to behavior which may be counteRuUrposely generate packet losses and oscillate betweken ful
productive. utilization and under utilization. However, existing DCA
5) Router Independence The new protocol should work @algorithms suffer from inherent weaknesses. First, they ar
well regardless of the router condition, like the buffef0t compatible with the standard TCP. TCP-Vegas gets a very
size of the router, and the queue management alggthall share of the link capacity if competing with TCP-Reno
rithm of the router (Droptail or some Active Queuel26], [1]; and FAST TCP yields non-unique equilibrium point
Management (AQM) schemes, like RED [13]). With aif competing with TCP-Reno: the allocation of the bandwidth
more advanced router, like with a larger buffer or arfPetween FAST and Reno users depend on which users enter
AQM support, the new protocol might achieve bettethe network first [32]. Second, they .r.equire the bufferlshze a
performance, but the performance with Droptail andhe router to be larger than a specified value and this value
small buffer should be good also. increases with the number of uséisBoth Vegas and FAST
6) Performance in Wireless Networks.The new proto- control the number of packets queued in the router for each
flow, and this number cannot be too small. The requirement
3In our context, heavy congestion means that many packetdrapped ~ for the router buffer is thudN times this number. For a
when congestion happens. It only concerns the time whenestiog fixed buffer size, there is an upper bound Nnfor Vegas
happens and it does not necessarily mean that the packedrtasability or . . .
the loss event probability is high. In some other paperss italled heavy or FAST to work functlonally. F'na"y and most Important,
synchronization. the performance of all these DCA algorithms highly depend



on the accurate measurement of the queueing delays. In t@ngestion (packet loss) really happens, the only corayesti
real networks, RTT is the sum of propagation delay, queueingdicating information is queueing delay. So our key idea is
delay and a random noise term, which comes from varioubat: when the average queueing detgys small, the sender
reasons like scheduling delay. The measured queueing defagdicts that the congestion is not imminent and sets a large
is thus the sum of the real queueing delay and this randomn and small; whend, is large, the sender predicts that
noise. As the mean or the variation of this random noisthe congestion is imminent and sets a snmlland large
becomes large, the correlation of increased RTT and pack@t As a result,a = f1(d;) and 8 = fy(da), where f1(+)
loss becomes weak, and thus the performance of these D@Adecreasing and,(-) is increasing. Any combination of
algorithms is downgraded significantly and sometimes evéancreasingfi(-) and decreasind,(-) functions results in a
completely fail to work, as shown in Section VI-D. This CAIMD algorithms.
major problem of DCA algorithms raises doubts on whether From this key idea, both loss and delay are considered in
DCA algorithms would be effective in practice; see [8], [24] congestion avoidance, and this idea leads to a class of loss-
[28] for some discussions. delay based congestion avoidance (LDCA) algorithms, which
On the other hand, none of the existing loss based ale call LDCA-CAIMD. These LDCA-CAIMD algorithms
gorithms satisfy all the requirements. Scalable TCP sets use loss to determine thirectionand use delay to adjust the
proportional tow, but it has been demonstrated to be unfaipaceof window size change. So loss is the primary conges-
(see [22], Fig. 2). HS-TCP setsto be a step-wise increasing tion signal and delay is an assistant congestion signak Thi
function of W, and 3 a step-wise decreasing function\, makes LDCA-CAIMD fundamentally different from all DCA
but its convergence speed is very slow (see [22], Fig. 1). Falgorithms and some other LDCA algorithms, like TCP-
TCP aims at a faster convergence and better utilization iyompound [31], which use delay to determine tiection
setting a to be an increasing function of the time elapsedmaybe pace also) of window size change. Therefore, all
since last backoff and settin to be such that the link is previous algorithms which use delay as congestion signal
always around full utilization, even after the backoff. Rdir treat delay as the primary congestion signal. As we have
the above algorithms, the increase is initially slow, whe® t mentioned, a big problem using delay to control congestion
window size is small and the network is far from congestionis that delay cannot be measured accurately and usually the
but becomes fast later, when the window size is large arRITT measurement is buried with noise. If delay determines
the network is close to congestion. As a result, the windothe direction of window size change, noisy RTT measure-
size curve between two consecutive loss events is convex; saent degrades the performance significant, since it could be
bottom plot of Fig. 5. This convex nature is not desired.tfirsvery often that window size actually increases (respelgtive
the slow increment when the network is far from congestiodecreases) when it should decrease (respectively, irgreas
is inefficient. For a giverf, the convex window curve gets As a major advantage, our LDCA-CAIMD algorithms, using
an even smaller average throughput than traditional linedelay only as an assistant signal, are much more robust to
increase, and thus these algorithms have to choose a smafieise in RTT measurements, as discussed in VI-D.
B < 1/2, which is not fair with the standard TCP. Second, There are numerous choicesfaf-) andf,(-). An example
the fast increment when the network is close to congestids as below:
causes heavy congestion more easily. As we have mentioned

before and will further discuss later, heavy congestiorseau o= fi(da) = { an X I(];tr?gsvgle (2)
more frequent timeouts, more synchronized sender backoff, K2+da '

and is unfair to large RTT users and the standard TCP users. Bunin if dy < dp

In summary, the main problem with existing general AIMD B=ta(da) = { Ka+Kada if b - da < da 3)

algorithms is the convexity of th&/ curve. An ideal window

curve should be concave, which is more efficient and avoids

heavy congestion. An objective of our work is to design ave let fi(-) and f,(-) be continuous functions and thus

general AIMD algorithm which results in a concave curve.Kz“Tldl = Omax PBmin = K3+ K402 and Bmax= K3+ K4d3. Sup-

All algorithms with a concave window curve will be called posedy, is the maximum average queueing delay and we

Concave-AIMD algorithms (CAIMD). denotedmin = f1(dm), then we also havgz%,m = OImin. From
these conditions, we have

Bmax otherwise.

Ill. LDCA-CAIMD A LGORITHMS AND THE

TCP-ILLINOIS PROTOCOL Ky = %Largm‘m and K= M—dl,
] ~dmiXB m>4|?ri] A mang min (4)
To achieve the concave curve, we shouldesdarge when K3 = % and Kq= e

far from congestion and set it small when close to congestion ) ) o

To achieve a better throughput in networks with packet lpssd his choice off1(-) and f,(-) is demonstrated in Fig. 1.
not due to congestion and to be fair with the standard TCPccording to this choice, we now design a specific LDCA-
we should also seB small when far from congestion and CAIMD protocol, which we call TCP-Illinois. The protocol
set it large when close to congestion. The difficulty is idS described as below:

judging whether the congestion is imminent or not, since it « All the features of TCP-NewReno except the AIMD
requires an estimation of the current congestion leveloief algorithm are retained.



alpha_max__, beta_ma

Iph et . o
apna . references, and then extend this model by modifying one

major assumption of the former literatures. Throughout,
we consider the single link case, analyze the congestion
avoidance phase only.
Suppose a link with capacity and queue limiB is shared
by N users, indexed biy(i=1,2,---,N). Useri has window
beta min sizeW, window increment;, backoff factor;, ratex;, loss
alpha_in . de - da event probabilityp;, RTT T; = Tip—l—di, Where'l'ip and d
d1 dm a2 @3 dm are the propagation and queueing delays, respectively. We
Fig. 1. a and B curves Vsd,. define W := W4,...,\WN]T, X := [Xg,...,xn]", and B[K] =
[B1[K],---,Bn[K|]T,. When the link is congested and one or
more packets are dropped, we call this a congestion event,
In the congestion avoidance phase, the sender measus@® denote by the time at thek-th congestion event. At
RTT T for each Ack, and average the RTT measuremefine congestion event, one or several or all flows see packet
over the lastW acknowledgements (one RTT interval)losses and backoff their window sizes, and we say that a
to derive the average RTT,. The sender records the oss everft happens for these flows. For any time varying
maximum and minimum average RTT ever seen agariablev(t), we useE[v] to denote its expected value, and
Tmax andTmin, respectively, and computes the maximunusevk] (respectivelyy[k*]) to denote its value just before
average queueing delah, = Tmax— Tmin @nd the current (respectively, after) th&th congestion event. Herg,could
average queueing dela = Ta — Tmin. stand forW, x;, Ti, ai, B, W, x, 8, as well as some other
The sender picks eight parameters @min <1< amax  variables to be introduced later.
0 < Bmin < Bmax < 1/2, Whresh > 0, 0< N1 < 1, and At each congestion evekt the total arrival rates  ; x; [k
0<n2<n3<1. The sender set§ = nidm (i=1,2,3) s slightly larger than or approximately equals to the lirak c
, computesk; (i = 1,2,3,4) from (4), and computes the pacityC. So the following relationship holds approximately:
currenta and 3 values from (2) and (3). The; (i =

N
1,2,3,4) values are updated Tinax Or Tmin iS updated. Zx;[k] —C', vke NU{0}, )
The a and 3 values are updated once per RTT. i=

a —1landf «1/2 if W < Wnresn where C' > C is a constant. We defin& = {z =
W — W+ a/W for each ACK. 2, 2T €RN 1z >0,5N,7 =C, thens is the the

o , [
W —W —BW, if in the last RTT there is packet 10SS gt of gI| the possibla(K]'s, and we call the feasible set

detected through triple duplicate ACK. of x[k]

Once there is a timeout, the sender sets the slow StartBetWeen two consecutive congestion eveli?) is in-
threshold to b&V /2, enters slow start phase, and resets;a5sed with ratex; (t)/Ti(t), and thus

a=1andf =1/2, anda andf3 values are unchanged

until one RTT after the slow start phase ends. Wik + 1] = W[k + et a_i—(t)dt. 6)
TCP-lllinois retains the fast recover and fast retransioiss tic i(t)
features of NewReno in standard option. If the receiver$ we define ten
support selective acknowledgement, TCP-lllinois can also [k = S Ha(t)dt )
back off its window size when packet loss is detected through ! ﬁtkﬂ aM g
select ACK and adopt features from SACK TCP. However, S0
the SACK support is not needed, since TCP-lllinois avoiddhen, we have

i i ter1
heavy congestion effectively. Wik -+ 1] = WK + ﬁ/t o (t)dt. ®)
| k

IV. FAIRNESS AND STABILITY

In this section, we study the fairness of TCP-Illinois. ThisAt each congestion eveitand for each flow, we define

involves the intra-protocol fairness between differentPFC Its loss event random variabig[K]:

llinois users and also the compatibility problem with TCP- B = { 1 if flow i sees at least one packet Iosig)
Reno: the resource allocation between TCP-lllinois users ">~ ' 0 otherwise,
and TCP-Reno users. We first develop a new stochastic ' . T .
matrix model of general AIMD algorithms and then studyand defineE[k] .= [Ea[K],---,En[K]]". Note thatEik] and

) o . . Ej[K are correlated for all # j, sinceyN ,Ei[k] > 1. E[K]
the fairness and stability properties under this new model.takes its value from the st (ED,E@ ... E(K)), where

A. Stochastic Matrix Model for General AIMD Algorithms H = 2N —1, fmd ED 1<l<p)fipsl1toN entries of

There have been several recent papers on the stocha: ti?f. [0,---|;O]_f£)om ?Eti 1_“25; care daltokg(?TgrsucE.f:lpi).
matrix model of general AIMD algorithms; see [3]-[5], [21], efine o [K] := Prol(E[K] = EV), andqi[k] := Prol(Ei[K] =
[2_9]' [33]' We f_'rSt prowde ‘?‘n qverwew of this model usmg 4In our terminology, a congestion event is for a link, whileoad event
different notation and derivation from the correspondings for an individual user.



1). Thens!, pilk] = 1, andq K = 2, EV_ - Here,gi[k]  C. Synchronized Backoff

is the probability that flow experlences a loss event and All the prior work, no matter synchronized backoff or
backoffs its window size at thk-th congestion event. Note unsynchronized backoff modeling, simplifies the system by
thatq;[K is different from loss event probability;, which is  making the following assumption:

the total number of loss events divided by the total number -2

of packets transmitted. To make this difference clear, we ca Bik| =B, Tik =Tk =T, ykK =y = R R— Vi, k.

gi[K] flow i's backoff probability at congestion evekt 21T (17)
With the loss event random variables defined, we have For the synchronized backoff model, it is assumed in [21]

WK™ =WK|(1—BKIE[K]). (10) that

H = I = e T
Combining (8) and (10), and considering the relationshdp th Gild = 1,¥.k and hencelld = (1,---,1) . (18)

xi[K] =W [K]/Ti[K], we have Under this modeling, the system is deterministic and it is
1 - proved in [21] thaix[k] converges to an equilibrium poinrt
% [k+1] = x[K(1— BKE]K) + TN / T ai(dt. (accordinegW[ K| converges toV*) and
i (K] Ti (K] Jt
(11)

Equations (5) and (11) characterize the discrete-timénsi®nc Wk Z WTh]/k— W™ andx]K] = z X[hl/k—x,

tic system of any general AIMD algorithms. and

WO 1/T , andx 0 1/T?2. (19)
Equation (19) can be easily derived by equatifg+ 1] =

B. Markov Chain for Identicabi(t)

For the standard TCRy;(t) = 1; for TCP-lllinois, a;(t)
is the same for all users, since all users see the sarTy‘hL,\k X in (14):
gueueing delay. For both of these algorithms and some o . . 2
other general AIMD algorithms, we hawg(t) = a(t),Vi € X=X (1_B)+V';BXJ' =X Oy O1/T

{1,2,--- ,N},Vt. For these algorithms, we have _ o _ )
We notice that (19) is inconsistent with (1) for the standard

ter1 N 1 N TCP. The reason is that under the synchronized backoff
/tk a(t)dtzi('l'i KITi[k)™" = ,Zlﬁi [KIEi[KIxi[K], (12) modeling, different flows see the same number of loss events,
= = and larger (respectively, smaller) rate flows see smaller

and thus (respectively, larger) loss event probabilities. The vese
ten 1 N aIIoc_ation in this synchronized backoff moc_ieling is very
/ a)dt= = Z\Bi KE[Kx[K. (13) unf_aur to long RTT flows, compared to the W|deI)_/ aC(_:epted
& Ti=a(TiKTi[K) & belief that the standard TCP’s resource allocationis]
1 1 1/T; if the window backoffs are unsynchronized. Simulation
Deflney[ K := (Ti[KTi[k])~ /ZJ 1(TiKTiK) ™, andv[k = gt dies, Internet experiments and our analysis later shatv t
VK-, WIK]T. Then, 3, %[k = 1. We now have synchronized backoff happensNf is small and congestion
N is very heavy (many packets are dropped).
Xi[k+1] =x[K(1-BKIEK)+ [k > x[KBKEK. (14) b, unsynchronized backoff: Prior Modeling
= If N is large, or if only a few packets are dropped at
In vector form, we have one congestion event, then not all flows see packet losses,
and thus we need an unsynchronized backoff model, where
X[k+ 1] = ATKIx[K], (15) gk < 1, andE[K can pick any value iriE. All the prior
where work, like [3]-[5], [29], [33] assumes that (17) holds and
assumes that the the sequer&gk|}kew is identical inde-
AK = A(BK,~[K

E[K]) pendent distributed (i.i.d.):
]

diagL — FrKELK, 1~ BuKENK) (16) Ak =p. kY, gl =g >0vik  (20)

+Y[K (Ba[KIE1[K], -, Bu[KIEN[K])-
Under this assumption, it is shown in [33] and [29] that there
We see thak[k] forms a discrete-time Markov Chain on theexists a unique invariant distributiam of x[k], starting from

general spacg. For anyk, Alk] is a non-negative random any initial state, the distribution ok[k] converges to this
matrix and column stochastic matrix [7], [14], [15], andinyvariant distribution, and

the shape ofAlk] is determined byE[k] (B[k] and vk  — )
also influenceAlk], but they do not determine the shape ofM[Kl = ExW(K]] 0 1/qTi, andx[k] — Ex{x[K] 0 1/GT;".
AJK]). The modeling oE[k] thus determines the properties of (21)
thls Markoy Chain, and different modelings Bfk] lead .tO SHenceforth,Vi stands for all userg vk stands for all congestion events
different fairness results of these general AIMD algorihhm k, andV! stands for all integel between 1 andl.



Equation (21) can be easily derived by taking conditiona{E[K] }kc is an i.i.d. sequence, ar@ik] andqi[k] are con-

expectations ok [k+ 1] givenx[k] in (14): stant independent & or x[k]. This assumption is unrealistic,
N since intuitive a flow will back off with different probabifii
EXxk+1x[K] =x K (1—Ba)+ ¢ Z x;[K|Ba; as the ratex[k] varies. From this intuition, we replace the
=1 assumption in (20) with the following assumption:

Taking expectation ovex[k], we have Assumption 2. The distribution ofE[K] depends orx[K]

N and {E[K }ken are not i.i.d. Furthermorep [k] and q[k] are
Epxi[k+1]] = EP[K](1—Bai)+ v H Elxj[K]]Baq; continuous functions of[K].
=
EquatingE[x [k+ 1]] and E[x[K]] under the invariant distri- ~ From this assumption, we can write

bution 1, we getE[x K] O yi/qi O 1/gT;2. From (21), for )

fixed g’s and varyingT's, still we get (19) and the resource ~ P1[K = pi(x[K]), VI, k, andgi[k] = gi(x[k]),Vi,k,  (24)
allocation is the same as the unsynchronized modeling. ) ) )
Intuitively, if qi[k] does not depend oW[k] or x[K|, we where p(+) and_ gi(-) are continuous functions. From this
cannot guarantee that larger (respectively, smallerutjito Ne€w general window backoff modeling, we can prove the
put users see more (respectively, fewer) loss events, affflowing theorems.

thus the loss event probability seen by different RTT usersaorem 1v.1. Under Assumptions 1 and 2, the Markov
are still different. This is just the same phenomenon thatp,in gefined in (15) and (16) has a unique invariant distri-
occurs in a synchronlzed model, and it is not surprising th%tution, and starting from any initial state, the distribwiti
the synchronized backoff model and unsynchronized backqff i1 converges to this invariant distribution. Moreover,
model lead to the same_result in (19). ) . the ergodicity of the Markov Chain is satisfied, i.e., for any

Howgver,_ when the window backoff is not synchrgmzedcontinuous function ) : £ — R, the time average of(k[k])
AIMD is widely observed to have the following fawnessewalS the expected value ofxfk)) under the invariant
property: distribution.

pi ~ p]7 VV| %V\/javh j7 and xl_D 1/T|a (22) PI’OOf. See [23] D

and pi andW are related as in (1). Equation (21) is incon-

sistent with this widely observed result, unless we assuMgeorem IV.2. Under the unique invariant distribution of

thatq; 0 1/T;. However, that assumption is too arbitrary andpe Markov Chain defined in (15) and (16), the following
not rooted, as it is not realistic to relate the window bakafequation holds:

probability with the round trip time. We now first study the
most general unsynchronized window backoff modeling, and B .
then make a realistic assumption to derive a fairness pipper VE[Xi (Klai (x[K])] = C1, Vi, (25)
which is consistent to (22). !

E. Unsynchronized backoff: New General Modeling and

In all the prior work, Ti[k], Ti[k] and B[k are assumed &GBEMWKITigi (x(K)] ~ Co, Vi, (26)
to be constants. We first make the following assumption to L
allow more generality in our new modeling. wh_ereEi :=T'i/T;, and G and G are constants independent

Assumption 1. For each user i and each congestion even?]c !
k, Ti[k], Tik], and Bi[K are random variables which take Proof. Since vk and [k are independent ok[k], their
values in finite sets. All the sequend@gk|}kew, {Ti[K Jkew,  conditional expectations giver[k] are the same as their
{Bi[K }kewv are i.i.d. sequences. All these random variablegxpected values. Taking expectation>gfk + 1] given x[K]
(Ti[k], Ti[k], Bi[K]) for different users are independent to eactin (14), we have
other. Bi[k], Vi is independent to jTk], Tj[K],V]. |

From this assumption, the sequence{gfK }kcw is also  E[x[k-+1]|x[K]] = xi[k] — Bici (X[K] )% [K] + > Bt (X[K])x;[K] -
i.i.d, andy[K|'s are also independent tak]'s and B[K|'s. =1
For these random variables, we define their expected values: ) ) S (27)
T, = E[T[K], T = E[T[K], % = E[y[K], and B = E[Bi[K]). Under the invariant distribution,
From the definition ofyi[k], we have EK] = Ex[k+1] = E[E[ K+ 1]|x[K]
Exi (K] — BE[ai (x[K])xi K] (28)
+1 Y121 BiE[ay (x[K)x;[K]]

N
i~ (ﬁﬁ')*l/_;(ﬁ')*l. (23)

We then consider the assumption on the loss event random A
variable. The contradictive results derived in the priosym S0 we haveE|[x[klqi(x[k])|3i/¥ is independent of and we
chronized backoff model is because of the assumption thB@ve proved (25). Plugging in (23), we get (26). O



F. Specific Modeling o (-) and q(-) G. General Discussions on the Fairness Property

From Theorem IV.2, we see that the resource allocation AS Shown in Theorem IV.2, the faimess property depends

depends on the form af (-). If gi(-) is constant, it is exactly ON the form of f(-). The exact form off(-) depends on
the same as the prior results in [33].df(x[k]) 0x[K], then the distribution ofM, and is thus unknown ifpp() is
we can get tha& BE[(WK])?] is the same for all users. unknown. prever, we can bourftb_() in the ger_1era| case
For both the standard TCP and TCP-lllinofgs are the and approximate (x) for some special cases. Since
same for all users. From the definition §f we know that 1_ X > (1 _) 1M v x>
TP/Ti<&<1and§~ &j,Vi,j in general. Then, we get c = c /7 - =
E[(W[K])?] is approximately the same for every uselSo we have

if we can derive thatyi(x[k]) O xi[k] approximately, then we I %K

can derive the widely observed fairness property of AIMD T — Sm-1Po(M[1-(1-)] g . (31)
that all window sizes are in the same level for different RTT < ) <Tmapo(mM[i-(1- m?;/[ NE &
usrs Tokard it e a1 o make e Mol 1S a1 (uhich ol T > ),

[ee]

mx Mx
el (32)

Assumption 3. At each congestion event, the total number f)~ 5 [1- (1——)] pp(m) =
of packets dropped is a random variable, and its distribatio m=1

is independent of k. Furthermore, for any packet dropped gtrom (29) to (32),gik — 1 as M >> N, and g; K —
congestion event k, the probability that it belongs to flow Mx asM << N. So heavy congest|0r1V(>> N) leads to
is %[K]/C". synchronlzatlon and light congestioM < N) leads to the

This assumption is justified by the following reasoningProPortionality ofgi[k] on xi[k].

since the total arrival rate is independent kofso is the  For the light congestion casé(x [K]) Uxi[k], and approx-
distribution for the total number of packets dropped; sincknately we have
the prcl>bab|!|ty of an arb|_tr_ary packet belonging to flows _ E[(W[K))2] = E[(W[K))Y, ¥i,] € {1,2,--- N} (33)
xi[k]/C', so is the probability of a dropped packet belonging
to flow i. From this assumption, we denote llythe random If the N users have the same RTT, the invariant distribution
variable indicating the total number of packets dropped iaf the Markov Chain is unchanged if we swap two users.
one congestion evéhtlet pp(m) = Prob(M = m) for any  Thus, Ex[W[K]] = Ex[W;[K]],Vi, ], and we get that all the
positive integem (m> 1 since at Igast one packet is droppedisers share the bandwidth equally, which is intuitivelyetru
at each congestion event), and lt= E[M]. Then, we have If two users have different RTTs, sinagk| +-x2[k| =C', we
haveVar(x;[K]) = Var(xz[k]), and thus from (33), we have
gi(x[k}) = 1—Prob(no dropped packets from flow EW [K]] = EML[K]].
= yo  po(M[L1—(1- Xb[f] M = f(xi[K]), If N > 2 users have different RTTs, thg equahtyEQW[k]]
for all i is not guaranteed. However, if either of the two
where f(x) == Y1 po(M)[1— (1— &)™ is a strictly in- following conditions hold: (i) users with large[W] also
creasing continuous function ik e [0,C’]. We then study have largeiar(W); (ii) Var(W) << E?|W], then, we have

pi(). For a specificl € {1,2,---,u}, supposeEi“) =1 if exactly or approximatelf|W] is the same for all useris
i € {in,iz,-,in} € {1,2,---,N}, whereH <N, andg") =0 From the ergodicity of the Markov Chain,
otherwise. Then, Prdgk| =E!|M =m) =0 if m<H. If W ~W,, vi,j andx 01/, vi. 34)

m> H, we have
Note that the average &V and x is over their values at

p1.m(x[K]) := ProbE[K = E!|M = m) the congestion events, not over all time. Since a general
Xy K\ my XKy, % (K my m IMD algorithm can yield any window size curve, it is a
Sy emy (&)™ ()™ (FE) ( my,mp,---,my ¢hallenging problem to compute the averafiyeandx over

all time, and it is an open problem whether the all time
where they is over allm, > 1,vh e {1,2,--- /H}, and averagéV is the same for all users and the all time average
Eﬁzlmn =m. And we have X is inversely proportional to RTT. Our simulations support
the claim that (34) hold for all time average also, which is th
widely believed fairness condition for AIMD if the backoff
A (x[K)) = Prot(E[K ;% )PLm(X[K]). (30) is unsynchronized. Since our analysis works for both the
standard TCP and TCP-lllinois, we know that the fairness
So we have given the formula gf (x) and shown thap(x) ~ Property of TCP-lllinois is similar to the standard TCP.
is a continuous function of. We have performed a large number of simulations on the
evolution of the Markov Chain defined in (15) and (16).
6WhenM is much larger thaN, we call it a heavy congestion. When We vary N from 3 to 10. For eactN, we select three
M is much smaller thamN, we call it a light congestion. probability distribution ofM: (i) light congestionM < N; (ii)
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Fig. 2. Thex/x" and \/x?/xi* ratios whenN = 3. Fig. 4. Thex/x" and \/;/xi* ratios whenN = 10.

=1

I | - | e | So the smalleM is, the tighter the bound is and the closer
i%ﬁ%@%&iﬁﬁ#iﬁtﬁiﬁfﬁﬁ*é&%ﬁ%iﬂ% W2 andV\/j2 are. In extreme cases, & — o (heavy conges-

Droptype:
P

% 1 20 30 40 50 tion and synchronization happens), (35) is meaningless and
o . ‘ ‘ ‘ W and W, can be significantly different; while asl — 1
2527 * » ] (small congestion and no synchronizatiow? ~W?2. If the
I i i Mk it i variance is much smaller than the square of the expected
(o} 10 20 30 40 50 v N
s ‘ value, therf =~ W; also.
@ i*%*******i* * *i**** ge I**j:* *********** e
= 0; ﬁi j*;ft*;gi iﬁi" Eﬁig%gég ;}i***;; Remark 2. Usually when we say “synchronized”, we mean
o O.5r E A
S ‘ ‘ ‘ o [ that the number of loss evems(A O f(x)) is the same for
(o} 10 20 30 40 50

_ all users, and as a result, W 1/T and x0 1/T2. When we
Fig. 3. Thex/x* and \/%/ﬁ ratios whenN = 7. say “unsynchronized”, we mean that p [pf(x)/x) is the
same for all users, and as a result, W is independent of T
and X0 1/T. As we have shown, the backoff is synchronized
middle congestionM ~ N; (iii) heavy congestionM > N. if M >> N, and unsynchronized iM ~ 1 or N >> M.
For each scenario, we perform 50 simulations and in eadtowever, there are many cases between these two extreme
simulation,~[k], Bk] = Bi[k],Vi, x[0], andM are randomly cases: for the generall and N relationship, a larger rate
generatedA[k] matrix is generated from Assumption 3, anduser has a largenr (f(x) is increasing in x), but a smaller
the sample path of the Markov Chain is derived. For each (f(x)/x is decreasing in x), and we call these scenarios
sample path, we average 500 points after the distributioiartial-unsynchronized”, and (35) gives the bound of the
converges to compute, /x2,¥i. We also compute* for allpcatlon for the general partial-unsynchronized (_:asfe/.vds
— write x(01/TV, thenv = 2 for completely synchronized case
all i by assuming that (34) holds. We plgy/x™ and \/XTZ/Xi* andv = 1 for completely unsynchronized case dnd v < 2
for all useri and all simulations performed, and the resultgor general partial-unsynchronized case.

are shown in Fig. 2 to Fig.”4 From the figures, we have the )
- Remark 3. The analysis holds for both the standard TCP

following observa.tlons: (i%andy/x? are always very C|.(.)S€ and TCP-lllinois, since they both have the following featur
to each other, which means théar(x k) << (EX[K]). (i) 4y ysers see the same(t),vt. However, the analysis does
For the light congestion; /X is always close to 1, which 4t anply to some other general AIMD algorithms, such as
means that (34) holds. As the congestion becomes heawﬁts_-rcp’ Scalable-TCP and H-TCP, since for those algo-
the range ok /x; becomes wider and the difference betweerpithms' different users see different(t) and B[K values,
W’s becomes larger. These simulations support our analysig,q a(t) and Bk] may be dependent of W.
of the fairness property at light congestion and middlefgea A
congestion. We now see the factors that influenbé Consider the
. . homogeneous case and suppose the system is slotted with

Remark 1. Above we get (34) as the approximated fawnesgach slot being one RTT. Since the pipe can hold at most
condition. For the exact form of the fairness, from (31)CT+B packets and\ increases bya; within each slot,
ergodicity of the Markov Chain, and the definition &f we SN W e [CT+B+1—5N,a;,CT+B| in the slot just
have - before congestion, ang W € [CT+B+ 1,CT +B+
~ _'7 Vi (35) yN , ai] in the slot of congestion. As a result, anywhere from

MT; 1-2 T 1to Z“jlai packets could be dropped at one congestion

event, and we know that the congestion is heavier if the

"Due to limit of space, we only provide the case for=3,7,10. increment before congestion is larger. This explains the be




havior (as demonstrated in Section VI) that the convex cunie similar to that of the standard TCP (see [23] for a proof),
algorithms, like HS-TCP, yields heavy congestion regylarl and thus the responsiveness requirement is also satisfied.
while the concave curve algorithms, like TCP-Illinois, doe In lossy networks such as wireless networks, many packets

not. are dropped not due to congestion. These packet drops
S greatly reduce the throughput for the standard TCP, but for
H. Compatibility with The Standard TCP TCP-lllinois, the degradation is not as severe, since when a

If TCP-lllinois coexists with the standard TCP, we carpacket is dropped before congestion, the average queueing
show that (see [23] for the proof), all Reno users share thtelay is always almost zero, and thBis= Smin and o ~ Omax
same average window si¥é; and all lllinois users share the always, and TCP-lllinois is essentially an AIMD algorithm

same average window sid§, , and with a largera = amaxand smalleBmin. SinceW O /a /B p,
the ratio of the average window size of TCP-lllinois over

% o an that of the standard TCP can be up\{max/(2Bmin). This
We V281 T\ 2Bmax’ improvement is significant. For example afax= 9, Bmin =
1/8, thenWijiinois can be up to Bkeno

where a;} lies in betweenamax and amin and is usually

slightly larger than 1, angg;; is smaller than and approx- VI. SIMULATION RESULTS

imately equals tgBmax Which is /2 in the default setting.  |n this section, we provide simulation results to validate

This means that in a network with both TCP-lllinois andthe properties of TCP-Illinois and compare its performance
TCP-Reno users, the TCP-Reno users will not suffer gith TCP-Reno and HS-TCP. Throughout, one bottleneck
significant degradation in performance. Furthermore,kenli |ink is shared by one or multiple users, which may choose
TCP-Vegas which performs poorly when used with TCPTCP-Reno, HS-TCP, TCP-lllinois, or TCP-Vegas. For HS-

Reno, TCP-lllinois actually performs better than TCP-RenorCp, all the default parameter settings are used. For TCP-
thus providing the right incentive for users to switch to FCPvegas,W increases ifdif f < y and decreases diff > y.

lllinois. For TCP-lllinois, without explicit explanation, we sefax=
10, amin = 0.1, = 1/2, Bmin = 1/8, =10,n1 =
V. PROPERTIES ANDREQUIREMENT SATISFACTION 0.0 nn;'n: 01 aﬁrgzxg _ 0/8 Bmin = 1/8 Whnresh M

In Section II, we listed some requirements for the new . -
TCP variant to satisfy, and in Section IV, we showed tha(tA' Single User: Efficiency Property
TCP-lllinois maintains the intra protocol fairness the sam We first perform simulations for a single user scenario,
way as the standard TCP, satisfies the stability and scityabilwith C =100 Mbps,B = 100 packet§ andT, =100 ms. The
requirement, avoids heavy congestion, and is compatitite wiwindow sizes are plotted in Fig. 5. The simulations clearly
the current TCP. In this section, we consider the remainingemonstrate the concave nature of the curve of TCP-lllinois
requirements. and show that TCP-lllinois achieves a larger average window
In Section I, we listed some requirements for the nevgize than TCP-Reno. For HS-TCP, we have chosen the Reno
TCP variant to satisfy, and in Section 1V, we showed thapase, NewReno base and SACK base, and we have found
TCP-lllinois maintains the intra protocol fairness the samthat HS-TCP generates timeouts frequently for Reno and
way as the standard TCP, satisfies the stability and scityabilNewReno bases, and only works well if SACK is used. This
requirement, avoids heavy congestion, and is compatitike wisupports our claim that HS-TCP causes heavy congestion.
the current TCP. In this section, we consider the remaininjumerically, the average send rates for TCP-Reno, SACK
requirements. based HS-TC® and TCP-lllinois are 7832, 87324 and
Since a decreases with increasingy, the W curve is 91304 Mbps, respectively. As a comparison to HS-TCP, if
concave. We can show that the curve is actually first lineaf,CP-lllinois setsfBmax= Pmin = 0.125 (B ~ 0.125 for HS-
and then a parabola. The proof is omitted due to spadéCP in this capacity range), then the average throughput is
limitations and is available in [23]. In [23], we also show95.727 Mbps.
that TCP-lllinois achieves a better average throughput th
the standard TCP for any route buffer sBeand its average ) i )
throughput increases a increases, since compared with W& now perform simulations for multipleN(= 4) users,
the standard TCP, TCP-lllinois increases its rate to fuliVhich may choose Reno, HS-TCP or lllinois. We demon-
utilization faster and stays around full utilization longene ~ Strate the inter-protocol fairness (compatibility to Rewé
length of time it stays around full utilization increasestwi !llinois and HS-TCP in the homogeneous RTT scenario,
increasingB). Thus the requirements of efficiency, routerVhereC =100 Mbps,B =100 packets, andp = 100 ms;
buffer independence, and incentive to switch are all met. and demonstrate the intra-protocol fairness of Reno,olilin
From Section IV, we see that convergencekifor TCP- and HS-TCP in the heterogeneous RTT scenario, wlere

llinois is the same as that for the standard TCP. So tH&d B are unchanged, but tieTTs for the four flows are
response time is or_lly determmed by the time interval be- 8The packet size is 1000 bytes throughou.

.tween two consecutive con_ges.,tlon.events. We can S_hOV_V tha§Henceforth, we mean SACK based HS-TCP when we mention HS-TCP
if Omin > Omax/ Tmax then this time interval of TCP-lllinois without specifying its base.

%, Multiple Users: Fairness Property
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Fig. 5. Single user, TCP-Reno, HS-TCP, and TCP-lllinoisp Piot: Reno . . L
and lllinois (beta=0.125 and beta=0.5). Bottom plot: HSPT@ith Reno,  thatWiiinois /VkenoiS around 4 instead of 6. Though, lllinois

NewReno, and SACK bases. achieves a much better throughput than Reno in wireless
networks.

Average throughput of 4 homogeneous RTT users
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sl | ¢inois
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D. Performance with Noisy RTT Measurement

We finally perform simulations to compare the perfor-
mance of TCP-lllinois and TCP-Vegas when the delay mea-
T\g " surement is inaccurate. We consider a single link and two

T user scenario. For the link = 10 Mbps and = 50 packets
(correspondingly, the maximum queueing dedigy= 40 ms).
For the users, either both choose TCP-lllinois or both choos
TCP-Vegas, and the propagation delayTg= 60 ms for
Fig. 6. Left: Average throughput of 4 homogenous RTT usergh® each user. We now suppose that there is an extra white
Average window of 4 heterogeneous RTT users. noise term in the RTT measurement, denotechbgnd let
n be uniformly distributed betweefd,2g] (the noise term

. is an extra delay due to reasons other than propagation and
60,80,100, and 120 ms, respectively. The average throughpﬁheueing, so it is nonnegative). TheRT T = To+d + n,

in the homogeneous scenario and average window size in RNﬁered is the queueing delay. We vary the value @fto
heterogeneous scenario are plotted in Fig. 6. From thisdjgur, i

we see clearly that lllinois is more fair to competing Rena/ary the noi_se I_eveI and stqdy the performance of TCP-Vegas
and TCP-lllinois under noisy RTT measurement. For each
user and large RTT users than HS-TCP. protocol, we have two groups of simulations. In group one,
C. Performance in Lossy/Wireless Networks both users face the noise term in the RTT measurement;
sand in group two, only one user faces the noise term and the
ther user measures RTT accurately. The average throughput

f the users under different noise levels are plotted in &ig.

1 15 35 4 5% 60 70 8 % 100 10 120 1%
FlowRTT

25
FlowID

We then perform simulations for lossy/wireless links. It i
a single link single user scenario, with the user choosin
either TCP-Reno or TCP-lllinois, and the link randomly ; X s
drops packets with dropping probabilitgs much larger Fr_om_ F_lg. 8, we see that as the noise level increases, TCP-
than the congestion loss probability (sinpg is large, the III|n0|s_ is very robust to the_: noise, while TCP-Vegas is not:
link is under utilized and there is no congestion loss df'€'€ is a threshold o, which depends on thg parameter.
all in many cases). The capacity and buffer length of thg the noise level exceeds this threshold, the performasce i
link are 40 Mbps and 200 packets, respectively, and th%egraded significantly: if both users have noise terms, both
propagation delay for the single user is 100 ms. Instead get a mgch smalle_r_throu_ghput than the noise free case and
choosing the default setting, the lllinois user sets— 0.2. the link is under utilized; if one user has the noise term and
We vary pq values from CD00;5 to 005, and plot the average the other does not, then the resource allocation is veryjirunfa
window size for lllinois and Reno and the ratio of thesd® the user with inaccurate RTT information. It is easy to
two multiplied by 20, as in the left plot of Fig. 7. From explain the degradation whem is larger than the threshold.

the plot, we see thalMjjinois ~ WRenoiN Most cases. From At equilibrium, Vegas user satisfies

(??), the ratio should be\/dmax/(2Bmin) = V40 =~ 6.32. iff w W _w % W — d;+Tp

The difference of the ratio between simulation and analysgI - (T__ T,+d )To= To+ds y=Ww =y dr
. . . p p a p a

can be explained if we observe the window curve plot of ?36)

lllinois and Reno, as in the right plot of Fig. 7. From thewhered; andW* are the equilibrium values al; andW.
window curve plot, we see that timeout happens frequentlyoW* is an decreasing function af;, andd, is a positive
for lllinois user, since the increment amountis very large value such that the sum @f*/(T,+d) over all users equals
before a packet loss happens. Equati®®) nly considers the capacityC. If RTT = Ty +da+n, then sincen may hit
the congestion avoidance phase, and timeout is the reasmro, still we haveBaseRT T= Ty, and (36) becomes to the
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—+— Both with noise, user 1 —+— Bothwith nose, user
—+— Both with noise, user 2 9 —+— Bothih s, ser 2
—&— One with noise & one without, noise user —a— Onevith noise & one wihout, noie user

—6— One with noise & one withou, nose free user| 8 —6— One wihnoise & one wihout, nosefee user|

introduced. Using this new model, we approximately derived
the fairness property of TCP-lllinois and the standard TCP
under different synchronization level. There are some open
problems of the new model, which include: (i) the rigorous

relationship betweei W] and E[W;],Vi # j for the N > 2

(1]
(2]
(3]
(4]

10 1’ 10 10° 10
et o ight, Sga=D,0001 from eft o ight, signa=0,0001,0.002,0.005,001,002.0.05.0.1 sec)

Fig. 8. Average Throughput Vs Noise Level. Top left: lllisoiTop right:
Vegas,y = 2. Bottom left: Vegasy = 5. Bottom right: Vegasy = 10.

(5]

following equation: [6]

rf (W w datn _
W I I
a n o n
= W=y=gF andW ~ y=ep-1 dafn , 8]

wheren, d, andW are the time average values mfd, and
W. We see that ih= o < dj, we can pickdy =d}; — 0 so
thatW =W*; and ifn= o > dj, thenW is definitely smaller
thanW*. And wheno > d}, aso increases\V decreases. So [10]
there exists a threshold of= ¢ such that if the noise level

is smaller than this threshold, the performance can beaimil

to the noise free case; and if the noise level is larger thign th11]
threshold, the performance is degraded and the degradation
becomes more significant asincreases. Since this threshold[lz]
approximately equals td; andd; is proportional toy, we
know that this threshold is also proportional fpas shown [13]
in Fig. 8.

El

VII. CONCLUSION [14]

In this paper, we have considered some natural requirgs]
ments for a new TCP protocol for high speed networks an[ 6]
have introduced a class of LDCA-CAIMD algorithms, which
combines both loss and delay information to control th@7
congestion. Specifically, the standard TCP’s AIMD algorith
is modified such that the increment (respectively, decrelz)nerE18
amount for each ACK (respectively, loss) is a decreasing
(respectively, increasing) function of the average quegiei
delay. Using this idea, a specific protocol called TCP-tlitn [19]
is designed. TCP-Illlinois achieves a concave window size
curve and a better throughput than the standard TCP, and
maintains the fairness of the standard TCP. Various prigsert (20]
of TCP-lllinois are studied, and TCP-Illinois is shown to
satisfy all the requirements for an ideal high speed TCR1]
variant.

To analyze the fairness property of TCP-lllinois, a nev&zz]
stochastic matrix modeling of general AIMD algorithms is

heterogenous users scenario; (i), the relationship betwe

EW] and E[W,],Vi # j, where the average is over all time
! : | interval.
e s Acknowledgement: We thank Dr. F. Baccelli for helpful
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