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Abstract—Explicit Congestion Notification (ECN) used dimensioning the buffer and selecting the two RED
with Random Early Detection (RED) is known to reduce thresholds. Some preliminary work in this area has been
delays for Iow-bandW|dt_h delay-sen_s!tlve Transport Control done by authors in [3], [4]. The authors in [3], instead
Protocol (TCP) connections by avoiding unnecessary packet . . . .
drops and retransmissions. However, choosing the optimum of using a linear drop function and two thresholds as in
values for buffer size and RED parameters is still an on- RED, used only one threshold to mark packets; a packet
going research topic. In this paper, we present a model to is marked as CE with a probability of one if the average
determine the buffer size and RED parameters to minimize queue level exceeds the threshold. The study therefore,
packet losses at a RED gateway. does not apply to RED gateways. The authors in [4] did
not show the effect of RED parameters on packet drops
at a RED router.

TCP sources implicitly interpret absence of acknowl- In this paper, we develop a model to analyze the
edgements as signal of network congestion. ECN (Egerformance of ECN mechanism in RED gateways. Our
plicit Congestion Notification) [1] was proposed to exmain contribution is that we derive approximate expres-
plicitly inform sources of network congestion, withoutsions for the maximum buffer size requirement and the
the sources having to wait for either a retransmit timenhaximum threshold of a RED gateway to minimize
timeout or three duplicate acknowledgements (ACKg)acket loss. Thesignificanceof our study is that the
to infer a packet loss. ECN has been recommended Hoffer size, and consequently the queuing delay, could be
be used in conjunction with Random Early Detectiomuch smaller than what has been proposed by previous
(RED) [2] in the next generation Internet routers. researchers.

ECN-capable RED gateways use an exponential
weighted moving average to calculate an average queue
size from the instantaneous queue size, and two threshWe consider a RED gateway fed by multiple TCP
olds Minimumand maximun) to determine whether an sources as shown in Fig. 1 for two sources. The link
arriving packet should be dropped. If the average que@ennecting routers R1 and R2 is the bottleneck link
size is greater than the maximum threshold, the pack&hich causes congestion at R1. The sources, destina-
is dropped If the average queue size is between théons and the RED gateways use ECN for end-to-end
minimum and the maximum thresholds, the packet gongestion control. The following notations will be used
marked with a probability as a Congestion Experiencetl our model:

(CE) packet. e Q(t), Q(t)maz: Instantaneousndmaximum instan-

Packet losses due to the average queue size exceeding taneousqueue sizes respectively at the RED gate-
the maximum queue size at a RED gateway hurt TCP way at timet.
performance. Theobjectiveof this paper is to determine « Q, Q,,..: Averageand maximum averageueue
if packet losses at a router can be eliminated by optimally  sizes respectively at the RED gateway.

I. INTRODUCTION

II. NOTATIONS



« For smallw (as suggested in [2])Q varies very
slowly, so that consecutive packets are likely to

experience the same marking probability [5].

S
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\QN\‘O‘Z(“ o The random packet marking of packets in flovus
described by a Poisson process with time varying
Fig. 1. Simulation topology. rate \;(t) = p(t)W;(t)/r;(t) [6]. Accordingly, the
waiting time (;[n]) for the n—th marking event of
flow 4, which is given byT;[n] = Y7, X;(k), is
« w: Weighting factorfor calculating@. a Gamma distributed random variablé; (k) is the
« p(t): Marking probability at the RED gateway at ~ tme interval betweer(k — 1) and k—th marking
time #. events for flowi. Specifically, the expected value
e ming,, mazy,: Minimumand maximumthresholds of the waiting time for the first marking event is
respectively of a RED gateway. EILA] = 1/M(1). _ _
« m: total number of TCP flows. « All TCP sources start sending at the same time, and
« Wi(t): Window sizeof the i** TCP flow at timet all packet are of the same size (as used in [3]). The
t>0,i=1,..m. gqueue size is measured in packets.
« SSthresh;: Slow Start thresholdor the i* TCP
flow, i = 1,...,m. IV. MAXIMUM BUFFERSIZE

« ;2 Round Trip Time(RTT) for the i'" TCP flow,  pacyet drops at an ECN-capable RED gateway are
i =1,....,m.r; is replaced by- when all the RTTS giiher que to buffer overflowg)(t) is equal to the buffer
are same. , , size) orQ > maxy,. In this section, we estimate the

o My ,.At\\h/erage sharef bottleneck link bandwidth of 1 fer size required for minimizing packet losses.
the i TCP flow,¢ =1, ..., m. o The congestion window size during the slow start

o M Ba”gw'ﬂth"f bottleneck link which is given by phase increases very quickly. The average queue size
K= Zi=_1_“i' i i i (being the output of a low pass filter) of a RED gateway

o T[1]: Waiting timefor _the first mgrkmg event after .. ot follow the quick change ab(t); as a result
the average queue size ?XC?WBM (3] . Q@ stays less thamnin,,. Therefore,Q(t) reaches the

« B Number ?}f window size increases during timey,yimum value when the packet leaving the source at
(1] for thei™ TCP flow,i =1,...,m. t —7; reaches the RED buffer. When this packet left the

« 7;: Propagation delayfrom sourcei to the RED source,W;(t — ) = SSthresh; for i = 1,2....m; the

gateyvay,z‘ =1, m- . gueue size is smaller when the sources are in congestion
« to: Time when the first packet is marked at the RER) oidance [3]. Form TCP flows, Q(t) can be

ga.lte\./vay [3r]1' he | K hich . expressed as the output of a system with processing
« t1: Time when the last packet, which was sent ]u%apacity ofy_" , r;;; and the maximum input rate when

before the first window size reduction, arrives at thgOurces reaclh their slow start threshold
RED gateway [3]. '
m m

For every packet arrival, the RED gateway estimat " _ Wit —7)— ) — SSth: —rTL.
Q using the following exponential weighted moving%( mas ;( i(b=m) =it ;( i Tifl).

average algorithm 3)
_ _ Q(t)maz, as given by the above equation, is therefore,
Q— (1-w@+Qt)w, (1) the buffer size required to minimize packet loss at

and then calculates the packet marking/dropping prot}g'-e RED gateway

bilit t) usin
y p(t) g V. mazy, FORRED GATEWAYS

0 0<Q < mingg; .
’5 im <Q <7 th Authors in [2] have recommendethazy, = 3 X
— —Mminip . . . . . .
p(t) = T i MATp, Mg, < Q < MATth;  min,,. In this section, we setup a model to estimate
1, Q > mawyp. max,p, for minimizing losses at the RED buffer. We start

(2)  with the recommended RED parameter values, and end
with values suggested by our model.
Fig. 2 shows our analytical model of a RED gateway.
We make the following assumptions regarding REMWhen the average queue size is in the steady-state
gateways and TCP sources in our analytical model fopndition (during which the sources are in the congestion
minimizing packet losses in Secs. IV and V. avoidance phase), the instantaneous queue size at time

I11. ASSUMPTIONS



TABLE |

maXm m.inm COMPARISON BETWEEN SIMULATION AND ANALYTICAL RESULTS
' ' FOR MAXIMUM BUFFER SIZE (PACKETS).
N : i L .
- . Sim | SSthy | SStha | r=n1 m QW mas

Maximum Firet markéw cases =71y (Ms) | (Mbps) [ Anlyt | Sim

packet Case 1 15 15 59 1.5 19 18

Case 2 15 20 59 1.5 24 23

Case 3 15 15 99 1.5 12 13

Fig. 2. Analytical model of a RED gateway.

TABLE I
COMPARISON BETWEEN SIMULATION RESULTS AND ANALYSIS

to IS m RESULTS FOR MAXIMUM THRESHOLD(I.E., MAXIMUM AVERAGE
Q(to) = ming + > s, 4) QUEUE siz8).
=1 —
Sim w ming, | mazin, | maxp | Qpa. (PKtS)
whereg; can be calculated as cases (Pkts) | (Pkts) Anlyt T Sim
Case 1| 0.002 5 15 0.1 73 | 7.6
T Ai(t)rs  p(E)Wi(t) Case 3| 0.002 7 21 0.1 96 | 9.9

©)
Since the difference betweép and¢; is one RTT, and
the window size of a source is increased by one per RTT

during the congestion avoidance phase, the instantanebukig. 3 later. Thereforeqgn. (8) gives the maximum
queue size at time, can be expressed as average queue size for minimizing packet losses, i.e.
this is our suggested value ofnax;y,.

Q(tr) = ming, + » (B +1). (6)
i=1
The average queue size is estimated using an ex Ve have simulated the topology of Fig. 1 using:2

ponential weighted moving average as shown in Eqﬁacket size of 1000 bytes havg been.used in our S|mgla—
(1). If time is discretized into time slots with each slotion. Other parameters of the simulation vary depending
being equal to one RTT, the RED'’s average queue si28 the three cases we have studied as described below.
estimation algorithm at thé—th slot can be expressed
as

VI. SIMULATION VERIFICATION

A. Verification of maximum buffer size

Qlk+1] = (1 — w)Q[k] + Qlk]w. ) To verify the maximum buffer size suggested by our
. . . model in Sec. IV, we have run simulations for three
In practice, w is very small, and the congestiongigerent cases with different values ofand SSthresh.
W|ndow.S|ze |n.creases by one every RTT during t %Rie have measure@(t)ma. and the results are shown in
conggstlon avoidance ph_ase. Therefore,. before the_fﬁtme | along WithQ(f)ma. predicted by simulation. It
marking event happens (i.., no congestion control) it js qeen that values from simulation and analytical model

reasonable to consider both the instantaneous queue SIZ€ close therebyalidating the maximum buffer size
and the average queue size to be constant within a V%ngesteé by our analytical model

short time period (see the first assumption in Section IlI).

Thus, by plugging?(t1) (slot k is equal tot; in time) B, Verification ofmax,,

into Eqn. (7) and assuming that the average queue size .
during the two previous consecutive time slots are theﬁ—he RED parameters shown in Table Il are used to

same, the average queue size estimated at timean \t/)enfy the golrr.ectsnes%oéthe \:/Lalue ofaz, Squzsf%ED
be solved iteratively, which is y our model in Sec V. Case 1 uses recommende

parameters. To make the different cases comparable, we

- - . m choose RTT of all TCP connections to be the same (59
Quar = Q = ming + Y _(Bi +w). (8) mS). It is seen that),,,, (which we have suggested
i=1 in Egn. (8) as the value to be used faux,;,) obtained

The first marking event is followed by many randonirom our analytical model agrees with that obtained from
ECN marking events, which make TCP sources adjusimulation.
their congestion window sizes. The average queue sizeThe congestion window size, instantaneousness queue
stays at a certain level smaller than the average quesiee, and average queue size for Case 1 in Table Il
size at timet1, as will be shown by our simulation resultsare shown in Fig. 3 and Fig. 4. We can see that the



cwnd TABLE Il

ownd SIMULATION RESULTS OF PACKET DROPS WITH DIFFERENTRED

T T cwnd

22,0000 [ B PARAMETERS
20.0000 — —
Simulation w ming, maxip, maxp | Pkt drops
18,0000 |- B cases (Packets)| (Packets)
160000 B Case 1 0.002 5 15 0.1 No
Case 2 0.002 5 8 0.1 No
14.0000 - - Case 3 0.002 5 7 0.1 Yes

12.0000 — —

10.0000 — .

unnecessary packet drops. However, case 2 in Table I
uses our proposethaz;;,, which is much smaller than
60000 |- - the recommended value. The simulation result shows
it achieves the same congestion control effects as the
recommended value does. In addition, one of the benefits
2o | | | | 1, ofusing our estimated value @faz, is that the queu-
0.0000 2.0000 40000 6.0000 80000 10,0000 ing delay and buffer size can be significantly reduced
(though it is not shown by simulation here). Case 3 is
used to verify the validity of our proposed model. The

8.0000 — —

4.0000 — .

Fig. 3. Congestion window evolution for source 1 in case 1.

Q_Size value of max,;, is reduced fronB8 estimated using our
e proposed model t@. The result of this reduction is that
180000 | iewse  the objective of no packet drops can never be achieved.
17.0000 -
16,0000 B VII. CONCLUSION
oo ] We have setup an analytical model to estimate the
13,0000 |- R buffer size requirement as well as the maximum thresh-
el ] old of a RED gateway. The analytical model has been
10,0000 - 4 proved to be accurate by simulations. The significance
9.0000 |- R of our study is that the buffer size, and consequently the
jﬁii: AUHALHAF AR A A gueuing delay, could be much smaller than what has been
60000 |- i proposed. The using of more complex network topology
soo— |/ h for analysis as well as simulation verification could be
sl |/ ] one of the extensions of this work.
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