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Abstract—Appropriate control parameters are important  long—term averages of packet loss probabilities and RTT
for the successful deployment of RED (Random Early Detec- (Round Trip Time) values, which implies that the interac-

tion) routers, especially when many TCP connections share tjion among active TCP connections at the router cannot be
the bottleneck link. In this paper, we first describe a new investigated

simple analysis method for determining the window size dis-

tribution of many TCP connections sharing a bottleneck  An approach for examining the instantaneous through-
router. We consider two kinds of buffering disciplines: TD  puyt of the TCP connection can be found in [5], [6], [7],
(Tail Drop) and RED. We model the window size evolution \yhere the distribution of the congestion window size of
of TCP connections by using a Markov process whose statethe TCP connection is obtained. Then the TCP window
is represented by a set of the current window size and the . . .

ssthreth value. The state transition matrix is then calculated >'2€ 'S dlrectly relateq to the short.—term throughput of the_
by considering the characteristics of TD and RED routers. 1 CP connection. Thlsiapproa'ch IS basgd on a stochastic
We show numerical results demonstrating the accuracy of modeling of the TCP window size behavior. Those works,
our analysis and we discuss the fairness of TD and RED. however, assume the probabilistic packet loss model, in
We confirm that RED does not help improve the router's which each packet sent from the TCP sender is dropped
throughput even when appropriate control parameters are \yith a constant probability. In a sense, it can be con-
chosen but that it is still useful to provide the fairness among sidered that RED (Random Early Detection) [8] is used at
gicgdc?lrgrp;;?%: SE[;: ?Qgte;t(;ljol;];ts\f\t/: gljsnct)rgle ;;T:ri:tr; :;n'the bottleneck router. When this is assumed, however, it is
dynamically according to the changes in network Conges_|mpOSS|bIe to examine the effects of misconfigured control
tion. parameters of the RED routers because the packets tend to

Keywords— TCP (Transmission Control Protocol), Win- be lost in bursts by such misconfigured RED.

dow Size, TD (Tail Drop), RED (Random Early Detection),  Because we wanted to investigate the effect of the RED
Faimess routers when many TCP connections share the bottleneck
link, we developed a simple method for evaluating the TCP
window size distribution by using Markov analysis. In
the analysis, we allow two kinds of the packet loss mod-
The future development of the Internet requires a betls: the probabilistic loss model and the bursty loss model,
ter understanding of the behavior of TCP (Transmissiowhich respectively correspond to RED routers and Tail-
Control Protocol) [1] widely used in the current InternetDrop (TD) routers. In our approach, the Markov model
and many research efforts have been devoted to revealiagised to explain the evolution of the TCP window size,
the characteristics of the TCP connection. For examplehich is done by explicitly considering packet queuing at
equations for calculating the throughput of the TCP conthe router’s buffer. Steady state probabilities are then cal-
nection from several parameters (packet loss probabilityulated and used to derive the distribution of TCP win-
round trip time, maximum window size, etc.) have beedow size. One of our main contributions in this paper is
shownin [2], [3]. Those equations, however, estimate onlthe derivation of the TCP window size evolution in the
the long-term throughput of the TCP connection, and camtase where packet loss occurs in a bursty fashion at RED
not be used to examine instantaneous behavior. It is reduters. This allows to analyze the case in which the RED
ported in [4] that the average size of Web documents garameters are inappropriately configured to be consid-
several Web servers is about 10 [KBytes], and the instapred. Such a case cannot be examined when using the
taneous TCP throughput is important to the estimation adnalytic approaches assuming a constant packet loss prob-
the transfer time of such small documents. More imporbility adopted in, since the existing approaches [5], [6],
tant, the equations estimating throughput are based on tf¥§ implicitly assume that RED routers always work ef-
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fectively. Another contribution is the analysis of the win-router serves incoming packets in order of their arrival and
dow size behavior of TCP connections under conditions isimply discards newly arriving packets when the buffer is
which bursty packet losses occur at TD routers. The trdull. The problem with this mechanism is that routers tend
ditional TD routers tend to drop the incoming packets in @o discard packets in bursts [12], which results in packets
bursty fashion [8], and our approach allows to evaluate thfieom the same connection being likely to be discarded. As
effect of those routers. It then becomes possible to coma-result, the fast retransmit algorithm does not help avoid
pare TD and RED routers in a unified way. timeout expirations, and this leads to the global synchro-
Our analysis allows us to investigate the routers sharatization problem [13]. Furthermore, since the duration of
by many active TCP connections. When the number of abursty packet losses depends on many factors (network
tive TCP connections is large, as it is in the current backsonfigurations, the number of active connections, and so
bone routers, the packet buffer that each TCP connection), it is difficult to determine the packet loss rate of the
can utilize becomes small and throughput degradation b&b router. As will be shown in Section Ill, however, we
comes obvious [9]. Our analysis can treat such a case atgh analyze TD router if we make some reasonable as-
determine the packet buffer size sufficient for, say, thogumptions about the network.
sands of active TCP connections. Furthermore, we useThe RED (Random Early Detection) algorithm [8] is
the analysis results to evaluate the fairness of the TD anggsigned to cooperate with the congestion control mech-
RED routers and that the fluctuation of the window size ignism of the TCP. It detects the beginning of congestion
much smaller for RED routers. We provide numerical eXdy monitoring the average queue size at the router (the av-
amples showing that RED routers can only provide as higerage number of packets in the router buffer) and notifies
throughput as TD routers can even when the configuratiofCP senders that congestion has occurred by intention-
parameters of RED are determined appropriately [10], [1&]ly dropping packets at a certain probability. The RED
but that they can greatly improve the fairness among mamygorithm sets the packet dropping probability as a func-
TCP connections. Our analysis can be used to determiri@n of the average queue size. By keeping the average
for a given buffer size and given number of active TCRueue size low, burst packet dropping can be avoided even
connections, the appropriate control parameter set for thden packets from the same connection arrive continu-
RED routers. ously. That is, the algorithm has no bias against bursty
The problem is that the appropriate parameter settirfiegffic. More specifically, it uses a low—pass filter with an
varies according to the network congestion status, and v@ponentially weighted moving average when calculating
could not find one parameter set to make the RED dlhe average queue siaeg, which is maintained and com-
gorithm work effectively in all cases. We therefore propared with two thresholds: a minimum thresholeit 1)
posedt-RED, by which we improved the RED algorithm and a maximum thresholaaz +,). The packet dropping
by adding a simple mechanism that sets the threshold vairobability is determined in different ways according to
ues dynamically. We evaluate the effectiveness of this inihe queue sizevy:
proved algorithm through simulation and show that it can If avg < ming,, all arriving packets are accepted.
provide good fairness in various network congestion statesl!f miny, < avg < maw,, arriving packets are dropped
by using one parameter set. with probabilityp .«(avg), which is defined as follows:
The rest of this paper is organized as follows. Sec- avg — mazsy,
tion 1l briefly explains the TD and RED disciplines and Pedlavg) = ——max, (1)
. . . . . maxp — TNk
introduces the analysis and simulation model. Section llI
presents our analysis of the window size distribution and If max, < avg, all arriving packets are dropped.
some numerical results used to evaluate fairness. Sédie RED router helps prevent TCP’s retransmission time-
tion IV describes our improved RED algorithm, called dt-outs, and most lost packets are thus retransmitted by the
RED, and shows some simulation results demonstrating ifast retransmit algorithm. It also helps avoid the phase
effectiveness. Section V concludes the paper with a brieffect [12] causing all connections to exhibit the similar

summary and some future research topics. window changes.
In recent works [10], [11], however, the authors have
II. MODEL DESCRIPTION pointed out that it is difficult to choose the control parame-

ters of RED {(naxp,, ming,, max,) towork well, and even

when those are appropriately configured, the RED routers
Historically, Internet routers have used a TD (Tail Drop)annot provide good performance compared with the TD

discipline as a buffer management mechanism: the TiDuters. As opposed to these results, we present a new ob-

A. TD and RED Routers
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tion changes its state by increasing the window size when
5§§ no packet loss occurs, or by decreasing the window size

S when packet loss is detected [1]. That is, we must con-

‘1’ sider the following cases about the state transitions from
S (w;, t;).

: TD/RED Router ! g 1. When no packet loss occurs:

- =7 E— \;/46 1.a During a slow start phase, the window size is in-

Bipackes] " & creased and the state is change@htex(2w ;, t;), t;).

Y, Recelver Host 1.b During a congestion avoidance phase, the window

%Esy size is increased and the state is change@rtox(w ; +
‘I’ 17Wmax)uti)-
A5 < > 2. When packet loss occurs:

T [sec]

2.a If the packet loss is detected by timeout, the state is
changed tdl, [w;/2]).
Fig. 1. Network model. 2.b If the packet loss is detected by fast retransmit, the
o o _stateis changed tQw /2], |wi/2]).
servation in this paper that RED is still useful, especially Tq derive the state transition matrix, we have to obtain
from a viewpoint of the faimess among many TCP COnhe probability that each case in the above takes place. The
nections. packet loss probability in each state is affected by the num-
ber of connections and the queue size. For a meanwhile,
B. Network Model we assume that the packet loss probability of the state
Fig. 1 depicts a network model used in the foIIowing(wi, t;), which is denoted by(w ;, t;), is known.p(w, t;)

analysis and simulation. It consists of sender hosts, a r@rthe TD and RED disciplines are derived in the following
ceiver host, a router, and links interconnecting the hosts hsections in turn.
and the router.N sender hosts share a bottleneck link of The probability that no packet loss occurs in the current
p [packets/sec], and sends data packets to the receiver h&xglte(w;, t;) is obtained by collecting the probabilities that

by TCP Reno. The propagation delay between the sendgf packets of connections are not lost. It is given by
hosts and the receiver hostigmsec]. The intermediate

router has a buffer of the TD or RED discipline. The buffer Prooss = (1= p(ws, )™ (@)

size is represented by [packets]. Since the window size is simply increased when the no
packet loss occurs, the cases 1.a and 1.b takes place with
the following probabilities:

N Sender Hosts

I1l. FAIRNESSANALYSIS AND EVALUATION

A. Notationsand Settings .
J . . P(wi,ti)(max(Qwi,ti),ti) = Dnowss 1T w; <t; (3)
We assume that a TCP connection changes its state at

every RTT (Round Trip Time) and we call the interval be-
tween state changesaund. To describe the Markov pro- ~ When packet loss occurs, on the other hand, we must
cess, we define the state of the TCP connectiby the ~consider whether the lost packet is retransmitted by time-
window sizew; [packets] and a ssthreth value [pack- outor fastretransmit. We as denptg,, +,) ;7o as the prob-
ets] of the current round. That i&w ;, ¢;) represents the ability thatj packets are lostin state ;, ¢;), and the time-
state of the current round of connection By assuming out takes place to retransmit the lost packets. When one
that the maximum window size of the TCP connection i§f wi packets is lostand the window size is too small (i.e.,
Winae [packets],w; is ranged from 1 tdV,,q,, andt; is smaller than three), the packet loss is detected by time-
from 1 to Wnee/2, Sincet; is reset to half ofw; when Out[14]. Thatisp ., ¢, ;o forj = 1is given by

packet loss is detected [1]. Then, the number of the statﬁs _
of this Markov process becom@s 2 . /2. (s ), 170

P(wi,ti)(max(wi+1,Wmaz),ti) = Drooss 1T Wi > t; (4)

max
_ We defineP(,, +,)w;.i;) @S the_gtate transition probabil- ( ;"Z )p(wi, t)(1 = p(wg, t)“ L, ifw; <3
ity that the state of the connectiorthanges fromjw 4, ¢;) _
to (w}, t;). The goal of the analysis in this section is to de- 0, if w; >3

rive the state transition matrix @t (,,, 1,)(w/ 1) Withconsid- — \when more than one packets are lost — specifically,
eration of the congestion control algorithm of TCP and th@/hen; of w; packets are lost — the first lost packet is re-
characteristics of TD and RED routers. The TCP connetransmitted by timeout or fast retransmit with probabilities
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Of P(w; 4:),1,70 OF L = Dy 1,),1,700 FESPECtively. When time- increased byV [packets] in every RTT, since each TCP
out occurs, all of lost packets are retransmitted and thgnnection increases its window size by one packet [1].
window size becomes one. When fast retransmit 0CCUFBperefore, when the total window size reachs, it will

however, the window size is halved. If the halved Winy,q j,creased tdt; + ) [packets] in the nextround. That
dow size is larger than three, the next lost packet is agaln ket di ded at the TD router buff h
detected by the fast retransmit algorithm, and the windoly: .Y [Packets] are discarded at the TD router buffer when

size is further halved. Otherwise, the timeout occurs. Thauffer overflow occurs.
is, all of thej packet losses can be detected by the fast

retransmits if the window size is large enough to be kegs 5 How frequently do buffer overflows occur?
larger than three when it is halvgdimes. We therefore '

have When buffer overflow occurs, some &f connections
experience packet losses and decrease their window sizes.
As shown in Subsection IlI-A, the TCP connection with
( Wi )p(wi,ti)j(l — plwi, ;) =9, ifw; /20 <3 window sizew; decreases its window size to; /27 when
J j packets belonging to the same connection are lost by the
fast retransmit algorithm [1]. When no packet loss oc-
From the above two equations, we can defivg, ;,) o, CUrs, onthe other hand, the window size increases by one.
the probability that the timeout occurs in stéte ;, ¢;), as: Assume that the mean window size of each connection is
w = Wy/N when the buffer is fully occupied. Then, the

0, if w; /27 >3

Wi

Plusinyro = 3 Plwets mean window size of each connection after the buffer over-
wi,t;),TO — wj,t;),k,TO =7 ;
e {log (/) 41 flow occurs, denoted by /, is given by
Then, we can obtain the probabilities that cases of 2.a and _ YW i woi 1
2.b take place: W= ) ] py(1—pp)*™’ ngj
j=1
Plas 1:)(1,[wi /2)) = Plaws 1), 70 +(1 = ps)*(@+1) (6)
Pluss ) (Lawi /29, L /23]) - .
W ' ' wherepy = N/W;, which is the packet loss probability
= ( i ! ) plwi, t3)? (1 — pw;, ;)™ 7, when the buffer overflow occurs. Note that the above equa-
. tion includes the case where the TCP connection experi-
1<j < [logy(wi/4)] (5)  ences the timeout, but in that caseLw| is zero. Then,

the mean of the total window size just after the buffer over-
flow, W', becomesV - w’. Since the total window size is
increased byV packets per RTT, the probability that the
buffer overflows occur in the current round (denoted by

_ Poveriiow) CAN e calculated as follows:
In the TD router, packet loss occurs in bursts when the

router buffer is fully occupied. To calculaigw ;, ¢;) we 1

need to take into account the following factors: Poveton = N N ) (7)
« the total number of lost packets as a result of buffer over-

flow

« the frequency of buffer overflow

« the number of lost packets from each TCP connection

We have now to determine, for the TD and RED disci
plines, the value op(w ;, ¢;) at the bottleneck router.

B. Analysisfor TD router

B.3 How many packets are lost from each TCP connec-
tion?

We have shown in Subsection I11-B.1 that the total num-
[)_er of lost packets in the event of buffer overflow is given
by N. We assume that the number of lost packets belong-

Here we denote b}}” the total window size ofV TCP  ing to each connection is proportional to the size of that
connections. A buffer overflows whé# exceeds the sum connection’s window. Theh;, the number of lost packets
the buffer sizeB and the bandwidth-delay product of theof connection, is given by
bottleneck link. That is, when the buffer is fully occupied,

W reachedV; = 27p 4+ B. Suppose that all of the TCP W;

. . : ) ) li=—-N 8
connections are in the congestion avoidance pHasés W ®

B.1 How many packets are lost as a result of buffer ove
flow?
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B.4 Derivation ofp(w ;, t;) We obtaing* andW* by solving Egs. (10) and (11). If the
Using Egs. (7) and (8), we can obtain the foIIowingWindOW sizes of the other connections except conneétion
equation fop(w;, t;): ' are equal tdV * /N, the current queue sizg)(is given by

N -1

l; =—W" i —
p(wi7 tz) — min <17poverﬂow' E) (9) q N W*+w 27’p
’ whereuw; is the current window size of connectinThen
C. Analysisfor RED router case p(w;, t;) is given by
In RED, the packet loss probability is determined from o 12
the average queue size and control parameters by Eq. (1). P(Wi; i) = Pleq) (12)

But because our analysis is based on the Markov process
model, we use instead of Eq. (1) the following function for
the packet discarding probability of RED. That is, we use In this subsection, we examine the accuracy of our anal-
the instantaneous queue lengh ihstead of the average ysis approach by comparing its results with the results of
queue lengthdvg). This makes little difference with re- simulation experiments, and we discuss the fairness of TD
gard to the packet discarding probability of RED becausg,q ReD routers. The simulation results were obtained by
q always fluctuates aroundg. using ns-2 simulator [15].
We set as network parametgrs= 187.5 [packets/sec]

(~ 1.5 [Mbps]), 7 = 2 [msec] andN = 1,000 (re-

fer to Fig. 1). The analysis and simulation results for
Maxe, — Mgy, TD and RED router cases are shown in Fig. 2, where
gmatpt(g-maze) if ¢ > maxy, probability density is plotted as a function of the win-
dow size of the TCP connection. The buffer sigefor
S¥D and themazx, for RED are both set to 8,000 [pack-
ets] (Fig. 2(a)), to 5,000 [packets] (Fig. 2(b)), and to
L5’%000 [packets] (Fig. 2(c)). These results show that the
afnalysis gives a good estimate of the window size distribu-
Qlon regardless of the buffer size. Even for a buffer size of
. . i . 3,000 [packets], which is too small for 1,000 TCP connec-
estimate of the packet discarding probability of RED. tions in the TD router (only three for each connection) and

To calculatep(w;, ¢;) for the REP router, we first derive many buffer overflows take place at the router buffer[9],
the average packet loss probability of the RED router b% . . .
e analysis results are very close to the simulation results

using a steady—state analysis. Note that the appropriataeﬁd our analysis well follows the behavior of TD router.

ness of using the average queue length of a RED router toFurthermore, comparing the results of TD and RED

derive the window size distribution of a TCP connection - . :
. . routersin Fig. 2, we can make the following observations
has been already validated in [5]. Here we Use andg*

¢ ivel t the steadv-stat | fh about their fairness. When the TD’s buffer size is equal to
0 respectively represent the steady-state values of the H'e RED’smaz+,, the window size varies more widely for

_taI window size ofV TCP connections and the queue SIZ€rcp connections at the TD router. This can be understood
€., more clearly by looking at Fig. 3, which shows the anal-
W* = 2rp+q" (10) ysis results of 99.99% and 99.9999% values of the win-

dow size distribution. We can see that TCP connections at

The mean window size of each connection becofmés= the TD router tend to have much larger window sizes than
W*/N. Since RED discards the incoming packets witlthose at the RED router. That is, the RED router results
probabilityp .«(¢*), the following equation should — from in a smaller dispersion of the window sizes, which implies

Eq. (6) and considerations similar to those that in Subsethat the RED router improves fairness among many TCP

Numerical Results and Discussons

p:ed(q) =

0, if ¢ < ming,
q — maxp if i
mazry, ITming, < q< maryy,

The third form of this equation corresponds to the ca
where the queue length equals or exceeds: ;;, and all

work [5], [6], [7] did not consider this condition. Although
the above equationis an approximation for the behavior
the RED router, in Section IlI-D it will be shown to a good

tion 111-B.2 — hold in the steady state: connections.
. When themax, of the RED router is set too small,
W" = o however, the fairness of the RED router is degraded. This

N i w* (V1= p! (q*))ﬁ—jiﬁ can be _seen in. Fig. 2(9), where 'the probapility of a very
— \ j red red 27 small window size £ 5) is much higher than in Figs. 2(a)

= ) — and 2(b). Whennax, is too small, RED’s probabilis-

+(1 = prea(@™)” (w* + 1)} (11) tic packet dropping does not work well, and the incoming
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Fig. 2. Analysis and simulation results.
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Fig. 3. 99.99/99.9999 percentile values of the window size.

TABLE |
EFFECT OFmax;, ON THE THROUGHPUT AND FAIRNESS

| Router Discipline

| Throughput | Fairness|

TD 1.38 [Mbps]| 0.80
RED (max:, = 8,000) | 1.41 [Mbps]| 0.94
RED (max, = 5,000) | 1.41 [Mbps]| 0.95
RED (maxy, = 3,000) | 1.42 [Mbps] | 0.81

packets are discarded in bursts. This situation corresponds
to the third form of Eq. (10): when the queue length ex-
ceedsnaxy, allincoming packets are dropped.

The total throughput of the bottleneck link and the fair-
ness values through simulation experiments are shown in
Table I. We use &airnessindex defined in [16] to evaluate
fairness. When that the throughput of the TCP connec-
tions is denoted: ; and the number of TCP connections is
denoted, the fairness index is defined as follows:

(Xt x=1)?
ny i %2

Note that the value of ranges from 0 to 1, and a larger
value shows a better fairness.

Table | clearly shows that while the throughput of RED
remains almost same as that of TD regardless aofthe ;j,
value, RED can provide better fairness than Tihidz
is set appropriately. However, it does not help improve the
fairness when a too small value ofax 4, is used. There-
fore, max,, for the RED router should be large enough
for the number of connections accommodated at the router.
In [10], [11], the authors have concluded that there is lit-
tle reason to deploy RED to Internet routers since RED
routers cannot provide not so much throughput improve-
ment of the bottleneck router and that itis sometimes lower
than that of TD routers. We make the opposite conclusion.

f= (13)
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RED is still valuable to apply to the router since it can im-avg is always betweemaz,;, andmin,,. The threshold
prove the fairness among connections under the conditimalues are tuned at a regular interval, which in this paper

thatmax,, is appropriately chosen. is called an “observation interval.” The router monitors
avg during every observation interval and sets the thresh-
IV. bT-RED old values at the end of the interval.
A Motivation o Control of maxy,

Whenavg reaches\,,,... - max, more than once during

In the previous section, we have concluded that a REfe observation intervatpaz 1 is updated as follows:
router is fairer than a TD router although both kinds of

routers show almost the same throughput. We have also max, < min(max, + unas - B, Mp - B) (14)

pointed out that a RED provide better fairness only when

the control parameters, especially the threshold values, #8€€ Mma. IS @ margin ratio for avoidingivg from

set appropriately. Specifically, its packet-discarding algd€achingmaz,, and Mp is a control parameter that de-

rithm works well when the average queue length is bd€mines the maximum values ofaz .

tweenmaz,, andminy,. Therefore, if RED router is to be Otherwise, wheawg is enough low and satisfies

effective, its control parameters must be set to values ap-

propriate to the condition of the network (link bandwidth,

the number of active connections, congestion level, ang ..., is decreased as follows:

so on). As pointed out by other researchers, however, it

is very difficult to set them to cope with the dynamically maz;, <« max(maxiy, — Bmag - (Mazy, — ming, ),

changing network condition [10], [11]. ming,) (16)
Several algorithms that dynamically change the control

parameters according to queue length, the number of actiMete thato,,,, and 3,,., respectively determine the in-

connections, and so on have therefore been proposed [1Gtgase and decrease ratiosiafz ,.

[18], [19]. They focus on the dynamic control of the packes Control of min,

discarding probability, but a rapid change gfdegrades Whenavg decreases to less thann, during the obser-

the performance of TCP connections, since the throughpeation interval, dt-RED changesin , as follows:

of the TCP connection is directly affected by the packet ‘ _

loss ratio [3]. More important, the previous algorithms do ""**"th max(ming, + Cmin - (Maty, — ming),

not consider the case where many TCP connections share maw,) (17)

the bottleneck link. The level of congestion at a bottle- _

neck router that has more than 1,000 connections active@PnVersely, whenvg is always larger thamin 4, minu,

the same time varies widely because each connection [&-decreased in order to shorten the queue length at the

acts to the network congestion independently. ThereforEPuter buffer:

whenthe abqve algorithms are applieds likely to fluctu- ming, — max(ming, — Bin - (mazem — ming),
ate over a wide range, making the router unstable. Those
algorithms thus do not resolve the problems pointed out 0) (18)

in [10], [11], andp should be changed as smoothly as poSgnereq, . andg, ., are respectively the control parame-

sible. ] ) ) ters determining the increase and decrease ratiogof;, .
We therefore describe an improved algorithm we call 1,4 key issue in dt-RED is how to S&f . That is,

dt-RED. It is very simple compared with the existing ap-yhen ismaz,, increased or decreased according to the
proaches but quks well, especially with regard to fqlrneSéhange ofuwg? It should be set appropriately by consid-
among connections. It does not changeirectly, but in- ¢ jno"the fluctuation ofivg because the change @fg is
stead controls the threshold valuesdz ;, andmin) to greatly affected by the number of active TCP connections
changep more smoothly. passing through the dt-RED router. Therefore, the value of
M. should be related to the observation interval. Sup-
pose that the observation interval is set to the time during
To set the threshold values:¢z ;, andminyy,) appro- which the router received’,, packets, wherév,, is a fixed
priately according to the network condition, we developedalue. Then) .. should also be fixed at a certain value
an algorithm that monitorgvg and controls the threshold since the number of packets arriving at the router during
values dynamically according to the change@§, sothat the observation interval is constant. When the observation

avg — ming, < Mpmag - (Mmaxy, — ming,), (15)

B. Algorithm
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interval is fixed, on the other hand/ ,,,... should become 4500 , - , , , ,
proportional to the number of connections since the num- 0 | . ‘Average Siete tggg{ﬂ ]
ber of arriving packets is proportional to the number of max_th -
connections. For simplicity, we set the observation inter-
val to be the time during which 100 packets arrive at the
router, and we also sét/,,,... to 0.9 in the following sim-
ulation results. When we want to use the fixed duration of
the observation interval and skf ... proportional to the
number of connections, we have to estimate the number of5 1000 |
active TCP connections at the router. One way to do that 500 |

3500 o
3000 | ; 3
2500 |
2000 |
1500 F

eue Length [packets]

might be by using &Zombie List [20], where the number 0 A A A A A Lo

of active connections can be estimated(i) complex- 100 150 200 250 300 350 400 450 500
ity, but we need further research to assess the applicability Time [sec]

of the Zombie List. Fig. 4. Dynamical change ofiaz, in dt-RED.

Dt-RED uses six hew control parameters to tune the two
parameters of REDnax, andming, dynamically. Dt- 200 [sec] to 300 [sec]N = 500 from 300 [sec] to
RED differs from RED, however, in that the parameter se#t00 [sec], andN = 10 from 400 [sec] to 500 [sec].
ting of dt-RED has little effect on the fairness of dt-RED.The changes of the instantaneous queue length, the aver-
We use onlyone parameter set to deal with various net-age queue lengtlu{g) andmax ¢, are shown in Fig. 4 as

work configurations in dt-RED. functions of the simulation time. We can see that dt-RED
_ changesnax,;, as the queue length at the router buffer in-
C. Evaluation Results creases and decreases.

In this subsection, we show several simulation results We next show the fairness aspect of the three mecha-
demonstrating the fairness of dt-RED. We again use th#sms (TD, RED and dt-RED). We first set= 1.5 [Mbps]
network model shown in Fig. 1 and we set the bandwidtand = = 4 [msec], and setB to 100, 1,000, and
and the propagation delay of the link between the send&@,000 [packets]. The results are shown in Fig. 5, where
hosts and the router to 100 [Mbps] and 2 [msec]. Wehe fairnessindex values of the three mechanisms are plot-
compare three kinds of buffering disciplines at the botted against the number of TCP connections. For RED, we
tleneck router; Tail-Drop (TD), RED, and dt-RED. Forshow two cases: one withaz ;, = 15 (the value recom-
RED, we usenin, = 5 andmaz, = 0.1, w, = 0.002, mended in [8]), and the other with the best value that we
which are the values recommended in [8], and we vaifpund through trial-and-error. From these results, we can
mazy, to find the best setting of RED. For dt-RED, wemake several observations.
use N, = 100 [packets], M, = 0.9, Mp = 0.8, First, the TD discipline cannot provide fairness among
Omaz = Umin = Bmaz = Bmin = 0.05. connections at all, especially when the number of connec-

In the simulations, each sender host sends an infinit@ns is large, because the TD discipline has no mechanism
size of the document by FTP (File Transfer Protocol¥or fairness enhancement. Furthermore, the fairness of TD
Note that we have also examined the case where edslalso degraded when the buffer size is too large compared
sender host transfers WWW documents, the size distribwith the number of connections (Fig. 5(c)). This shows an-
tion of which follows the one shown in [21]. Due to spaceother problem of the TD discipline: when the buffer size
limitation, we omit the results, but we confirmed the samger each TCP connection is too large, the buffer occupa-
results as shown in the below. Also note that we have evdiion becomes different among connections, which leads to
uated dt-RED when we use the fixed duration of an obsedifferences of the throughput values of TCP connections.
vationinterval and se¥/ ,,,.. proportional to the number of That is, larger buffers at TD routers do not always assure
connections, and we have also obtained the same result§aisness among connections.
what follows. For the RED discipline, we can see that the recom-

We first show the dynamical change of the thresholthended values of the control parameters cannot provide
values of dt-RED, according to the change of the networthe good fairness. In the worst case, RED shows a lower
congestion status. We set= 1.5 [Mbps], 7 = 4 [msec], fairness than TD does. The main reason is thatithe
and B = 10,000 [packets], and change the number ofn this case is too small for the number of connections
TCP connectiong)V, as follows; N = 500 from O [sec] and the buffer size. Whemaz , is set appropriately, on
to 200 [sec] of the simulation timey = 1,000 from the other hand, RED provides better fairness than TD in
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Fig. 5. Fairness evaluation result for= 1.5 [Mbps] andr =

4 [msec].

Number of TCP connections

(c) B =10,000 [packets]

all cases. That is, RED can work better than TD if the
control parameters are properly configured according to
the change of the network congestion status. Of course,
as shown in Section lll, it is very difficult to find the
best value ofnax:, (maxz, = 80 for Fig. 5(a), 800 for
Fig. 5(b), and 2,000 for Fig. 5(c)). An appropriate value
cannot be found without many trials.

The fairness index values of dt-RED are almost same as
the ones obtained by RED with the best parameter setting.
This is a very important characteristics of dt-RED because
dt-RED can provide this fairness by usingagle param-
eter set; we need not to tune the control parameters of dt-
RED according to the change of the network congestion
status.

We next change the propagation delay of the bottleneck
link, 7, from 4 [msec] to 400 [msec]. The simulation re-
sults are shown in Fig. 6, where we can again see that
the RED algorithm with the control parameter values rec-
ommended in [8] cannot provide the fairness that the TD
router can, especially when the number of connections is
large. The fundamental reason is that the recommended
values are not based on a situation in which there are more
than 100 connections at the bottleneck router. The appro-
priate control parameters set for a given number of con-
nections could of course be found, but only by trial-end
error. dt-RED, on the other hand, shows very good fair-
ness regardless of the number of connections and the size
of the router buffer. It provides fairness almost same or
even better than that provided by RED with the best param-
eter set. One problem is that whé&n= 10, 000 [packets]
(Fig. 6(c)) and the number of connections is large, TD is
the fairest of the three disciplines. In this case, TD results
in no packet loss at the buffer. Since RED and dt-RED
routers intentionally discard incoming packets when only
a few packets are stored at the router buffer, they are not
as fair as a TD router. For further fairness improvement of
dt-RED, we should treat this case more effectively, which
is left to be a future work.

V. CONCLUSION

This paper has described a new analysis method using
the Markov process model to determine the window size
distribution of many TCP connections sharing the bottle-
neck router. We considered the RED router and the TD
router, which drop incoming packets probabilistically and
in bursts, respectively. Through numerical examples, we
have shown that our analysis can give good estimates of
the window size distributions at TD and RED routers. We
have also discussed the fairness of TD and RED routers by
using the analysis results and have concluded that RED is
very effective in improving the fairness among many TCP
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Fig. 6. Fairness evaluation result for= 1.5 [Mbps] andr =
400 [msec].

connections. We have then described the dt-RED algo-
rithm, which changes the RED’s threshold valueg.{ :,
andming,) dynamically according to the network conges-
tion status. Dt-RED adds a very simple mechanism to the
original RED but it can provide greatly improved fairness
among many TCP connections without any parameter tun-
ings.

In the past literature on stochastic/Markov modeling of
TCP behavior, as well as in this paper, the homogeneous
network model, where all TCP connections have the same
propagation delays, has been used. The fundamental char-
acteristics of the TCP has been revealed through these
studies, but in the future we will extend the analysis in this
paper and treat the network model in which each TCP con-
nection has a different propagation delay and bandwidth.
This will make clear the effect of the propagation delay on
the window size distribution of each TCP connection. We
also plan to use the analysis in this paper to estimate the
throughput of TCP connections.
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