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Modeling TCP Behavior in a Differentiated
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Abstract—The differentiated services architecture has been pro- PR
posed for providing different levels of services and has recently re- )
ceived wide attention. A packet in a diff-serv domain is classified ~{nster|-Marker
into a class of service according to its contract profile and treated Ribond
differently by its class. While many studies have addressed issues
on the diff-serv architecture (e.g., dropper, marker, classifier and
shaper), there have been few attempts to analytically understand a
flow’s behavior in a diff-serv network.

In this paper, we propose simple models of TCP behavior in a (®:Router [i:Marker (B:Host
diff-serv network. Our models quantitatively characterize TCP
throughput as functions of the contract rate, the packet-drop rate Fig. 1. Differentiated services network.
and the round-trip time in either two-drop precedence or three-
drop precedence network. We also extend our models to aggregated
flows. The models are validated through a number of simulations.

Dropper
-—--# — RIO
- 3 drop

relatively higher reservations may realize less throughput than
their target rates while flows with smaller reservations may re-

alize throughput higher than their target rates. It has been also
shown that it is difficult to guarantee absolute bandwidth with

|. INTRODUCTION a simple marking and dropping scheme [24]. There is a clear
. . . . . need to understand the end-to-end performance of a TCP flow
HE differentiated services (DS or diff-serv) archltecturen a diff-serv network that is characterized by PHBs.

hgs been recently proposed for _prow_dlng dl_ffe_rent Ie\_/e\s Many studies proposed throughput models for TCP flows by
of services [1], [3], [5]. To support service differentiation for "N characterizing the behavior of the congestion avoidance schemes
dividual or aggregated flows, the architecture provideseter 9 9

. [71, [8], [12], [13]. With these models, we can analyze and pre-
anq amarkerqt the edges_ of the network ancteopper with . d'ict TCP throughputin networks when packets are not marked or
various dropping mechanisms in the core of the network. Fig

shows a simple diagram of a differentiated services network..t,rf ated differently within the network. The objective of this paper

meter measures the temporal rate of a flow, and a marker 43 to propose steady-state throughput models for TCP flows in a

. . ifferentiated services network as a function of reservation rates,
the DS field of a packet of the flow based on its contract rate o :
. - acket drop rates and round-trip times. It is expected that such
(also referred to as reservation rate in this paper) and the cur-

r . R
rent sending rate. A dropper discards packets of different flo g mF(>) (;il/\?sr?r\:lge dsifzfi- Zé?\f'ggwg?ktq?i:gtffxnpdegfer;o{g ?r;fﬁ:r? f
according to the DS fields of the packets and the current loa odel may lead to improveménts/modifications of the basic
levels at the dropper. The current architecture defines expedi
forwarding (EF) and assured forwarding (AF) per-hop beha}ﬁe

Bsin order to realize end-to-end performance goals. Some of
iors (PHBs) to allow delay and bandwidth differentiation. It IS questions we expectto answer are: 1) How is the steady-state
expected that the diff-serv architecture will be utilized for dif

P throughput related to a flow’s contract rate? 2) How does
. the realized bandwidth vary as a function of packet drop rate? 3)
ferentiation of aggregated flows.
Several recent studies have shown that it is difficult to guar-

What is the realizable bandwidth for a best-effort flow? 4) What
S . 1S the cut-off contract rate below which contracts can be met? and
antee requested throughput to individual TCP flows in su Given a steady-state bandwidth goal, what contractrate should
networks [2], [6], [14], [24]. When a TCP flow detects packe y goal,

. f’iflow request from the network (when these can be different)?
loss, the flow assumes that the packet loss is due to conges |ox} . . .
o develop the models, we first characterize the behavior of a

in the network. A TCP flow tries to avoid this congestion b ;

halving its transmission rate. This reduced rate may be less t)ﬁ—&g;la\'}v 'FS? tyrvr?é?\rov?/gf;iiﬁnt%?snritggé:(,tga}allkr;.z?vbg/rftl/\t/ith

its reservation rate, and this results in loss of throughput. E r_ree-dr(;p p}ecede,nces [14], [17], [18]. To complete our study

lier simulation results [2], [6], [14] have shown that flows WithWe extend the models to agg,regat,ed rﬁarking schemes '
This paper makes the following significant contributions:
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4) We show that the analytical model provides intuitive unde| upon each packet arrival:
standing of TCP behavior in a differentiated services networ| avg-rate = ((avg-rate » win len) + pkt_size)
The developed model shows that a TCP flow cannot alwa] , . . /:(j’lj;le" + now — last.arrival)
achieve its contract rate because of the sawtooth behaviol
congestion avoidance. winlen : a constant .

The rest of this paperis organized as follows. In Section I, v g’,;f_';‘if: :hjlp":c’;e S5 imated ts::d::fiff:; packet
describe the details of differentiated services schemes stucl—=
here. Section Ill proposes and derives our models and presqgiwt
simulations to validate the models. In Section IV, we extend our

models to aggregated flows. Section V discusses our models %Wg
I

.52. TSW algorithm.

e color marking and dropping policies give better control in

presents the summary of related studies on TCP modeling and,._.
izing performance goals.

: : : . . re
differentiated services. In Section VI, we conclude this paper

and present directions for further research. [ll. TCP MODELING IN A DIFFERENTIATED SERVICES

NETWORK
Il. DIFFERENTIATED SERVICES SCHEMES

. . ) ) . In this section, we present models for TCP throughput in
The differentiated services architecture consists Ofma”yCOH"diﬁ-serv network and illustrate the difference between the

ponents. Among those components, the dropping policy assQgiieved throughput of a TCP flow and its contract rate quan-
ated with the marker has animportant role in providing d'ﬁere[ﬁttatively. The models are developed for two-drop precedence
levels of service. Current architecture allows the definition of;,4 three-drop precedence policies. We assume that packets are
many different PHBs that can provide different levels of servicg., ,ned randomly rather than in bursts since the packets are ran-
[1]. We study the assured forwarding PHB [3], [5], [2] which foyqmy hicked to be discarded in RED routers when the average
cuses on differentiation of provided bandwidth. In this sectiog e e Jength of the router is less than a certain threshold. TCP
we describe two and three drop precedence policies. models for regular networks have considered bursty losses [7]
and random losses [12]. Our assumption of random losses may
not hold in all the situations in a diff-serv network. The implica-
Two-drop precedence policy was originally proposed in [5] a#ons of this assumption are discussed in Section V. We define
RIO. In a RIO network, the edge devices of the network monit¢ouT) packet loss probability;,, (po.:) as the ratio ofn (ouT)
and mark incoming packets of either individual or aggregatezckets dropped by the numberinf(ouT) packets sent. Our
flows. A packet of a flow is marked\ if the temporal sending models are based on the (ouT) packet loss rates observed by
rate at the arrival time of the packet is within the contract profiliadividual flows.
of the flow. Otherwise, the packet is markedT. The temporal
sending rate of a flow is measured usifigne Sliding Window A. Packet Marking with TSW Rate Estimator
(TSW)[5] or atoken bucketontroller. In this paper, the TSW  |n this section, we discuss packet marking with the TSW rate
packet marker is studied. estimator. Fig. 2 shows the TSW algorithm proposed in [5]. It
The core routers in the network maintain a virtual queueNor js shown that the TSW marker remembers the history of the
packets and a physical queue for bntlandouT packets. When pastwin_len interval and smooths out the TCP’s burstiness.
the network is congested, the routers begin droppingthe in_len is recommended to be of the order of an RTT in
packets first. If the congestion persists even after discarding @|. A marker marks a packen when thisavg_rate is less
the incomingouT packets, then packets are dropped. With thisthan the contract rate. When theg_rate is greater than

dropping policy, the network gives preference to th@ackets the contract rate, a packet is markedwith the probability,
and provides different levels of service to users based on theiftract_rate/avg_rate. The rest are markeouT.

A. Two-Drop Precedence

service contracts. It is typically known that a TCP source sends packets in a
burst within an RTT interval. More precisely, a TCP source
B. Three-Drop Precedence sends packets until the total number of unacknowledged packets

Three-drop precedence policy was proposed as an extendforind! (congestion window) and waits for ACK arrival. The
of two-drop precedence in [17], [18]. In a three-drop precedent&P receiver sends an ACK for every one or two packets re-
network, the edge devices mark a packet as omeesf yellow ceived, and the TCP sender uses this ACK-clocking to send new
or red depending on the sending rate and the reservation rate#gta packets. Consequently, a TCP flow’s sending rate averaged
each color. Generally, it is recommended that the reservatireach RTT interval igwnd x pkt_size/RTT. Here we define
rate foryellowis set to be greater than or equal to the reservégservation windowrwnd or R) as
tion rate forgreen If the current sending rate is less than the contract_rate
reservation rate fogreen the packet is marked ageen If the T T okt.size x RTT. @)
sending rate is greater than the reservationgieenbut less b=t
than the reservation forellow, the packet is marked gellow With rwnd, we can see that the ideal packet marking behavior
Otherwise, the packet is marked rasl. The core routers pro- @s one of the following two cases:

vide differentiation by dropping thed packgts first, thgellow 1In real TCP, window size is in unit of bytes, but we use unit of packets for
packets second and then tireenpackets. Itis expected that thesimplicity.
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20 ' — ! ) is less thamwnd. 2) A packet is markedh with the probability
8L — g"d‘? okt : ~ A4 rwnd/cwnd, and the rest are markeduT when cwnd is
6 IN pkt ‘ greater thamwnd.
L 14r . AEIHg e {+1---1  B. Modeling for Two-Drop Precedence
%12 ' g In a steady state, a flow going through a differentiated
& services network can experience different levels of congestion
§‘° ‘ ' (”H UL, | based on its contract rate and the network dynamics. A flow
g 8 IR |t Wl TR R that experiences na packet drops,, = 0) is said to observe
z 6 anundersubscribed patt\ flow that does not transmit argut
. packets either because evenyT packet is droppedp(.; = 1)
4 et : : or because the sending rate is less than the contract profile is
2 said to observe anversubscribed pathThese classifications
let us analyze simpler network conditions, which in turn are
% ™ o4 %6 o8 30 used to develop the general model. We develop separate models
Simulation time (second) for these two situations and combine these two to model a
general situation where a flow may experience a nonzero drop
Fig. 3. IN/ouT packet distribution. rate for IN and ouT packets. It is to be noted that a single
network may be classified differently by the nature of packet
1) Whencwnd < rwnd: every packet is marked. drops exp_erienced by individual fI_ows. Different routers may
2) Whenewnd > rwnd: a packet is markedn with the observe different Ievel_s of congestion and may_dmpn(_jou_T
probabilityrwnd/cwnd, and the rest are markewr. packets at the same time. The general model is applied in such

It is not feasible, however, to measure RTT accurately. It fSituation. _
also not feasible to synchronize measuring intervals to packetVhile we develop the models, we consider the average
sending intervals in a TCP source. To observe practical pack@¢nd-trip time (RTT) and the average packet size of a flow.
marking behavior, we present Fig. 3 observed from a simuld/é a@ssume that there are no ACK drops in the network and
tion using ns-2 [20]. This figure shows packet marking of that \_/vmdow sizeis not_I|m|ted b_y the advgrtlsed w!ndow of the
TCP flow: The contract rate is 0.5 Mb/s; packet size is 1 Kg€ceiver. Our model relies heavily on earlier work in [7].
average RTT (including queueing delay) is 140 mspacket 1) A Flow Through an Undersub_scrlbed PathVe assume
drop rate is zero anduT packet drop rate is 0.027; averagéhat a flow through an undersubscribed path does no_t obs_erve
achieved throughput is 0.69 Mb/s. The employed marker i?8Y'N packet drops. The steady state TCP throughput is defined
general TSW packet marker with fixedin_len (= 1 second). @S
Here note thatwnd = 0.5 Mb/s* 140 ms/1 KB= 8.75 packets.
Fig. 3 shows packet distribution over time. Simulation time
is divided by the average RTT interval (140 ms), and we count
the number ofin/oUT packets sent in each interval. Each bawherek is the packet size. It is noted th&tstrictly means the
represents the total number of packets sent. @laek portion sending rate rather than the throughput. We assume that impact
indicates the number ol packets, and thevhite portion in- of packet loss on throughput is negligible. It has been similarly
dicates the number afuT packet® Here note that each in- assumed in [7].
terval may not be exactly synchronized to the individual RTT We define a “period”’4; as the time between immediately
due to queueing delay variations. This figure shows that the master one packet drop and just before the next packet dvep.
packets sent in an interval where the total number of packessdefined as the number of packets sent in petedin the
sent is less thanwnd are markedN, and that the number of steady state, we can assume that the number of packetsVsent,
OuUT packets increases as the total number of packets increagggach period is the same. Similar assumption has been made
From the above observations, we confirm that the practidak modeling TCP throughput in [7], [8], [12], [13]. Then, we
packet marking behavior is approximately the same as the ideah express the throughput as
behavior for this scenario. Practical marking behavior will
sometimes differ from this ideal behavior. However, additional E[N] x k
simulations later in this paper, using TSW packet marking, give B= w (3)
further evidence that the packet marking of TSW is a viable
approximation of this ideal behavior. In the rest of this papet, gerive N; and A;, we definelV; as the window size at the
for deriving the TCP models, we assume the ideal marking,q of periodd; and X; as the number of rounds in perict]
behavior: 1) Every packet in@vnd is markedN whencwnd 55 shown in Fig. 4. To model delayed-ACKs, we assumedhat
packets are acknowledged by one ACK as in [7]. Then, we have

__ Total number of packets sertk
B Total transmission time

)

2In Fig. 3, theblackportion is shown in bottom, and thehiteportion is shown
on top. This is only for visual comparison of numbemafouT packets and does W, = Wi 1 X;
not mean that packets are markedirst. T = 2 7

4)
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Fig. 4. Packet sent in each period.

since the window is increased by one evémpunds. Now,V;
is expressed by

Xi/d—1
W;_ )
v- Y (Btei)avn ©
=0
XWX (X
_{ o +2d<d 1)}d+/3z ©)
_Xz Wz—l
-2 ( =, 1>+/3z ™)

where 3; is the number of packets sent in the last round. We
define Noyui (i) and Ny, ;) as the number of packets sent marked
ouT andIN in each period, respectively. Then, the mearivpf

is given by

E[N] = E[Now] + E[Nan]. ®

If pout IS the probability that amuT packet is dropped, then the

probability thatith ouT packet is dropped is given as

P[Nout = Z] = (1 - pout)i_lpout- (9)
Then, the mean o, is
E[Nout] = Z L(]- _pout)i_lpout = p_ (10)
i=1 out,

To deriveE[N;,], we consider two scenarios shown in Fig. 5. In
Fig. 5(a),R > W/2 and as a result of anuT packet drop, the
sending rate has fallen below the reservation rate. In Fig. 5(b)y\yhen r > B
R < W/2 and even after aouTt packet drop, the sending rate

remains above the contract rate. Théf, ;) is given by

X, /d—1

Nigy = min { Wiy } d (11)
=0
X,R if R< W,_1/2
(w;/d—W;+R—1)
Wi )
_ > ( oy j) d (12)
=0
+dR(W; — R) otherwise.
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Fig. 5. Reservation and congestion windows.Ray W/2. (b) R < W/2.

After algebraic manipulations, we have

dr (w, - Wit if R<W;_;/2
2
R
Ningiy = 4 d§ BW; = S (R+1) (13)
_ W;’l (Wi_y — 2)} otherwise.

From (7) and (8), we have
E[N] = E[Nout] + E[Nin] + E[J]

[2X] < [2 ] + E[W] - 1) +E[B.  (14)

WhenR < E[W]/2, from (10) and (13), we have

1 [W]d

E[N] =+ R+ E[f)
out
_ E[Zv]d < [2W] + E[W] - 1) +E[B. (15)
From (15), it follows that
2R+1 4 |R? 3 1
EWl=——+3\7 + ot T 16 T 3 5 (16)

For small values op,,; and large values aoR, it is observed

o4
2R+, [4R? + y
E[W] ~ Pout

that

3 an
W]/2, we also have
e i
R (E e - 1) 200 ae)
From (18), it follows that
E[W] =R+ % + dpim + % . (19)
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For small values op,.; and large values oR, it is observed To model exponential backoff in time-out, we manipulate

that E[Tro] in (23). Exponential backoff is a scheme to avoid
5 serious congestion by doubling waiting time for retransmission
EW]~ R+ /d . (20) Wwhen consecutive packet losses occur. The waiting time for
‘Pout

retransmission is doubled until six consecutive packet losses.
Now, we conside[A] in (3). From Fig. 4,£[A] is given by 1hUS:Zro is given by

E[W]d _ 2T, foro<i<e
EMh4mm+DMﬁ:<J?L+QRTD (21) ﬂo—{m%’m”>6 (25)

We assume thag; is uniformly distributed between 1 &&; Wherely is the time taken to detect the first time-out, dngithe

and thatX; andW; are i.i.d. random variables as in [7]. Theumber of consecutive packet losses. The probability of more
we haveE[3] = E[X] = E[W]/2. Thus, from (3), (7) and (21) than six consecutive packet losses is very low, and we ignore it

the throughput of a TCP flow is expressed as follows, for simplicity. Then, the mean dfro is
3d 2—d 6
< EW]+ —— | E[W]k > (2pout)’
B = 8 dE W 4 (22) E[T ] _ =0 i (1 - (2p0ut)7)(1 - pOUt) T
< W] +1> RTT o S O ) —ph)
2 Zpout
=0

where E[W] is given by (16) and (19). (26)
Now, we extend this to include time-outs. When a packet loss
is detected by a time-out, the sender does not send packets ungy A Flow Through an Oversubscribed Pati flow
the time-out. Thus, to consider time-outs, (3) is extended to {hrough an oversubscribed path obserrepacket losses as
3d 9_ 4 well. There are two possible situations: 1) Every packet is
{(;E[W] + T) LE[W] +PTOE[NTO]} k marked asN when the sending rate is less than the contract
B = profile (W; < R). 2) Whenever a packet is marked @sT,

<dE[W] + 1) RTT + ProE[Tro] . the packet is droppe% = R). In both the situationsput
2 packets are not transmitted. Thus, the total number of packets

(23) ; ; o
. .sent in each periody;, is given b
Here, Pro andTpo represent the probability that packet loss is P g y
detected by a time-out and the time duration taken for detecting N = N, 27)
. _ . . . i — 4¥in(q)-
atime-out, respectivelWro is the number of packets sentin a
time-out period and is typically one or two. Here note that we ignore or@uT packet sent whelV; = R.

From[11], time-outin TCP-Reno occurs 1) when two packeffhen B[V, ] is calculated in a similar way in (10) as following
are dropped and the congestion window is less than ten packets,

or 2) when three or more packets are dropped within a window ) 1 3d _, d

and the number of packets between the first and the second E[Nin] = min {:’ R ZR} +EpL. (28)
packet drops is less th@&nt+ 31W/4. In this paper, we will make

the simplifying assumption that three or more packet drops réhen, from (14), (28) and (27) we have

sult in a time-out. The probability that there are three packet

drops and the number of packets between the first and the second E[N] = E[Nu]

packet drops is greater tha@nt 31//4 is very low. Then,Pro _ 3d E2TW d EW + E8
is the probability that three or more packets are dropped when 8 Wi+ 4 Wi+ £l
there is at least one packet drop. Thilso is expressed as is . 1 3d , d
; = —, = - E[B 2
shown in (24), at the bottom of the page. T Din 8 "+ 4R +E[f] (29)
ol is g i i 1 8 1

8In [7], E[Nto] is given byl/(1 — p) wherep is the drop probability. I — mi - _ =

is less than O.EE[J\TTO] is in between 1 and 2. Refer [7] for detail. E[W] = min < 9 + 3dpm 3’ R) ) (30)

1-(1- pout)E[WFR — (E[W] = RB)pour(1 — pout)E[wq_R_l
1- (1 - pout)E[VV}_R

Pro =

(E[W] - R)(E[W] —R- 1) p2 t(l _pmlt)E[w’}_R_Q

3 2
1- (1 - pout)E[VV}_R ' (24)
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Applying (30) to (23), we can model TCP throughput in an oveof IN packets sent in andl,, respectively. From the definition

subscribed path whe®ro and E[Iro] are given by of p,
1= (0 )0 B (1~ ) i = LB £ Qo BING) (37)
o 1= (1= pin) P07 (V]
B From (36) and (37), and using[Nout| = 1/pout, E[N] is ex-
E[W](E2[W] D P2 (1 — pip)FWI=2 pressed by
- - (31)
— (1 _ p \EW] ,
. 1 (1 pm) E[N] — 1 QZ) E[Nout] (38)
1-(2 in 1- in Tam
Biryo) = &m0 = P) (32 _ I
3) Combined Model:In this section, we combine the models\ow  is
for the undersubscribed and the oversubscribed paths so thatour =
model can fit the general situation. o= QuE[N]+ Qo E[Ng] o (40)
To combine the two models, we extend the definition of a " Q.E[N:] o
period as follows: 1) Undersubscribed peridd, is defined E[N] — QuE[Noui]
as a period ended by avuT packet drop, and leB,, be the = E[N] = Qu(E[Now] + E[NI]) P (41)
throughput achieved iai, andp/ , be the probability of an PmPin "
ouT packet loss in such a period. 2) Oversubscribed pedipd —1_ Pout(L — P )(E[Now] + E[NL])” (42)

is defined as a period ended by manpacket drop, and leB, _

be the throughput achieved i, andp), be the probability Here, note that(E[Nouw] + E[Ng]) is the total number
of anIN packet loss in such a period. We assume thaand ©Of packets sent in ami,,. We can reasonably assume that
ouT packet losses are random and not correlated to each otde- £[W]/2 since bothn andouT packets are dropped [as in

Then, average throughpu® in steady state is Fig. 5(a)]. Therefore, from (18) and (20} [Nowt] + E[N3])
is calculated as follows:
— ! ! ,
B= QuBu(pout) + QoBo(pm) (33) E[Nout] + E[Nllfl]
2
where@,, andQ, are the probabilities that,, and A, occur, _3d <R+ [ 2 ) " 2-d <R—|— 2 )
respectively, and?,, + Q, = 1. From the definition of4,, and 8 Apous 4 dPout
A,, Q, is the ratio of the number afuT packet losses and the 3d _, R 3d
total number of losses, ar@, is the ratio of the number ok =g &+ <3d P d+ 2) i Do
packet losses and the total number of losses.
2—d 2 (43)
Q' _ (1 - prn,)pout (34) 4 Dout
* (1= pm)Pout + PmPin Note thatF[3] in (18) is given byl /2FE[W]. Applying (42) to
DmPin the model for an oversubscribed path, we can finally compute
Qo = (35) (33)
(1 - prn)pout + PmPin :

4) Simulations: In this section, we validate our models
wherep,, is the probability that a packet is marked Since through simulations. First, we use a simple network topology
we assume that there is poT packet transmitted ift,, p . iS which has one bottleneck link so that we can understand the
equal top.,;. This assumption may not hold when the networkesults of the models intuitively. Then, we use complex topolo-
changes quickly, and we can have botlandouT packet drops gies to show that the models are accurate under various network
in a period. However, if a network is stabilized and queue lengtionditions. We also compare the results with the simple model
in RIO routers does not change quicktyT packet should be based on (17) and (20) instead of (16) and (19). The simple
discarded first, and the assumption may be protected. Then,wedels are useful to observe and explain throughput of a TCP
can directly use (23) foB,, in (33). flow intuitively.

pl, is not equal tg;, sincep!  is theiN packet loss rate from  In the simulations, we use Network Simulator version 2
IN packets sent id, while p;, is theIN packet loss rate from (ns-2) [20]. Our diff-serv implementation is validated in
packets sent in botl, andA,,. For calculatingy,, we divide [14], [15]. TCP-Reno sources are used as senders. Re-
packets into three groupsuT packets sent i, IN packets ceivers do not employ delayed-ACKl = 1) for simplicity.
sentinA4,, andiN packets sentini,. Note that nauT packets For droppers, we use RIO presented in [5] with parame-
are sent ind,. Then, we have ters (minTh/maxTh/pmax)20/40/0.5 for ouT packets and

40/80/0.02 for IN packets. We use the general TSW marker

E[N] = Qu(E[Nouwt] + E[NL]D + Q. E[N2]  (36) with a one-second window. It is to be noted that the analytical
models assumed an ideal marker. We ran each simulation for

whereN,,, VY and N, are the number aduT packets sentin five minutes and collected statistics after one minute in order to
an A,,, the number ofN packets sentin ad,,, and the number avoid data from transient state. One minute would be enough
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the model for an undersubscribed path estimates the individual
throughput achieved by both and ouT packets quite accu-
rately. It is observed that the estimation of the simple model
is little higher than the simulations and the estimations of
the complete model. With 15-Mb/s link capacity, we applied
the combined model since there are bothand ouT packet
drops. It is shown that the combined model can estimate TCP
throughput in a simple network topology very accurately.

Fig. 8 shows the relative error between the estimations and
the simulations presented in Fig. 7. We here define the relative
error as|simulation-estimation|/simulation. There are 200
samples from four simulations. It is observed that the relative
errors of 93% of the samples are less than 10%, and that the
maximum error is less than 25%. From Figs. 7 and 8, we con-

GOEIIIIITES

®

© ®
®

Fig. 6. Simple network topology. firm that the models are very accurate in a single bottleneck link
network.

TABLE | To observe TCP throughput with cross traffic, we conducted a
LOSSRATES OF INOUT PACKET simulation with a network topology as shown in Fig. 9(a). In this

experiment, link delay and capacity of each link are setto 10 ms

Bottleneck 30 Mbps 20 Mbps | 15 Mbps and 30 Mb, respectively. The contract rates of 30 TCP flows are
11;:: rate "3" 0{’5&‘;5 "8" 0'.’30(‘)‘;6 0;3‘89 ""1"‘ randomly picked from 0 to 1 Mb/s, and the total contract rates
Min 0 (00366 | 0 | 01543 i} 0.8071 add up to 15 Mb/s. At each switch, cross traffic consists of five
Mean 0 [ 00485 | 0 | 0.2262 | 0.0045 | 0.9485 exponential on/off sources with different on/off periods. The av-

erage sending rate of each source is 2 Mb/s, and thus the sending
rate of the cross traffic at each switch is 10 Mb/s. Each cross
for a flow to reach steady state since the RTT of a flow is set {faffic stream is injected intd?; and leaves af; +1. Fig. 9(b)
less than one second in every simulation. shows the results. This simulation shows that our model can be

At first, we ran four simulations with a simple networkysed to estimate throughput of a flow going through multiple
topology shown in Fig. 6. In each simulation, we set the bofinks.

experienced different subscription levels. The total contraghq 5 split topology shown in Figs. 10(a) and 11(a). In the

rate of the flows is 25 Mb/s in each simulation. We set thgerged topology, flows are merged three times, and it is ex-
bottleneck bandwidth to 40, 30, 20, and 15 Mb/Bhe contract pected that flows will experience different levels of congestion.

rate of an individual flow is randomly picked from 0 to 1 Mb/sy the split topology, flows 1 to 10 and 11 to 20 reas

The loss rates al/ouT packets in each simulation are preayng 5, respectively, througtil and B3, and flows 21 to 30
sented in Table I. “Max” and "Min” rows show the maximumand 31 to 40 reac®4 and R5 throughR2 and R3. Different
and minimum loss rates among the 50 flows, respectivelyapacity and delay characteristics are assigned to each link.
“Mean” shows the average loss rate of the 50 flows. Itis clearijhe |ink capacity and the delay of each link are shown in the
observed that all the flows observe an undersubscribed pathigires. The contract rate of each flow is set to 1 Mb/s in both
the simulations with 30 and 20-Mb/s link bandwidth. It is to bene simulations. Figs. 10(b) and 11(b) show the results. In these
noted that even when the total contract rate of 25 Mb/s exceeg$ylations, bothn andouT packets are dropped. Hence, we
the link bandwidth of 20 Mb/s, the packet losses indicate thgpp|y the combined model. It is shown again that the model

we should apply the undersubscribed model in this situatiogaeps track of the different achieved rates under different RTTs
Theout packet loss rates vary over a wide range from 1.49%, djfferent link capacities.

to 30.56%. In the simulation with 15-Mb/s bottleneck link, a The simulations presented in this section show that 1) The
feyv IN packets are dropped, and someT packets are trans- models based on (16), (19), and (33) are quite accurate in
mitted. estimating individual TCP throughputs in diff-serv networks.
Fig. 7 compares the throughput observed in simulations Wiﬂj The simple models based on (17) and (20) are also accu-
the estimated throughput from our models. In the figures, t"r‘&tely estimating TCP throughput. 3) The models work in
square and the star indicate the simulated throughput and fitiple-link networks, merged and split network topologies
estimated throughput, respectively ™is the estimation using yith different levels of congestion. In the rest of this paper, we
the simple models. The dashed line shawhicved rate = yge the simple models instead of the original models since the

CO?W’@_Ct rate. ) _ simple models are easy to understand and give intuitive insight
In Fig. 7(b), we applied the undersubscribed model evepTcp throughput in diff-serv networks.

though the bottleneck bandwidth is less than the total contracts) Throughput Analysisin this section, we discuss the ex-
rate since nan packet-drops were observed. It is clear thaless handwidtiB, which is defined as the difference between

4In this paper, we present the results with 30, 20, and 15-Mb/s links duert%al'zed throughput and "FS contract rate. !n this discussion, we
space limitation. Please refer our longer tech. report [16]. focus on the flows observing undersubscribed paths and use the
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25

simple models based on (17) and (20). The contract rate is ex-
pressed byk x R/RTT) from (1). Then, the excess bandwidth
is

ny
[=]
!

k 2 .
_ - — >/
ARTT <3 R) |f R = 2/p0ut

Pout

k i 6 .
RTT < R? + ﬁ — R) otherwise.
(44)

If B. of a flow is positive, that means the flow obtains more
than its contract rate. Otherwise, it does not reach its contract
rate. We present Fig. 12 to illustrate the following observations.

From (44) and Fig. 12, we can observe that:

1) When a flow reserves relatively higher bandwidih ¥
0.1 035 ) 005 V2/Pout), Be IS decr_ea_sed as the reservation rate is in-
Relative error creased. Moreover, iR is greater tharB/2/p.u (See

line C in Fig. 12), the flow cannot reach its reservation

Fig. 8. Relative error between simulation and estimation. rate.

Number of samples
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2) When a flow reserves relatively lower bandwidfi & 0.8" . : R
V/2/Pout, S€€ line B in Fig. 12), it always realizes at leas ' ' \

its reservation rate. As it reserves less bandwidth, it ol 97 10 20 30 20 50
tains more excess bandwidth. These observations cor. _ Flow
spond to the simulated results in [2], [14]. TCP’s multi- (b)
plicative decrease of sending rate after observing a packet
drop results in a higher loss of bandwidth for flows withrig. 10.  Simulation with merged network topology. (a) Simulation topology.
higher reservations. This explains the observed behavi, Tmoughputs.

3) The above equation also shows that as the probability of

ouT packet drop decreases, the flows with smaller reser- 7) Equation (44) clearly shows that excess bandwidth cannot
vation benefit more than the flows with larger reserva-  be equally shared by flows with different reservations (a
tions. This again validates the difficulty in providing ser- goal of recent simulation studies [2], [4], [14]) without
vice differentiation between flows of different reserva- any enhancements to basic RIO scheme or to TCP's con-
tions observed in [2], [14] when there is plenty of excess gestion avoidance mechanism.

bandwidth in the network.

4) The realized bandwidth is observed to be inversely relat
to the RTT of the flow.

5) For best-effort flows,R = 0. Hence, B. (= In this section, we extend the models to the three-drop prece-
k+\/6/pout/2RTT, see line D in Fig. 12) gives thedence policy. In a three-drop precedence network, there may
bandwidth likely to be realized by flows with no reserbe three possible subscription levels: 1) ordgl packets are
vation. dropped [Fig. 13(a)]; 2) evemed packet is dropped, and some

6) Comparing the above best-effort bandwidth and whexi yellow[Fig. 13(b)] packets are dropped; and 3) evegand
R > \/2/pout, We realize that the reservation rates largarellow packet is dropped, and sorgeeenpackets are dropped
than 3.5 times the best-effort bandwidth cannot be met]Fig. 13(c)]. To develop the models, we defingi.. and Reoior

E‘.j Modeling for Three-Drop Precedence
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1) Whenp, > 0 andp,, p; = 0.

This case is the same as the undersubscribed model of

two-drop precedence. fed packet is treated as ayuT
packet and botlellowandgreenpackets are treated as an
IN packets. Therefore, we can directly use (16), (19), (23)
and (24) replacing..; and£ to p, andR,,, respectively.

2)

Whenp, = 1,1 > p, > 0andp, = 0.
This case is oversubscribed fggllowpackets and un-

dersubscribed fogreenpackets. Ared packet is treated

as anouT packet, and greenpacket is treated as an
packet. Ayellow packet is considered an packet com-
pared to ared packet and considered as anT packet
compared to greenpacket. Therefore, we combine the
undersubscribed model and the oversubscribed model. As
the undersubscribed model, we have

E[W]

2

dpy

2 6 :
3 <Rg +/R2+ iny ) otherwise.
(45)

R, + if R, > E[W]/2
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As the oversubscribed modél;; is limited by R,,. Thus,

we also have
EW] < R,. (46)

Therefore, finally,E[W] is expressed by
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Fig. 12. Observations from the model.

marked as thatolor(r, v, g), respectively.

min {Rg +
EW]

2
~ R
dpy y}
if R, > >

. [2 / 6
mln{g <Rg+ Rg—i—%) , Ry}

\ otherwise.
Wi (a7)

Now, with (47), we can use (23) and (24) after replacing
Pout ANA R 10 p, and Rgreen-
3) Whenp,., p, = 1, andp, > 0.

This case is the same as the case in which egeny

packet is dropped in the two-drop precedence. So, (30)
and (31) are applied by changipg, and R into p, and
R,, respectively.

1) Simulations: The models derived in the previous section
have been extended directly from our two-drop precedence
as the drop probability and the reservation window of packatsodel. It has been already shown that the model can estimate
individual TCP throughput in diff-serv network environment
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TABLE I guishing individual flows, an arriving packet is markedwith
LOSSRATES OF green/yellow/red PACKET the probability(contract_rate/aggregated_sending_rate).5
Here we define,,,, the probability of a packet marked as

Bottleneck 40 Mbps 20 Mbps 10 Mbps

Loss rate Pg.Py Pr Pg Py Pr Py Py contract_rate

Max 0 0.096 | 0 | 0.140 i 0.016 1 P = - - —. (48)

Min o ] 0050 | 0 | 0.087 [ 0937 | 0 10015 aggregated_sending rate

M 0 10074 | 0 | 0.119 | 0.964 | 0.006 | 0.958 . . .
=2 In the steady statay,,, is approximately equal for all the indi-

vidual flows. A flow sending more packets then gets mare
through a number of simulations. In this section, we Shog;\ckets, and consequently, the contract rate consumed by indi-

that the models can be extended to estimate TCP through?ﬁ“aI flows is roughly proportional to their sending ratesle

when droppers employ three-drop precedence through a sim this marking behavigoroportional marking It is noted that
network topology. is proportional marking behavior is a direct result of not main-

In the simulations, we used the same topology presenteot'?\j{]m,g any flow state, ar\d not dgpendent on the actual marking
Fig. 6 except three-drop precedence is employed with paran%gor'thm' _In _the following section, We propose a throug_hput
ters 20,/40/0.5 for the red packets40/60/0.1 for the yellow model for individual TCP fI(_)WS sharlng a contract rate Wlth a
packets an@0/80,/0.02 for the greenpackets. Three simula- geﬁ‘era' TSW mark_er (s_howmg proportional marking behawo_r),
tions with different bottleneck bandwidths (40, 20, and 10 Mb)gh'Ch does not .malntaln per-flow state nor employ any sophis-
each) were conducted to reflect the three situations descriﬁ@‘?ted mechanism for aggregated flows.
in the previous section. In each simulation, the contract rate flg.r
yellow of each flow is randomly picked from O to 1 Mb/s, and ) ) ) L
the contract rate fogreenis set to a half of the contract rate for I this section, we develop a simple model for an individual
yellow of that flow to follow [17] which recommends that theflow in an aggregation in a two-drop precedence network. In the
contract rate fogreenshould be set less than the contract raf@0del, we assume that all the packets of aggregated flows are
for yellow. The total reservation rate fgellowis set to 25 Mb/s, Of the same sizek, a receiver does not employ delayed-ACK
and the total reservation rate fgreenis set to 12.5 Mb/s. Each (¢ = 1) and the network is not oversubscribed. We defines
simulation ran for five minutes, and we collected statistics in tHB€ reservation rate which is contracted for the aggregation and

Modeling for Throughput of Aggregated Flows

last four minutes. r; as the marking rate achieved by thie individual flow.
Table Il shows the loss rate gfcen/yellow/red packets in n

each simulation. N/A fop..1.. in the table means that no packet T4 = Z 5 (49)

is marked as thatolor at all. The table shows that the sim- i=1

ulations reflect the three different cases effectively. Individug|nheres is the number of flows.
throughputs from the simulations and the models are presenteg, simplicity, we consider that there is no time-out and

in Fig. 14. From Fig. 14(a), it is shown that the simple model fQg qreater than /2] pows. Then, from (1) and the simple model

an undersubscribed path can estimate the throughput accuratggented in (20) and (22), the throughput ofithellow is given
in a three-drop precedence network. Fig. 14(b) and (c) also shgy)/

that our models for an oversubscribed path can be applied in‘a

three-drop precedence network. B — 3k RTT; et 2\ _ §T‘ n 3k 2
"TARTT; \ kO i 47" T 4ARTT; V ps
IV. THROUGHPUTMODEL FORAGGREGATEDFLOWS (50)

The diff-serv architecture is being proposed for aggregajgherep; is theouT packet drop probability of thah flow. Then,
reservation. So far, our models have assumed that individéglgregated throughpi 4 is

flows can reserve bandwidth. In this section, we develop a

throughput model for an individual flow within an aggregated < o - 3 3k 2
reservation. Ba = ; Bi = ; Fik 4RTT;  ps (51)
: 3 3k~ 1 2
A. Packet Marking of Aggregated Flows =+ = Z —— .= (52)
In Section IlI-A, we have described packet marking behavior i=1

of an .individual TCP.ﬂOW With.the TSW rate estimator. We When a marker exhibits proportiona| marking'is rough|y
now discuss the marking beha\_/lor when the same marker majilkgarly proportional taB;.
TCP packets from an aggregation. Fig. 15 shows the conceptual
model which we look at in this section. The figure shows Ti = pm - Bi (53)
individual flows bemg marked by a Smgle aggregate marker. . SWhen the aggregated sending rate is less than the contract rate, every packet
When several TCP flows are aggregated, the impact of an ifimarkedn.
dividual TCP sawtooth behavior is reduced, and the aggregatetthis behavior is different from the marking of individual flows in Section Ill.
sending rate is stabilized (even though there still exist some varjihe marking of individual flows, the contract rate for an individual flow is
. . . . . fixed. In the marking of aggregated flows, however, the contract rate consumed
ations) as illustrated in Fig. 15. If the marker does neither mai

: e e bV an individual flow is not fixed even though the aggregated contract rate is
tain per-flow state nor employ other specific methods for distitiixed.
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wherep,,, gives the probability that a flow’s packet is markedubstitutingp,,, with (56) and after some manipulations, we
IN. Then, (50) is rewritten by

30m 3k
Bi = 4 4RTT;
B 3k
~ 4RTT; — 3p,,RTT;

2

Di
[2
pi'

From (53),74 = p,. - Ba and therefore

7’4

(54)

(55)

Pm =5 =

Ba '
_”JF_ZRTT \/7

(56)

have
m; 3ra 3k
B, = 240
i Py 4 4 m; (57)

>

j=1
wherem; is given by

1 2
"R g 8)

Equation (57) relates the realized bandwidth of an individual
flow to the aggregate reservatiop and the network conditions
(RTT; andp;) observed by various flows within the aggregation.
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To confirm the assumption that,, is the same for all the
flows within an aggregation, we present Fig. 17. The solid lines
50 Mops 20/30 Mbps represenp,, of aggregations in both simulations, which is the
contract rate divided by average aggregated sending rate. The
square and the circle shqwy, of individual flows, which is mea-
sured by the number afi packets divided by the number iof
andouT packets sent by that flow. It is observed that mea-
sured in simulation with 20 Mb/s is higher thap, measured
with 30 Mb/s since moreuT packets were sent in the simula-
tion with 30 Mb/s while the number ofl packets remained the
. same. It is clearly shown that individugl,, is approximately

From (52),B. (the excess bandwidth) of aggregated flows I(‘g'qual to aggregateql,,, and we confirm that individual flows
calculated as follows, L .

within an aggregation have roughly the sapme
B. = %m +B, — 74 =B, — %m (59) Fig. 18(a) shows the simulated and estimated throughputs
with 20-Mb/s link. We also present relative errors in Fig. 18(b).
whereB, = (3k/4) > (1/RTT;)\/2/p;, and it is approxi- It is clearly shown that the model can estimate the individual
mately the throughput which the aggregated flows can achie¥eoughput of aggregated flows very accurately (maximum error
with zero contract rater(y = 0). Based on the above analysisis less than 25%). It is observed that the estimated throughputs
the following observations can be made: are slightly higher than the simulation results.

1) The total throughput realized by an aggregation is im- We present another simulation to show how the model works

pacted by the contract rate. Larger the contract rate, tiiea complicated network topology. Fig. 19 shows the network

smaller the excess bandwidth claimed by the aggregatitipology used in the simulations. There are five markers and
[referring to (59)]. aggregated sources, each aggregated source consists of ten indi-

2) When the contract rate is larger than 4 tinigs the real- vidual sources. Bandwidth of every link except the link between
ized throughput is smaller than the contract rate [referririe two routers is 10 Mb/s, and bandwidth of the link between
to (59)]. two routers is limited to 8 Mb/s. With this topology, we con-

3) The realized throughput of a flow is impacted by the othglucted two simulations. In the first simulation, each aggregated
flows in the aggregation (as a result of the impacpgy)  source reserves 1 Mb/s. We assign RTRTT of theith indi-
when proportional marking is employed [referring to (56yidual source in thgth aggregated source excluding queueing
and (57)]. delay as

C. Simulations RTT; = 13044 x (i —1) x (j = 5.5) (ms).  (60)

@
©,
©,
°
°
°
°
°
°
°
@

@®

Fig. 16. Aggregated network topology with different RTTs.

In this section, we present simulations to validate the modghis results in five aggregated sources with varying differences
for aggregated flows. To observe behaviors of individual flow§, RTTs. For example, the aggregated source 1 has a (min RTT,
within a large aggregation, we conducted two simulations witfgx RTT)= (130 ms, 130 ms) compared to that of the aggre-
an aggregation of 50 individual flows. The simulation topologyated source 5 with (58 ms, 202 ms). In the second simulation,

is shown in Fig. 16. The aggregate reservation rate is 10 Mbjge RTT distribution of each aggregation is the same as each
and the bottleneck capacity is set to 20 or 30 Mb/s so that thgher and given by

bottleneck is not oversubscribed. The RTT without queueing ‘
delay of each flow is randomly picked from 50 to 160 ms. RTT; = 130 + 16 x (¢ — 5.5) (ms) (61)
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Fig. 18. Simulations with aggregated flows with different RTTs. (a) Bottle neck#r#0 Mb/s. (b) Relative error for aggregated model.
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Fig. 20 shows the results. Fig. 20(a) shows the results of the
first simulation with different RTTs and Fig. 20(b) shows thé&ig. 20. Dealing with multiple aggregations. (a) Different RTT distributions.
results of the second simulation with different aggregate res&y. Pifferent aggregate reservations.
vations. It is observed that individual flows achieve different ) ) _
bandwidths within an aggregation. These differences incred4B€-0uts. However, operational dynamics help from this be-
with increased differences in the RTTs of the individual flow<OMiNg @ significant source of error since 1) a flow through a
It is shown that the model can estimate the individual througRongested path may not send too many packets, and 2)uT

puts in the network with several aggregated sources. packets are not sent out in a burst. When alldbe& packets are
being dropped, a flow can rarely increase its window to such an

extent that it sends out significant numbepaft packets within

a window. It is possible to enhance the presented model to con-
While developing the models, we assumed that the packsider this correlation to further improve the accuracy.

are dropped randomly. This assumption is valid in undersub-To understand the possible inaccuracy due to correlated

scribed networks since a packet is randomly picked to be digsses, we ran a simulation (with simulation topology in Fig. 6

carded in a router when queue length is less tianth. How- and 17-Mb/s bottleneck link capacity) where the queue length

ever, when the queue length builds w1 packets may be oscillated aroundmax_th_out. The queue length and the

dropped in a burst. This could be a potential source of errhmoughput comparison of the model with simulation are shown

in our models. This will result in an inaccurate estimation af Fig. 21. Even in this situation where packet losses are forced

V. DISCUSSION ANDRELATED WORK
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Fig. 21. Simulation with correlated packet losses. (a) Queue length. (b) Throughputs.
to be correlated, the model is within 20%—30% of the actual VI. CONCLUSION

throughput. Deriving a more accurate model that considers thiﬁn this paper, we have derived throughput models of indi-

co:;latltohn IS part oi_our f”t“_{je work. h for TCP vidual TCP flows in a differentiated services network. Our
er the congestion avoidance scheme for Was Plfihdels estimate throughput in terms of RTT, packet drop

posed n [19], several models of TCP behavior haye been Pi8tes and the reservation rate of a TCP flow. Our models are

posed in [7], [8], [11], [12], [13]. Each model estimates th@q,e|oned for various conditions in a differentiated services

steady state throughput of an individual TCP flow in terms Qfeqyork including two-drop precedence, three-drop precedence

RTT and the probability of a packet-drop. In[12], a performancg,q aggregated marking. We presented a number of simulations

model for a TCP flow was proposed with the assumption thgg yajidate our models. The simulation results show that the

the TCP source avoids retransmission time-outs and has a $ifgels can predict the throughput of individual and aggregated

ficient receiver window. In [13], Floyat al. derived a similar Tcp flows quite accurately in various conditions.

model to the model in [12]. Padhye al. proposed a new TCP  our model makes the following observations: 1) flows with

throughput model in [7], [8]. The model characterizes not onlyrger contract rates are at a relative disadvantage compared to

the behavior of fast retransmission mechanism but also the %VVS with smaller contract rates; 2) throughputg achieved by

fect of TCP’s timeout mechanism. Recently, it has been showsws with larger contract rates may not reach their contract rates

that some simplified assumptions and mathematical simplificue to TCP’s sawtooth behavior; 3) the contract rate shared by

tions of the model in [7] result in errors in estimating individuahggregated flows is consumed unfairly within the aggregation;

flow throughputs [23]. and 4) TCP’s throughput is impacted by RTT even in a diff-serv
A number of studies on quantitative analysis of differentiatetetwork.

services have been recently presented [9], [21], [22]. Bt=.

[22] presented models of packet behavior at a switch as a func-

tion of load within a differentiated services network. In [21],

Dovroliset al.addressed the issues of packet schedulers for dif-The comments and input from the referees and the editor have

ferentiated services. They described the impact of scheduli@iggatly contributed to improvement in the presentation of this

schemes including weighted fair queueing (WFQ) and earPaper.

deadline first (EDF) and proposed new scheduling schemes for

differentiated services. Satat al. [9] characterized packet be- REFERENCES

haVi(?rS (delay and loss) ,Of TCP flows thro_ugh Markov an,al,ySiS' [1] S. Blake, D. Black, M. Carlson, E. Davies, Z. Wang, and W. Weiss,

In this study, a stochastic Markov model is used for deriving &~ «an architecture for differentiated services,” Network Working Group,

model for TCP throughput in a differentiated services network. ~ RFC2475, Dec. 1998. o _ .

Our modiling rovides asimpler and a more intutive character 2 3, bare? and K Neols 1960, ) reiminry smueter

ization of the TCP behavior in differentiated services networks.  recom.fri~Ibanez/draft-Ibanez-diffserv-assured-eval-00.txt

Our model has been recently extended to token-bucket markingg] V. Jacobson, K. Nichols, and K. Poduri, "An expedited forwarding

. . . PHB,” Network Working Group, RFC2598, June 1999.

in [10]. We have extended our model to consider two-window (4]

. A. Basu and Z. Wang, “A comparative study of schemes for differenti-
TCP in [16]. ated services,”, Bell Labs Tech. Rep., Aug. 1998.
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