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Modeling TCP Behavior in a Differentiated
Services Network

Ikjun Yeom and A. L. Narasimha Reddy, Senior Member, IEEE

Abstract—The differentiated services architecture has been pro-
posed for providing different levels of services and has recently re-
ceived wide attention. A packet in a diff-serv domain is classified
into a class of service according to its contract profile and treated
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
diff-serv network. Our models quantitatively characterize TCP
throughput as functions of the contract rate, the packet-drop rate
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.

Index Terms—AF PHB, differentiated service, TCP modeling.

I. INTRODUCTION

T HE differentiated services (DS or diff-serv) architecture
has been recently proposed for providing different levels

of services [1], [3], [5]. To support service differentiation for in-
dividual or aggregated flows, the architecture provides ameter
and amarkerat the edges of the network and adropperwith
various dropping mechanisms in the core of the network. Fig. 1
shows a simple diagram of a differentiated services network. A
meter measures the temporal rate of a flow, and a marker sets
the DS field of a packet of the flow based on its contract rate
(also referred to as reservation rate in this paper) and the cur-
rent sending rate. A dropper discards packets of different flows
according to the DS fields of the packets and the current load
levels at the dropper. The current architecture defines expedited
forwarding (EF) and assured forwarding (AF) per-hop behav-
iors (PHBs) to allow delay and bandwidth differentiation. It is
expected that the diff-serv architecture will be utilized for dif-
ferentiation of aggregated flows.

Several recent studies have shown that it is difficult to guar-
antee requested throughput to individual TCP flows in such
networks [2], [6], [14], [24]. When a TCP flow detects packet
loss, the flow assumes that the packet loss is due to congestion
in the network. A TCP flow tries to avoid this congestion by
halving its transmission rate. This reduced rate may be less than
its reservation rate, and this results in loss of throughput. Ear-
lier simulation results [2], [6], [14] have shown that flows with
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Fig. 1. Differentiated services network.

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
a simple marking and dropping scheme [24]. There is a clear
need to understand the end-to-end performance of a TCP flow
in a diff-serv network that is characterized by PHBs.

Many studies proposed throughput models for TCP flows by
characterizing the behavior of the congestion avoidance schemes
[7], [8], [12], [13]. With these models, we can analyze and pre-
dict TCP throughput in networks when packets are not marked or
treated differently within the network. The objective of this paper
is to propose steady-state throughput models for TCP flows in a
differentiated services network as a function of reservation rates,
packet drop rates and round-trip times. It is expected that such
a model provides an insight into the end-to-end performance of
TCP flows in a diff-serv network. It is also expected that such
a model may lead to improvements/modifications of the basic
PHBs in order to realize end-to-end performance goals. Some of
the questions we expect to answer are: 1) How is the steady-state
TCP throughput related to a flow’s contract rate? 2) How does
the realized bandwidth vary as a function of packet drop rate? 3)
What is the realizable bandwidth for a best-effort flow? 4) What
is the cut-off contract rate below which contracts can be met? and
5)Given a steady-statebandwidthgoal, what contract rate should
a flow request from the network (when these can be different)?

To develop the models, we first characterize the behavior of a
TCP flow in a two-drop precedence network, calledRED In/Out
(RIO) [1], [5]. Then, we extend this model to a network with
three-drop precedences [14], [17], [18]. To complete our study,
we extend the models to aggregated marking schemes.

This paper makes the following significant contributions:
1) We present a simple analytical model for the steady-state
throughput of a TCP flow in a differentiated services network.
2) We present extensive simulations to validate the model in
different scenarios and different network conditions. 3) We de-
rive the throughput of an individual flow within an aggregation
when the aggregated source employs proportional marking.

1063–6692/01$10.00 © 2001 IEEE
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4) We show that the analytical model provides intuitive under-
standing of TCP behavior in a differentiated services network.
The developed model shows that a TCP flow cannot always
achieve its contract rate because of the sawtooth behavior in
congestion avoidance.

The rest of this paper is organized as follows. In Section II, we
describe the details of differentiated services schemes studied
here. Section III proposes and derives our models and presents
simulations to validate the models. In Section IV, we extend our
models to aggregated flows. Section V discusses our models and
presents the summary of related studies on TCP modeling and
differentiated services. In Section VI, we conclude this paper
and present directions for further research.

II. DIFFERENTIATED SERVICESSCHEMES

The differentiated services architecture consists of many com-
ponents. Among those components, the dropping policy associ-
ated with the marker has an important role in providing different
levels of service. Current architecture allows the definition of
many different PHBs that can provide different levels of service
[1]. We study the assured forwarding PHB [3], [5], [2] which fo-
cuses on differentiation of provided bandwidth. In this section,
we describe two and three drop precedence policies.

A. Two-Drop Precedence

Two-drop precedence policy was originally proposed in [5] as
RIO. In a RIO network, the edge devices of the network monitor
and mark incoming packets of either individual or aggregated
flows. A packet of a flow is markedIN if the temporal sending
rate at the arrival time of the packet is within the contract profile
of the flow. Otherwise, the packet is markedOUT. The temporal
sending rate of a flow is measured usingTime Sliding Window
(TSW)[5] or a token bucketcontroller. In this paper, the TSW
packet marker is studied.

The core routers in the network maintain a virtual queue forIN

packets and a physical queue for bothIN andOUT packets. When
the network is congested, the routers begin dropping theOUT

packets first. If the congestion persists even after discarding all
the incomingOUT packets, theIN packets are dropped. With this
dropping policy, the network gives preference to theIN packets
and provides different levels of service to users based on their
service contracts.

B. Three-Drop Precedence

Three-drop precedence policy was proposed as an extension
of two-drop precedence in [17], [18]. In a three-drop precedence
network, the edge devices mark a packet as one ofgreen, yellow
or reddepending on the sending rate and the reservation rate for
each color. Generally, it is recommended that the reservation
rate foryellow is set to be greater than or equal to the reserva-
tion rate forgreen. If the current sending rate is less than the
reservation rate forgreen, the packet is marked asgreen. If the
sending rate is greater than the reservation forgreenbut less
than the reservation foryellow, the packet is marked asyellow.
Otherwise, the packet is marked asred. The core routers pro-
vide differentiation by dropping theredpackets first, theyellow
packets second and then thegreenpackets. It is expected that the

Fig. 2. TSW algorithm.

three color marking and dropping policies give better control in
realizing performance goals.

III. TCP MODELING IN A DIFFERENTIATED SERVICES

NETWORK

In this section, we present models for TCP throughput in
a diff-serv network and illustrate the difference between the
achieved throughput of a TCP flow and its contract rate quan-
titatively. The models are developed for two-drop precedence
and three-drop precedence policies. We assume that packets are
dropped randomly rather than in bursts since the packets are ran-
domly picked to be discarded in RED routers when the average
queue length of the router is less than a certain threshold. TCP
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-
tions of this assumption are discussed in Section V. We defineIN

(OUT) packet loss probability, ( ) as the ratio ofIN (OUT)
packets dropped by the number ofIN (OUT) packets sent. Our
models are based on theIN (OUT) packet loss rates observed by
individual flows.

A. Packet Marking with TSW Rate Estimator

In this section, we discuss packet marking with the TSW rate
estimator. Fig. 2 shows the TSW algorithm proposed in [5]. It
is shown that the TSW marker remembers the history of the
past interval and smooths out the TCP’s burstiness.

is recommended to be of the order of an RTT in
[5]. A marker marks a packetIN when this is less
than the contract rate. When the is greater than
the contract rate, a packet is markedIN with the probability,

. The rest are markedOUT.
It is typically known that a TCP source sends packets in a

burst within an RTT interval. More precisely, a TCP source
sends packets until the total number of unacknowledged packets
is 1 (congestion window) and waits for ACK arrival. The
TCP receiver sends an ACK for every one or two packets re-
ceived, and the TCP sender uses this ACK-clocking to send new
data packets. Consequently, a TCP flow’s sending rate averaged
in each RTT interval is RTT. Here we define
reservation window( or ) as

RTT (1)

With , we can see that the ideal packet marking behavior
as one of the following two cases:

1In real TCP, window size is in unit of bytes, but we use unit of packets for
simplicity.
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Fig. 3. IN/OUT packet distribution.

1) When : every packet is markedIN.
2) When : a packet is markedIN with the

probability , and the rest are markedOUT.
It is not feasible, however, to measure RTT accurately. It is

also not feasible to synchronize measuring intervals to packet
sending intervals in a TCP source. To observe practical packet
marking behavior, we present Fig. 3 observed from a simula-
tion using ns-2 [20]. This figure shows packet marking of a
TCP flow: The contract rate is 0.5 Mb/s; packet size is 1 KB;
average RTT (including queueing delay) is 140 ms;IN packet
drop rate is zero andOUT packet drop rate is 0.027; average
achieved throughput is 0.69 Mb/s. The employed marker is a
general TSW packet marker with fixed ( 1 second).
Here note that 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 bar
represents the total number of packets sent. Theblack portion
indicates the number ofIN packets, and thewhite portion in-
dicates the number ofOUT packets.2 Here note that each in-
terval may not be exactly synchronized to the individual RTT
due to queueing delay variations. This figure shows that the most
packets sent in an interval where the total number of packets
sent is less than are markedIN, and that the number of
OUT packets increases as the total number of packets increases.

From the above observations, we confirm that the practical
packet marking behavior is approximately the same as the ideal
behavior for this scenario. Practical marking behavior will
sometimes differ from this ideal behavior. However, additional
simulations later in this paper, using TSW packet marking, give
further evidence that the packet marking of TSW is a viable
approximation of this ideal behavior. In the rest of this paper
for deriving the TCP models, we assume the ideal marking
behavior: 1) Every packet in a is markedIN when

2In Fig. 3, theblackportion is shown in bottom, and thewhiteportion is shown
on top. This is only for visual comparison of number ofIN/OUT packets and does
not mean that packets are markedIN first.

is less than . 2) A packet is markedIN with the probability
, and the rest are markedOUT when is

greater than .

B. Modeling for Two-Drop Precedence

In a steady state, a flow going through a differentiated
services network can experience different levels of congestion
based on its contract rate and the network dynamics. A flow
that experiences noIN packet drops ( ) is said to observe
anundersubscribed path. A flow that does not transmit anyOUT

packets either because everyOUT packet is dropped ( )
or because the sending rate is less than the contract profile is
said to observe anoversubscribed path. These classifications
let us analyze simpler network conditions, which in turn are
used to develop the general model. We develop separate models
for these two situations and combine these two to model a
general situation where a flow may experience a nonzero drop
rate for IN and OUT packets. It is to be noted that a single
network may be classified differently by the nature of packet
drops experienced by individual flows. Different routers may
observe different levels of congestion and may dropIN andOUT

packets at the same time. The general model is applied in such
a situation.

While we develop the models, we consider the average
round-trip time (RTT) and the average packet size of a flow.
We assume that there are no ACK drops in the network and
that window size is not limited by the advertised window of the
receiver. Our model relies heavily on earlier work in [7].

1) A Flow Through an Undersubscribed Path:We assume
that a flow through an undersubscribed path does not observe
anyIN packet drops. The steady state TCP throughput is defined
as

Total number of packets sent
Total transmission time

(2)

where is the packet size. It is noted thatstrictly means the
sending rate rather than the throughput. We assume that impact
of packet loss on throughput is negligible. It has been similarly
assumed in [7].

We define a “period” as the time between immediately
after one packet drop and just before the next packet drop.
is defined as the number of packets sent in period. In the
steady state, we can assume that the number of packets sent,,
in each period is the same. Similar assumption has been made
for modeling TCP throughput in [7], [8], [12], [13]. Then, we
can express the throughput as

(3)

To derive and , we define as the window size at the
end of period and as the number of rounds in period
as shown in Fig. 4. To model delayed-ACKs, we assume that
packets are acknowledged by one ACK as in [7]. Then, we have

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

since the window is increased by one everyrounds. Now,
is expressed by

(5)

(6)

(7)

where is the number of packets sent in the last round. We
define and as the number of packets sent marked
OUT andIN in each period, respectively. Then, the mean of
is given by

(8)

If is the probability that anOUT packet is dropped, then the
probability that th OUT packet is dropped is given as

(9)

Then, the mean of is

(10)

To derive , we consider two scenarios shown in Fig. 5. In
Fig. 5(a), and as a result of anOUT packet drop, the
sending rate has fallen below the reservation rate. In Fig. 5(b),

and even after anOUT packet drop, the sending rate
remains above the contract rate. Then, is given by

(11)

if

otherwise.

(12)

(a) (b)

Fig. 5. Reservation and congestion windows. (a)R �W=2. (b)R < W=2.

After algebraic manipulations, we have

if

otherwise.

(13)

From (7) and (8), we have

(14)

When , from (10) and (13), we have

(15)

From (15), it follows that

(16)

For small values of and large values of , it is observed
that

(17)

When , we also have

(18)

From (18), it follows that

(19)
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For small values of and large values of , it is observed
that

(20)

Now, we consider in (3). From Fig. 4, is given by

(21)

We assume that is uniformly distributed between 1 to
and that and are i.i.d. random variables as in [7]. Then
we have . Thus, from (3), (7) and (21)
the throughput of a TCP flow is expressed as follows,

(22)

where is given by (16) and (19).
Now, we extend this to include time-outs. When a packet loss

is detected by a time-out, the sender does not send packets until
the time-out. Thus, to consider time-outs, (3) is extended to

(23)
Here, and represent the probability that packet loss is
detected by a time-out and the time duration taken for detecting
a time-out, respectively. is the number of packets sent in a
time-out period and is typically one or two.3

From [11], time-out in TCP-Reno occurs 1) when two packets
are dropped and the congestion window is less than ten packets,
or 2) when three or more packets are dropped within a window
and the number of packets between the first and the second
packet drops is less than . In this paper, we will make
the simplifying assumption that three or more packet drops re-
sult in a time-out. The probability that there are three packet
drops and the number of packets between the first and the second
packet drops is greater than is very low. Then,
is the probability that three or more packets are dropped when
there is at least one packet drop. Thus, is expressed as is
shown in (24), at the bottom of the page.

3In [7], E[N ] is given by1=(1� p) wherep is the drop probability. Ifp
is less than 0.5,E[N ] is in between 1 and 2. Refer [7] for detail.

To model exponential backoff in time-out, we manipulate
in (23). Exponential backoff is a scheme to avoid

serious congestion by doubling waiting time for retransmission
when consecutive packet losses occur. The waiting time for
retransmission is doubled until six consecutive packet losses.
Thus, is given by

for
for

(25)

where is the time taken to detect the first time-out, andis the
number of consecutive packet losses. The probability of more
than six consecutive packet losses is very low, and we ignore it
for simplicity. Then, the mean of is

(26)

2) A Flow Through an Oversubscribed Path:A flow
through an oversubscribed path observesIN packet losses as
well. There are two possible situations: 1) Every packet is
marked asIN when the sending rate is less than the contract
profile . 2) Whenever a packet is marked asOUT,
the packet is dropped . In both the situations,OUT

packets are not transmitted. Thus, the total number of packets
sent in each period, , is given by

(27)

Here note that we ignore oneOUT packet sent when .
Then, is calculated in a similar way in (10) as following

(28)

Then, from (14), (28) and (27) we have

(29)

(30)

(24)
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Applying (30) to (23), we can model TCP throughput in an over-
subscribed path where and are given by

(31)

(32)

3) Combined Model:In this section, we combine the models
for the undersubscribed and the oversubscribed paths so that our
model can fit the general situation.

To combine the two models, we extend the definition of a
period as follows: 1) Undersubscribed period is defined
as a period ended by anOUT packet drop, and let be the
throughput achieved in and be the probability of an
OUT packet loss in such a period. 2) Oversubscribed period
is defined as a period ended by anIN packet drop, and let
be the throughput achieved in and be the probability
of an IN packet loss in such a period. We assume thatIN and
OUT packet losses are random and not correlated to each other.
Then, average throughput, in steady state is

(33)

where and are the probabilities that and occur,
respectively, and . From the definition of and

, is the ratio of the number ofOUT packet losses and the
total number of losses, and is the ratio of the number ofIN
packet losses and the total number of losses.

(34)

(35)

where is the probability that a packet is markedIN. Since
we assume that there is noOUT packet transmitted in , is
equal to . This assumption may not hold when the network
changes quickly, and we can have bothIN andOUT packet drops
in a period. However, if a network is stabilized and queue length
in RIO routers does not change quickly,OUT packet should be
discarded first, and the assumption may be protected. Then, we
can directly use (23) for in (33).

is not equal to since is theIN packet loss rate from
IN packets sent in while is theIN packet loss rate fromIN
packets sent in both and . For calculating , we divide
packets into three groups,OUT packets sent in , IN packets
sent in , andIN packets sent in . Note that noOUT packets
are sent in . Then, we have

(36)

where , and are the number ofOUT packets sent in
an , the number ofIN packets sent in an , and the number

of IN packets sent in an , respectively. From the definition
of

(37)

From (36) and (37), and using , is ex-
pressed by

(38)

(39)

Now, is

(40)

(41)

(42)

Here, note that is the total number
of packets sent in an . We can reasonably assume that

since bothIN andOUT packets are dropped [as in
Fig. 5(a)]. Therefore, from (18) and (20),
is calculated as follows:

(43)

Note that in (18) is given by . Applying (42) to
the model for an oversubscribed path, we can finally compute
(33).

4) Simulations: In this section, we validate our models
through simulations. First, we use a simple network topology
which has one bottleneck link so that we can understand the
results of the models intuitively. Then, we use complex topolo-
gies to show that the models are accurate under various network
conditions. We also compare the results with the simple model
based on (17) and (20) instead of (16) and (19). The simple
models are useful to observe and explain throughput of a TCP
flow intuitively.

In the simulations, we use Network Simulator version 2
(ns-2) [20]. Our diff-serv implementation is validated in
[14], [15]. TCP-Reno sources are used as senders. Re-
ceivers do not employ delayed-ACK for simplicity.
For droppers, we use RIO presented in [5] with parame-
ters for OUT packets and

for IN packets. We use the general TSW marker
with a one-second window. It is to be noted that the analytical
models assumed an ideal marker. We ran each simulation for
five minutes and collected statistics after one minute in order to
avoid data from transient state. One minute would be enough
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Fig. 6. Simple network topology.

TABLE I
LOSSRATES OF IN/OUT PACKET

for a flow to reach steady state since the RTT of a flow is set to
less than one second in every simulation.

At first, we ran four simulations with a simple network
topology shown in Fig. 6. In each simulation, we set the bot-
tleneck link bandwidth to a different level so that the network
experienced different subscription levels. The total contract
rate of the flows is 25 Mb/s in each simulation. We set the
bottleneck bandwidth to 40, 30, 20, and 15 Mb/s.4 The contract
rate of an individual flow is randomly picked from 0 to 1 Mb/s.

The loss rates ofIN/OUT packets in each simulation are pre-
sented in Table I. “Max” and “Min” rows show the maximum
and minimum loss rates among the 50 flows, respectively.
“Mean” shows the average loss rate of the 50 flows. It is clearly
observed that all the flows observe an undersubscribed path in
the simulations with 30 and 20-Mb/s link bandwidth. It is to be
noted that even when the total contract rate of 25 Mb/s exceeds
the link bandwidth of 20 Mb/s, the packet losses indicate that
we should apply the undersubscribed model in this situation.
The OUT packet loss rates vary over a wide range from 1.49%
to 30.56%. In the simulation with 15-Mb/s bottleneck link, a
few IN packets are dropped, and someOUT packets are trans-
mitted.

Fig. 7 compares the throughput observed in simulations with
the estimated throughput from our models. In the figures, the
square and the star indicate the simulated throughput and the
estimated throughput, respectively. “” is the estimation using
the simple models. The dashed line shows

.
In Fig. 7(b), we applied the undersubscribed model even

though the bottleneck bandwidth is less than the total contract
rate since noIN packet-drops were observed. It is clear that

4In this paper, we present the results with 30, 20, and 15-Mb/s links due to
space limitation. Please refer our longer tech. report [16].

the model for an undersubscribed path estimates the individual
throughput achieved by bothIN 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 bothIN and 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-
firm that the models are very accurate in a single bottleneck link
network.

To observe TCP throughput with cross traffic, we conducted a
simulation with a network topology as shown in Fig. 9(a). In this
experiment, link delay and capacity of each link are set to 10 ms
and 30 Mb, respectively. The contract rates of 30 TCP flows are
randomly picked from 0 to 1 Mb/s, and the total contract rates
add up to 15 Mb/s. At each switch, cross traffic consists of five
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
traffic stream is injected into and leaves at . Fig. 9(b)
shows the results. This simulation shows that our model can be
used to estimate throughput of a flow going through multiple
links.

We conducted two other simulations with a merged topology
and a split topology shown in Figs. 10(a) and 11(a). In the
merged topology, flows are merged three times, and it is ex-
pected that flows will experience different levels of congestion.
In the split topology, flows 1 to 10 and 11 to 20 reach
and , respectively, through and , and flows 21 to 30
and 31 to 40 reach and through and . Different
capacity and delay characteristics are assigned to each link.
The link capacity and the delay of each link are shown in the
figures. The contract rate of each flow is set to 1 Mb/s in both
the simulations. Figs. 10(b) and 11(b) show the results. In these
simulations, bothIN andOUT packets are dropped. Hence, we
apply the combined model. It is shown again that the model
keeps track of the different achieved rates under different RTTs
and different link capacities.

The simulations presented in this section show that 1) The
models based on (16), (19), and (33) are quite accurate in
estimating individual TCP throughputs in diff-serv networks.
2) The simple models based on (17) and (20) are also accu-
rately estimating TCP throughput. 3) The models work in
multiple-link networks, merged and split network topologies
with different levels of congestion. In the rest of this paper, we
use the simple models instead of the original models since the
simple models are easy to understand and give intuitive insight
of TCP throughput in diff-serv networks.

5) Throughput Analysis:In this section, we discuss the ex-
cess bandwidth which is defined as the difference between
realized throughput and its contract rate. In this discussion, we
focus on the flows observing undersubscribed paths and use the
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(a) (b)

(c)

Fig. 7. Throughputs of TCP-Reno flows with different reservation rate. (a) 30-Mb/s bottleneck link. (b) 20-Mb/s bottleneck link. (c) 15-Mb/s bottleneck link.

Fig. 8. Relative error between simulation and estimation.

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

if

otherwise.

(44)
If 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 bandwidth (
), is decreased as the reservation rate is in-

creased. Moreover, if is greater than (see
line C in Fig. 12), the flow cannot reach its reservation
rate.
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(a)

(b)

Fig. 9. Simulation with cross traffic. (a) Simulation topology. (b) Throughputs.

2) When a flow reserves relatively lower bandwidth (
, see line B in Fig. 12), it always realizes at least

its reservation rate. As it reserves less bandwidth, it ob-
tains more excess bandwidth. These observations corre-
spond to the simulated results in [2], [14]. TCP’s multi-
plicative decrease of sending rate after observing a packet
drop results in a higher loss of bandwidth for flows with
higher reservations. This explains the observed behavior.

3) The above equation also shows that as the probability of
OUT packet drop decreases, the flows with smaller reser-
vation benefit more than the flows with larger reserva-
tions. This again validates the difficulty in providing ser-
vice differentiation between flows of different reserva-
tions observed in [2], [14] when there is plenty of excess
bandwidth in the network.

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

5) For best-effort flows, . Hence, (
RTT, see line D in Fig. 12) gives the

bandwidth likely to be realized by flows with no reser-
vation.

6) Comparing the above best-effort bandwidth and when
, we realize that the reservation rates larger

than 3.5 times the best-effort bandwidth cannot be met.

(a)

(b)

Fig. 10. Simulation with merged network topology. (a) Simulation topology.
(b) Throughputs.

7) Equation (44) clearly shows that excess bandwidth cannot
be equally shared by flows with different reservations (a
goal of recent simulation studies [2], [4], [14]) without
any enhancements to basic RIO scheme or to TCP’s con-
gestion avoidance mechanism.

C. Modeling for Three-Drop Precedence

In this section, we extend the models to the three-drop prece-
dence policy. In a three-drop precedence network, there may
be three possible subscription levels: 1) onlyred packets are
dropped [Fig. 13(a)]; 2) everyred packet is dropped, and some
of yellow[Fig. 13(b)] packets are dropped; and 3) everyredand
yellowpacket is dropped, and somegreenpackets are dropped
[Fig. 13(c)]. To develop the models, we define and
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(a)

(b)

Fig. 11. Simulation with split network topology. (a) Simulation topology.
(b) Throughputs.

Fig. 12. Observations from the model.

as the drop probability and the reservation window of packets
marked as that , respectively.

Fig. 13. Drop probabilities of three-drop precedence.

1) When and .
This case is the same as the undersubscribed model of

two-drop precedence. Ared packet is treated as anOUT

packet and bothyellowandgreenpackets are treated as an
IN packets. Therefore, we can directly use (16), (19), (23)
and (24) replacing and to and , respectively.

2) When , and .
This case is oversubscribed foryellowpackets and un-

dersubscribed forgreenpackets. Ared packet is treated
as anOUT packet, and agreenpacket is treated as anIN
packet. Ayellowpacket is considered anIN packet com-
pared to ared packet and considered as anOUT packet
compared to agreenpacket. Therefore, we combine the
undersubscribed model and the oversubscribed model. As
the undersubscribed model, we have

if

otherwise.

(45)
As the oversubscribed model, is limited by . Thus,
we also have

(46)

Therefore, finally, is expressed by

if

otherwise.
(47)

Now, with (47), we can use (23) and (24) after replacing
and to and .

3) When , and .
This case is the same as the case in which everyOUT

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

, respectively.
1) Simulations: The models derived in the previous section

have been extended directly from our two-drop precedence
model. It has been already shown that the model can estimate
individual TCP throughput in diff-serv network environment
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TABLE II
LOSSRATES OFgreen=yellow=red PACKET

through a number of simulations. In this section, we show
that the models can be extended to estimate TCP throughput
when droppers employ three-drop precedence through a simple
network topology.

In the simulations, we used the same topology presented in
Fig. 6 except three-drop precedence is employed with parame-
ters for the red packets, for the yellow
packets and for the greenpackets. Three simula-
tions with different bottleneck bandwidths (40, 20, and 10 Mb/s
each) were conducted to reflect the three situations described
in the previous section. In each simulation, the contract rate for
yellowof each flow is randomly picked from 0 to 1 Mb/s, and
the contract rate forgreenis set to a half of the contract rate for
yellow of that flow to follow [17] which recommends that the
contract rate forgreenshould be set less than the contract rate
for yellow. The total reservation rate foryellowis set to 25 Mb/s,
and the total reservation rate forgreenis set to 12.5 Mb/s. Each
simulation ran for five minutes, and we collected statistics in the
last four minutes.

Table II shows the loss rate of packets in
each simulation. N/A for in the table means that no packet
is marked as that at all. The table shows that the sim-
ulations reflect the three different cases effectively. Individual
throughputs from the simulations and the models are presented
in Fig. 14. From Fig. 14(a), it is shown that the simple model for
an undersubscribed path can estimate the throughput accurately
in a three-drop precedence network. Fig. 14(b) and (c) also show
that our models for an oversubscribed path can be applied in a
three-drop precedence network.

IV. THROUGHPUTMODEL FORAGGREGATEDFLOWS

The diff-serv architecture is being proposed for aggregate
reservation. So far, our models have assumed that individual
flows can reserve bandwidth. In this section, we develop a
throughput model for an individual flow within an aggregated
reservation.

A. Packet Marking of Aggregated Flows

In Section III-A, we have described packet marking behavior
of an individual TCP flow with the TSW rate estimator. We
now discuss the marking behavior when the same marker marks
TCP packets from an aggregation. Fig. 15 shows the conceptual
model which we look at in this section. The figure shows
individual flows being marked by a single aggregate marker.

When several TCP flows are aggregated, the impact of an in-
dividual TCP sawtooth behavior is reduced, and the aggregated
sending rate is stabilized (even though there still exist some vari-
ations) as illustrated in Fig. 15. If the marker does neither main-
tain per-flow state nor employ other specific methods for distin-

guishing individual flows, an arriving packet is markedIN with
the probability .5

Here we define , the probability of a packet markedIN as

(48)

In the steady state, is approximately equal for all the indi-
vidual flows. A flow sending more packets then gets moreIN

packets, and consequently, the contract rate consumed by indi-
vidual flows is roughly proportional to their sending rates.6 We
call this marking behaviorproportional marking. It is noted that
this proportional marking behavior is a direct result of not main-
taining any flow state, and not dependent on the actual marking
algorithm. In the following section, we propose a throughput
model for individual TCP flows sharing a contract rate with a
general TSW marker (showing proportional marking behavior),
which does not maintain per-flow state nor employ any sophis-
ticated mechanism for aggregated flows.

B. Modeling for Throughput of Aggregated Flows

In this section, we develop a simple model for an individual
flow in an aggregation in a two-drop precedence network. In the
model, we assume that all the packets of aggregated flows are
of the same size,, a receiver does not employ delayed-ACK
( ) and the network is not oversubscribed. We defineas
the reservation rate which is contracted for the aggregation and

as the marking rate achieved by theth individual flow.

(49)

where is the number of flows.
For simplicity, we consider that there is no time-out and

is greater than . Then, from (1) and the simple model
presented in (20) and (22), the throughput of theth flow is given
by

RTT
RTT

(50)

where is theOUT packet drop probability of theth flow. Then,
aggregated throughput is

RTT
(51)

RTT
(52)

When a marker exhibits proportional marking,is roughly
linearly proportional to .

(53)

5When the aggregated sending rate is less than the contract rate, every packet
is markedIN.

6This behavior is different from the marking of individual flows in Section III.
In the marking of individual flows, the contract rate for an individual flow is
fixed. In the marking of aggregated flows, however, the contract rate consumed
by an individual flow is not fixed even though the aggregated contract rate is
fixed.
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(a) (b)

(c)

Fig. 14. Throughputs of TCP-Reno flows with different reservation rate in three-drop precedence network. (a)p > 0, (b) p = 1, p > 0, and
(c) p ; p = 1, p > 0.

where gives the probability that a flow’s packet is marked
IN. Then, (50) is rewritten by

RTT
(54)

RTT RTT
(55)

From (53), and therefore

RTT

(56)

Substituting with (56) and after some manipulations, we
have

(57)

where is given by

RTT
(58)

Equation (57) relates the realized bandwidth of an individual
flow to the aggregate reservation and the network conditions
(RTT and ) observed by various flows within the aggregation.
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Fig. 15. Packet marking of aggregated flows.

Fig. 16. Aggregated network topology with different RTTs.

From (52), (the excess bandwidth) of aggregated flows is
calculated as follows,

(59)

where RTT , and it is approxi-
mately the throughput which the aggregated flows can achieve
with zero contract rate ( ). Based on the above analysis,
the following observations can be made:

1) The total throughput realized by an aggregation is im-
pacted by the contract rate. Larger the contract rate, the
smaller the excess bandwidth claimed by the aggregation
[referring to (59)].

2) When the contract rate is larger than 4 times, the real-
ized throughput is smaller than the contract rate [referring
to (59)].

3) The realized throughput of a flow is impacted by the other
flows in the aggregation (as a result of the impact on)
when proportional marking is employed [referring to (56)
and (57)].

C. Simulations

In this section, we present simulations to validate the model
for aggregated flows. To observe behaviors of individual flows
within a large aggregation, we conducted two simulations with
an aggregation of 50 individual flows. The simulation topology
is shown in Fig. 16. The aggregate reservation rate is 10 Mb/s,
and the bottleneck capacity is set to 20 or 30 Mb/s so that the
bottleneck is not oversubscribed. The RTT without queueing
delay of each flow is randomly picked from 50 to 160 ms.

Fig. 17. The probability of a packet markedIN.

To confirm the assumption that is the same for all the
flows within an aggregation, we present Fig. 17. The solid lines
represent of aggregations in both simulations, which is the
contract rate divided by average aggregated sending rate. The
square and the circle show of individual flows, which is mea-
sured by the number ofIN packets divided by the number ofIN

andOUT packets sent by that flow. It is observed that mea-
sured in simulation with 20 Mb/s is higher than measured
with 30 Mb/s since moreOUT packets were sent in the simula-
tion with 30 Mb/s while the number ofIN packets remained the
same. It is clearly shown that individual is approximately
equal to aggregated , and we confirm that individual flows
within an aggregation have roughly the same.

Fig. 18(a) shows the simulated and estimated throughputs
with 20-Mb/s link. We also present relative errors in Fig. 18(b).
It is clearly shown that the model can estimate the individual
throughput of aggregated flows very accurately (maximum error
is less than 25%). It is observed that the estimated throughputs
are slightly higher than the simulation results.

We present another simulation to show how the model works
in a complicated network topology. Fig. 19 shows the network
topology used in the simulations. There are five markers and
aggregated sources, each aggregated source consists of ten indi-
vidual sources. Bandwidth of every link except the link between
the two routers is 10 Mb/s, and bandwidth of the link between
two routers is limited to 8 Mb/s. With this topology, we con-
ducted two simulations. In the first simulation, each aggregated
source reserves 1 Mb/s. We assign RTT, RTT of the th indi-
vidual source in theth aggregated source excluding queueing
delay as

RTT (ms) (60)

This results in five aggregated sources with varying differences
in RTTs. For example, the aggregated source 1 has a (min RTT,
max RTT) (130 ms, 130 ms) compared to that of the aggre-
gated source 5 with (58 ms, 202 ms). In the second simulation,
the RTT distribution of each aggregation is the same as each
other and given by

RTT (ms) (61)
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(a) (b)

Fig. 18. Simulations with aggregated flows with different RTTs. (a) Bottle neck link= 20 Mb/s. (b) Relative error for aggregated model.

Fig. 19. Aggregated network topology with multiple aggregations.

The reservation rate of theth aggregation is given by
Mb/s.
Fig. 20 shows the results. Fig. 20(a) shows the results of the

first simulation with different RTTs and Fig. 20(b) shows the
results of the second simulation with different aggregate reser-
vations. It is observed that individual flows achieve different
bandwidths within an aggregation. These differences increase
with increased differences in the RTTs of the individual flows.
It is shown that the model can estimate the individual through-
puts in the network with several aggregated sources.

V. DISCUSSION ANDRELATED WORK

While developing the models, we assumed that the packets
are dropped randomly. This assumption is valid in undersub-
scribed networks since a packet is randomly picked to be dis-
carded in a router when queue length is less than . How-
ever, when the queue length builds up,OUT packets may be
dropped in a burst. This could be a potential source of error
in our models. This will result in an inaccurate estimation of

(a)

(b)

Fig. 20. Dealing with multiple aggregations. (a) Different RTT distributions.
(b) Different aggregate reservations.

time-outs. However, operational dynamics help from this be-
coming a significant source of error since 1) a flow through a
congested path may not send too manyOUT packets, and 2)OUT

packets are not sent out in a burst. When all theOUT packets are
being dropped, a flow can rarely increase its window to such an
extent that it sends out significant number ofOUT packets within
a window. It is possible to enhance the presented model to con-
sider this correlation to further improve the accuracy.

To understand the possible inaccuracy due to correlated
losses, we ran a simulation (with simulation topology in Fig. 6
and 17-Mb/s bottleneck link capacity) where the queue length
oscillated around . The queue length and the
throughput comparison of the model with simulation are shown
in Fig. 21. Even in this situation where packet losses are forced
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(a) (b)

Fig. 21. Simulation with correlated packet losses. (a) Queue length. (b) Throughputs.

to be correlated, the model is within 20%–30% of the actual
throughput. Deriving a more accurate model that considers this
correlation is part of our future work.

After the congestion avoidance scheme for TCP was pro-
posed in [19], several models of TCP behavior have been pro-
posed in [7], [8], [11], [12], [13]. Each model estimates the
steady state throughput of an individual TCP flow in terms of
RTT and the probability of a packet-drop. In [12], a performance
model for a TCP flow was proposed with the assumption that
the TCP source avoids retransmission time-outs and has a suf-
ficient receiver window. In [13], Floydet al. derived a similar
model to the model in [12]. Padhyeet al.proposed a new TCP
throughput model in [7], [8]. The model characterizes not only
the behavior of fast retransmission mechanism but also the ef-
fect of TCP’s timeout mechanism. Recently, it has been shown
that some simplified assumptions and mathematical simplifica-
tions of the model in [7] result in errors in estimating individual
flow throughputs [23].

A number of studies on quantitative analysis of differentiated
services have been recently presented [9], [21], [22]. Mayet al.
[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-
ferentiated services. They described the impact of scheduling
schemes including weighted fair queueing (WFQ) and early
deadline first (EDF) and proposed new scheduling schemes for
differentiated services. Sahuet al. [9] characterized packet be-
haviors (delay and loss) of TCP flows through Markov analysis.
In this study, a stochastic Markov model is used for deriving a
model for TCP throughput in a differentiated services network.
Our modeling provides a simpler and a more intuitive character-
ization of the TCP behavior in differentiated services networks.
Our model has been recently extended to token-bucket marking
in [10]. We have extended our model to consider two-window
TCP in [16].

VI. CONCLUSION

In this paper, we have derived throughput models of indi-
vidual TCP flows in a differentiated services network. Our
models estimate throughput in terms of RTT, packet drop
rates and the reservation rate of a TCP flow. Our models are
developed for various conditions in a differentiated services
network including two-drop precedence, three-drop precedence
and aggregated marking. We presented a number of simulations
to validate our models. The simulation results show that the
models can predict the throughput of individual and aggregated
TCP flows quite accurately in various conditions.

Our model makes the following observations: 1) flows with
larger contract rates are at a relative disadvantage compared to
flows with smaller contract rates; 2) throughputs achieved by
flows with larger contract rates may not reach their contract rates
due to TCP’s sawtooth behavior; 3) the contract rate shared by
aggregated flows is consumed unfairly within the aggregation;
and 4) TCP’s throughput is impacted by RTT even in a diff-serv
network.
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