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SUMMARY

The differentiated services (DiffServ) architecture allows IP networks to offer different QoS levels to
different users and applications. In this architecture, routers in the core network offer the same per-hop
behaviour (PHB) to all packets classified as belonging to the same class at the edge of the network. One of
the most important types of PHB is assured forwarding (AF) PHB. Within each AF class, IP packets can be
marked with different drop precedence (DP) values, and treated differently in congested DS nodes. To this
end, DiffServ nodes in the core network implement active queue management (AQM) mechanisms. The
target of this paper is to provide network designers with an accurate fluid-flow analytical model of a
DiffServ network, where the RED with in/out and coupled average queues (RIO-C), RED with in/out and
decoupled average queues (RIO-DC) and Weighted RED (WRED) AQM techniques are implemented. We
address a network simultaneously loaded with both greedy and data-limited TCP flows, and we consider
one AF class in which two DPs are defined, one for packets complying with the negotiated profile (IN
packets), and another for packets that do not respect it (OUT packets). A token bucket marking mechanism
is modelled for this purpose. The proposed model is applied to a complex network topology. Comparison
between model and simulation results demonstrates that the model is able to capture both transient and
steady-state network behaviour with a high degree of accuracy, even when not all network routers
implement the same AQM technique. These characteristics make our modelling approach suitable to
address the issue of network parameter optimisation. As an example, the link capacity dimensioning
problem in a DiffServ domain by means of an iterative optimisation algorithm is presented. Copyright ©

2006 AEIT.

1. INTRODUCTION

The development of the Internet, in both infrastructures
and applications, has determined the need to provide users
with quality of service (QoS) guarantees.

The first solution proposed in the literature was the inte-
grated services (IntServ) architecture, which offers QoS
guarantees for each flow, but is not scalable and requires
complex changes in the Internet architecture. These rea-
sons led the IETF to consider simpler alternatives to ser-
vice differentiation. A promising approach is the
differentiated services (DiffServ) architecture, proposed
in Reference [1]. This architecture enables IP networks
to offer different QoS levels to different users and applica-

tions, locating network intelligence mainly at the edge rou-
ters, thus relieving core routers from complex tasks. When
packets arrive at the edge of a DiffServ domain, a profile
meter measures the traffic streams against the negotiated
profiles, assigns a drop precedence (DP) to packets accord-
ing to the measurement results, and stores the DP in the
DiffServ code point (DSCP) of the packets [2]. Then pack-
ets are forwarded to core routers, whose task is just to offer
the same per-hop behaviour (PHB) to all the packets
marked with the same DSCP value. Core routers do not
need to maintain per-flow state, since they discriminate
between packets exclusively on the basis of the DSCP. In
Reference [3] assured forwarding (AF) PHB was proposed
to provide individual or aggregate flows with guarantees in
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terms of throughput and burstiness, according to nego-
tiated profiles.

When congestion occurs, the DP determines the relative
importance of a packet within the AF class: a congested
DiffServ node tries to protect packets with a lower drop
precedence value from being lost by preferably discarding
packets with a higher drop precedence value. As suggested
in Reference [3], this can be achieved by employing active
queue management (AQM) mechanisms in the core routers
and configuring the dropping algorithm control parameters
independently for each DP. For this reason the random
early detection (RED) [4] AQM technique was extended
to the case of two or more DPs, resulting in RED with
infout (RIO) [5], with its two variants RIO with coupled
average queues (RIO-C) and RIO with decoupled average
queues (RIO-DC) [6], and weighted RED (WRED) [7].

At the same time, great effort has recently been made to
calculate the end-to-end performance of TCP flows in a
DiffServ network by means of analytical approaches. In
Reference [8-10] for example, expressions for the
steady-state throughput of TCP sources in a DiffServ
environment are derived, only taking into account long-
lived TCP flows loading a bottleneck link. In Reference
[11] the model proposed in Reference [12] for a non-Diff-
Serv-compliant network is extended to a network support-
ing AF PHB with two DPs by means of a generic AQM
technique. This approach uses a fluid-flow approximation
to model traffic and queue behaviour in order to keep the
model complexity low for any buffer queue dimension or
network topology. However, in Reference [11] only a
steady-state analysis is performed, with the aim of study-
ing the stability conditions of the network; consequently
the marking process is only modelled with two parameters
that denote the fraction of fluid belonging to the two DPs.
Further, Reference [11] does not consider data-limited
TCP flows, but again only greedy sources. The use of
greedy sources is obviously an approximation that is very
often far from reality; a significant amount of Internet
connections, in fact, concern the Web environment, where
small files are transferred [13]. For this reason both slow-
start and congestion avoidance mechanisms were mod-
elled in Reference [14] in order to capture the behaviour
of more realistic scenarios. In Reference [14] several
cases are presented in which the comparison with
simulation shows the loss of accuracy when the slow-start
mechanism is not considered. A different approach is
proposed in Reference [15] where an analytical frame-
work is defined to study TCP performance based on
Markov-modulated fluid models (MMFM). However,
this framework presents scalability problems and is not
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suitable for DiffServ networks due to difficulties in
extending it to cases in which routers implement AQM
techniques.

The target of this paper is to provide an accurate fluid-
flow analytical model of a DiffServ network simulta-
neously loaded by greedy and data-limited TCP flows.
We consider the case of one AF class in which two DPs
are defined, one for packets complying with the negotiated
profile (IN packets), and another for packets that do not
respect it (OUT packets). Let us note that in this scenario
best-effort traffic can easily be taken into account by treat-
ing the related packets as OUT packets, that is, non-com-
pliant packets. At the edge of the network, flows are
grouped into traffic aggregates, each independently
policed by a token bucket. In the core routers RIO-C,
RIO-DC and WRED algorithms are modelled. Unlike
most previous proposals, the model can be applied to
any complex network topology. In addition, it is able to
capture cases in which not all network routers implement
the same AQM technique, some implementing RIO-C,
others RIO-DC and others again WRED.

Comparison between model results and those obtained
using the ns-2 simulator [16] demonstrates that the pro-
posed model is able to capture not only steady-state net-
work behaviour but also transient phenomena with a
high degree of accuracy. In addition, the scalability of
the proposed analytical approach with respect to both the
number of traffic flows considered and the network topol-
ogy complexity makes it very suitable to address the issue
of network parameter optimisation. Our analytical
approach, in fact, provides results in much less time than
simulation, above all when the number of flows and/or link
capacities considered increase. Furthermore, while the use
of simulation results is very difficult because their inherent
randomness, the model results can easily be analysed in
order to find the solution to the optimisation problem.

The rest of the paper is organised as follows. In Section
2, we present the analytical model. In Section 3, we assess
our model by applying it to a network scenario and com-
paring our results with those obtained using the ns-2 simu-
lator. Section 4 shows how the proposed model can be used
to approach a DiffServ design problem, that is, optimisa-
tion of the link capacities in a DiffServ network. Finally,
we present our conclusions in Section 5.

2. MODEL AND ANALYSIS

The target of this section is to derive a fluid-flow model of
a DiffServ domain in which an AF-PHB is defined with
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two DPs for TCP traffic. We will perform an analysis of the
average behaviour of the network and sources.

We will consider both greedy sources and sources that
have to transmit a finite-size file. In the rest of the paper
we will indicate the second type of sources as data-limited
sources.

We assume that:

1. the TCP layer for each source receives data from appli-
cations all at once, so we consider data-limited sources
as always having data to transmit until the end of the
file;

2. the file size that each data-limited source has to transmit
is known a priori;

3. the instant at which each source starts to transmit is
known.

Let us note that according to these hypotheses, if
there were only drop-tail routers in the network, the
system would be completely deterministic. When, on the
other hand, DiffServ routers adopt AQM techniques to
differentiate services, stochastic behaviour is induced
in the system by the drop probability in the network
routers.

In order to capture this behaviour, the model used will
be based on the queuing system fluid-flow approach.
According to this approach, the average behaviour of the
whole system (network and sources) is derived assuming
that each AQM buffer in the network has a deterministic
behaviour equal to its average behaviour. In other words,
we will consider that, if /() is the packet arrival rate at
a generic AQM buffer, and p() is its drop probability at
the same time instant, A(¢)(1 — p(z)) will be the ‘actual’
rate of packets queued in the buffer, while A(z)p(¢) will
be the rate of lost packets.
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The fluid model we derive is a set of differential equa-
tions that describes the average temporal evolution of all
the processes characterising the whole system.

The system considered in this paper comprises a set of
DiffServ-compliant nodes making up a DiffServ domain,
loaded by N TCP flows labelled as i =1,...,N. Let L
be the set of router output buffers which store packets
before transmitting them on the associated unidirectional
output links. A generic link / has a transmission capacity
of C; bytes per second, and a constant propagation delay
of d; seconds. Further, we indicate the queue length of
the generic buffer /€ L at the time 7>0 as ¢t)
(expressed in bytes).

In order to make TCP modelling independent of the
AQM techniques used in the routers, we separate the
TCP behaviour model from the Diffserv network model.
More specifically, we derive the TCP source and receiver
models assuming knowledge of some quantities coming
from the network model and vice versa. The quantities
exchanged between the TCP model and the network model
are listed in Table 1. Actually, the TCP receiver model is
very simple and it is only introduced for the sake of clear-
ness, while the TCP source model and the network model
are represented by two sets of differential equations that
constitute the model of the whole system.

In the following sections, we first introduce the TCP
source and TCP receiver behaviour models (Subsections
2.1 and 2.2), and then we describe the DiffServ router net-
work model (Subsection 2.3). Finally, Subsection 2.4 dis-
cusses issues relating to the numerical solution of the model.

2.1. TCP behaviour modelling

Let W;(r) denote the congestion window of the flow i at
the time r > 0. In our framework we will not consider

Table 1. Quantities exchanged between TCP model and network model.

To TCP source model

To TCP receiver model

To network model

From TCP —Packet emission rate for
source model each source (or group of sources)
From TCP — ACK emission rate for each receiver

receiver model

(or group of receivers)
Rate of loss indications from each receiver
(or group of receivers)

From network model | —Queue length for
each buffer

—arrival rate of ACKs

—Arrival rate of loss

indications

— Arrival rate of packets

Packet loss rate
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the end-to-end flow control algorithm, assuming TCP
throughput to be bounded by the congestion control algo-
rithm only. For this reason W;(¢) also represents the trans-
mission window of the ith TCP flow.

Furthermore, let T;(z) be the value of the threshold
separating the slow-start range and the congestion avoid-
ance range for the congestion window of the ith TCP flow
at the instant ¢.

Since we are interested in analysing not only the beha-
viour of greedy sources, but also that of sources which
have to transmit finite amounts of data, we also need to
consider the process D;(f) representing the number of
bytes successfully sent by the ith TCP flow from its start
to the time ¢.

In order to characterise our model completely, we need
to derive the mean values of the processes W;(t), T;(¢) and
D,‘(l‘).

To this end, let us first calculate the expression of R;(#)
representing the round-trip time (RTT) for the generic
ith TCP flow. The RTT for a generic flow i is the sum
of the queuing times in all the buffers along its path
and the propagation times associated with the output
links of these buffers. Therefore, if we indicate the set
of buffers passed through by the packets belonging to
the flow i and by their corresponding ACKs as L;, we
obtain:

R,-(t)—Z(d,—i—qu(Zt)) i=1,2,...,N (1)

leL;

We will now derive the relationship that describes the
additive-increase multiplicative-decrease (AIMD) beha-
viour of the TCP window size. We can write the variation
of the window size W;(¢) as the sum of two contributions:
the first term, A;(t), corresponds to the additive-increase
part, the second, B;(t), corresponds to the multiplicative-
decrease part:

dw;(r)
dr

=AM +Bi() i=12,....N (2

First we will calculate the additive-increase term A;(f).
To this end let us note that, for each ACK packet reaching a
generic TCP source, the congestion window size W;(?)
increases by one packet during the slow-start phase, while
it increases by 1 / W;(t) packets during the congestion
avoidance phase. So, 1f We indicate the arrival rate of
ACKs for the flow i as ) ( ) (expressed in bytes/s), we
can write:
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Ai(1)
) jf—sg) }f:j(t) wO<TO
S G it Wi > T
(3)
where S§P> is the size (in bytes) of the generic data packet

belonging to the flow i, while S“Y is the ACK size (in
bytes).

Derivation of the term B;(¢) in Equation (2) depends on
the TCP version of the sources, because of the different
algorithms adopted to calculate the new congestion win-
dow value when a loss is detected. In the rest of the paper
we will refer to one of the most common TCP versions,
that is, the New-Reno TCP [17], but our derivation can
easily be extended to the other TCP versions. Because a
New-Reno TCP source behaves differently according to
whether it detects a packet loss by receiving a triple dupli-
cate ACK (TD loss) or because a timeout (TO loss)
expires, we need to distinguish between the two different
loss causes.

To this end we need to consider the rate at which a gen-
eric TCP source is notified of packet losses occurring in
the network. We assume that information about losses tra-
vels through the network with the packets sent out by the
generic TCP source along the same path. So in Subsection
2.2 we will consider the network as also being passed
through by N ghost flows, each carrying loss indications
relating to a TCP source; let us denote the rate of loss indi-
cations for the ith TCP source at the time instant # as (;(¢)
(expressed in packets/s).

To distinguish between the losses suffered by the flow i
being detected as TD losses or TO losses we also need to
consider the number of ACKs Nl-(A>(t — 1,1) received by
the generic TCP source during a time interval 7 that ends
at the time instant 7. This number can be calculated as:

Nt =1,1)

1 [ (4)
:W/ Mwydy i=1,2,... N (t>7)
t—7

Now, let us assume that a loss has happened (¢;(¢) > 0).
At the generic instant ¢, if the number of ACKs received in
the last time interval equal to the retransmission timeout
(RTO) is less than 3, that is Nl.(A)(t — RTO,1) < 3, losses
are detected at the instant ¢ as TO losses, and therefore
the loss rate at the instant t — RTO, gr(()t RTO), is a TO
loss rate, henceforward indicated as y; ). If, on the con-
trary, there exists a time interval [t — T, ] Wlth a duration 7
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less than RTO, where the number of ACKs received is
equal to 3, that is Nl-(A> (t —7,¢) =3, then losses are
detected as TD losses, and therefore the loss rate at the
instant t — 7, (;(t — 7), is a TD loss rate, henceforward
indicated as “/1(' D)(t).

So, assuming that the retransmission timeout can be
approximated by 4 - R;() as in Reference [18], if we indi-
cate the rate of TO losses and TD losses detected by the

. (TO (TD) . ’
source i as y;  (f) and y; () respectively, we have:

y(TO)(t) _ {g(r —4-Ri(1)) if N,,(A)(t —4-Ri(t),1) <3

1

0 elsewhere
i=1,2,...,N
(5)
")
_ { Gi(t—7) with 7 : Nl-(A>(tf 1) =3 if 7<4-Rt)
0 elsewhere
i=12,...,N
(6)

A generic New-Reno TCP source halves its congestion
window when a TD loss occurs, while it sets its congestion
window to one packet size when a timeout expires. Conse-
quently, the variation of the congestion window W;(z) is
equal to —(W;(#)/2) when a TD loss is detected, while it
is equal to (Sl(P> — W;(#)) when a TO loss is detected. From
these considerations we obtain the final expression of
Bi(l)i

Bi(1) = — 0, )

i=1,2,...,N

0+ (s = wi0) 40,

Now we will derive the equation that regulates the beha-
viour of the threshold T;(z), separating the slow-start win-
dow range and the congestion avoidance window range.
This threshold is set to half the congestion window every
time a loss is detected; so its variation is equal to zero
when there is no loss indication, and to 1/2W;(z) — T;(¢)
otherwise. Considering Equations (5) and (6) we have:

dTét(t) - (WT(I) - Ti(t)> (™ w0+ 0) (8)

i=1,2,...,N

Finally, we derive the relationship to calculate the num-
ber of bytes D;(), which have been successfully sent by
the source i from its start until the time 7. Let us note that
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when D;(#) is equal to the size of the file to be sent by the
source i, this source has concluded its transmission.

The variation in the number of bytes successfully sent
by the generic source i is given by the arrival rate of ACKs
at the source /ISA)(t), that is:

§®)

dDi(t) i (A) .
—dt —W}ﬁ (t) l—1727...,N (9)
Up to now we have derived a set of 3 - N differential
equations that describe the average behaviour

(Wi(t), T;(t), Di(t)) of N TCP sources (in particular using
the New-Reno version) in a generic network. It is impor-
tant to point out that we can reduce the number of equa-
tions, which describe the sources by grouping the flows
having the same average behaviour. More specifically, a
group is made up of all flows following the same path in
the network, having the same packet size and starting at
time instants belonging to an interval that is 3—4 times
shorter than their average RTT.

In this way we can divide the N flows into K groups
(K<N). A generic group k contains n; flows, where
k=1,2,...,K, with the condition n;+ny,+---+
ng = N. Since we are also considering data-limited
sources, the N sources may not all be active at the same
time, because some of them may have concluded their
transmission, or not yet started to transmit. Let a;(z) be
the number of active sources in the group k at the instant
t(ak(t) < }’lk).

If we indicate the arrival rate of ACKs and the rate of
lost packets for the kth group of flows as w,(cm(t) and
O (1) respectively, we can write:

(A)
15‘*&;):% i=1,2,....N (10)
0 —Zf((:)) i=1,2,....N (11)

,(CA)(I) and 4 (¢) will be derived in Subsection 2.2.

For each group of flows we will consider a function f; (s)
that represents the number of sources in the group k that
have to transmit a file of a size less than or equal to s,
expressed in bytes. Consequently, if we indicate the num-
ber of bytes successfully sent by a generic source belong-
ing to the group k as Dy(r), the number of sources
belonging to group k which are active at time 7 is:

ak(t) = Ny —fk(Dk(l‘)) k=1,2,...,K (12)

Equations (2),(8) and (9) are the set of characteristic
equations of TCP sources. Given the buffer queue length
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q(t) for=1,2,...,L, the arrival rate of ACKs w,((A) (r) and
the arrival rate of loss indications Q(¢) for k=1,2,...,K
(see Table 1), it is possible to derive the total emission rate
Thy () at the generic time instant ¢ for each group:

W)
Rk(l‘)

where W;(¢) and Ry (r) respectively represent the window
size and the RTT of a generic TCP source belonging to
group k.

On the other hand, the processes Thy(z), for
k=1,2,...,K, are input variables for the network model
(see Table 1).

Thy(1) = ax(t)

fork=1,2,....K  (13)

2.2. TCP receiver model

In our framework we assume that the generic TCP receiver
sends one ACK packet for each received packet. As we
will show, the TCP receiver model is made up of two sim-
ple relationships. Furthermore, we do not need to consider
them for each receiver, but for each group of receivers, that
is the set of receivers of packets sent by sources belonging
to the same group.

Let us indicate the total arrival rate (expressed in
bytes/s) at the generic group k of receivers as /1,<(P>(t).
The emission rate of ACKs ,u,((A>(t) (expressed in bytes/s)
can be calculated simply considering the data packet
size S,((P> and the ACK packet size S as scaling
factors:

fork=1,2,....K (14)

In a similar way, if we indicate the input packet loss rate
for the group of receivers as ukLoss)gt), we can derive the
e (L .
output rate of loss indications r; (¢) as follows:

S(A)
O =2 V) fork=1,2,... K (15)
s
k
The emission rate of ACKs, ,u,((A> (1), and the output rate

of loss indications, r,ELOSS)(t), are the input variables for

the network model (see Table 1).

2.3. DiffServ network modelling

As we have already said, we are considering a DiffServ
architecture in which the AF PHB is defined with two
DP values. In this paper we assume the service profile of
a given traffic aggregate to be completely defined by both
its committed average information rate (CIR) and its com-
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mitted maximum burst size (CBS).! In a general case, a
traffic aggregate can comprise both forward TCP traffic
and reverse ACK traffic. Although our modelling approach
is potentially able to capture this occurrence, for the sake
of simplicity we will consider 2-M traffic aggregates in our
framework: the traffic aggregates 1, 2,..., M collect
forward TCP traffic, while the traffic aggregates M + 1,
M—+2,...,2-M collect the corresponding reverse ACK
traffic.

We also assume that reverse ACK traffic has the same
traffic profile as the relative forward TCP traffic, that is
the service profile assigned to the mth traffic aggregate is
the same as that assigned to the (m + M)th one.

Packets belonging to the generic traffic aggregate are
marked by a token bucket in the network access routers,
then they pass through a set of router buffers in which
multi-level RED (MRED) AQM algorithms are implemen-
ted. In Subsections 2.2.1, 2.2.2 and 2.2.3 the fluid-flow
models of token buckets, buffers and MRED algorithms
are presented.

2.3.1. Token-bucket model. At the edge routers a token
bucket for each aggregate marks packets as IN if they
are ‘in-profile’, or OUT if they are ‘out-of-profile’. As is
well known, a token bucket can be seen as a virtual buffer
of size CBS loaded at a rate of CIR tokens per second. A
token represents the right to transmit a fixed amount of
bytes, S. CIR will be expressed in bytes per second
and CBS in bytes. When a packet arrives at an edge router,
if the corresponding token bucket is not empty, a token is
removed and the incoming packet is marked as IN; other-
wise it is marked as OUT. Because we assume the presence
of 2-M traffic aggregates, we will have 2-M token buckets
in the network.

Let U,,() be the arrival rate of the mth traffic aggregate
at the input of the mth token bucket (m =1,2,...,M).
Because U,,(f) is the sum of the emission rates of the
sources (or receivers) belonging to the mth traffic aggre-
gate, if we indicate the set of groups of flows belonging
to the traffic aggregate m as G,,, we obtain:

N, (l) _ ZkEG,,, Thk(t) m=12...M
! Seo () m=M+1,M+2,...2.M

(16)

Let V,(t) be the length of the virtual buffer of the generic
token bucket m, and let CIR,, and CBS,, respectively be

"n this scenario CIR = CBS = 0 defines the service profile of a best-effort
traffic aggregate, if any.
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the associated CIR and CBS. Furthermore, we indicate the
output rate of IN and OUT packets at the output of the
token bucket m as <p,<n )() and <p,(ﬂ T>() respectively.
When the virtual token buffer is not empty all the packets
are marked as IN and the rate of IN packets will therefore
be equal to the rate of incoming packets; when, on the
other hand, the wvirtual buffer is empty, at most
CIR,,/ N packets/s are marked as IN, while the remain-
ing packets are marked as OUT.

In other words, the rate of IN packets at the output of the
token bucket is given by:

\I’m(t)

0 if V() >0
Sam (t - .
min(CIR,,, ¥,,(1))

if V,,(1) =0 an

The rate of OUT packets will be the difference between
the rate of incoming packets and the rate of IN packets:

PO (1) = W, (1) — SN (1) (18)
Therefore, V,,(#) can be calculated as follows:
av,u()
dr
with the constraint

— CIR,, — o™ (1)

Vm (t) < CBSm

(19)

2.3.2. Buffer model. The token bucket output rates of IN

511

° A;X)( t): total arrival rate (in bytes per second) of X
packets at a generic buffer / at time ¢ > 0;

° wk ! ( ): average arrival rate (in bytes per second) at the
buffer [ of X packets, belonging to the group k at time
t>0;

° ,u,(:?(t): average output rate (in bytes per second) from
the buffer / of X packets, belonging to the group k at time
t>0;

° pfo(t): drop probability function applied to X packets,
at the generic buffer / € L at time t > 0;

e p;(1): drop probability function applied to a generic
packet at the generic buffer / € L at time ¢ > 0;

® 7,(2): loss rate (in bytes per second) for sources belong-

ing to the group k at the output of the buffer /.

To calculate the average arrival rate @bg)( 1) at the buffer
[ of X packets belonging to the group k, We have to con-
sider the ordered set of buffers H;, = {hl Jhy >, . hl@,
hfﬁl, h } in the path followed by data packets and
then by ACKS belonging to group k. With this notation
h; and h(s> represent the buffers that send their packets
to the routers to which the receivers and sources of group
k are directly connected, while thl is the buffer to which
the receivers of group k send their ACK packets. Therefore
we have:

o (1)
Thk([) - 1f]: 1(Vk€ GmalngM)
W (1)
(x) (A, P (1)
1/1,6,,1}@0) = w0y 0 if j=R+1(Vk € Gp,M +1<m<2-M) k=12,....K (20)
x) e
'uk,h_,(»ﬁ)l (l - dh_;k)l> if jZ1,R+1
and OUT packets, (pﬁ,I,N) (t) and <p,(nOUT) () respectively, where d,u is the propagation time along the output link of

represent the input traffic for the first buffer in the set of
buffers passed through by packets belonging to the mth
traffic aggregate. Because the temporal variation of the
metrics related to IN and OUT packets can be described
by the same equations, henceforward, if not explicitly
expressed, we will substitute the IN (or the OUT) apex
with X. So when we use the (X) apex, the reader can
replace it with either (IN) or (OUT).

Before continuing with the description of the buffer
model we need to introduce some further notation:

the buffe'r h< )
Consequently, if we indicate the set of groups of flows
passing through the buffer / as G;, we obtain:

=N} weL (21)

keG

The equation that regulates variations in the queue
length ¢(r) of the generic buffer / € L, derives from the
Lindley equation and reads:

ag [ ~G+-p@)-(WV0+A"0) a0 )
- N €
dr [—Ci+ (=) - (AN + AP 0)] it @l =0
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where [f(¢)]" is equal to f(f) when it is positive, and equal
to zero otherwise.

The next relationship that we will derive is the one that
exists in the buffer / to link the arrival rate and the emission
rate of X packets belonging to the generic group k.

The total number of X packets belonging to group k that
will be served by the buffer / up to the time instant
1+ q,(1)/Cy is equal to the total number of X packets arriv-
ing in the buffer minus the total number of X packets lost
in the same buffer up to the instant ¢, that is:

)‘+WT([,> t t
A uﬁ@wzlwﬁww—l¢ﬁwﬁ>

Applying the derivative to both sides of Equation (23)
we obtain:

ug) (H—ql(

()
wkl()l(: ~h (t)) k=1,2,..

v (23)

Q1=
N~

(24)

LKVleL

where:

1 dg(1)

Fi(t) = T

VielL

(25)

The time argument ¢;(7) /C; on the left-hand side of Equa-
tion (24) represents the delay introduced by the buffer. Equa-
tion (24) allows us to calculate the emission rate of X packets
belonging to g{roup k, by dividing the corresponding actual
arrival rate 1/Jk, 1) - ( —p( )( t)) by a factor Fi().

Let us note that, when the queue length does not change,
it follows from Equation (25) that F;(¢) is equal to 1 and, as
expected, Equation (24) states that the emission rate, after
the delay introduced in the buffer, will be exactly equal to
the actual arrival rate. Likewise, when the queue length
increases (F;(t) > 1 in Equation (25)), the emission rate
after the delay ¢;(¢)/C; will be less than the actual arrival
rate, as expected given that the total actual arrival rate (by
all the groups) at the buffer / is in this case greater than its
link capacity C,. Finally, when the queue length decreases
(F,(¢) > 1in Equation (25)), from Equation (25) the emis-

1/)

kth

HOR AMCEWHOR A0

IN (ouT) ouT
ﬂwj+@$w~ N0+ 050
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sion rate is greater than the total actual arrival rate. This
was also expected because in this case the total output rate
is equal to C,.

As further proof of the correctness of Equation (24),
substituting Equation (22) in Equations (24) and (25) for
the case in which ¢;(¢) > 0, it can easily be obtained that:

D) (-

keF; keF;

))ZCI VieL
l

(26)

The above equation states that the total output rate of the
generic buffer / is always equal to its service capacity
when the buffer is not empty.

Note that 1f no packets enter the buffer at the time
instant f, 1/’1«1 () =0 and dg,(r)/dt = —C;. In this case,
although Equation (24) is an indeterminate form 0/0, it
can easily be argued that ug)(t +qi()/C) =0.

Through Equation (24) we can immediately derive
the arrlval rate of ACKs at the sources belonging to
group k, wk ( ), and the total packet arrival rate at the recei-
vers belonging to the same group, )f >( t). In fact, we have:

w/({A) (t) = ﬂ( N) (t _ d > + #(OUT)< _ dh;”)

[

(27)
k=12,....K
(P) _(IN) (OUT)
;Lk (l) = Mk,hg“) ([ — dh(k ) + ,u (l - dhl({k)) (28)
k=12,....K

where d, 2 (dh ) is the propagatlon delay relating to the

output hnk of the buffer h (h(k ) from which the sources
(receivers) belonging to group k receive their ACK (data)
packets.

These two quantities are provided to both the TCP
source model and the TCP receiver model (see Table 1).

Now we will derive the rate y;,(¢) of packet losses suf-
fered by the group of flows k at the output of the generic
buffer /. We assume that the packet loss rate at the output
of the buffer / at the time instant 7 + ¢,(¢) /C; is equal to the
packet loss rate at the input of the same buffer at the time
instant ¢, that is:

ifj=1andj=R+1 (29)

k=1,2,....K
if j>1

Copyright © 2006 AEIT
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Consequently, the rate of packet losses () (in pack-
ets/s) for the kth group of flows introduced in Subsection
2.1 will be:

dml(t)_l{ln(l—oc;)-(ml(t
1

)= al)- (AN O+ A" 0) iran >0 g,
n(l —oy) - Cr-my(t)
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measurement variables. First let us recall the relationship
that describes the time variation of the average queue
length m(z) estimated by RED [12, 14]:

33
if ¢/(r) =0 >

1
O (1) = W"‘)}kﬁgk) (t—dhgk)) k=1,2,...K

while the 1nput })acket loss rate (in bytes/s) for the receiver
group k, uk ) is:

(30)

¥ (1) (31)

Zyk’hg@ (t_dhff)) k=1,2,...K

a sP

M 1 {ln(l — o) - (ml(m(z) _ ql(IN)(l)) .AI(IN)(I)
In(l —oy) - C;-

The last relationship that we need to derive concerns p;(t),
representing the drop probability in the generic buffer / at
time r > 0. Applying the theorem of total probability, we
can calculate p,(z) as follows:

IN A(IN)(t)
pl(l)—PE ><t>A( )()Z+A(OUT>()
(ouT)

AN (@) + A (1)

2.3.3. MRED algorithms

The way to calculate the drop probability functions p§ )(t)
and p?OUT)( t) depends on the buffer management techni-
que adopted in the routers. As an application, we will pre-
sent the expressions of pl(m)(t) and pEOUT) () for three
different AQM mechanisms that provide service differen-
tiation, that is RIO-C, RIO-DC and WRED. These
mechanisms are often globally denoted as MRED algo-
rithms because all of them are based on the same AQM
algorithm, that is RED [4], and apply multiple sets of
RED parameters to packets having different priority levels,
such as IN and OUT packets. However, different MRED
algorithms calculate dropping probabilities using different

Copyright © 2006 AEIT

where o; represents the weight in the EWMA filter used to
estimate the average queue length.

Let m™)(¢) be the estimated average length of the IN
packet virtual queue, that is the virtual queue collecting
the ordered sey%uence of IN packets queued in the buffer,
denoted as ql
The relationship for the calculus of mlI )( t) can be directly
derived from Equation (33):

(34)

where the length of the IN packet virtual queue can be
derived by the following equation:

dg,™ (1) _
dr
O RN () AN £
—e+ (1-p™N @) - AN if gn) >0
VielL
(=2 @) A0 if qu(r) =0
(35)

Moreover, let m§OUT) (t) be the average estimated length

of the OUT packet virtual queue; it can easily be calcu-
lated as:

ouT
m*" (1)

=m(t)—m™N(@) vieL  (36)

All MRED algorlthms use two dlfferent RED discarding
functions, pg (¢) for IN packets and p, ur) ( ) for OUT
packets respectively. If we assume the buffer size to be cor-
rectly designed, that is the AQM discarding function works
in such a way that any overflow is prevented, the drop
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probability functions p}IN) () and pEOUD (¢) can be derived
as:
. IN
0 it M™ (1) < 1)
(N) MM (1) — (IN) _ 3 /(IN) N)
P (t) = (IN) (H\IJI)HHI px(illlj)(), if tmm <M ( )<t1(ﬂax/
Imax; — z‘mm,
1 it M™ (1) > 1)
(37)
P ()
0 if MI(OUT)(z) < zfﬁg T
(OUT) (ouT)
M, () = toyin 0 (0UT) _ 5 -(OUT) (OUT)
N {oUT) _ ooT) S it <M (1) <t
max; min,
1 if M,(OUT)( 1) > AOUD)
max;
(38)
where tf&?, tfnax) , ,(nax), fgf R Eﬁ‘{”, pfﬁl‘;” are the MRED

parameters, and M, (1), M, (OUT)( t) are the estimated aver-
a e lengths con51dered by the buffer / in order to derive
P >( t) and Pz T>( t) respectively. They depend on which
MRED algorithm is adopted (RIO-C, RIO-DC or WRED).

RIO-C stands for RED with in/out and coupled average
queues, and represents the traditional RIO algorithm. In
the RIO-C algorithm, the discarding function relating to
IN packets is based on the estimated average length
m ™) (¢) of the IN packet virtual queue, while that relating
to OUT packets is based on the estimated average length,
m(t), of the whole buffer queue.

RIO-DC stands for RED with in/out and decoupled
average queues. In the case of RIO-DC, the discarding
function relating to IN packets is based on the estimated
average length, m™)(z), of the IN packet virtual queue,
while that relating to OUT packets is based on the esti-
mated average length, m(©VT)(t), of the OUT packet virtual
queue, that is the ordered sequence of OUT packets
queued in the buffer.

WRED stands for weighted-RED. In this MRED algo-
rithm both the discarding functions relating to IN and
OUT packets are based on the estimated average length,

m(t), of the whole buffer queue.

Therefore, de[\;I)endlng on the MRED algorithm adopted by
the buffer /, M () and M, (OUT>( 1) will be set as follows:

m™ (1) for RIO - C
™ (1) for RIO — DC
for WRED

(39)
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my(1) for RIO — C
M(OUT) (l) _ ml(OUT) (f) for RIO — DC (40)
my (1) for WRED

2.4. Numerical solution of the model

The tool developed to solve the system of differential
equations making up the model is based on the finite dif-
ferences method. Specifically, we consider a first-order
approximation of the temporal derivative:

df(t) _fle+h) —f(1)
dt h (41)

It is called the forward difference because it calculates
the derivative in the positive (forward) direction. Equation
(41) allows us to calculate the value of f(r+ h) when the
value of f(#) is known. So, starting from the initial condi-
tions it is possible to iteratively determine the sampled
temporal evolution of f(r). The sampling period is A: the
smaller £ is, the higher the level of accuracy. On the other
hand, excessively low values of & determine unacceptable
processing times.

The correct choice of / in our framework has to be made
by taking into account the link capacity values in the sce-
nario addressed. In fact, if we set & equal to the inverse of
the link capacity expressed in packets/s, we obtain a sam-
ple for each transmitted packet; therefore the accuracy is
similar to that achieved in per-packet simulation. Actually
we found that choosing values of 4 slightly greater than the
inverse of the maximum link capacity in the network does
not produce any significant variations in the shape of the
model solution. This means that the inverse of the maxi-
mum link capacity can be considered as a lower threshold
for h.

The upper threshold for 4 is represented, instead, by the
minimum propagation delay. In fact, if /4 is greater than the
propagation delay, the model solution is not able to repre-
sent the propagation effects on the network variables.

From a large number of tests we deduced that the for-
ward difference used to solve the proposed model consti-
tutes the best trade-off between accuracy and
computational complexity.

3. MODEL ASSESSMENT

In order to demonstrate the accuracy of the proposed
model, in this section we compare the results with those
obtained by the ns-2 simulator. We consider a network
consisting of six MRED routers named A, B, C, D, E
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Figure 1. Network topology.

and F, with one or more LANSs directly attached to each of
them. The network topology is shown in Figure 1.

We study three scenarios which differ from each other
according to the MRED mechanism adopted in the routers.
For the sake of simplicity in this section we assume that in
each scenario all the routers adopt the same MRED
mechanism for all the queues located on their output links.
We will refer to Scenario 1, Scenario 2 and Scenario 3
when all the routers implement the RIO-C, RIO-DC and
WRED techniques in their buffers respectively. The other
configuration parameters for each MRED router are shown
in Table 2.

Let us assume that the network is loaded by six traffic
aggregates, each following the paths listed in the second
column in Table 3. The third and fourth columns in the
table give the traffic profile used for each traffic aggregate,
expressed in terms of CIR and CBS parameters.

Moreover, let us assume each traffic aggregate to be
made up of two groups of flows: one generated by greedy
TCP sources and the other by data-limited TCP sources.
We assume that data-limited sources belonging to the same
traffic aggregate start to transmit files of the same size at
approximately the same instant, even though this is not a

Table 2. MRED router configurations.

Router tﬁﬂ) lgi() SI;() tf,gf B rfﬁ?“ S%ET) o
A-B-C-D-E-F 100 150 0.1 50 100 0.5 0.0001

Copyright © 2006 AEIT

restrictive hypothesis. Table 4 gives detailed information
about all the groups of flows.

The network analysis was carried out assuming that all
the links had the same capacity, ranging between 10 and
150 Mb/s. We consider 1000-byte fixed-size packets. The
results provided by the proposed model are shown in
Figures 2, 3 and 4, where they are compared with those
obtained by the ns-2 simulator. All the simulation results
were obtained from the average of 30 simulation runs. In
the worst case, we had a 5% accuracy with a 95% confi-
dence interval.

The average queue lengths shown in Figure 2 only refer
to the two bottleneck buffers in the network; the results
obtained by using both ns-2 and our model show, in fact,
that the remaining buffers are practically empty through-
out the observation period. As can be seen in Figure 2,
our model captures the average queue length of both buf-
fers quite well, whatever scenario we address.

Moreover, Figure 2 shows that when the output link
capacity is lower than ¢ = X;CIR;, which is the summa-
tion of the CIR parameters assigned to the traffic aggre-
gates flowing through the router, all the M-RED
mechanisms determine approximately the same average
queue length in the router buffers; on the other hand, when
the link capacity increases over the threshold ®, RIO-DC
routers (Scenario 2) present higher average queue lengths
than RIO-C and WRED routers. When the output link
capacity is lower than ®, in fact, the average throughput
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Table 3. Description of traffic aggregates.

M. BARBERA ET AL.

Traffic aggregate Path followed

Committed information Committed burst

identifier (source—routers—destination) rate (CIR) [packets/s] size (CBS) [packets]
Al Li—A—B—-C-1L3 2000 150
As LiL—-A-D-F—-1, 2000 150
Az L,—B—-—C—1Ls 1000 100
Ay Le—E—D—-B—C—1L, 2000 150
As Le—E—D—F—1, 1000 100
Ag L;—F—B—C—Ls 1000 100

Table 4. Information about groups of flows.

Index of group (k) Number of flows

Traffic aggregate

File size [packets] Starting time [s]

1 100 A
2 40 A
3 100 A,
4 40 A,
5 50 As
6 20 As
7 100 Ay
8 20 As
9 50 As
10 40 As
11 50 As
12 20 As

greedy 0
50 20
greedy 0
30 60
greedy 0
100 70
greedy 0
50 50
greedy 0
1000 40
greedy 0
500 30

of TCP traffic aggregates is low due to the congestion con-
trol algorithm; consequently, the token buckets in the edge
routers mark almost all the packets as IN packets. So, the
M-RED routers provide the same performance as their
parameters are the same in all the scenarios addressed.

Of course, good network parameter dimensioning
requires the capacity of each link to be greater than the
sum of the CIR of the traffic aggregates passing through
the link. The above considerations highlight that none of
the M-RED mechanisms is able to recover a wrong net-
work dimensioning of link capacities.

When, on the contrary, the link capacity is higher than
®, the average throughput of TCP traffic aggregates is
higher than the assigned CIR, and there are a large number
of OUT packets in the network. As the OUT packet dis-
carding probability in RIO-DC routers is driven by the
estimated average queue length of OUT packets only, the
RIO-DC router discarding probability is lower than that of
RIO-C and WRED where, in both cases, the discarding
probability is driven by the estimated average queue length
of all the packets. Consequently, the average queue length
in RIO-DC routers will be higher than in RIO-C and
WRED routers. Moreover, as expected, in all the scenarios

Copyright © 2006 AEIT

addressed the average queue length tends to become con-
stant close to the value (tﬁﬁ‘,{“ + tfn?f T)) /2 when the link
capacity increases. Therefore, there are no more improve-
ments in the average RTT by increasing the link capacity:
only the throughput assigned to the sources increases.

Figure 3 compares the average throughput for two traffic
aggregates obtained by ns-simulation and by applying the
proposed model. Figure 4 compares the average loss ratio
suffered by a generic TCP source belonging to the above
traffic aggregates. Both figures demonstrate the accuracy
of our fluid model in predicting the average throughput
and loss probability of TCP sources in the network. For
the sake of conciseness we have not presented the results
for the other traffic aggregates, but we found a good match
like that achieved in Figures 3 and 4.

The fluid-flow model proposed in this paper is also able
to capture the average transient behaviour of the network.
As a demonstration, in Figure 5 we have plotted the aver-
age queue length value of the two bottleneck routers dur-
ing a time interval of 100s. All the routers in the network
adopt the WRED mechanism. The link capacity (10 Mbps)
was chosen suitably low in such a way as to facilitate
comparison with ns-2 simulation results in the plot. The
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Figure 2. Average queue length: comparison between simulation and proposed model. (a) Average queue length of the router B output
buffer towards router C—Scenario 1; (b) average queue length of the router D output buffer towards router F—Scenario 1; (c) average
queue length of the router B output buffer towards router C—Scenario 2; (d) average queue length of the router D output buffer
towards router F—Scenario 2; (e) average queue length of the router B output buffer towards router C—Scenario 3; (f) average queue
length of the router D output buffer towards router F—Scenario 3.
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Figure 3. Average throughput: comparison between simulation and proposed model. (a) Average throughput for traffic aggregate
A;—Scenario 1; (b) average throughput for traffic aggregate As—Scenario 1.

averaging interval for the simulation results is equal to the
sampling period 7 =0.001.

The average queue length obtained by the fluid model
fits the average queue length calculated using the ns-2
simulator quite well in both cases. In particular, the model
is able to capture the queue length variations due to activa-
tion or deactivation of data-limited TCP sources. For the
sake of conciseness we do not show the temporal variation
in the average queue length for RIO routers; however,
they confirmed the same capacity to capture transient phe-
nomena.

4. A CASE STUDY

As an application of the proposed model, in this section we
will address the problem of link capacity dimensioning in
a DiffServ domain. We consider a network with the topol-
ogy presented in Figure 1, and assume that in this domain
an AF-PHB (with two DPs) is defined for TCP traffic. Let
us note that even when several PHBs exist in the network
this is not a restrictive hypothesis because in a DiffServ
environment routers usually implement scheduling techni-
ques that assign each PHB a fixed quantity of bandwidth.
In the above scenario, we are interested in calculating, for
each router, the minimum bandwidth that the schedulers
have to assign the AF-PHB relating to TCP traffic such that
the QoS requirements are satisfied.

Copyright © 2006 AEIT

Since the TCP protocol is reliable in packet delivery, we
only consider one performance parameter to differentiate
the QoS provided by the network, that is, the actual band-
width available for it. For this reason, for the AF-PHB that
we are considering, the QoS requirements will only be
expressed in terms of goodput, that is in terms of through-
put without considering the packet loss rate.

We assume that the traffic load of the network is the
same as that considered in Section 3. For the reader’s con-
venience in Table 5 we reorganise the traffic load informa-
tion listed in Tables 3 and 4, adding the goodput that we
assume to be required by each traffic aggregate in the last
column.

Before dimensioning the link capacities we have to
choose the token bucket configuration parameters CIR
and CBS, with the aim of marking the packets for each
aggregate correctly. For each token bucket, the CIR value
is obviously equal to the goodput required by the traffic
aggregate passing through it. The CBS value, on the other
hand, represents the maximum permitted burst size; so for
packets to be marked correctly CBS has to be greater than
the maximum burst size that an aggregate conforming to
its traffic profile could generate. It can easily be argued that
this maximum burst size occurs when both the average rate
of packets belonging to a traffic aggregate is CIR during an
RTT, and the corresponding ACK packets arrive almost at
the same time. In this case, in fact, the TCP congestion
control algorithm will allow a burst of CIR-RTT in-profile
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Figure 4. Average loss ratio: comparison between simulation and proposed model. (a) Average loss ratio for a greedy source belonging
to the traffic aggregate A;—Scenario 1; (b) average loss ratio for a data-limited source belonging to the traffic aggregate A;—Scenario
1; (c) average loss ratio for a greedy source belonging to the traffic aggregate As—Scenario 1; (d) average loss ratio for a data-limited

source belonging to the traffic aggregate As— Scenario 1.

packets to be generated. Let us note that the larger the size
of the router buffers (that is the higher the RTT), the lower
the probability of the simultaneous arrival of all the ACKs
related to ‘in flight” packets. For this reason, we will assu-
me the CBS in each token bucket to be CBS = CIR-
RTT =~ CIR - 4d,a, Where dpya is the propagation delay
along the path from the source to the receiver. We will
see at the end of this section that the RTT estimation used
in the above formula is coherent with the RTT value pro-
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vided by the designed network, that is, RTT < 4dpy.
Table 6 lists the set of token bucket parameters that we
consider in the network.

In order to solve the problem of link capacity dimen-
sioning we will initially assume that all the routers in the
DiffServ network adopt the WRED mechanism. Unlike
RIO techniques, in fact, the WRED mechanism has
already been adopted in several systems (for example the
Cisco 10000 series). Then, as a second step, we will try to
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Figure 5. Average queue length temporal behaviour: comparison between simulation and proposed model. (a) Temporal behaviour of
the average queue length of the router B output buffer towards router C; (b) temporal behaviour of the average queue length of the

router D output buffer towards router F.

further minimise network capacities by substituting some
WRED routers with RIO ones. In any case, the parameters
listed in Table 2 are used.

In order to calculate the lowest-cost network configura-
tion, that is, the minimum bandwidth to be assigned to the
output link of each buffer to provide traffic aggregates with

Copyright © 2006 AEIT

the required QoS, we first consider a configuration in
which each buffer in the network routers has a service rate
exactly equal to the sum of the goodputs required by the
traffic aggregates passing through it (configuration CF;
in Table 7). We will refer to this configuration as ‘exactly
provisioned configuration’. It is evident that because of the
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Table 5. Information about traffic load.
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Traffic Path followed Number of File size Starting Goodput

aggregate (source—routers—destination) flows [packets] time [s] required [Mb/s]

Ay L —A—-B—-C-14 100 Greedy 0 16
40 50 20

As L —-A—-D—-F—1L, 100 Greedy 0 16
40 30 60

As L, —B—-C—14 50 Greedy 0 8
20 100 70

Ay Le—E—D—-B—C—1Ly4 100 Greedy 0 16
20 50 50

As Le—E—D—F—1y 50 Greedy 0 8
40 1000 40

Ag L;—F—-—B—-C—1Ls 50 Greedy 0 8
20 500 30

Table 6. Token bucket setting.

Traffic aggregate identifier CIR [Mb/s] CBS [packets]
Ay 16 150
Ay 16 150
Az 8 100
Ay 16 150
As 8 100
Ag 8 100

AIMD behaviour of the TCP protocol, the ‘exactly-provi-
sioned configuration’ will not satisfy the QoS require-
ments. In fact, it only guarantees the required goodputs
when there are no OUT packets in the network. For this
reason, we will use CF; as the threshold configuration.
Starting from CF;, we increase the capacity of the links
providing traffic aggregates with a lower QoS than the
required one, and decrease the capacity of links providing
traffic aggregates with a higher QoS. Of course the capa-
city of each link has to be greater than the corresponding
one in the exactly-provisioned configuration.

Table 7 presents the results obtained, highlighting the
unacceptable goodput values (grey cells) for each config-
uration considered. For the sake of simplicity, we assume
that a granularity of 1 Mb/s is permitted in setting the link
capacities.

In Table 7 CFyg is the minimum-cost configuration when
the WRED mechanism is used in all the routers because it
is the configuration requiring the lowest total link capacity
(165Mb/s) among all the configurations satisfying the
QoS requirements. Moreover, we observe that in CFg only
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three links have their minimum value (links A — D, D — B
and E — D), while the link B — C requires the higher
capacity (51 Mb/s). Let us note that this is the most heavily
loaded bottleneck link, as discussed in Section 3. Let us
now try to further minimise the other network capacities
by substituting some WRED routers with RIO ones. What
we expect now is that, in the same conditions, the RIO-C
algorithm will perform better than WRED. In fact the RIO-
C algorithm protects IN packets more than WRED because
RIO-C calculates the IN packet drop probability according
to the estimated average queue of the IN packets only;
WRED, on the other hand, calculates the IN packet drop
probability according to the estimated average queue of
all the packets. On the contrary, we expect RIO-DC to per-
form worse than WRED; RIO-DC, in fact, calculates the
OUT packet drop probability according to the estimated
average queue of the OUT packets only, whereas WRED
calculates the OUT packet drop probability according to
the estimated average queue of all the packets, thus provid-
ing a more constraining control on OUT packets than RIO
DC.

The above considerations are confirmed in Tables 8 and
9, which summarise the results provided by analysis of two
scenarios in which the WRED buffer in the most heavily
loaded bottleneck link (B — C) is replaced by a RIO-C
and a RIO-DC buffer respectively. In both cases the para-
meters shown in Table 2 were used.

More specifically, Table 8 shows that RIO-C provides
the required QoS by assigning a lower total bandwidth
than CFg (163 Mb/s with the configuration CFis);
Table 9, on the contrary, shows that the RIO-DC results
are completely unacceptable when the same bandwidth
assignment as CFg is considered. In order to reduce as
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Table 7. Goodputs achieved by traffic aggregates with different configurations in the presence of WRED routers only.

Config. Link capacities Achieved goodputs
A—-B A—-D B—-C D—B D—F E—D F—B TOTAL A, A, A; Ay As Ag
[WRED] [WRED] [WRED] [WRED] [WRED] [WRED] [WRED]

CF,; 16 16 48 16 24 24 8 152 15.77 1598 8.55 15.79 8.01 7.87
CF, 17 17 49 17 25 25 9 159 1585 16.65 922 1575 834 1797
CF; 18 17 50 18 26 25 10 164 1598 1646 937 1584 853 8.16
CF, 19 17 51 19 27 25 10 168 16.18 1634 9.62 16.02 8.63 8.24
CFs 19 17 51 18 27 25 10 167 16.16 1630 9.59 16.01 8.65 8.21
CF¢ 19 17 51 17 27 25 10 166 16.20 16.24 9.78 16.01 8.71 8.20
CF; 19 17 51 17 27 25 9 165 1630 16.29 10.01 1599 8.67 8.15
CFg 18 17 51 17 27 25 10 165 16.02 16.24 9.94 16.01 8.72 8.20
CF, 18 17 51 17 27 25 9 164 16.07 16.28 10.14 1598 8.66 8.14
CFjo 17 17 51 17 27 25 10 164 1596 1625 10.18 16.00 8.71 8.24
CF, 18 17 50 17 27 25 10 164 1595 1623 939 1591 8.71 8.13
CF, 18 17 51 17 26 25 10 164 16.01 1644 990 1591 854 823

Table 8. Goodputs achieved by traffic aggregates with different configurations in the presence of WRED and RIO-C routers.

Config. Link capacities Goodputs achieved

A—B A—-D B—-C D—B D—F E—D F—B TOTAL A, A, Ay Ay As Ag
[WRED] [WRED] [RIO-C] [WRED] [WRED] [WRED] [WRED]

CFi3 18 17 51 17 27 25 10 165 16.10 16.26 9.87 16.07 8.68 822
CFy4 18 17 51 17 27 25 9 164 16.14 1630 10.06 16.03 8.66 8.16
CF;s 17 17 51 17 27 25 9 163 16.02 16.30 10.16 16.02 8.66 8.10
CFy¢ 17 17 51 17 26 25 9 162 16.06 16.46 10.30 1599 8.52 8.17
CFy; 17 17 50 17 27 25 9 162 1594 1627 9.62 1592 8.66 8.05

Table 9. Goodputs achieved by traffic aggregates with different configurations in the presence of WRED and RIO-DC routers.

Config. Link capacities Goodputs achieved

A—B A—-D B—-C D—B D—F E—D F—B TOTAL A, A, Ay Ay As Ag
[WRED] [WRED] [RIO-DC] [WRED] [WRED] [WRED] [WRED]

CF;g 18 17 51 17 27 25 10 165 12.88 16.11 17.02 11.55 8.84 7.27

Table 10. Goodputs achieved by traffic aggregates with different configurations in the presence of WRED and 2 RIO-C routers.

Config. Link capacities Goodputs achieved

A—-B A—D B—-C D—B D—=F E—=D F—B TOTAL A, A Ay Ar As Ag
[WRED] [WRED] [RIO-C] [WRED] [WRED] [RIO-C] [WRED]

CFj9 17 17 51 17 27 25 9 163 16 16.30 10.16 16.04 8.64 8.13
CFy, 17 17 51 17 26 25 9 162 16.03 16.45 10.24 16.06 8.56 8.10
CF,, 17 17 50 17 26 25 9 161 1594 1643 9.64 1595 8.54 8.06
CF,, 17 17 51 17 25 25 9 161 16.08 16.66 10.38 1599 834 8.18
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Table 11. Goodputs achieved by traffic aggregates with different configurations in the presence of RIO-C routers only.

Config. Link capacities Goodputs achieved
A—-B A—-D B—-C D—B D—F E—D F—B TOTAL A, A, As Ay As Ag
[RIO-C] [RIO-C] [RIO-C] [RIO-C] [RIO-C] [RIO-C] [RIO-C]
CF»;3 17 17 51 17 25 25 9 161 16.08 16.65 104 1599 834 8.16
CFyy 17 17 50 17 26 25 9 161 1598 1644 9.66 1596 854 8.07

much as possible the bandwidth that the routers have to
assign to traffic belonging to the AF-PHB being consid-
ered, we studied both a scenario in which the second bot-
tleneck link (D — F) also adopts the RIO-C algorithm
(Table 10) and one in which all the routers are RIO-C rou-
ters (Table 11). The results obtained demonstrate that the
use of two RIO-C buffers allows us to further reduce the
total amount of bandwidth required using configuration
CF,g, while the use of RIO-C routers in all the network
does not produce any further improvements.

Finally, let us note that the assumption we made about
the RTT estimation in the computation of CBS, that is,
RTT = 4dpqn, is confirmed. In CF,, in fact, the link capa-
cities of the two bottleneck links (B — C and D — F) cor-
respond to average queue length of about 100 packets (see
Figure 2a,b respectively). Since we considered a packet
size of 1000 bytes, the queuing delay is approximately
16 ms in the router B output buffer towards router C and
32 ms in the router D output buffer towards router F. On
the other hand, the propagation delay dp,q, from a generic
sender to the corresponding receiver in the network is in
the range [10, 20]ms, consequently the relationship
RTT < 4dpn is always true in the scenario addressed.

5. CONCLUSIONS

In this paper we have defined an accurate fluid model of a
DiffServ network supporting TCP sources which are not
necessarily greedy, also taking the slow-start phase into
consideration. Network nodes adopt WRED or RIO
AQM mechanisms to guarantee service differentiation.
We have compared the results given by the model with
those obtained via simulation, obtaining a good match
for both transient and steady-state network behaviour.
The main characteristic of the proposed analytical
approach is its scalability with respect to both the number
of traffic flows considered and the complexity of the net-
work topology. For this reason the tool developed to solve
the system of differential equations making up the model
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gives the average values of network and source variables in
a much shorter time than simulation. In addition the model
results can easily be analysed because they do not present
the randomness of the simulation results. These properties
make our modelling approach suitable to address the issue
of network parameter optimisation. As a case study, the
design of link capacity versus the AQM technique used
in the network by means of an iterative optimisation
algorithm has been discussed.
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