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Two event-driven simulation ft‘:qols .

aimed at testing access control and
 routing mechanisms in an Asynchronous
Transfer Mode (ATM) environment are
presented. The first one is dedicated to the
behavioural description of an ATM
Virtual Circuit (VC) switch. The purpose
is to test resource allocation and Call “
Admission Control (CAC) stmtegies,_ 50
only the relevant events for this objective
are considered and some important
functions (e.g., the switching element) for
a complete description of an ATM switch
are not explicitly modeled. The second
 simulator has been designed to test |
routing strategies for an ATM network.
In such a case, a higher level of abstraction
than in the previous one is necessary and,
again, only the meaningful events to the

aim are taken into account. Some resource

allocation, CAC, and routing schemes are
also reported, along with the description
of the simulation tools. Several simulation
results are discussed, in order to assess
their performance.
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1. Introduction
Due to the increasing complexity of telecommunica-
tion systems and networks and to the large number
of technical details to be accounted for, simulation
tools have reached considerable importance for
performance analysis in this area. Analytical model-
ing of data transmission details, through a computer
network (or, more generally, of services in an inte-
grated services network), is often a very difficult
task, because it may involve many functionalities
throughout a layered architecture: from application
layer protocols, which are, substantially, software
procedures, to the hardware devices used for trans-
mission over the physical channel. On the other
hand, the implementation of a prototype for network
analysis, with a research aim, is complex and expen-
sive. Both universities and research and development
laboratories inside a company often prefer the
utilization of simulation tools to investigate the
behaviour of the system under analysis. Another
advantage of simulation is that a small part of a
whole system can be picked out, if of interest, and
other complex details, even though essential for a real
implementation, can be temporarily not considered.
The specific application area of high-speed net-
works treated in this paper has received a great deal
of attention in these last few years. In more detail,
ATM networking has been the object of research
from many points of view: physical transmission [1],
switching [2], operation and maintenance [3], and
CAC and routing at the call level. As far as the last
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two topics are concerned, a huge amount of literature
is available: [4-8], for example, are dedicated to call
admission schemes, while [9-18] refer to bandwidth
allocation in order to guarantee Quality of Service
(QoS). Concerning routing, [19-26] is a list of refer-
ences on the topic. Most of the papers listed above
use simulation to analyze the performances of their
proposals, but they do not describe the structure of
the simulation tools. On the contrary, [27] and [28]
explicitly indicate some details about the utilized
ATM simulator; and [29-32] provide some informa-
tion about simulation methodologies, although in a
different network context. Reference [33] contains a
chapter on the fundamentals of ATM simulation.

Two simulators will be presented in this paper. The
first one has been used to test the efficiency of the
CAC schemes in [5] [8] and [9]; the second one to
analyze the routing policies in [19]; so, the objective
is not the design of an ATM switch general purpose
simulator, but the description of tools that explicitly
suit CAC and routing in a particular environment.
Event-driven simulators have been designed in both
cases, because, as explicitly indicated in the follow-
ing, the systems under analysis can be modeled as a
sequence of countable events, and nothing of interest is
supposed to take place between the mentioned events
[34]. Simulated time is advanced by using next-event
time advance [35]; time is moved from the instant of the
current event to the time of the next scheduled one. The
random variable generation has been performed by
following the indications of the literature [36, 37], as
well as the decisions about the simulation length [38].

In more detail, the quantities needed to be mea-
sured here are, concerning the node simulator, the
cell loss rate (i.e., the ratio between the cells arrived
with a full buffer and the total number of arrived
cells) and the queuing delay (the average time
necessary to traverse the buffer); as far as the net-
work simulator is concerned, the number of blocked
calls and the overall number of call requests are the
meaningful quantities. The traffic is divided into
classes (by assuming Service Separation, as discussed
in [39]), which are characterized by performance
requirements as packet loss rate and delayed cell
rate, and by statistical parameters as peak and
average bandwidth. The switching element consid-
ered is an output buffer one, where a buffer of fixed
length is dedicated to each traffic class at each
outgoing link. The number of input links is limited
only by the number of accepted connections, as is
often done in the literature [27-29]. Particular atten-
tion is dedicated to the modelling of the traffic
behaviour: each connection is considered indepen-
dent of the others and a Talkspurt-Silence model has
been chosen to represent each call. This model is

10 SIMULATION JANUARY 1997

particularly suitable to describe bursty traffic for
voice and data [40] and has been extensively used as
a traffic generator in other studies; [41], for example.

The paper is structured as follows. Section 2 is
dedicated to the ATM node simulator, and is divided
into subsections, which describe: the traffic genera-
tors, a general behavioural description of the ATM
node, the events used in the simulator, and the
different resource allocation and CAC schemes
utilized in the results. The presentation of the network
simulator and of the performed routing strategy is the
object of Section 3, also organized in subsections.
Simulation results in both cases are shown in Section 4.
Section 5 contains the conclusions.

2. The ATM Switch Simulator
2.1 Traffic Generation

As already mentioned, the traffic is divided into a
number H of classes, and each connection is consid-
ered statistically independent of the others and
described by a Talkspurt-Silence model, which is a
two-state Markov chain alternating periods of
activity (burst periods) and periods of silence. Within
a burst period cells are generated with known and
constant bit rate, BfV (peak rate). If the model is
considered in the discrete-time domain, the sojourn
times in both states are geometrically distributed
with known mean value, B (average burst length).
The quantity B{" is the average bit rate of a call; the
ratio between the peak and average bit rate

(b = Bgl’ / B™) is called burstiness and is used as a
measure of the bursty activity of a source.

The traffic source behaviour is depicted in Figure 1,
where three different levels are taken into account:
the connection (or call) level (whose duration is
exponentially distributed with average value 1/u™),
the burst level, and the cell level, whose characteris-
tics have been described above. In the case shown,
the peak rate of the call is one fourth of the total
capacity of the channel, as can be noted in the cell

beginning of the call end of the call

¥

connection
level

burst
level

s cell
7 level

Figure 1. Behaviour of a connection



level in Figure 1, where there are four slots between
two consecutive cell generations.

Concerning the connection request arrival process,
a Poissonian distribution has been chosen. It can be
observed that the description of a connection is
maintained to a level high enough to bypass many
functions which are not meaningful in this context;
e.g., the physical layer, and both the Physical Me-
dium Dependent (PMD) and the Transmission
Control (TC) sublayers.

2.2 Model of the ATM Switch

Even the VC switch model is extremely focused on
particular quantities, relevant to the aim. The switch-
ing element is completely bypassed: any hardware
component dedicated to the reception or the process-
ing (e.g., CRC error codes) of the ATM cells is not
considered, as well as the physical elements for the
generation, adaptation, and recovery of the transmis-
sion frame. In this approach, the node is simply a set
of queues of fixed length. The cells are picked out by
a scheduler following an algorithm ruled by the
switch control element, independent of the simula-
tion tool implementation. Some examples of control
elements can be found in Section 2.4.

The “abstraction” used of an ATM switch is shown
in Figure 2. Each cell belonging to a connection of
traffic class h, generated as indicated in the previous
subsection, enters a buffer dedicated to that traffic
class. Even if apparently not so detailed, the descrip-
tion is accurate enough to test a CAC scheme. The
simulator, in fact, can compute the number of lost
cells and the queuing delays, which are the quantities
of interest in this context. Only one output channel
(single ATM multiplexer) is considered for the sake
of simplicity; this simplification will be removed in
the routing case.

Control Element
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Figure 2. Model of the ATM switch

2.3 Event Scheduling

An event-driven simulator has been designed. Time
is moved on by the events themselves. The tool has
been implemented in C language, considering the
following meaningful events: connection_request;
init_burst; arrival_cell; enqueue_cell; transmission; and
connection_end.

The event connection_request identifies a generic
class-h call arrival; the acceptance or rejection of a
call is decided (by interrogating the control part by
means of a software routine) following a certain rule;
see Section 2.4. If the connection is accepted, the
events init_burst and connection_end are scheduled for
that connection; init_burst is immediately scheduled
(i.e., after 0.0 s), whereas a random variable with
average value 1/u™ s is the scheduling time, con-
cerning connection_end. Furthermore, the number of
connections in progress (a simple counter) is
incremented. On the other hand, if the connection
cannot be accepted, the number of rejected connections
is increased. In both cases, the next connection_request is
always scheduled with time depending on the decided
average traffic load. As mentioned, the arrival
statistics are Poissonian, and their average value
determines the load.

Init_burst is the beginning of the burst phase. The
burst duration is decided, and the arrival of the first
cell (arrival_cell) is scheduled by following the peak
rate of the class to which the connection belongs. The
next burst is scheduled when the current one is
finished; the scheduling time is a geometric random
variable, simply computed from the Markov chain
[36] of the Talkspurt-Silence model.

Arrival_cell increases the total number of arrived
cells, requires to enqueue the cell arrived (enqueue_cell )
and reschedules itself (i.e., arrival_cell ) for the
duration of the burst.

The event enqueue_cell works as follows: if any
room is left, the cell is queued, the number of cells in
the queue is incremented, and the input time is
marked. Otherwise, if the queue is full, the cell is
discarded and the number of lost cells is increased.

Transmission is scheduled with time T_(time slot
duration, depending on the channel capacity) in the
initial phase of the simulation; then, the next event of
this type is automatically scheduled with the same
time at each transmission. The effect is to have a
temporal division at the slot level, without loading
the data structure on which the simulator is based.
The cells are picked out from the proper buffer and
physically transmitted. The “output scheduling”
mechanism, as mentioned above, depends on the
Control Element, which indicates which buffer has to
be served; even in this case the control mechanism is
interrogated by a simple routine.

JANUARY 1997 SIMULATION 11



Connection_end is the last event listed. The number
of ended connections is updated here.

This set of events is sufficient to reach the desired
level of accuracy, and it does not vary by changing
the admission control algorithm; i.e., this part is
independent of the CAC and resource allocation
scheme.

Both the CAC scheme and the mechanism used by
the “output scheduler” are strictly related to the
bandwidth allocation mechanism, i.e., how the
bandwidth resource is allocated to the different
traffic classes. So, if resources are not off-line statically
allocated and a dynamic bandwidth allocation strat-
egy has to be tested, an event, called resource_allocation
in the following, is necessary. The temporal schedul-
ing of this event depends on the algorithm used. If
the scheme is completely dynamic, the event is not
needed because it can be substituted by a software
routine called again at each connection_request. In the
next section a periodic reallocation mechanism is
introduced to give an example of a possible application
of the simulator.

2.4 Bandwidth Allocation and CAC Schemes

The CAC and bandwidth allocation controllers work
as follows. An admission controller implements a
decision rule for the acceptance of incoming calls that
depends on the current number of accepted connec-
tions for the specific class, on the statistical and
performance characteristics of the connections, and
on the bandwidth (termed “virtual capacity” in the
following), which has been assigned for the current
period by the allocation controller. The latter divides
the total capacity C of the ATM channel [Mbits/s]
into virtual capacities Vg'), h=1,.... M, where m =0,
K, 2K, ... represent the instants of intervention
(scheduling time of the event resource_allocation), and
K is the length of the intervention period (in slots);
the m-th assignment holds constant for the time slots
k=m, m+1,..., m + K- 1. The assignment is done
on the basis of the dynamic variations in the traffic
flows, with the goal of providing a fair sharing to the
admission controller. To this aim, a suitable cost
function that takes into account the expected number
of lost cells pertaining to the whole offered traffic
over the following K slots, is minimized at each
instant m, where a new K-slot period begins.

In the model that we will use to derive the access
control rules and the cost function, we suppose the
slot assignment to be such that class h can see an
average service capacity, Vr(nh), independently of the
actual utilization of the channel. This would imply
that the available channel slots be distributed among
the traffic classes in proportions that are in accordance
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with the V,(nh) ‘s, even if a certain class has temporarily
not enough flow to fill its assigned slots and some
waste may be created.

So we must have

M
TR =G
h=1

m=0,K,2K,... (1)

In the analytical derivation which is needed to
evaluate the lost and delayed cell probabilities that
build up the cost function used in the reallocation,
the nature of class-h traffic is supposed to be made
up by bursty connections with statistical traffic
characteristics that are identical and independent of
each other; this situation is the same as the simula-
tion case. Each bursty connection is represented by
means of an Interrupted Bernoulli Process (IBP) [34].
Let N® be a given number of multiplexed connections
of a class h; as they are independent of each other,
the steady state probability V) () of having only
n® active connections out of N® accépted connections is
given by a simple binomial distribution.

The CAC scheme is embedded in a software
routine managed by the event connection_request.

2.4.1 Admission Control. The acceptance algorithm
that we use is based on two controls: satisfying loss
and delay requirements, respectively. As far as the
first control is concerned, we impose an upper limit
¢") on the value of the cell loss rate, namely

n(h) & 6
2_:0 Plos)s(n)VN(h),r1 £ 8( (2)

where Pl(;;l (n) represents the steady-state value of the
cell loss rate, conditional on n. Its expression is not
reported here for the sake of simplicity; it can be
found in [5]. From inequality 2 we can obtain the
maximum number of connections, Nﬁ‘ﬁx p(m), that
v and Q™ can support as regards the cell loss
requirement. Concerning the delay constraint, it is
imposed by requiring that the probability of the cell
delay exceeding the value p® (in time slots) be

lower than a given threshold 5™, namely
n(b) ®)
ZO Pdelay(n)VN(h)’nS 5. 3)

n=

The complete formulation of Pé:lly( n) is given in
[9]. As done for the loss probability, the maximum
number N(n}l’gx,D(m) of connections that Vr(nh) and Q(h)
can support as regards the cell delay requirement can
be obtained from inequality 3. Summing up, the
access control rule satisfying both requirements is

simply the following: a new connection of the h-th



class that arrives at time slotk, m<k<m + K -1, can
be accepted in the network if

NP +1 < min[NE, ), NO_ )] = NEL @) (@)

m a:

Ngl)(k) being the number of connections of the h-th
class in progress at slot k. Note that the admission
control rule in this case does not require any
particular calculation.

2.4.2 Bandwidth Reassignment. As regards the band-
width allocation, at each decision instant m, the
virtual capacities V") are dynamically reassigned by
the allocation controller by means of a process that
minimizes a suitable cost function J,. The function to
be minimized [5] is based on the knowledge of the
traffic intensities of the various classes, observed
over the previous period, and forecasts the total
number of cells that would be lost under that load in
the current period. The aim is that of compensating
sudden load variations in some of the classes, by
varying their share of the channel accordingly.

In the minimization of the cost function ] , account
must be taken of the equality constraint 1, as well as
of the inequality constraints

vt > yib) () &)

which serve the purpose of ensuring service quality
to the Ng‘)(mg connections already in progress.
Actually, V) (m) is the minimum capacity that is
necessary to cope with these connections, and can be
computed so as to satisfy both cell loss and delay
requirements. The minimization of the cost function
under constraints 1 and 5 is a mathematical program-
ming problem that can be performed by means of a

gradient projection method.

As already said, this last part is embedded in the
event resource_allocation, which can be changed if a
different strategy has to be tested. Actually, the
simulator has been designed just to test different
algorithms of this type, and the presentation of
Sections 2.4.1 and 2.4.2 can be considered as an
example of application.

3. The ATM Network Simulator

In this case, an extension of the previous model,
which is referred to as a single-node, single-output link,
has to be considered to take into account more than
one outgoing link at each node. Concerning the
analytical treatment of the routing problem, an index
ij has to be added to each of the quantities defined in
the previous section. As far as the simulator is con-
cerned, only the event resource_allocation and the routine
managing the CAC scheme have to be modified to
cover this new situation. A simple parameter, indicat-
ing the link chosen, is sufficient to solve the problem.

3.1 Network Model

The most important “object” to be described in this
context is the interconnection among the nodes, i.e.,
the network topology. In the simulator, the “network”
is only a “matrix,” whose elements contain important
information for each link. The network model is very
simple due to the relatively high level of abstraction.
The physical connection between two nodes is identi-
fied by the parameter “connected” appearing in each
matrix element, which can assume the value “1,” if
there is direct connection, and “0,” otherwise. A simple
six-node network is depicted in Figure 3, along with its
abstract view. It can be noted that this model takes into
account the direction of the links; for example, node 1 is
connected with node 2, but not vice versa.

O network node

D no connection (connected=0)

. connection (connected=1)

@ I E ? S?
|
@ m _ rm M
R I [ |
@ M m- M
Ll | - | ]
@ M m M
|- | 1J
@ m m M
| . L | &= =)
@ m Ml m
| I | =1 L1

Figure 3. Network model
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The matrix is replicated for each traffic class,
because the quantities considered have a meaning
only on a class basis, and Service Separation
decouples the network into sub-networks. The “cell
level” part, very important to the node, is bypassed
here because the efficiency of the CAC scheme has
been already evaluated. Only the routing strategy is
evaluated.

3.2 Event Scheduling

Also in this case, the list of events is very limited
because, in this context, the network performance is
measured in terms of the rate of accepted and
blocked connections. Thus, the main events needed
to be considered are: connection_request and
connection_end.

connection_request contains the decision about the
acceptance or rejection of a call (as in Section 2.3),
and the choice of the best path to get to the selected
destination. The best path is decided step-by-step, by
rescheduling the event connection_request at each
node chosen, until the destination is reached; the
complete routing procedure is described in the next
subsection. The implementation of the strategy is
embedded in a software routine. If a connection is
accepted (i.e., the destination has been reached and
a source-destination route has been found), the
event connection_end is scheduled. Otherwise, a
routine to free the resources already reserved at the
previously visited nodes is necessary. Then, the next
connection_request is scheduled.

connection_end contains only the upgrading of some
quantities (namely, the costs defined in the next
section) and of the resource status. This operation is
performed by using software routines and, as in the
previous case, cannot be considered as an actual part
of the simulator.

Two other events are resource_allocation (as above)
and cost_communication. The latter will be clarified in
the next section, since it is strictly dependent on the
routing algorithm. Due to the high level of abstraction,
the network simulator is very fast and hours of
network behaviour can be simulated in a few seconds.

3.3 Routing Strategy

The routing strategy (called DLCP in [19]) works as
follows. At connection setup, a call request packet is
forwarded from node to node in a hop-by-hop
fashion. At each VC-switching node along the route,
the set of available outgoing links (if any) to the
destination is determined by checking the available
resources, according to the CAC rule in use. If no link
can carry it, the connection is dropped and the
resources previously allocated along the route are
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freed. If the set of available links is non-empty, a
choice is made among them, by using the mechanism
described below.

At the arrival of a connection request (supposed to
be at the generic slot k) a generic node i chooses the
link to which to forward a class-h connection request,
by minimizing (over all successor nodes j; i.e., the
subset of neighbouring nodes from which that
destination can be reached) the quantity

o™ (k,3) = ¢ (k) + a;ei™ (s) (6)

where c (k) is a local cost related to link ij and
(h)(s) is a “global” cost, referring to the traffic
condltlons of node j and its neighbours at some slot
s <k. a, € [0, 1] is a weighting coefficient used to
balance the influence of the local and global cost.
Ejh]{ (k) should weigh the local congestion of link ij,
and we have chosen it to be of the following form:

1
if N§'A (k) < NG (k)

M _ND ij,A i

Ejh])_(k)= Nl] max(k) Nij,A(k) J >

z if NG\ (k) = N (k)

ij,max

@)

where Ng‘,)nax (k) and ij}‘}\ (k) have been defined in
Section 2.4.1, and Z is a very large number; namely,
large enough to ensure that no saturated link will be
chosen if non-congested links are available. The
difference in equation 7 represents, in all these cases,
the “available space” on link ij, left to accommodate
class-h connection requests.

To complete the description of the algorithm, we
define the cost referred to a generic node j in equa-

tion 6 to be composed by two terms:
¢fV®) = c{6) + BiefA®) ®

where ﬁ] is a weighting coefficient. c(h) (s) represents
the average situation of the node w1th respect to the
congestion state of its links, and c(h) (s) is an aggre-
gate information on the average congestion of its
successor nodes. More specifically,

‘“’(s>-— y L@, ©)
L; keout(j)

“"(s)— yclis) , (10)
j keOut(j)

Out(j) being the set of nodes outgoing from node j. In
detail, c " (s) represents the average “free space” left
for the lmks outgoing from node j; whereas c(h) (s) is
the average of the costs related to each node connected
to node j. As can be seen, the values related to the
outgoing links nodes are referred to the instants s,
where s = T, 2T,..., with T equal to a fixed number of



slots. This means that each node i sends its costs
cs), h=1,.., M, toits incoming links every T slots
and then, after receiving the costs from its outgoing
links, recomputes its new aggregate information on
the congestion of the network. This function is per-
formed by the simulator by using the event
cost_communication, with the scheduling time T.

4. Simulation Results

This part is dedicated to showing some examples of
possible utilization of the two simulators. In more
detail, the first part (Section 4.1) concerns the node
simulator, and the second one (Section 4.2) refers to
the network simulator.

The data in Table 1 have been used with a channel
capacity C = 150 Mbits/s and a related slot duration
T, =283 -10°s (53 bytes/cell).

The reference traffic load is p(1)= 80; p(2)= 100;
p =40 [Erlangs]. All the simulations have been
stopped with a confidence interval of 3% of the
measured values.

4.1 Node Simulator Test

Figure 4 shows the real maximum number of accept-
able calls obtained by simulations (class 1); the result
is compared with the results analytically computed
by the access rule in Section 2.4.1 and with the same
quantity obtained by allocating each call its peak (P®")
and average bandwidth (P®/b®"). The same graph is
depicted in Figure 5 concerning traffic class 2. In this
case the simulator is used in its simplest form; each

traffic class is analyzed one at a time, and the band-
width for each class is fixed, as is the number of
accepted connections (considered of infinite duration
here); no connection_request occurs. The simulation
simply measures, with a determined confidence
interval, if, with a certain bandwidth gV“") and an
imposed number of accepted calls (N )), the QoS
requirements (P,__and P ) are satisfied. If the
requirements are satisfied, the current number of
accepted calls is incremented, otherwise it is
decremented, until the maximum number of accept-
able calls is determined. These results are very impor-
tant to test the efficiency of a CAC scheme. For example,
it can be noted that the values derived from the
access rule are close to the real maximum values for
traffic classes 1 and 2.

It is worth mentioning that the results obtained by
simulation are used to test the strategy in Section 2.4.1
here, but any other analytical strategy could be used
to perform the comparison.

The “feasible region” (in terms of maximum
number of acceptable calls for each class) is shown in
Figure 6. The figure is obtained by using the admis-
sion rule described in Section 2.4.1; in Figure 7 the
same quantity obtained by simulation is depicted. In
this last case, the values have been obtained as
described previously for the individual classes. By
comparing the graphs, it can be seen that the values
obtained by the access rule are close to those of the
simulation and show a satisfactory efficiency for the
whole mechanism.

Table 1. Characteristics of the traffic classes used for the tests

TRAFFIC CLASS: h h=1 h=2 h=3
PEAK BANDWIDTH; P 1 Mbits/s 2 Mbits/s 10 Mbits/s
BURSTINESS: b® 2. ' 5 10
AVERAGE BURST LENGTH: B™ 100 cells .500 cells 1000 cells
e i 205 15s 25
 Ploss UPPER BOUND: ™ 0.0001 0.0001 0.0001
Pdelay UPPER BOUND: 3 0.001 0.001 0.001
DELAY CONSTRAINT: D™ 400slots  200slots 100 slots
BUFFER LENGTH: Q' 20 cells 15cells  10cells
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Another possible application of the simulator is
intended to analyze the dynamic behaviour of the
allocation mechanism, by using different initial
conditions and by changing the offered traffic load
dynamically. Now, the simulator is used exactly in
the form described in Section 2, and only two classes,
namely class 1 and class 3, have been used, to sim-
plify the analysis.

Figure 8 depicts the allocated bandwidth partition
values versus the allocations instants for five differ-
ent initial bandwidth configurations, indicated with
A, B, C, D, and E, which correspond to A = [75, 75],

B = [100, 50], C = [50, 100], D = [125, 25], and E = [25, 125],
respectively; the notation [initial bandwidth class 1,
initial bandwidth class 3] has been used. The traffic
intensity values for this test are p(l) =100 and p(3)= 50,
while the other traffic parameters are the same as
reported at the beginning of this section. Each
reallocation period K has a duration of 40 -10° slots. It
can be noted that the bandwidth allocated for each
class tends to a common value, independently of the
starting configuration, and that the whole allocation
control system does not depend on the initial condi-
tions and tends to a stable regime.

Mbits/s

Reallocation instants

(class 1)

Configuration D
(class 3)

(class 1) (class 3)

_O_Conﬁguralion (o _|_C0nﬁguration D

(class 3) (class 1)

(class 3)

(class 1)

—@—Configuration A —{ }—Configuration A —\——Configuration B —3€—Configuration B —J€——Configuration C

(class 1)

Configuration E ._O_Conﬁguralion E
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Figure 8. Allocated bandwidth of class 1 and 3 versus reallocation instants with different initial conditions
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Figure 9. Topology of the first test network
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4.2 Network Simulator Tests

This part of the section is dedicated to the routing
scheme, which is tested and analyzed by using the same
data at the beginning of the section (with p D= 120;
p@=100; p®=15; and K = 8 - 107 cells) in the
twelve node network depicted in Figure 9 (only
node 11 is a destination).

The traffic flow generated by the above data is
considered to be a “normalized offered load” of
value 1; an offered load, x, Corresponds to the same
data, except for the traffic intensities p( ) h=1,23,

which are multiplied by x. The coefficients o, and
B,i=0,..., 11, are the same at each node, that is, o, =
a.and B, = B, V i. Resource_allocation has been sched-
uled every 226.4 s. Many results can be obtained,
both by varying the traffic load or the aggregate cost
communication time (cost_communication event), and
by changing the network topology.

In Figure 10 the percentage of blocked connections
versus the weighting coefficient p is shown, with
respect to two different values of the updating
interval T (scheduling time of cost_communication) of

40.0%
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30.0%

25.0%

20.0%

Percentage of Blocked Calls

1
15.0% e——

1

—O—K/T=10 —3—K/T=2

Figure 10. Percentage of blocked calls versus coefficient p
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Figure 11. Percentage blocked calls versus offered load

JANUARY 1997 SIMULATION 19



the aggregate information, and a constant value of
a = 1: the test is performed by updating the aggregate
information ten and two times every reallocation
interval, respectively (T = K/10 and T = K/2); it has
to be remembered that K is the scheduling time of
resource_allocation. The improvement obtained by
using a more frequent updating is clear, except for
B = 0, where the aggregate information is ignored. In
this case, as in the next one, the offered load network
configuration is 37.5% to node 0, and 62.5% to node 9,
because the aim is to enhance the effect of the knowl-
edge of the aggregate information.

Figure 11 depicts the total percentage of blocked
calls versus the offered load. The DLCP routing, with
a=1and B =1, is compared with a Shortest Path

Routing (SPR) strategy, where the cost of each link is
the same as in equation 7, and with a local Hot Potato
strategy, which is considered as a possible lower
bound on performance. The percentage of blocked
calls for DLCP is quite close to that of SPR. The
results for SPR and Hot Potato have been obtained by
using the same simulation tool, where only the
software routine to choose the best path is changed.

A new network topology is shown in Figure 12.
The last graph shown (Figure 13) depicts the same
quantities (except for the Hot Potato) as in Figure 11,
for the topology in Figure 12. In this case all the
nodes generate traffic; only traffic classes 1 and 3 (see
Table 1) have been used. The traffic reference values
are p® =168, p® = 21 [Erlangs].

Figure 12. Topology of the second tested network
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5. Conclusions

Two event-driven simulators have been introduced
in the paper. The first one is dedicated to the descrip-
tion of an ATM VC multiplexer, while the second
concerns an ATM network. The purpose was to test
bandwidth allocation and CAC strategies (in the first
case), and routing schemes (in the second case): to
this aim, a high level of abstraction was maintained
in both cases and many details (e.g., physical trans-
mission and switching fabric) were not considered.

Concerning the node simulator and the traffic
generators, a general behavioural description of the
ATM node and the events used have been presented.
A resource allocation and CAC scheme, utilized in
the results, has been summarized. As far as the
network simulator is concerned, the model of the
network and the events has been explained, along
with a specific routing strategy. Simulation results
have been presented in both cases, with the purpose
of showing some examples of utilization. The node
simulator has been used to test and to compare the
efficiency of some CAC schemes and to verify the
behaviour of a resource allocation scheme. The
network simulator has been tested with routing
strategies, by changing both some performance
parameters and the network topology.
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