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To investigate the end-to-end performance of an ATM network, a simulator using 
parallel and distributed technology is developed. The simulation technique of this 
simulator is described. Cell loss processes as seen by a call are evaluated in detail. The 
results suggest that two consecutive cell losses should be carefully engineered. 

1. Introduction 

Asynchronous Transformer Mode (ATM) is the 
transfer mode that realizes Broadband ISDN (B
ISDN). In a network using ATM technologies, 
where user information is transferred in blocks 
of fixed lengths called cells, cells from various 
calls (information sources) are statistically mul
tiplexed. Various factors affect the quality of 
service perceived by ATM network users. 
Among these factors, cell loss and delay caused 
by cell multiplexing are particularly important 
from a traffic engineering point of view. 

To investigate the performance perceived by a 
user, it is essential to evaluate the end-to-end 
performance within a call. Performance evalua
tion techniques include theoretical analysis, 
simulation, and real system measurement by 
experimental networks and systems. Among 
them, simulation seems to be the only means of 
performing a detailed evaluation for various 
models. The traditional simulation technique 
using a general-purpose computer may not be 
sufficient in terms of turnaround time and 
modeling flexibility, but a simulation technique 
using parallel and distributed processing is 
expected to provide 'a solution. 

This paper discusses a simulation technique for 
evaluating the end-to-end performance of an 
ATM network and introduces a simulator devel
oped in our laboratories over a multi-processor 
system using a parallel and distributed tech
nique. This paper also shows the simulation 
results obtained by the simulator. 

In Section 2, performance measures required to 
design the ATM network are described. In 
Section 3, the parallel and distributed simulation 
methods are discussed. Simulation results are 
shown in Section 4. 

2. Requirements for ATM network per
formance evaluation 

2.1 Performance model for ATM network 

As shown in Figure 1, the quality of service pro
vided by an ATM network can be modeled in a 
layered structure [1-5]. The figure focuses on 
impairments occurred during the information 
transfer phase of a call. Performance during the 
call setup phase and the disengagement phase 
such as call blocking and call setup delay are not 
included in the figure. In order to design and 
manage the quality of service, all these factors, 
present in various layers, should be considered. 

Take cell loss for example. Cell loss may occur 
mainly due to two kinds of causes, bit errors in 
the cell header or cell congestion in a node. For 
bit errors in the cell header, the cells which 
arrive at a node are checked by using an 8-bit 
cyclic redundancy check code (Header Error 
Control (HEC) bits in the cell header). If the 
errors can not be corrected by HEC control, the 
cell is discarded. If an optical fiber is used as a 
transmission line, the expected cell discard ratio 
would be less than 10-10 [4]. In an ATM node, cell 
congestion may cause buffer overflow and cells 
may be lost. Appropriate resource allocation, 
bandwidth management and buffer dimension
ing are needed to maintain cell loss probability 
under the required level. Furthermore, a control 
scheme on a buffer in the node can be employed 
to maintain the performance more effectively. 
For example, cells whose Cell Loss Priority (CLP) 
is low may be selectively discarded to maintain 
the cells whose CLP is high [1]. 

From a performance point of view, the ATM 
Adaptation Layer (AAL) has an important role to 
play, i.e., to compensate for the impairments 
induced inside the network. For some services, 
cell losses are detected in the AAL at the 
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Fig. 1 Layered model of user-perceived quality. 

receiving end using the sequence number 
assigned to each cell and the lost cell is 
substituted by a dummy cell [3,5]. 

Total optimization of these factors in various lay
ers will provide the substantial B-ISDN services 
quality against cell losses. 

2.2 Performance measures and required evalua
tion 

From a traffic engineering point of view, cell traf
fic congestion induces cell loss and cell delay in 
an ATM layer. Cell loss and cell delay need to be 
evaluated on an end-to-end (T reference point to T 
reference point) basis and also on a call-by-call 
basis in order to access their effect on the total 
quality of service along with other functions of 
layers. Consequently, the end-to-end perfor
mance within a call should be the target of traffic 
performance evaluation. 

For cell losses, for example, the length of a suc
cessive cell loss in a call and the interval between 
the cell losses as well as the cell loss probability 
need to be evaluated because these affect the AAL 
performance. It should be noted that all these 
characteristics should be seen by an individual 
call. 

End-to-end performance is, in a way, the sum
mation of the network element-wise perfor
mance, such as ATM node queue performance, 
but the actual algorithm to perform this 
summation needs to be studied. The relationship 
between the end-to-end performance measure 
and the network element-wise performance 
measures needs to be clarified. 

Traditionally, traffic performance evaluation 

was conducted for the total cell (packet) stream 
coming from various sources. For example, cell 
loss probability is usually asses·sed for all cells 
passing a particular node or link. Only recently, 
some papers discussed the performance as seen 
by an individual call [6-9]. 

All these factors require an end-to-end perfor
mance evaluation tool which can clarify the de
tailed characteristics as seen by an individual 
call. 

3. Parallel and Distributed Simulation 
Technique 

3.1 Scope of simulation 

The scope of our simulation is shown in Figure 2. 
Because our primary objective is to investigate 
performance during the information transfer 
phase, the call control mechanism in the call 
setup and call disengagement phases is outside 
the scope of our simulation. 

In a simulation, cells in a call are generated fol
lowing the information source characteristics, 
such as voice, video and data, and the queuing at 
statistical multiplexing with other calls in an 
ATM node is simulated by a software program. 

These processes are repeated in all nodes 
through which the call is carried. Optionally, 
the AAL functions in the receiving terminal are 
also simulated. In addition to queuing 
processes, the impairments, caused by 
transmission errors such as cell loss due to cell 
header error, can also be simulated. The results 
gathered are both for end-to-end measures and 
network elementwise measures. 
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3.2 Requirements for simulation environment 

Since the simulator is used to evaluate ATM net
work end-to-end performance, there are two ma
jor requirements for the simulation environ
ment. 
(1) Software modularity 
Modularity allows flexibility for simulated 
network models. For example, the addition of an 
intermediate ATM node in an end-to-end 
transport route and the introduction of a new cell 
handling mechanism at the buffers in ATM 
nodes are expected during the course of study on 
ATM network performance. Both the addition or 
introduction should not induce a change in the 
total software structure of the simulator. 
(2) Simulation speed 
In order to simulate a high-speed ATM network, 
the speed of the computer should be fast and the 
turnaround time, required to obtain simulation 
results, should be as short as possible. 

A simulation technique which uses parallel and 
distributed processing seems to be the most 
appropriate way to meet these requirements. In 
a parallel and distributed simulation for a 
telecommunications network, a processor is 
generally allocated to simulate the process in a 
network node [10,11]. 

Meanwhile, cell transfer in an ATM network has 
the following characteristics: 
(l)ATM nodes through which a call passes are 
determined at call setup and remain unchanged 
during the call. 
(2) Cell transfer is done unidirectionally from the 
sending side to the receiving side and there is no 
feedback process like flow control in the network. 
These characteristics permit a multi-processor 
computer system to have quite a simple structure 
in which all processors are connected in tandem. 

3.3 The simulator 

A simulator satisfying the above requirements 
has been developed in our laboratories using a 
parallel and distributed technique. Figure 3 
shows an external view of the simulator. 

Fig. 3 External view of the simulator. 

3.3.1 Hardware 

The hardware used for the simulator were 
chosen from commercially available multi
processor computers of the Multi Instruction
stream Multi Data-stream (MIMD) type. The 
major characteristics of the selected system are: 
- Basic components are a workstation and a 
cabinet which accommodates processing units 
(PUs). 
-' Each PU has a 32-bit processor, memories, and 
a random number generator. 
- 16 PUs can be accommodated in one cabinet. A 
maximum of 480 PUs can be installed by 
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interconnecting 30 cabinets. 
- Interprocessor communication is achieved by 
using a common memory between adjacent PUs. 

3.3.2 Simulation process 

In our parallel and distributed simulator, one 
PU is allocated to simulate the process within an 
ATM node and a link between adjacent ATM 
nodes. Another PU is allocated to simulate the 
process in the receiving terminals (AAL func
tions). 

The data exchanged among processors are 
limited to cells which are transferred in the 
actual ATM network. This enables the mapping 
between the actual network and the simulator to 
be simple and intuitively understandable, and 
the processors to be loosely coupled. An 
environment where processors are loosely 
coupled is the key to maintaining software 
modularity. 

With this processing strategy, the simulated
time management, in other words, process 
synchronization among processors, is achieved 
based on the timestamp that is carried in the cell 
for simulation purposes. At each module in a 
processor, timestamp is rewritten in such a way 
that the new timestamp value shows the time 
when the cell will reach the next process. For 
example, at the module which simulates the 
queuing and transmission of cells, the time at 
which the cell will reach the next ATM node is 
stamped based on the summation of the current 
timestamp value, queuing delay of the cell, and 
the propagation delay. At the process where time 
sequence integrity between cells from the plural 
calls are essential, at least one cell from all calls 

. are buffered and the cell to be processed next is 
determined by comparing the timestamp values. 

The simulated-time management based on the 
cell-by-cell timestamp is superior to centralized 
time management in turnaround time because 
no further interprocessor communication which 
is indispensable in centralized time 
management is needed to manage the simulated 
time. 

Cell generation sources are categorized into two 
groups. One is for the calls whose end-to-end 
performances are measured. These cell streams 
are called 'observed calls'. The other is for the 
calls which are other than 'observed calls' and 
which compete for network resources with the 
observed calls. They are called 'background 
traffic', and individual call identification is 
irrelevant for background traffic. Multiple 
streams of observed calls and multiple streams of 
background traffic can be used. The source 
nodes and sink nodes of the background traffic 
streams can be arbitrarily specified. 

An example of allocation of major software 
modules to PUs is shown in Figure 4. The cell 
stream multiplexing module is particular to the 
distributed simulator that has the function 
whereby cells from various sources are sorted on 
the time axis. 

In the simulator, various models for cell genera
tion process and queuing control (queue disci
pline) are built in and a user of the simulator 
selects the one that he wants evaluated. In 
addition, due to modularity of the software 
structure, addition of new models to the 
simulator can be easily implemented. In this 
sense, this simulator can be a universal tool to 
evaluate the end-to-end performance of an ATM 
network. 

During a simulation, the processes of parts in 
the network models such as generation sources 
and queues can be monitored and displayed on 
the color screen. With this monitoring 
capability, a user of the simulator can easily 
understand what is happening in his 
simulation. 

3.3.3 Performance of the simulator 

Performance of the simulator itself was 
measured and it was confirmed that the 
turnaround time remains the same even when 
the intermediate nodes are added to the network. 
In other words, to simulate the network which 
has one additional node, the only thing to do is to 
simply add one PU and the simulation results 
can be obtained within the same turnaround 
time. 

4. Simulation results 

4.1 Models 

Many kinds of services will be provided by B
ISDN and the traffic characteristics of these 
services are expected to be wide ranging in terms 
of the average bitrate, peak bitrate, burstiness, 
etc. Among those services, video service will use 
a rather large bandwidth and have large 
burstiness, and consequently will have a 
significant impact on the traffic performance of 
ATM networks. For these reasons, network 
carrying video signals were chosen as the first 
simulation model. 

(1) Source traffic model 
Modeling of source traffic characteristics is the 
key factor in evaluating the traffic performance 
of ATM networks, whatever performance 
evaluation technique, be it theoretical analysis or 
simulation, is used. According to the result of an 
analysis on a real video signal [12,13], the 
Markov Modulated Poison Process (MMPP) was 
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Fig.4 An example of allocation of major software modules to PUs. 

selected as the source traffic model. The average 
and peak bitrates for one video source (a call) are 
13.5Mb/s and 33Mb/s, respectively. 

(2) Network model 
A three-node network was chosen as the network 
model. The speed of the link between nodes is 
assumed to be 149.76Mb/s, which is the actual 
payload capacity of a 155.52Mb/s interface. For 
each link, six calls are multiplexed (the observed 
call and calls treated as background traffic). 
This means that the average utilization of the 
link is about 0.6. Three patterns of sources and 
sinks of the background traffic are tested (Table 
1). The bit error rates for each link are assumed 
to be negligibly small. 

Table 1 Background traffic types. 

~ nodel~ node2~ sink nodel~ 
types node3 node2 node3 

A o call 5 calls 5 calls 

B 2 calls 3 calls 3 calls 

C 3 calls 2 calls 2 calls 
I 

(3) Node model 
In each node, the behavior of the output buffer for 
the transmission link is the object of simulation. 
The buffer operates in the FCFS mode. The 
behavior at the input buffer and switching 
network between the input buffer and output 
buffer is assumed to be engineered so that their 
performance effects are negligibly small. 

4.2 Results 

When the buffer size in each node was 10, the 
long term cell loss probability was on the order of 
10-4. The intervals between two cell losses were 

>. 

investigated. Figure 5 shows the distribution of 
the intervals between one cell loss and the next 
cell loss. Here, the interval of cell losses is 
defined to be n+1 when n cells are correctly 
delivered to the receiving terminal between the 
current cell loss and the next cell loss. The 
figure indicates the frequency of interval 1 is 
about 10% of the total cell losses, i.e., the losses of 
two cells in series are likely to happen. 
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Fig. 5 Distiribution of -interval between cells. 

Furthermore, the length of consecutive cell 
losses was investigated. Figure 6 shows that 
among total cell losses in a call about 90% 
isolated cell loss and 10% is two consecutive cell 
losses. These results imply that at least two 
consecutive cell losses should be carefully 
engineered. 

The location where cells are lost is summarized 
in Table 2. The cell loss intervals are divided into 
their lost locations. The distributions for nodel
nodel combination and node2-node2 combination 
have similar characteristics to Figure 5. On the 
other hand, there is no tendency that the interval 
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1 of the disributions for node1-node2 combination 
and node2-node1 combination is likely to happen. 
This suggests the consecutive cell losses can be 
engineered on a node-by-node basis. 

Table 2 Classification by loss location. 

~ node2 
. 

next node1 node2 node1 
types node1 node2 node2 node1 

A 43% 37% 10% 10% 

B 53% 23% 12% 12% 

C 87% 4% 4% 4% 

5. Conclusions 

In this paper, we introduced a simulator that is 
developed to evaluate ATM network end-to-end 
performance on a call-by-call basis. A simula
tion technique using parallel and distributed 
technology is described. The cell loss processes 
are investigated using the simulation. It is 
indicated that tW() consecutive cell losses should 
be carefully engineered when designing an ATM 
network. The simulator can be a useful tool to 
analyze the end-to-end performance of an ATM 
network, where a lot of challenging work still 
needs to be done. 
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