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Abstract

In this thesis, we consider the application of parallel simulation to the performance
modelling of telecommunication networks.

A largely automated approach was first explored using a parallelizing compiler to speed-
up the simulation of simple models of circuit-switched networks. This yielded reasonable
results for relatively little effort compared with other approaches. However, more complex
simulation models of packet- and cell-based telecommunication networks, requiring the use
of discrete event techniques, need an alternative approach.

A critical review of parallel discrete event simulation indicated that a distributed model
components approach using conservative or optimistic synchronization would be worth ex-
ploring. Experiments were therefore conducted using simulation models of queueing net-
works and Asynchronous Transfer Mode (ATM) networks to explore the potential speed-up
possible using this approach. Specifically, it is shown that these techniques can be used
successfully to speed-up the execution of useful telecommunication network simulations.

A detailed investigation has demonstrated that conservative synchronization performs
very well for applications with good lookahead i)roperties and sufficient message traffic
density and, given such properties, will significantly outperform optimistic synchronization.
Optimistic synchronization, however, gives reasonable speed-up for models with a wider
range of such properties and can be optimized for speed-up and memory usage at run time.
Thus, it is confirmed as being more generally applicable particularly as model development
is somewhat easier than for conservative synchronization. This has to be balanced against
the more difficult task of developing and debugging an optimistic synchronization kernel

and the application models.
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Chapter 1
Introduction

1.1 Performance Evaluation

elecommunication networks have evolved rapidly over the last decade both in their size
T and complexity. As a direct result of this evolution, a large number of computer aided
engineering techniques have been developed to help the engineer in the design, development
and management of these networks. One of the main issues at stake, particularly in the
design stage, is that of performance evaluation.

So that we can understand the aims and objectives of performance evaluation, we must
first examine the structure of the telecommunication network itself. Its basic function is
to transmit information through a common transmission facility. The network consists of
switching nodes, multiplexers and demultiplexers connected by various transmission media.
Network users generate messages which must be transmitted from sources to destinations
within the network. The network itself will also generate its own internal signalling messages
to control network operation. The engineer must therefore consider several issues; message
formats, multiplexing and demultiplexing techniques, switching techniques, storage, error
control, routing strategies, flow control, network operation, management functions: to name
but a few. The method used to resolve each of these issues will have some impact on the
overall network performance.

The performance measures of interest to the engineer will depend on the type of net-
work under study, its application, and whether the network uses circuit- or packet-switching.
For a circuit-switched network the important performance measures are the probability of

blocked calls and the associated grade of service. For a packet-switched network, through-




put, average message delay, link utilisation and buffer use statistics are more useful. Eval-
uating network architectures with respect to such performance measures is the job of the
performance engineer.

There are three general approaches that can be used to obtain estimates of such per-
formance measures. We can perform measurements on a real system; we can use analytical
techniques in order to calculate performance estimates from a mathematical model; or we
can use computer simulation techniques.

The most direct approach is obviously to measure the performance of an existing net-
work. This is usually difficult due to the size, complexity and accessibility of such networks.
Access can be difficult as the systems are in constant use and to build a duplicate system
just for performance evaluation purposes is often prohibitive. However, small model! sys-
tems are still often built, particularly to aid the design and development stage of a new
system. Such a system is often termed a testbed or system emulation. If experimentation is
required on an existing network, it may be economically impracticable or even dangerous to
suspend the normal operation of the network in order to perform experiments. Nevertheless
some measurements are always required from existing networks in order to validate perfor-
mance estimates obtained by other means. Indeed, there is a growing trend to incorporate
measurement and monitoring tools as an integral part of the network management software.
The data from such tools can be used to feed capacity planning tools to answer “what-if”
type questions about changes to the network capacity and architecture. BEST/1-SNA is
such a capacity planning tool for IBM SNA (System Network Architecture) networks which
uses measurement data [1].

Another method of obtaining performance estimates is to use mathematical analysis.
Analytic models generally require a high degree of abstraction in order to ensure that the
model is tractable. This means that the development of an analytic model which accu-
rately reflects the network under study is difficult and requires considerable effort and skill.
Analytic models have great difficulty with transient conditions, such as traffic fluctuations
or component failures, as these are difficult to express mathematically. Also, in making
the model tractable, a model may be distorted due to the omission or approximation of
system characteristics which are difficult to solve analytically. However, once the model is

developed, its solution is generally very fast.

!The word model is used here in the sense of a small imitation of the real thing.




Simulation techniques allow a network to be modelled at an arbitrary level of detail.
This means that less abstraction is required and also the process of model construction
can be more straightforward. In practice, however, the more secondary detail that can
be abstracted out the faster the simulation will be. Generally speaking, the execution of
a simulation model will use substantially more computing time than an analytical model.
However, in many cases simulation is the only option as an analytic model is inaccurate,
intractable or unavailable. There are interesting statistics concerning the use of RESQ [2],
the research queueing package developed at the IBM Thomas J. Watson Research Centre.
This package allows the user to develop simulation models of communication systems using
either analytic or simulation models based on queueing networks and it was found that over
99% of all the models developed used simulation [3].

These three approaches to network performance evaluation should be used in a comple-
mentary manner in order to validate results and obtain the fastest results to the required

accuracy. Reviews of simulation approaches can be found in Frost et. al. {4] and in Kurose

and Mouftah {3].

1.2 Simulation Objectives

The simulation of a telecommunication network may have one or more objectives: un-
derstanding the behaviour of a system, obtaining estimates of average or worst/best case
performance parameters, guiding the selection of design parameters and/or operating strat-
egies and verifying the simulation results against measurements taken from a real system.

The simulation objective can have a profound impact on how the simulation should be
designed and how it should be run. If we are only interested in understanding the behaviour
of the system, then we would perhaps like an animated graphical output presentation,
adjustable simulation speed and system parameters: all of this controlled via a good user
interface. If we are interested in obtaining estimates of performance parameters then we
need the simulation to give us results to the required accuracy with confidence intervals as
fast as possible. For the selection of design parameters, the simulation becomes part of an
optimization loop. Thus the simulation needs to be interactive and fast with controllable
accuracy. The information obtained from the simulation can consist of a number of estimates
of a performance measure corresponding to the random variation of particular parameters.

The information is then used to calculate gradient estimates to predict how to optimize




design parameters. If we are fitting a simulation model to measurements taken from a real
system a number of simulations will have to be performed with different parameter settings
that correspond to the measured result conditions. In this case the statistical properties
of the results are very important so as to be able to predict the accuracy of the simulated
results.

It is well established that simulations of telecommunication networks are generally slow
to develop and slow to run. As we have already mentioned, the telecommunication networks
we are interested in simulating are large and complex consisting of a great variety of compo-
nent parts. This means that our simulation models will reflect this. Existing networks are
also constantly changing with time as new equipment is installed, old equipment is replaced
and software up-graded. Thus the simulation model of an existing system must keep pace
with the current and predicted changes. Networks always seem to grow and never shrink, so
ever larger simulations are required. A frustrating re-occurrent factor for the performance
engineer is that when larger computing resources become available the network which needs
to be simulated has also grown.

Simulations are also slow for statistical reasons as, for any result to be statistically
significant (ie. to a given accuracy), a sufficient run length, or a number of runs, has to be
performed. The generation of events by a simulation program is usually driven by an input
stream of pseudo-random numbers. These are used to generate lengths of time, lengths
of messages, probabilities etc. As the event generation depends on random numbers then
the performance measures output by the simulation model are themselves stochastic in
nature. Therefore a simulation represents a statistical experiment and the results should
be subjected to careful statistical analysis.

In some cases we may be interested in the behaviour of a system as it progresses from
some initial condition. This is known as the transient response. This usually lasts for a
well-defined period of (simulated) time. If we are interested in long term average results
(steady state), the transient response must be detected and discarded, or the simulation
must be run for long enough so that the effects of the initial conditions are negligible. The
problem of identifying the transient phase of a simulation is addressed by Schruben [5],
Welch [6] and Heidelberger and Welch [7].

If steady state average results of performance measures are required then we find that
every time we run the simulation with different random number streams we get variations

in our results. If we were to run a simulation ten times and get results within one per cent




(say) then we may be confident of our result. If the variation were much greater, then our
confidence would be less. The generation of confidence intervals based on the variance of
the performance measure over the simulation(s) is therefore very important. These can be
generated by dividing up a single long simulation, without the transient period, into n equal
length time periods and constructing the confidence interval from values of the performance
measure in each interval. Otherwise we can do n separate simulation runs with different
random input streams, again without the transient period. How large n should be is a
difficult but crucial problem, as also is the length of the time peridds. These problems are
dealt with by Welch [6] and by Law [8].

For the single run case, if n is too small the samples will be correlated, if n is too large,
excessive simulation time will be used. Nevertheless, the single run case has the advantage
of only having to discard a single transient period. Also, the longer the simulation, the
smaller the variance in the result will be. Where to stop is very much governed by the law
of diminishing returns.

Apart from the two more obvious methods described above, there are other methods
of obtaining confidence intervals from simulation results. The regenerative method is also
based on partitioning a single simulation into independent runs which have the same regen-
eration state. This is a state such that the future progress of the simulation is statistically
the same each time the state is entered. The problem is in recognising a regeneration state
for the particular system of interest. This method is described by Crane and Lemoine [9].
A fourth method, known as the spectral method which also uses a single run, takes into
account the correlation between data gathered by the simulation in successive time periods.
This is described by Heidelberger [10]. »

Reviews of simulation objectives and their impact on simulation studies have been writ-

ten by Kurose [3] and Righter and Walrand [11].

1.3 Simulation Speed-up

So far we have discussed reasons for the complexity, size and slowness of telecommunication
network simulations; we now need to consider methods of speeding them up. Simulation
run times can be reduced by three methods which may also be used together. The use
of parallel multiprocessor systems, the integration of analytical models into the simulation

where possible (as their solution is faster) known as hybrid simulation, and the use of




statistical methods known as variance reduction techniques.

In parallel simulation, the ultimate goal is to obtain a simulator that runs as quickly as
possible; if the speed of the parallel simulator is less than that of a conventional simulator
then there is no reason for using it (and many good reasons for not doing so). However, it
is normally impossible to compare parallel and sequential simulators directly since the two
are written in an entirely different manner and the programmer rarely wants to write both.
Simulation speed-up is defined as the time it takes a single processor system to perform
a simulation divided by the time it takes a mulliprocessor system to perform the same
simulation. This definition is incomplete however, as we have to specify what we mean by
performing the simulation on a single or a multiprocessor system. We might think that
a safe definition would be to specify the use of the same type of processor for the single
and multiprocessor systems. However, memory requirements would dictate that the single
processor system would need a much larger memory than any individual processor in the
multiprocessor system: we must therefore allow for this. Another method of estimating
speed-up is to measure the total busy time of each processor during the parallel simulation.
This would give a greater speed-up measure than is actually available in distributing the
simulation over multiple processors.

A good indication of the possible behaviour of the conventional simulator can sometimes
be obtained by running a version of the parallel simulator optimized to run on a uniprocessor.
The time taken for the uniprocessor version can be compared with that of the multiprocessor
version. The speed-up of the simulator is then the ratio of the time for the multiprocessor
version to that for the uniprocessor. Most processors will perform badly though due to the
overhead of multiple task scheduling necessary.

The speed-up should normally lie in the range between one and n when the multipro-
cessor version is run on n processors. A speed-up of n is said to be unitary, and the success
of the parallel simulator is measured by how close we can approach to unitary speed-up.
A speed-up of less than one, sub-linear, would indicate that the uniprocessor simulation is
faster; which is clearly unacceptable.

Helmbold and McDowell [12] have defined a family of useful qualitative terms for speed-
up (see table 1.1) which includes terms for speed-up greater than n. Super-linear speed-up,
where the measured speed-up grows without bound as the number of processors is in-
creased, has not been observed practically, or even predicted theoretically, for any real

application. Linear super-unitary speed-up however, has been observed; but not for parallel




simulation [12]. Such super-unitary applications are characterised by one of two factors.
Firstly, the sequential algorithm used by the uniprocessor version may be constrained to
an inferior method compared with that of the parallel algorithm. Thus, when the unipro-
cessor version uses the “same” algorithm as the multiprocessor, the super-unitary speed-up
becomes unattainable. Secondly, the problem may be NP-complete? and the best known
algorithm is some form of randomized search whose run time is highly dependent on the
initial search point. When the search is done in parallel with multiple initial search points

the expected run time will drop rapidly as the number of processors is increased.

Term Speed-up, S(n)
sub-linear lim, e S(n)/n =0
linear sub-unitary 0 < limpae S(n)/n< 1
unitary lim, o S(n)/n=1
linear super-unitary | 1 < limy, . S(n)/n < oo
super-linear lim, e S(n)/n = 00

Table 1.1: Qualitative terms for speed-up figures.

A practical argument against using parallel simulation is the well-known difficulty of
debugging parallel programs. In some cases this is tackled by debugging a sequential version
of the parallel program on a single processor using standard debugging tools. For instance,
this technique can be used on a program before using a parallelizing compiler which produces
parallel code automatically from a sequential program (see chapters 2 and 4). Certain
microprocessors used in parallel multiprocessor machines, such as the Inmos transputer, can
effectively support the running of an actual parallel program on a single processor (given
sufficient memory) by task switching. The debugging process is then one step closer to true
parallel debugging. In practice, the problem of debugging a parallel program whilst running
on a multiprocessor can only be addressed by either writing a specialised parallel debugging
tool for the particular multiprocessor, or, by embedding large amounts of tracing code
within the program which prints out information on all the relevant details of the programs
progress. Such detailed tracing will obviously affect the programs run time performance
and will only be required during development and actual debugging. Therefore it is usually
configured so that it can be switched on (or off) at run time or, preferably, at compile

time. Indeed, this is the technique used by three parallel simulation tools® discussed in

2Non-deterministic Polynomial or NP-complete problems are not solvable in polynomial time by any
known deterministic algorithm and the only guarantee of a globally optimum solution is by exhaustive
search.

3YADDES (Yet Another Distributed Discrete Event Simulator) described in chapter 5, TWOS (the Time




later chapters.

In hybrid simulation, a simulation model is combined in some way with an analytical
model. As the solution of analytical models is generally much faster than that of simulation
models we will get a net speed-up. Hybrid simulation can be approached by decomposition
of the simulation model or by replacing the simulation model with an analytic model, known
as conditional expectation. The simulation model can be decomposed into sub-models,
often in a hierarchical manner, and those parts which have known analytical models are
solved analytically. A little intelligence is also usually applied to the decision of which
simulation sub-models to replace by considering which sub-models have most bearing on
the performance measure(s) of interest. Those sub-models requiring modelling in greater
depth, or to a greater accuracy, are not replaced. Conditional expectation is useful when
an analytic model of a complete system is available but when the vital parameters are not
known but can be simulated. In this case the simulation model feeds the analytic model in
a subordinate manner.

The speed-up obtained by using hybrid simulation techniques is offset somewhat by its
disadvantages. The application of these techniques is highly dependent on the model. If
analytic models are not known for a given situation then a significant amount of expert
knowledge will be required in order to explore whether one is possible and to generate it if
it is. In moving to analytic models there is also a consequent loss of the detail compared
with that in the simulation model. This may, or may not, be significant; again expert -
knowledge is required to assess this. The loss of detail can also mean that the variance of
the results obtained from a hybrid simulation is significantly increased. For instance, each
simulated traffic source in a packet-switched network model may be replaced by a simple
random number generator and an appropriately chosen shaping distribution. Thus, some
accuracy is lost in return for faster model execution.

Hybrid simulation is a subject in its own right, but does not depend on the use of
parallel or distributed architectures, though it may be used in such an environment. General
discussions of hybrid simulation have been written by Shanthikumar and Sargent [13], Frost
et. al. {4].

Variance reduction techniques exploit the statistical nature of simulation models to

reduce the variance, or uncertainty, in the output results. Thus, for a given length of

Warp Operating System) described in chapter 3 and the University of Durham ATM simulator described in
Chapter 6.




simulation run-time a more accurate result is obtained, or, for a given accuracy a shorter
simulation run is possible. This is usually described as statistical speed-up. There are
many well known techniques that fall into the category of variance reduction techniques
such as, antithetic sampling, common random number streams, control variates, importance
sampling and stratified sampling. These techniques have been studied extensively and are
well documented but have not often been used in real simulation applications. This may
be due to ignorance or, more possibly, to the added complication of their use. Also, most
experiments using variance reduction techniques have reported only modest speed-ups. An
excellent survey of variance reduction techniques has been written recently by McGeoch {14].

Statistical speed-up can be exploited in multiple processor systems. In this case, we
define speed-up as the time taken for a single processor to obtain the estimated perfor-
mance measure(s) of interest to a given accuracy divided by the time taken for the multiple
processor system to obtain the same estimate to the same accuracy. We can now consider
using n processors to do n short simulation runs instead of one long one on a single pro-
cessor. Heidelberger [15] discusses these statistical speed-up issues. His, and other work in

the area, will be discussed in chapter 2.

1.3.1 Amdahl’s Law

The speed-up, 5(n), of a multiprocessor with n processors is defined to be the ratio of the
total execution time on a uniprocessor to the total execution time on the multiprocessor.
Let us first define a simple model for the execution of a parallel program on a multiprocessor.
We define the total number of operations performed by the complete program as W. Various
types of operation are involved, so we define W; as the number of times that operations
of type ¢ are performed. FEach operation has a cost in processor time, so we can define
Ci(n) as the time taken by all the processors to perform one operation of type ¢ on an
n processor system. Let W, represent the number of sequential operations and Cy(n) the
cost of performing a single sequential operation on an n processor system. Likewise, let ¥,
and Cp(n) be the amount and cost of work which exhibits n-fold parallelism. Therefore,

speed-up is defined as;

W,C,(1) + W,Cp(1) 1)
WsCs(n) + WpCp(n) '

S(n) =

If we define the cost of one sequential operation to be one unit of processor time, then




Cs(1) = 1. Also we can assume that when performing a single sequential operation on an
n processor system, one processor is working and the other n — 1 are idle; hence Cs(n) =
nCs(1) = n. Further, if we assume that the cost of one operation is the same for sequential
and parallel operation, Cp(1) = 1 and Cp(n) = 1, then equation (1.1) reduces to Amdahl’s
law [16].

W+ W,

S(n) = 2= 7p
(=) W, + 22

(1.2)

Amdahl’s law for various values of W, where W, and W, are expressed as a fraction
of the total number of operations (ie. W, + W, = 1), is shown graphically in figure 1.1.
Comparing this with our qualitative terms for speed-up in table 1.1, we can see that the
curve for W, = 1 is effectively the unitary speed-up curve. Above this, is the region of
super-unitary speed-up and below it, sub-unitary. Also, notice that for any W, > 0, the
speed-up is never sub-linear.

Amdahl’s law also leads to a theoretical upper-bound for speed-up for this model of;
Wi+ W, 1

dm Sn) = — =1 (1.3)
s p

These can be observed in figure 1.1 (particularly for values of W, < 0.95) as the curves

move asymptotically to the upper bounds given in table 1.2.

W, | Speed-up - §(o0)
0.25 1.33

0.50 2

0.75 4

0.90 10

0.95 20

0.99 100

Table 1.2: Upper bounds on speed-up predicted by Amdahl’s law

There are several consequences of Amdahl’s law and the predicted upper bounds. First
of all, this model does not take any account of any overheads. In the case of a shared mem-
ory multiprocessor, for instance, there will be overheads in synchronization, communication
and memory reference overheads due to local cache misses. Also, whatever the architecture
of the multiprocessor, there is invariably a small period of time at the beginning and end
of any program which is unavoidably sequential; even if it only consists of reading code

and data files from mass storage, downloading them to each processor and writing the final
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results back. These two factors on their own mean that the curves in figure 1.1 and the
“upper bounds” in table 1.2 are in reality upper bounds on the speed-up we can expect to
achieve. Other, more practical, limits on the speed-up achievable are the number of pro-
cessors available and the number of processes into which we can decompose the problem;
in this case the simulation model. [t may often be possible to decompose a model into
more processes (ostensibly to exploit more parallelism) but this may result in greater over-
heads in communication between processes/processors, synchronization and load balancing

problems. Such problems are addressed in chapters 2 and 3.

1.4 Parallel Hardware Architectures

The last decade has seen the advent of a huge variety of new computer architectures for
parallel processing. This variety can be bewildering to the non-specialist in computer ar-
chitecture who needs to know which architecture is the most suitable for his application.
In order to make an informed choice we need to be able to classify the different types of
architecture which are available and which are possible. This is usually addressed by a
taxonomy. A taxonomy is a classification scheme based on the salient features of the things
being classified: in this case the things are parallel computers and the salient feature is
the type of parallelism employed. In any computer system design the parallelism can be
achieved at various levels. These are defined as the task level, process level, instruction
level and arithmetic or bit level.

The task level is the highest level at which parallelism can occur. It occurs in multipro-
grammed systems where multiple tasks are executed concurrently using time-sharing. True
parallelism occurs when we have multiple processors and each task is allocated to a separate
one. A task is usually defined as a complete program, though it should be obvious that it
is possible to define a task as a complete phase of a program. Thus there is an overlap with
the next lower level of parallelism. Here we are clearly describing multiprocessor systems.

The process level is usnally taken to mean parallel processing at the sub-program, proce-
dure or sub-routine level. Also included are separate instances of loops and even iterations
of loops, if there is no data dependency. At this level we are describing vector, array and
multi-function processors. Instruction level parallelism is where individual instructions are
executed in parallel. This is normally described as pipeline processing.

The final, and lowest, level is the arithmetic or bit level. A good example is the widely
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used parallel adder. This level is more the domain of the integrated circuit logic designer
rather than a primary topic in a discussion of parallel processing. So we will restrict ourselves
to the three higher levels of parallelism.

Duncan [17] believes we should go further and “exclude architectures incorporating
only low-level parallel mechanisms that have become common place features of modern
computers”, In this category he places instruction pipelining (for overlapping decode, fetch,
execute and store operations) and co-processors (for mathematics and logic or input/output
control).

There are several classification schemes available, the most popular of which is the
taxonomy proposed by Flynn {18]. The problem with any formal classification scheme is
that several well established architectures do not fit into them very neatly. This has led
to several suggested modifications to Flynn’s taxonomy and alternative approaches based
on descriptive notations. The taxonomy used in this survey is that of Duncan [17]. This
is an informal high-level taxonomy based on Flynn’s work which distinguishes between the
principle parallel computer architectures which are currently being explored.

Let us first briefly introduce Flynn’s taxonomy. Flynn [18] considered the sequential
(often called the von Neumann) model as a single stream of instructions controlling a single
stream of data (hence SISD). One step towards parallelism can be made be adding multiple
data steams (SIMD), and a second by adding multiple instruction streams (MIMD). The
SIMD machine consists of a single control unit and several processors carrying out the same
instructions on many different items of data. These are usually array or vector processors.
The MIMD machine is a true multiprocessor machine with each processor executing its own
instructions on its own data. The MISD machine, multiple instructions acting on the same
data item, is sometimes deemed impractical, though it seems to describe a multiprocessor

pipeline. The taxonomy is summarised in table 1.3 below.

Single data stream Multiple data stream
Single instruction stream SISD SIMD
(von Neumann) | (Array/Vector processor)
Multiple instruction stream MISD MIMD
(Pipeline) (true multiprocessor)

Table 1.3: Flynn’s Taxonomy.

Flynn’s taxonomy has the attraction of simplicity, providing a useful shorthand, but is

insufficient for classifying many modern architectures of which almost all would be classed
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as MIMD. Therefore many modifications to it have been suggested. Duncan summarises
much of the work on extending Flynn’s taxonomy in his paper [17]. He also introduces
an informal high-level taxonomy, based around Flynn’s taxonomy, to distinguish between

principle approaches to parallel computer architectures. This is shown in figure 1.4.

Synchronous | SIMD Processor array
Associative memory
Vector
Systolic
MIMD Distributed memory
Shared memory
MIMD/SIMD
MIMD-based Dataflow
paradigm Reduction
Wavefront

Table 1.4: Duncan’s Taxonomy.

Duncan begins at the highest level with three classes, Synchronous, MIMD and MIMD-
based architectural paradigms. Synchronous parallel architectures co-ordinate concurrent
operations in lock-step through.the use of global clocks, central control units, or vector unit
controllers. His MIMD class matches Flynn’s MIMD class, in that multiple processors can
execute independent instruction streams using local data. His MIMD-based paradigm class
embraces hybrid architectures that do not comfortably fall into either Flynn’s MIMD or
SIMD classes. Duncan ignores SISD as he is only interested in parallel architectures. The
following is a short summary of Duncan’s classifications.

Vector processors are characterised by multiple, pipelined functional units which im-
plement arithmetic and Boolean operators for both vector and scalar quantities and can
operate concurrently. Thus parallel vector processing is provided by streaming many vector
elements sequentially through a number of functional pipeline units in parallel. Because of
the existence of the pipelines there is always a significant start-up overhead. So efficient
operation is only achieved if the pipelines are continuously full. Also it has been found that
the vector operand lengths need to be multiples of the vector register size (ie. the number of
pipelines). If not then some of the pipelines will be idle while smaller vectors are processed
and vectors which are too large will have to be processed in batches.

SIMD architectures normally consist of interconnected processors with a central control
unit. The control unit broadcasts instructions to the processors which execute them in

lock-step on local data. The interconnections allow communication between processors and
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also between processors and local memory.

Processor array architectures are a type of SIMD architecture which are structured
for numerical SIMD execution. These have been used extensively for large-scale scientific
calculations such as image processing and nuclear energy modelling. The interconnection
networks used have usually been nearest-neighbour meshes or crossbar approaches, though
recently hypercube topologies have been explored. A variant on this architecture is the use
of large numbers of 1 bit processors in processor grid arrangement. These are very much
geared to image processing applications by mapping pixels to the grid processing elements.

Associative memory processor architectures are another a type of SIMD architecture
based on the idea of data stored in an associative memory which can be addressed by
its contents. The major advantage over random access memory (RAM) is its capability
of performing parallel seérch and comparison operations. These facilities are frequently
needed in many applications such as dynamic databases, image processing and artificial
intelligence. The major disadvantage is the increased hardware cost.

Systolic architectures (arrays) are pipelined multiprocessors in which data is pulsed in a
rhythmic fashion from memory through a network of processors before returning to memory.
This idea was formulated to balance intensive computations with demanding input/output
bandwidths. A global clock is used to synchronize the data flow through the interconnected
processors. Fach processor performs a specific invariant sequence of instructions on the
data. A high degree of parallelism is obtained by pipelining the data through multiple
processors typically arranged as two-dimensional arrays. Systolic architectures are best
suited for algorithm specific applications, particularly in signal processing. Some machines
have been constructed which are programmable, and so are not limited to implementing a
single algorithm.

MIMD architectures, as defined by Flynn, use multiple processors to execute indepen-
dent instruction streams using local data. Therefore MIMD machines are highly suited to
applications that require processors to operate in a substantially autonomous manner. The
software processes executing on each processor are synchronized by passing messages via
an interconnection network or via shared memory. Thus there is no central control and
MIMD architectures are asynchronous. They therefore support higher level parallelism at
the task and process level. Another advantage is that they can be extended much more
easily than SIMD machines. MIMD architectures can be further distinguished by their

memory organisation.
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Distributed memory MIMD architectures need the processing nodes (processor plus local
memory, or cache) to be connected using some interconnection network. Nodes can then
share data by explicitly passing messages through the interconnection network. Various
static interconnection network topologies have been explored to support various applica-
tions, such as pipelines, meshes, trees, rings, chordal rings, cubes, hypercubes etc. Each of
these are particularly suited to certain applications. For instance, a mesh topology is suited
to matrix oriented algorithms, tree topologies are suited to searching and sorting algorithms.
Dynamic, or reconfigurable topologies, are also possible by using a programmable switching
matrix. These can be single stage, multi-stage or a crossbar. Interconnection networks are
examined in detail by Feng [19], Siegel et. al. [20] and Almasi and Gottlieb [21]. A disad-
vantage is that the communication overhead associated with this architecture, particularly
where data has to be queued and forwarded by intermediate nodes, can significantly reduce
the performance.

Shared memory MIMD architectures allow communication between processors via a
common shared memory which each processor can access. Shared memory architectures thus
replace message sending problems with data access synchronization and cache coherency
problems. To coordinate processors with shared variables a synchronization mechanism is
required to prevent one process accessing a piece of data before another finishes updating
it. Also, each processor in » shared memory architecture often has a local cache memory.
Therefore we can have multiple copies of the same shared memory data in the caches of
various processors. Maintaining consistent versions of the shared data is the cache coherency
problem. As in the case of distributed memory MIMD architectures, there are several
alternatives for the interconnection of the multiple processors to the shared memory. Some
major examples are time-shared bus interconnections, crossbar interconnections and various
forms of multi-stage interconnection network.

Duncan’s category of MIMD-based architectural paradigms is meant to cover a vari-
ety of hybrid architectures which don’t fit neatly into most orderly taxonomies of parallel
architectures, including Flynn’s. Though all the types included are based on the MIMD
principle of multiple instructions and data streams and asynchronous operation, each has a
distinctive fundamental operating principle.

A MIMD/SIMD architecture describes a machine which is a MIMD architecture but
can be controlled in an SIMD manner. This is usually implemented using a master/slave

approach. For instance, let us consider a tree-structured machine as an example. The
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root processor of a sub-tree can act as an SIMD controller broadcasting instructions to
descendant nodes which then execute the instructions on local data. This is a very flexible
approach and one which is receiving a great deal of attention.

Dataflow architectures depend on an execution paradigm where instructions are enabled
for execution as soon as all their data hecomes available. This is known as a data-driven
architecture, in contrast with the normal instruction-driven architecture with which we are
most familiar. This means that the sequence in which instructions are executed is data
dependent. This allows dataflow architectures to exploit parallelism at the task, process
and instruction levels. Dataflow machines are a direct result of research effort into new
computational models and languages to effectively exploit large-scale parallelism.

Reduction architectures are often referred to as demand-driven architectures and, like
dataflow architectures, have their own execution paradigm. In this case, an instruction is
enabled for execution when its results are required as data for another instruction which
has been enabled for execution. Reduction architecture research has the aim of producing
paralle] architectures which will support functional programming languages.

Wavefront array architectures combine systolic data pipelining with an asynchronous
dataflow execution paradigm. Wavefront and systolic architectures are both characterised
by modular processors and local interconnection networks. However, the wavefront array
architecture co-ordinates inter-processor data movement using asynchronous handshaking.
Therefore, when a processor has finished its processing and is ready to pass on its data, it
informs the next processor, and sends the data when it indicates that it is ready. Once the
processor receives an acknowledgement that the transmission was successful, it can proceed
to its next task. Thus computational wavefronts pass through the array in correct sequence.

More detailed discussions of parallel computer architectures can be found in Almasi and

Gottlieb {21}, Patterson and Hennessey [22] and Trew and Wilson [23].

1.5 Outline of Thesis

The main body of the thesis following this introduction is divided into five parts which are
covered in the following chapters. Chapter 2 and 3 review parallel discrete event simulation
in some detail with particular emphasis on work relevant to the modelling of telecommu-
nication networks. Chapter 2 explores the various methods used to decompose a simul-

ation model into a set of communicating parallel processes; highlighting their strengths and
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weaknesses. Chapter 3 concentrates on a particular decomposition approach called here the
distributed model components approach and the fundamental problem of synchronization.
This involves decomposing the system model into loosely-coupled components (sub-models)
and simulating each with a logical process. One or more processes are then allocated to each
processor. The distributed model components approach is often referred to in the literature
as parallel discrete event simulation (PDES) as it is by far the most popular approach.
Chapters 4, 5 and 6 describe the results of the original work performed.

Chapter 4 describes the parallel simulation of circuit-switched telecommunication net-
works using a parallelizing compiler on a shared memory multiprocessor computer. Work
has been conducted previously using this technique to attempt to speed-up parallel dis-
crete event simulations of queueing networks with little success. Here, a simple model of
a circuit-switched network, which is not a discrete event model, is used to explore the use
of a parallelizing compiler. The results showed good speed-up figures with reasonably large
networks of ten nodes and greater.

Chapter 5 describes the parallel simulation of closed and tandem queueing network
models. Such models are often used as the basis for modelling packet-switched telecom-
munication networks. This work was conducted on a distributed memory multiprocessor
computer using the YADDES* tool from the University of Waterloo, Ontario, Canada. This
simulator enabled the comparison of the performance of several different parallel simulation
synchronization approaches using common model specifications.

Chapter 6 describes the paralle] simulation of asynchronous transfer mode (ATM) net-
works. This work was also conducted on a distributed memory multiprocessor computer
using a simulator written at the University of Durham. Simulation studies of ATM sys-
tems have thus far largely centred on the behaviour of single traffic sources, multiplexors or
switching nodes. Here, the parallel simulation of a complete network has been implemented
allowing realistic network performance to be studied with reasonable simulation run times.

Chapter 7 draws all of the conclusions together and attempts to highlight areas which
appear worthy of further study. There are also two appendices. Appendix A contains
information on the availability of a floppy disk formatted for an IBM. PC. compatible com-
puter. This contains examples of the simulation model files used in this study. Appendix B

contains the journal and conference papers published as a result of this work.

*YADDES is an acronym for Yet Another Distributed Discrete Event Simulator.
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Chapter 2

A Review of Parallel Discrete

Event Simulation

2.1 Introduction

A discrete event simulation is a computer program model for a system where changes
in the state of the system occur at discrete points in (simulated) time. Thus, the
simulation model only makes the transition from one state to another when an event occurs.
The system state is represented by a set of state variables which each event may modify
(thus changing the system state) and/or schedule new events in the future. An event-
list is maintained containing all the pending events that have been scheduled but not yet
processed. Each event has its own unique time-stamp and the simulation progresses by
removing the event from the event-list with the lowest time-stamp. A global clock variable
is used to keep track of how far the simulation has progressed.
This type of model is suitable for modelling many types of communication network. For
a packet-switched network model, say, state variables may represent the amount of traffic
carried on links, lengths of packet queues, processor status etc. Typical events may include,
new call arrivals, call clear downs, packet arrivals at a switching node, packet departures
after processing and routeing and, even, equipment failures. Such a system model is termed
an asynchronous system in that events occur at irregular intervals which can be modelled
by stochastic processes; that is, they are not synchronized by a global system-wide clock.
For such systems, the occurrence of events with the same time-stamp is very small so that

parallel processing techniques based on lock-step execution under the control of a global
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simulation clock tend to perform poorly.

Parallel discrete event simulation (PDES) refers to the execution of a single discrete
event simulation program on a parallel multiprocessor computer. For a given simulation,
five techniques for decomposing it into parallel processes for execution on a multiprocessor

machine have been identified [11,24].

o A Parallelizing Compiler can be used to compile a sequential simulation, written
in a conventional sequential language to run on a sequential uniprocessor, so that it

will run on a particular multiprocessor machine.

o Distributed Simulation Experiments may be conducted by running separate sim-

ulations on separate processors in parallel. This is often called replicated trials.

o Distributed Simulation Functions involves different subroutines or tasks of a sim-
ulation being placed on separate processors. For instance processors may be dedicated

to random number generation, event-list processing, statistics collection etc.

o Distributed Simulation Events uses a global event-list, as in sequential simulation,

to schedule available processors to process the next event on the list.

o Distributed Simulation Model Components involves decomposing our system
model into loosely coupled components (sub-models) and simulating each with a pro-

cess. One or more processes are then allocated to each processor.

o Time Parallelism involves partitioning a simulation model into a set of time periods.
Each time peﬂod is simulated in parallel and then the results from each period are
joined, or merged, together. This joining process is performed so that the final set
of results is the same as that which would be produced by a single long simulation
run. This is radically different from all of the above approaches which may be said to

exploit space parallelism.

Where the term PDES is found in the literature, it almost invariably refers to distributed
model components, as it is by far the most popular. The term distributed model components
approach will be used here to (hopefully) avoid any confusion. The good and bad points
of all of the above decomposition methods are discussed in the following sections giving
examples of work done in each area particularly emphasising work directly (or indirectly)

related to the simulation of telecommunication networks. The section on the distributed
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model components approach merely introduces the subject as it is dealt with in much more
detail in chapter 3. Obviously some combined approaches are also possible which are some

combination of the above techniques and these are also discussed.

2.2 Parallelizing Compilers

We are very familiar with the concept of a compiler which takes a high-level language
source code and compiles it to produce the machine-level object code which runs directly
on a sequential uniprocessor system. One approach to tackling the production of code for
a multiprocessor computer is to apply a compiler which takes, as its input, a conventional
sequential high-level language and produces, as its output, the object code to run on each
of the multiprocessors. This is termed a parallelizing compiler. The compiler thus has the
responsibility to recognise sequences in the source code which can be executed in parallel and
scheduled to run on separate processors. This definition thus distinguishes a parallelizing
compiler from a compiler which takes a high-level paralle] language and comj..ies it to run
on a multiprocessor computer. Though such a compiler could be made responsible for
automatically assigning processes to processors. An excellent survey of such compilers and
automatic parallelization generally has been produced recently by Bannerjee et. al. [25].

The overwhelming advantage is that the approach is largely transparent to the user. A
new parallel language does not have to be learned, the multiprocessor architecture should
not impact the original program structure and existing sequential software, so-called dusty
decks, may be ported. The disadvantage often found is that the problem has been coded
in sequential form, thus largely ignoring any parallelism in the structure of the problem.
This results in relatively small portions of the available parallelism in the problem being
exploited and, hence, the speed-up in moving to the multiprocessor architecture is generally
disappointing.

Parallelizing compilers are usually constructed such that they are effective in translating
a wide range of sequential programs for use on the particular multiprocessor. Indeed, many
of the algorithms used in the program analysis and transformation may well have been
developed with many classes of scalable parallel multiproceésor in mind. This means in
practice that a parallelizing compiler written for and running on a particular architecture
is unlikely to give the best performance in terms of speed-up for one particular application.

The best performance will always be obtained by writing the application from scratch.
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There are two basic approaches to converting sequential code to run on multiprocessor
architectures. A parallelizing compiler takes sequential code directly and produces parallel
code to run on the target multiprocessor system. Alternatively, intelligent run-time support
and parallel routine libraries can be provided with a programming environment which allows
the conversion of sequential into parallel code.

The former approach is exemplified by the work of Chandak and Brown [26] and by
Reed [27]. The work done by Chandak and Brown, showed that discrete event simulations
cannot generally be parallelized using this approach and, more specifically, that the discrete
event simulation of any network of queues containing feedback loops cannot be parallelized.
As most simulation models of telecommunication networks involving queues are almost
bound to contain feedback loops this was a disappointing result. On a positive note though,
they showed that careful optimization of event-list processing could produce a speed-up of
two on a CDC Cyber 205 (a synchronous vector architecture, see Duncan [17]) even for
non-parallelized code.

This result was borne out by Reed. He used a Cray X-MP (also a synchronous vector
architecture) and Cray’s Fortran 77 vectorizing compiler to investigate the simulation of
queueing networks. The results were compared with the simulations performance on a Vax
11/780 using the same sequential code. The results showed a speed-up of about a hundred
which is almost the same given by the two computers rated performance on sequential code.
It was suspected that the amount of vectorization was small and using an execution monitor
it was found to be between 1 and 5% for various simulation models.

Nevertheless, Reed did hold out some hope for this approach as he believed the current
limitations were with the Cray Fortran vectorizing compiler. There were many DO loops
in the simulation which potentially could have been parallelized but weren’t because the
compiler couldn’t parallelize any loops containing IF statements, function calls or data de-
pendencies; even by automatic rearrangement of the code. Indeed there have been some
significant advances in parallelizing and vectorizing compiler technology (eg. the Cray For-
tran 77 compiler [28], PTRAN at IBM Research {29] and SUIF at Stanford University [30])
and associated performance monitoring tools since then [31-35]. A more recent trend is
towards integrated development environments; a good example of which is the ParaScope
system [36]. All this points to the approach becoming increasingly more attractive; partic-
ularly as many shared memory multiprocessor machines are becoming available which can

function as general purpose Unix machines as well as parallel processing platforms {23].
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The second approach, of providing intelligent run-time support and parallel routine
libraries has been taken by several commercial products such as Express, Linda and Helios.
Express [37,38] is based on work done originally at the California Institute of Technology.
Code development is done by first achieving a working sequential C or Fortran program.
Then, either system calls to Express library routines can be added by hand, or ASPAR,
an Automatic Symbolic PARallelizer, can be used to generate parallel C or Fortran code
with the built-in calls to Express library routines. ASPAR also provides decomposition,
processor mapping and load balancing facilities. It is recognised in [38], that ASPAR works
extremely well on applications which use regular meshes, but can fail on communication
intensive applications. However, this disadvantage is slightly offset by diagnostics which are
issued on failure to suggest corrections to the problem to allow parallelization. Debugging
and testing of the parallel code is aided by the tool NDB. There is also a performance
monitoring tool, PM, which gives graphical output displaying processor utilisation and
communication.

The basic concept used in Linda [39] is the idea of a “tuple-space”, which is effectively
a database for software objects of various kinds. Processing nodes communicate by drop-
ping objects into the database which can then be extracted by other nodes. This concept
has a very simple and elegant implementation but it suffers from quite severe performance
problems. This is particularly so on distributed memory MIMD architectures where the
database searching required to find an object can involve intensive inter-node communica-
tion within the operating system. More recent versions of Linda [40] have extended the
original concept by adding additional “tuple-spaces” and allowing the user to specify to
which space an object should be sent and from which it should be retrieved. This new style
is similar to a “mailbox” approach.

Helios [41] is a distributed memory MIMD architecture operating system designed for
Inmos transputer networks. It offers Unix-like utilities such as compilers, editors and print-
ers all available from the nodes of the transputer system. Interprocessor communication
is achieved using “pipes” though no collective communication support is provided. No
automated programming or parallelizing tools are provided. |

A research project at Texas Christian University at Fort Worth has used a pre-processor
approach similar to that of Express. A Pascal based event oriented simulation language
SIMPAS was used and the sequential code was passed through a pre-processor to produce

Pascal code which could be compiled to run on a Texas Instruments 990/12 multitask-
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ing minicomputer or a tightly coupled network of eight Motorola 68000 based processors
connected using a VME bus {42]. See also the section on distributed simulation functions
concerning this project.

Another interesting approach is the development of a hardware architecture which specif-
ically supports a high-level language. This has been done for Lisp, Prolog and Simula
amongst others. Both a Parallel Simula machine [43] and a Prolog co-processor machine [44]
have been used for simulation purposes. Performance ﬁgures are not quoted for either ma-

chine.

2.3 Distributed Simulation Experiments

If we have n multiple processors available, an obvious approach is to do n experiments
(simulation runs) simultaneously. This is particularly efficient for stochastic simulations,
as results can be averaged at the end of the run, and also for doing several “what-if” sim-
ulations simultaneously with slightly different parameters. This approach seems extremely
efficient as no co-ordination is required between processors except for result averaging or
presentation. Hence, for n processors we may approach an ideal speed-up of n. The ounly
other overhead is loading the model into each processor which is often negligible for pro-
duction runs.

Let us first consider the case of stochastic simulation. In some cases it is better to do a
single long run, in terms of simulated time, than to do several short runs and average the
results. Heidelberger [15] considered the statistical properties of estimates obtained from
discrete event simulations run on parallel processing computers. He showed that, generally
speaking, if the run length required for a particular accuracy is long or the initial transient
is weak, then distributed simulation experiments will be statistically more efficient than
distributed simulation for estimating steady state quantities. If a reasonable speed-up factor
can be attained using the distributed simulation, it will be statistically more efficient than
distributed experiments for short runs, for simulations with a strong transient or if a large
number of processors are available. In between these two extremes (ie. moderate transient
relative to the required run length), the optimal policy, he suggests, is a combination of a
small number of processors per experiment and a large number of experiments.

Heidelberger’s principles have been explored by Rajagopal and Comfort [45] simulat-

ing an M/M/c queueing network using occam on Inmos transputers. A combination of
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distributed simulation functions and distributed simulation experiments was used. The
speed-up obtained using the distributed experiments was near perfect ignoring initial load-
ing of the processors and data collection at the end of the simulation. In general, the
steady state was reached more quickly but, surprisingly, the mean squared errors were not
significantly different. It was concluded, however, that this may have been duo to the small
number of processors employed (two and three sets of three).

Independent simulation runs with different parameters have been explored by Biles,
Daniels and O’Donnell [46). They used a hierarchical tree network of microcomputers,
in which lower levels performed the same simulation with different parameters. Again,
this is very efficient, but does not allow interactive decisions to be made. This is because
decisions about all the parameters for all the runs to be executed in parallel must be made
before they take place. Thus, optimization of a simulation, by examining results of previous
runs, is more difficult. Also many of the simulations in a particular batch may be wasted
because of this hindrance to sequential decision making. To summarise, a few short fast
single runs are often better for optimization and decision making than making many slow
ones in parallel. In terms of the hardware required, distributed experiments may not be
possible. Distributed experiments require that we have multiple identical processors each
with suflicient memory to contain the whole simulation program as well as enough memory
to run it. This suggests an MIMD architecture that is loosely coupled, as communication
between processors is not generally required during simulation. In most distributed memory
systems each processor does not have large amounts of local memory. Even in a shared
memory system there may not be enough memory capacity for many copies of the simulation
program. This leads us back to considering, as did Biles, Daniels and O’Donnell, a network
of uniprocessors. Nevertheless, if these memory deficiencies do not apply to the particular
simulation application, the distributed experiments approach can be very efficient and can

also use existing sequential simulation programs adapted for this purpose.

2.4 Distributed Simulation Functions

For any simulation there are always a certain number of key activities which must be
supported. Functions such as random number generation, event processing, result collection,
statistical calculations, results presentation, file manipulation etc. Also other functions

may be desired such as animated graphics during simulation or intelligent supervision of
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the simulation process. Each of these functions may be supported by distributing them to
individual processors. The processors may be identical, or may be tailored to each individual
function. This is very much like the approach taken in many personal computers; a general
purpose processor, an arithmetic co-processor for floating-point calculations, a graphics co-
processor, other processors for controlling input/output functions with keyboards, printers
or communications links.

The advantages of this decomposition method is its freedom from the possibility of
deadlock (a cycle of blocked processes) and its potential scalability. The architecture may
also be made transparent to the user as each function’s code can be divided up and placed
with each processor fairly easily. It could even be made an automatic process at compilation.
This would obviously be much easier if identical processors were used.

Its disadvantages are the communication overhead between functional processors, which
may become the limiting factor in performance, and the failure to exploit any parallelism
in the system being modelled.

At Texas A & M University work has proceeded in this area for several years [42,47-
52]. Inmitially, the GASP IV simulation language was used and the simulation support
processes were separated to run on eight separate processors. A tightly coupled network
of eight Motorola 68000 based processors, connected using a VME bus was implemented.
Unfortunately problems were found between the operating system and the multitasking
Fortran 78, on which the GASP IV depended. The idea was abandoned. However, the idea
was also emulated on a TI 990/12 minicomputer to determine the feasibility of the approach
which was successful.

Comfort has also worked on this approach, see [53-55]. In [53] he describes a comparison
experiment using a PDP-11/44 alone and using the PDP-11/44 with a Motorola 68000
microprocessor for event set processing, for the simulation of an M/M/k queueing network.
He obtained a 40% improvement. In [54] he describes a three processor system achieving a
45% improvement over a single processor. In [55] a master/slave approach is described in
which event set processing is done by slave processors controlled by a master host processor
which does everything else. Speed-ups as high as 1.3 were obtained with two or three slave
processors, but no incremental benefit was found beyond three.

Rajagopal and Comfort used this technique in the simulation of an M/M/c queueing
network using occam running on Inmos transputers [56] and [45]. The speed-up factors

obtained were 0.96 to 1.3 for two processor systems, 0.96 to 1.6 for three processor systems
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and 1.2 to 1.6 for four processor systems. Also it was found that speed-up improved with
event set size. Individual processor efficiencies were between 0.31 and 0.64. These results
are encouraging though only a small number of processors were used. This was partly due
to the transputer only having four physical links which limited the complexity of the model
that could be simulated.

Rajagopal and Comfort’s work, particularly, seem to point to this approach being fruitful
for a small number of processors. Unfortunately, the benefits only increase marginally with
the number of processors and may even fall away. More recently, this level of limited speed-
up on a small number of processors was also reported by Zhang, Zeigler and Concepcion [57,
58]. They used a hierarchical decomposition of the simulation model in order to produce

events, each consisting of several sub-events, to be processed in parallel.

2.5 Distributed Simulation Events

In sequential simulation, a global simulation event-list is usually maintained. The next event
is the one at the top of the list. When this is processed, any events generated by it are
inserted into the list at the correct time slot. In the distributed simulation events approach, a
gldbal event-list is maintained in the same manner, but as each processor becomes available
it processes the next scheduled event. The difficulty is maintaining consistency in the
simulation as the next event available on the list may be affected, or pre-empted, by another
event currently being processed by other processors. The need for global simulation control
points very much towards the use of a shared memory MIMD architecture so that all
processors can have access to the global event-list.

Jones describes the distributed simulation events approach as concurrent simulation us-
ing temporal decomposition [59]. He develops the concept of “limit times”, which determine
whether the next event on the list can be safely executed. However there are no results for
his algorithm.

Cota and Sargent have developed an algorithm for parallel discrete event simulation
using a shared memory architecture machine [60]. It has been implementéd on an En-
core Multimax machine though no performance results are available as it was still under
evaluation.

The Texas A & M University has put a great deal of work into developing a concurrent

simulation environment using Ada on a Sequent Balance 8000 shared memory multiproces-
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sor (twelve) machine {51,61]. Generally it was found that if tasks communicated very little,
significant speed-ups over sequential simulations could be achieved. However, if the tasks
had many rendezvous then the simulation essentially became sequential.

The results for this approach seem to indicate that it is reasonable if there are only a
small number of processes required and a large amount of global information used by the

components of the system.

2.6 Distributed Simulation Model Components

The final, and most popular, method of decomposing a simulation is to decompose the
simulation model into a number of components, or sub-models, and assign the simulation
of each component to a process. One, or many, processes can then be assigned to execute
on each processor. Each process must be able to communicate with other processes so that
either global shared variables or a message passing scheme between processors is required.
Model decomposition often follows the logical structure of the real system being simulated.
For instance, each exchange in a packet-switched network may be modelled by an individual
process.

This approach can take advantage of any parallelism inherent in the system to be mod-
elled, so it seems to promise significant speed-up on a multiprocessor system. However,
this only holds if the simulation does not require a significant amount of global information
and control. The major overhead will be communication between processes executing on
different processors. This can be handled by message passing on a distributed memory
MIMD architecture or shared variables or message passing on a shared memory MIMD
architecture. The other major problem is the synchronization of events during the simul-
ation. Generally speaking, the more loosely-coupled the processes can be (ie. asynchronous
requiring little communication), the more likely the simulation is to be processor bound.
That is, the performance of the simulator will be limited by processor performance. On
the other hand, the more tightly-coupled the processes are, the more likely the simulation
is to be communication bound. That is, limited by the performance of the communication
mechanism between processors.

For a network which has a fixed topology, such as the public circuit-switched network,
the most natural way to decompose the model is to assign a process to each exchange, or

node, and represent network traffic by messages passing between the nodes. These messages
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could be implemented in a shared or distributed memory machine. Each message would
contain a time-stamp representing its simulated time of generation. An alternative approach
is to have processes representing the traffic status as well. In this case messages passed will
represent a change in traffic status.

In a dynamic topology system, such as a mobile telephone network, processes can rep-
resent interacting components; the users, the fixed transmitting/receiving stations and the
normal telephone network exchanges. Messages between processes will then represent in-
teractions between the components. Another method, originally developed by battlefield
simulators [62] is to divide the simulation geographically into sectors. Each sector is then
simulated by a process and then the processes are mapped onto the processors. At this
point it has been found that there are trade-offs between placing adjacent sectors onto the
same processor and placing non-adjacent sectors on the same processor. In battlefield simul-
ations, the former minimises communications, but the latter produces better load balancing
between processors. For communication systems, it is suspected that there will be little or
nothing to choose between these sector placement schemes.

The two major tasks with distributed model components is the development of the model
processes themselves and the synchronization of the processes during simulation. Model
building is purely a software problem; synchronization is a problem of both simulation and
software. As we shall see the method employed to synchronize the distributed model impacts
the way the model is developed, the facilities required of the software and the hardware,
and most importantly the performance of the simulation. The performance is affected as it
is the synchronization message passing overhead which prevents ideal speed-up. A detailed
discussion of synchronization approaches for distributed model components and its impact

on performance can be found in chapter 3.

2.7 Combined Approaches

The ideal decomposition approach for a particular application may well be a combined
approach integrating two or more of the above. Several scenarios are possible. Heidel-
berger [15], for instance, discusses the relative merits of combining distributed simulation
experiments with other approaches using multiple processors to execute single simulations.
The use of a parallelizing compiler could actually lead to a distributed event approach de-

pending on how the compiler divided up and scheduled the processes. However, it is difficult
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to imagine how these two approaches could interact with the other approaches. But let us
now consider what approaches might work effectively together.

We could begin by decomposing our simulation model into our loosely-coupled compo-
nents and modelling each with a process. Then, instead of placing each component in a
single processor, we could decompose each process into its simulation functions and place
each function in a processor. Each component process will thus be executed in a cluster of
processors. This seems a useful approach as the research on distributed simulation functions
seems to be most efficient using a small number of processors. Also we are exploiting the
parallelism of the system at a fine-grain size. The disadvantages will be with code gener-
ation, loading and lack of flexibility and scalability. The distributed simulation functions
approach could also be exploited alongside distributed model components by using extra
processors to handle global results collection, statistical calculations and animation. This
particular approach has been used at Durham University in the simulation of wide area
telecommunication networks [63—-66). Here each node of the communication network is sim-
ulated on an Inmos transputer and the system set-up, graphics, results and user interface
are handled by other processors.

The distributed experiments approach may be combined with the distributed functions
or distributed model component approaches, or both. This simulator could then run several
different simulations in parallel as well as exploiting the parallelism in each simulation. The
approach using distributed experiments and distributed functions has been explored by
Rajagopal and Comfort [45], and described above in the sections on distributed simulation

experiments and distributed simulation functions.

2.8 Time Parallelism

The most obvious form of parallelism in physical systems, exploited as distributed model
components, is due to concurrent activity among spatially separated objects. This is some-
times referred to as space parallelism. If we model a hundred physical objects with a
hundred logical processes then Amdahl’s law predicts that our maximum speed-up is also
a hundred. However, our realistic speed-up, due to some inherently sequential sections and
synchronization and communication overheads will be considerably less.

It has recently been recognised that parallelism in some simulation models can also

be exploited in time. This was first discussed by Chandy and Sherman [67], where the
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authors observe that simulations are fixed-point computations, and as such can be executed
as asynchronous-update computations. Practical exploitation of time parallelism was first
reported by Greenberg et. al. [68], where they showed how certain queueing systems (eg.
a single FCFS G/G/1 queue and networks of feed-forward queues) can be expressed as
systems of recurrence relations (in the time domain) which can be solved using standard
parallel prefix methods on massively parallel machines. The most impressive thing about
this approach is that the degree of parallelism which can be exploited is only limited by the
size of the parallel machine and its memory.

A more direct approach to time parallelism is to partition the time domain, assigning
different processors to different regions of time. A process, LP,, assumes some initial state
for the system at the beginning of its assigned interval, ¢, say, and simulates it. The
processor LP,_; whose interval terminates at ¢, may have a different final state at ¢,
than the one assumed by LP,. In this case a fix-up operation must be performed. This
method will work if the cost of a fix-up is much less than the cost of re-simulating the
interval. Variations on this idea are described by Ammar and Deng [69] and by Lin and
Lazowska [70]. This technique is easier for trace-driven simulations, where an input file
is available which contains a trace of all the inputs to the simulation. Often the trace
is one obtained from a real system. This technique has already been explored for cache
simulations [71,72], queueing networks [69] and packet-switched multiplexers [73]. It also
has potential for digital logic circuits.

These techniques are still in their infancy, though they have already been applied to a

variety of systems as shown below in table 2.1.

Author(s) Ref. Application

Ammar and Deng [69] Queueing networks

Baccelli and Canales [74 Stochastic petri nets

Gaujal et. al. [75] | Circuit-switched telecommunication networks
Heidelberger and Stone | [71] Trace-driven cache simulations

Nicol et. al. [72] Trace-driven cache simulations

Table 2.1: Applications explored using Time Parallel approaches.

Time offers another dimension in which speed-up may be obtained. However, as vet
there are few implementations and any speed-up will rely heavily on the specifics of the
application. This is not surprising, given the diverse ways in which simulation models
evolve in simulation time. Therefore, it seems unlikely that a general purpose protocol will

be developed that can be consistently effective in exploiting time parallelism for a variety
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of applications. Nevertheless, as seen above, there are already some non-trivial examples
of important applications that have been shown to benefit from time parallelism. Future
efforts will be directed towards expanding the class of applications where time-parallelism
works. The applications which do benefit need to be characterised so that the techniques
used can be generalised. Much work also needs to be done in the performance analysis of

such approaches.

2.9 Summary

The speed-up possible in using parallel simulation is clearly dependent on many interrelated
factors. The application, the multiprocessor architecture, the decomposition approach, the
synchronization approach (if applicable) all have a direct bearing on the simulators perfor-
mance and also interact with each other in a complex manner. As has been discussed in
chapter 1, some of the decisions concerning these factors will be made on what is required
from the simulation. For instance, if real-time decisions need to be made by observing the
behaviour of the simulator using graphical animation of the system, time driven synchro-
nization will be needed and, for instance, the distributed experiments approach will never
be appropriate. However, ignoring these complex interrelated problems for the moment, let
us summarise the performance of the parallel simulation approaches.

The use of a parallelizing compiler tends to ignore the potential parallelism in the struc-
ture of the problem if sequential simulation code is translated into parallel code automat-
ically. This results in relatively small portions of the available parallelism in the problem
being exploited and, hence, the speed-up in moving to a multiple processor architecture is
generally disappointing. Most compilers in this category, to be fair, have been aimed at syn-
chronous SIMD and vector machines. Thus, they have been tailored to work with vectors,
matrices and generally fine-grain problems inappropriate for communication network sim-
ulations. However, the work in this area has given rise to multiprocessor operating systems
and development environments which should make life easier for the performance engineer
wishing to use a multiprocessor to speed-up the execution of some simulation models.

The distributed simulation experiments approach is a simple but effective technique
which, if coupled with variance reduction techniques, can give impressive performance. The
relative unpopularity of the approach is perhaps because the most common need from a

simulation is fast accurate results. As we are not exploiting any parallelism in the problem,
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speed-up is more in terms of statistical efficiency and simulation throughput (ie. more
simulation can be done in the same time). For comparing many similar designs at once it
is probably the ideal approach. Also the performance engineer will probably be able to use
existing sequential simulations as a basis.

The work on the distributed simulation functions approach seems to indicate that this
is a fruitful approach if the number of processes that the simulation is decomposed into is
small. The law of diminishing returns sets in at an early stage above more than a handful
of processors.

The distributed simulation events approach depends very much on the use of a shared
memory MIMD multiprocessor. The results for this approach seem to indicate that it is
reasonable if there are only a small number of processes required and a large amount of
global information used by the components of the system. Otherwise the results seem
somewhat disappointing.

The distributed simulation model components approach offers the greatest potential
speed-up in terms of a reducing the execution time for a single simulation. Also, the de-
composition of the simulation model can follow the structure of the problem making it
easier to understand and develop the models. In the case of the simulation of commu-
nication networks, we may be producing something akin to a software emulation. The
synchronization problem complicates the approach, but guidelines are beginning to appear
as to which synchronization method will be the best for a particular type of application.

The ultimate speed-up for any particular application is more than likely only available
using a combined approach. The parallelizing compiler and distributed simulation events
approaches do not lend themselves to combination with any of the other techniques though
they may be interrelated themselves. Distributed simulation functions seem to give good
results particularly when combined in order to relieve the rest of the simulation of the
ancillary functions of statistical calculations, graphics control and results processing. An
ideal mixture would seem to be multiple simulation experiments, each executing on multiple
processors, feeding output results to other global processors for processing and display.

Time parallelism is a relatively new area potentially offering substantial speed-up on
massively parallel multiprocessor machines. It seems unlikely that it will be a generally
applicable technique but certain problems which lend themselves to this type of approach

may yield good results.
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Chapter 3

Synchronization Approaches for

Distributed Model Components

3.1 Introduction

significant amount of work has been done to ascertain the most efficient method of
A synchronizing the simulation of systems using distributed model components. Reviews
of the plethora of possible schemes, in chronological order, can be found in [24,76-79].
Before we discuss various synchronization schemes, it is important to review why it is
such a difficult problem. In a sequential simulation, the synchronization of the simulation
is maintained by manipulation of the event-list. This contains the pending events in the
system usually (but not necessarily) in time-stamped order. The simulation progresses by
removing the event with the earliest time-stamp from the list and processing it. If a new
event is generated, it is inserted into the event-list at its time-stamp position. Thus the
simulator processes the events in synchronized chronological order. If we now distribute
the simulation over several processes, it becomes possible for a processor to process an
event which is not the earliest. Also, in processing this event we may affect conditions for
earlier, as yet un-simulated events. Thus the future is affecting the past, which is clearly
unacceptable, and is known as a causality error.
Thus, synchronization schemes generally fall into one of three categories; conservative,
optimistic and synchronous approaches. Conservative approaches avoid causality errors ever
occurring by relying on some strategy of determining events which are “safe” to process.

That is, they must determine when all events that could affect the event in question have
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been processed. Optimistic approaches allow causality errors to occur, but when they are
detected, a rollback mechanism is employed to recover. More recently, so-called synchronous
approaches have been developed which determine iteratively which events are “safe” to
process within a bounded time period. Each .iteration is ended by some form of barrier
synchronization in order to keep all the processes in synchrony.

Optimistic approaches detect and recover from causality errors rather than avoid them.
Therefore optimistic approaches don’t need to determine whether or not it is “safe” to
proceed; they only need to detect the error and recover. The original work was done by
Jefferson on the mechanism called time warp, based on the concept of virtual time [80]. In
this case, virtual time is synonymous with simulated time. In the time warp mechanism, a
causality error is detected whenever an event message is received by a process that contains
a time-stamp earlier than the processes’ local clock (ie. the time of the last processed
message). This is known as a straggler. Recovery is accomplished by undoing the effects
of all events that have been processed prematurely by the process receiving the straggler.
This is known as rollback. Two things are affected by rollback. The process state may be
modified; this is accomplished by returning to the correct old state which is taken from a
store of previous states. Also, previously sent messages must be effectively un-sent; this
is achieved by sending antimessages that cancel the effect of the original. If the original
message has already been processed then that process in turn must also rollback. This

process continues until the effects of the causality error are cancelled.

3.2 Synchronization in Action

Before discussing each of these approaches in more detail let us briefly discuss the synchro-
nisation problem and the two classical approaches to it using a simple example; based on
that of Fujimoto and Nicol [79]. Consider the network of three processes shown in figure 3.1.
Each process sends jobs in the form of messages to each of the two other processes. Let each
process execute on its own processor and let the minimum service time of any job be 0.1.
Therefore, each process must maintain its own event-list; for example, A:2 indicates a job
arrival event scheduled for time 2. The values on the communication links, called link-times,
indicate the time-stamp of the last message sent over that link. When the simulation is
initiated, a process knows its first job arrival and associated time-stamp (defined as part

of the initiation), and the link-times are all initialised to zero. In conservative protocols,

35




no process can simulate its first event until it is certain that it will not receive a job from
another process with a time-stamp less than its first arrival time. Therefore, we have a
problem; as the arrival times are all strictly greater than the initial link-times. However,
this can be resolved as each process “knows” that even if a job were received at time 0,
that job would require at least 0.1 service time. Therefore, the process can “promise”, to
all the processes connected to it, that it will not send a job until at least time 0.1. Thus,
the process can send a (so-called) NULL-message with time-stamp 0.1 to the processes to
which it sends jobs. Since every process can do this, every link-time eventually increases
to 0.1. Note that a NULL-message does not represent any entity moving between processes
and hence has no counterpart in the physical system being modelled, it is used simply to
inform another simulation object of the time elsewhere in the simulation. Hence, it can be
considered to be a promise to the receiving process that it can carry on accepting messages
on a link safe in the knowledge that no new message or job will arrive on that link with a
time-stamp earlier than the last NULL-message received.

Using a conservative protocol, a process may execute the message associated with the
smallest link-time. In the example a process eventually receives two NULL-messages, with
the same time-stamp, and these may be processed. As a result, each process sends two new
NuLL-messages, now with time-stamp 0.2. This increment in NULL-message time-stamps
continues until the link-times reach the time of the Q1 arrival, time 2. At this point, “real”
simulation activity begins.

Twenty rounds of NULL-message increments were required to reach this point. Now, let
us suppose that when the Q1 arrival goes into service it cannot be pre-empted, and will
not depart until time 3, event D:3. Knowing this, Q3 can now send NULL-messages with
time-stamp 3 to both Q2 and Q3, effectively “looking ahead” in simulation time to the
job’s completion. This leads to the situation shown in figure 3.2. Further increments in
NuLL-message time-stamps are then needed to raise the link-times to the point where the
Q1 departure at time 3 can be simulated.

The problem with the above scheme is clearly the high volume of NULL-messages. An
optimistic approach such as time warp [80] avoids these. In time warp, every process
checkpoints (stores) its state, then optimistically executes its first event. Taking our example
network once more, figure 3.2. The Q1 arrival at time 2 departs at time 3 and may then be
sent to Q3. Unfortunately, Q3 has already simulated an arrival at time 4, which must now

be undone along with all the messages which may have been sent prior to time 3. Therefore,
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Figure 3.1: Example network of processes at initialisation — all link-times are at zero.

Q3 must recover its state at time 3 (its initial state in this case) and simulate the new arrival.
Thus Q3 is said to roll-back to time 3. Let us now suppose that the allocated service time
is 1 unit and that the job is then routed to Q2 at time 4. Since Q2 has already simulated
an arrival at time 5, it too must roll-back, send anti-messages after messages it erroneously
sent, recover its initial state, and simulate the new arrival. These descriptions are intended
to suggest that synchronization protocols may typically impose severe overheads depending
on the behaviour of the simulation model. The goal of synchronization protocol research
is to reduce those overheads. Let us now discuss these synchronization approaches in more

detail.
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Figure 3.2: Example network of processes at time 2—the link-times represent the time-
stamp of the last message to cross the link.

3.3 Conservative Synchronization Approaches

Conservative approaches were the first to appear historically. An added problem which
categorises various conservative approaches is that of deadlock. If processes do not have
a “safe” event which they can process then they are blocked and cannot progress. If a
cycle of blocked processes occurs then we have deadlock and the simulation will grind to
a halt unless the deadlock can be broken. Generally it has been found that, if there are
relatively small numbers of pending events compared with the number of communication
links between processes in the simulation model, or, if such a scenario occurs in a localised
part of the model, then deadlock may occur frequently. Early work by Chandy, Misra and
Holmes [81-83], Bryant [84], and Peacock, Wong and Manning [85,86] investigated various

solutions to this problem.
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Chandy and Misra’s first approach was that of deadlock avoidance using NULL-messages
[81-83]. The same approach was investigated independently by Bryant [84], hence conserva-
tive protocols using NULL-messages are often called Chandy-Misra (CM) or Chandy-Misra-
Bryant (CMB) protocols. The NuLL-messages are purely for synchronization purposes and
do not correspond to any simulation activity. The clock value of each input to a process (the
link-times in the example) give a lower bound on the time-stamp of the next unprocessed
event which will appear on that input. These clock values can thus be used to calculate
the lower bound of the time of the next output messages from the process on each output.
Therefore, when a process blocks, it sends a NULL-message out on each output indicat-
ing these lower bounds. Processes receiving these NuLL-messages can thus calculate lower
bounds for their own outputs and so on. It can be shown that this scheme avoids deadlock
as long as no cycles of processes occur in which the collective time-stamp around the cycle
is zero (ie. all the processes in the cycle have the same clock time). This approach has
been used successfully in many simulation studies such as; [27,87-89]. The main problem
with this approach is the NULL-message overhead which can reduce simulation performance
significantly, see [90].

An alternative NULL-message approach is to only send them at the request of a pro-
cess [49,76,85,86,91,92]. The query, or probe, is sent when a process is blocked and
needs an improved clock time. Nicol and Reynolds used a variation on this approach in
their SRADS (Shared Resource Algorithm for Distributed Simulation) simulation proto-
col [93,94]. Here, when a process is about to become blocked, due to the incoming link
with the smallest link-time having no further messages waiting to be processed, it sends a
request to the process on the other end of the link for the next message. Execution can
then continue when this message is received. Thus, these approaches reduce NULL-message
traffic at the expense of query and query-reply traffic.

Chandy and Misra also developed an alternative approach based on the idea of deadlock
detection and recovery [76,83,95]. Various deadlock detection algorithms are also described
by Dijkstra and Scholten [96] and by Groselj and Tropper [97]. Deadlock can be broken using
the basic fact that the message (or messages) having the smallest time-stamp can always
be processed safely. Another method is to compute lower bounds on the link-times at each
process, not unlike the NULL-message computation. Such mechanisms are aimed at global
deadlock situations. Misra discusses a modification to this to deal with local deadlock

involving only a small cycle of the processes [76]. This uses a pre-processor to identify
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all local cycles prone to deadlock within a complete simulation model and apply these
techniques only on those. However, the overheads on implementing such an approach would
seem to be large especially on large models where the network of processes could contain
many cycles. Liu and Tropper discuss similar techniques for detecting cycles of processes
prone to deadlock [98]. In certain cases, the topology of the network to be simulated can be
exploited to simplify the synchronization protocol: Kumar [99] has shown this for acyclic
networks. This fact has been exploited by Lin, Lazowska and Baer [100]. They eliminate
cycles from a network by combining cyclic sub-networks into single logical processes. The
resulting acyclic network is then simulated using the standard CMB protocols.

Significant improvement in the performance of the simulation can be achieved if, instead
of holding a message in a process until the clock times on all of its inputs reach the time
of departure, the message is processed and passed on to the next object as soon as the
causality of the simulation can be guaranteed. In doing this the simulation model can lose
some information such as queue length and additional calculations would be required if
such information needs to be collected {82]. It should also be noted that such a technique
cannot be used with priority queueing structures or pre-emptive messages since the message
processing order cannot be determined in advance. The ability to do this was formalised as
the lookahead capability of the simulation by Fujimoto {101,102]. This refers to the ability
to predict what will (or will not) happen in the simulated time future based on application
specific knowledge. The lookahead of the simulation is defined as the interval of time during
which the output events can be determined solely from information already received. Thus,
the lookahead for a logical process can be known from the minimum time of the next new
scheduled event (eg. minimum service time in a queue) and/or from knowing the minimum
time-stamp of events received from other logical processes.

A physical system which is well suited to simulation in this manner will have a high
degree of lookahead. Work by Reed, Malony and McCredie [103] and by Reed and Mal-
ony {90] has suggested that central server queueing systems were unsuited to this type of
simulation algorithm, but Fujimoto [101,104] has since shown that simulations of this form
are possible provided that the lookahead is exploited effectively by pre-computing service
times.

Nicol [105] first proposed a method for improving the lookahead ability of processes
by pre-computing part of the computations for future events. The example put forward

is the pre-computing of service times for a network of FCFS queues with no pre-emption.
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Pre-computation itself depends on lookahead and is only possible if it can be done with-
out knowledge of the future event message which causes that computation and without
knowledge of the state of the process when it occurs. For example, if the service time for a
message in a packet-switched communication network simulation depended on the message
length, and this were variable and not known until it was generated, then pre-computation
would not be possible. However, where pre-computation is possible, it has proved to be a
useful technique. For example, in a queueing network simulation, we may take advantage
of a non-pre-emptive queueing discipline, and state independent service times and route-
ing decisions by pre-sending job completions at the point the job enters service, and by
pre-sampling a job’s service time upon recognising the message reporting its arrival.

Chandy and Sherman [106] introduced the idea of conditional events instead of NuLL-
messages for improving simulation performance. In a sequential simulation, a conditional
event is defined as one that will be executed in the future, provided that there are no other
events scheduled for earlier execution which will modify or de-schedule it. A definite event
is therefore one which will be executed unconditionally. For a sequential simulator there is
always at least one definite-event (with the minimum time-stamp) and many conditional-
events. In a parallel simulation, each logical process does not necessarily have a definite
event at the head of its event-list since messages may still arrive from other processes that
will pre-empt them. However, there will be at least one, and probably more, definite events
somewhere in the simulation. Therefore, it is the task of the simulation protocol to promote
as many conditional to definite events as possible by sharing timing information between
the processes. Good speed-up figures have been obtained for scenarios that usually showed
poor results using other conservative algorithms.

One of the reasons that the example network requires so many NULL-messages using a
CMB protocol is that the NvuLL-messages carry so little information. Consider the initial
case in figure 3.1. If Q1 had some way of learning that it was only waiting for itself before
proceeding, it could clearly simulate the first arrival at time 2; A:2. If, for the case in
figure 3.2, it could then learn that no other process will send a job prior to time 3, it could
also simulate the departure; D:3. This observation is explored by Cai and Turner [107]
using the “Carrier NULL-Message” approach.

In standard CMB algorithms NuLL-messages propagate through the system; the result
of receiving a NULL-message is usually to send a number of others. In the carrier NuLL-

message approach one appends a list of visited processes and pending event times to the
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NuLL-messages. This information allows a process to learn if it is free to execute an event,
potentially, well before it would have done using ordinary NuLL-messages. Consider our
example network in figure 3.1 once more. Q1 initially sends out NULL-messages with time-
stamp 0.1, but appends its own identity and first event time (Q1,A:2). One copy of the
message is received by Q2, which appends (Q2,A:5) and sends it back to Q1 and also
forwards it to Q3. Q3 appends (Q3,A:4) and also sends a copy back to Q1. The feedback
on both incoming links allows Q1 work out that it may proceed in processing the job
arrival at time 2. Thus carrier NULL-messages trade some extra computation and longer
NvuLL-messages against a reduction in their number.

Even with carrier NULL-messages, CMB algorithms can still generate large numbers
of NULL-messages. Another optimisation, explored by Preiss et. al. in [108], attempts to
reduce NULL-message propagation by recognising when a NULL-message becomes stale. In
our example network, Q1 sends a stream of NULL-messages to Q2 and Q3, successively
increasing in time-stamp by 0.1. Now, suppose a NULL-message with time-stamp t; arrives
from Q1 at Q2’s message queue, where it finds an unreceived NULL-message from Q1 at
time t; < t;. There is no point in having Q2 process the earlier NULL-message; it may be
discarded. Indeed, any message (NULL or otherwise) from a process that discovers a NULL-
message with smaller time-stamp from the same process may discard it. This is called by
the authors NULL-message cancellation.

Still another set of optimizations arise when considering the high cost of message-passing
in distributed memory multiprocessors. The cost of sending an m byte message is very
well modelled as a + bm, where a is a large fixed start-up cost owing (usually) to software
overheads, and b is the transfer cost per byte. This provides a strong incentive to concatenate
logical messages together into a single long message. CMB variations doing this are explored
in [92] where a number of issues are examined, including receiver or sender initiated transfer
as well as lazy (demand-driven) or eager (the original technique) transmission. A more
specific instance of this effect is explored by Gould et. al. [109] for communications in an
array of Inmos transputers; they show that the throughput of the communication channels
increase dramatically as the size of the messages sent is increased and the number decreased

by concatenation.
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3.3.1 Performance of Conservative Synchronization Approaches

A substantial amount of work has been done on evaluating the performance of various CMB
protocols. Reéd, Malony and McCredie [103] did extensive measurements using deadlock
avoidance and the deadlock detection and recovery approaches for the simulation of various
types of queueing networks. Generally they report poor performance except for the case
of feed-forward networks with no cycles. However, they made no attempt to exploit looka-
head. Fujimoto [102] reproduced these results but was able to improve the performance
dramatically by exploiting lookahead.

Su and Seitz [92] report some success simulating digital logic circuits using variations of
the deadlock avoidance algorithm using NuLL-messages. The simulations were performed
on a distributed memory multiprocessor (Intel iPSC) and they argue that superior perfor-
mance should be possible on a shared memory multiprocessor using this approach due to the
reduced overhead in messaging. This assertion was borne out by Wagner, Lazowska and Ber-
shad [110] who implemented the techniques on a shared memory architecture and improved
their performance still further. Wagner and Lazowska [111} and Lin and Lazowska [112]
looked at lookahead analytically to derive expressions for the lookahead in various types
of queueing network simulations. Loucks and Preiss [113] went further with this work on
queueing networks and verified experimentally that lookahead has a very significant impact
on performance. They also showed that the effective exploitation of lookahead achieves bet-
ter performance by reducing communication overheads without introducing corresponding
computation overheads.

Table 3.1 below summarises some of the best performances achieved using CMB ap-

proaches all of which are sub-unitary as expected.

Author(s) Ref. Machine Application Sn) | n
Su and Seitz [92] Intel iPSC Logic circuits 8 64
10-20 | 128

Ayani [114] | Sequent Balance | Queueing networks 5 9
Chandy and Sherman | [106] Intel iPSC Queueing Networks 7 12
9 24

Merrifield et. al. [115] | Inmos transputers Road traffic 19 33
Preiss et. al. [108] | Inmos transputers | Queueing Networks | 6.5 8

Table 3.1: Speed-up figures for CMB approaches.
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3.3.2 Critique of Conservative Synchronization Approaches

A great deal has been learned about the performance of conservative approaches. The most
fruitful approach has been deadlock avoidance using NULL-messages often employing extra
optimizations such as pre-computing event times [105], NULL-message cancellation [108] or
carrying extra information in each NULL-message [107].

The reliance on lookahead for good performance often limits the usefulness of conser-
vative approaches. Simulation models which have pre-emptive behaviour, possible zero (or
very small) time-stamp increments or dependence of output message parameters on the
process state at the time of transmission all have poor lookahead properties. Such models
will therefore not attain good speed-up using conservative approaches even though there
may be significant amounts of parallelism available. We may say that, particularly in con-
trast to the optimistic approaches to be discussed later, that conservative approaches are
pessimistic in that they force sequential execution of two events if it' is possible that the
earlier may directly or indirectly affect the later event. In practice, earlier will only affect
later events part of the time.

Simulation models using conservative synchronization approaches (with the exception
of deadlock detection and recovery) have to be constructed with knowledge of the logical
processes behaviour built in explicitly. Also, the model must be constructed with detailed
knowledge of the synchronization approach employed. This leads to the models being more
difficult to develop in the first instance and less robust in terms of later changes. The
configuration of logical processes must be static. Therefore dynamic processes are not
possible and changes to the topology of the processes can affect the performance. Later
additions to a model, not anticipated when the model was first developed, can have marked
performance effects. For instance, the addition of high priority messages which pre-empt
the processing of other messages added to a computer network simulation model.

The criticism that the simulation developer must have detailed knowledge of the syn-
chronization mechanism largely comes from the traditional sequential and the optimistic
synchronization communities. They argue that the simulationist should not have to be
concerned with such details; users of sequential simulators and optimistic parallel simul-
ators largely don’t. This problem is being addressed though the development of simulation
languages which allow the synchronization mechanism to extract the necessary information

from the model code; an example of which is Maisie [116,117].
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3.4 Synchronous Approaches

Several researchers have used synchronous algorithms which determine iteratively which
events are “safe” to process [106,114,118-120]. Each iteration, or window, consists of “safe”
event determination, event processing and ends with some form of barrier synchronization
in order to keep the events in each iteration separate. As the “safe” event determination and
the barrier synchronization need to be computed globally, these algorithms are more suited
to shared memory machines as the message passing overhead of global synchronization on
a distributed memory architecture is prohibitive.

There is more than a passing resemblance between synchronous approaches and the
deadlock detection and recovery approach discussed earlier. Both approaches involve a
global computation to determine which events are safe to process in the next phase. The
difference is in the computation. Ideally, a deadlock detection and recovery approach will
never (or very seldom) deadlock, whereas a synchronous approach will continually block and
restart at the end of each iteration. This would seem to indicate that deadlock detection and
recovery should outperform a synchronous approach. In practice it has been found that in
the period leading up to a deadlock, execution is largely sequential as there are increasingly
fewer events to process. This effectively throttles any speed-up as per Amdahl’s law. Syn-
chronous approaches control potential deadlock by controlling the amount of computation
in each iteration. In addition, they do not require a deadlock detection algorithm.

Synchronous approaches are distinguished by the mechanism used to determine which
events are “safe” to process within an iteration. Lubachevsky [118] introduced the idea of a
moving (simulated) time window. The lower edge of the window is defined as the minimum
time-stamp of any unprocessed event; the upper edge is usually set using application specific
knowledge based on the same concept of lookahead discussed earlier.

The algorithm studied by Nicol [119] can be applied to a queueing network as follows.
We assume that the queue knows all there is to know about a job’s departure at the time it
enters service. Therefore, we can immediately report the job’s arrival at the next queue; this
is known as pre-sending. Using knowledge of the queueing discipline, and the assumption
that no further job will arrive, the queue can-compute the time of the next message it
will send. This time must be the departure time of the next job to enter service. Let us
suppose that all the processors have simulated up to time ¢ and have synchronised globally.

BEach processor p must compute the time §,(t) of the next message it will send (in the
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absence of receiving further messages), and the processors together compute the minimum
6(t) = miny{6,(t)}. The window [t,6(t)] is now defined, and every processor is now free to
simulate all events with time-stamps within it.

Now let us see how this mechanism would be applied to our example network of processes,
again based on that of Fujimoto and Nicol [79]. Initially, all the processors are synchronised
at time 0. This is the situation shown in figure 3.3 (a). The computations for the next

messages from each process are as follows;

m

/\ /\

(@): @ ©-

A:2(1 A-4(3) A:3(1)
A:8(7) A:4(3)

A:8(T)

(a) Beginning of first window, [0,3] (b) Beginning of second window, [3,4]

Figure 3.3: Example network of processes—simulated using time windows

51(0) = 3, 8,(0) = 7, 63(0) = 7 and min,{6,(0)} = 3

Each process identifies the completion time of the next job to receive service, a calcula-
tion made possible by pre-sampling service times as shown in figure 3.3 (a); eg. A:2(1),is a
job arrival at time 2 which receives a service time of 1 unit.

Only one event occurs in the first window [0,3]; the arrival at process Q1. Q1 puts the
job in service and decides that Q3 will receive it next and sends a message informing it of
the arrival. Q3 must pre-sample a service time for the new arrival, A:3(1). Q1 must also

generate a departure event (D:3) and place it in its event-list. So, at the end of the first
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window, we have the situation in figure 3.3 (b) and we can compute the size of the next

window.
61(3) = 00, 62(3) =7, 63(3) = 4 and min, {6,(3)} = 4

Thus the second window is [3,4]. In this window the departure at Q1 is simulated, the
corresponding arrival at Q3 is simulated, and notification of a new arrival at time 4 is given

to Q2, A:4(3). The situation at the end of the second window is shown in figure 3.4 (a).

A:4(3
A:5(2) Q(Z)

/\ /\

E:J D:4 A:7(2) D.7

A:4(3) A:7(5) A:8(7)
A:8(7)
(a) Beginning of third window, {4,7] (b) Beginning of fourth window, [7,9)

Figure 3.4: Example network of processes—simulated using time windows

61(4) = 00, 62(4) = 7, 63(4) = 7and min,{6,(4)} = 7

For the third window, {4,7], Q3 simulates a departure and an arrival at time 4; pre-
sending notification of the arriving job’s departure (at time 7) to Q1, which chooses a
service time of 2. Q2 simulates an arrival at time 4 (pre-sending to Q1), and simulates the
job arrival at time 5 by marking the job as being in the queue as the server is busy. Upon
receiving the arrival at time 7, Q1 pre-samples a service time of 5 units and places the new
arrival event in its event-list. The situation at the beginning of the fourth window is shown

in figure 3.4 (b). The fourth window will be [7,9] as shown below.
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61(7) =9, 862(7) =9, 63(7) = 15 and min,{6,(7)} = 9

3.4.1 Performance of Synchronous Approaches

The performance of the bounded lag approach which uses synchronous execution, lookahead
and time windows has been examined by Lubachevsky [118,121], see table 3.2. Again, as for

the CMB approach, the speed-up found was sub-unitary but it did scale well as predicted.

Author(s) Ref. Machine Application S(n) n
Lubachevsky | [118] Sequent Balance Queueing networks | 16 25
[121] | Connection machine | Ising spin model | 1900 | 16,384

Table 3.2: Speed-up figures for Synchronous approaches.

3.4.2 Critique of Synchronous Approaches

The issue which needs to be addressed for window algorithms is whether enough parallel
events are processed in each window for it to be effective. This is discussed for the window
algorithm described above, as well as for the Bounded Lag algorithm [121]. Both algorithms
should be scalable, which means that their performance characteristics do not degrade as
the size of the problem (and the machine architecture) increases.

Some insight into the scalability of the window algorithm is gained if we suppose that
a job’s service time, t,, is always greater than zero. Since the §,(t) value computed by a
processor is the completion time of a job that has not yet entered service, one infers that
6,(t) —t > t, for all p, so that the width of the window is at least t;. The average number
of events processed in a window is at least £t;, where £ is the event density (events/unit
simulation time) for the entire simulation model. Increasing the problem size increases the
event density; the number of events in a window increases proportionally with £. Assuming
the simulation load is evenly balanced (or that the imbalance does not grow with the
number of processors), the number of events a processor executes per window does not
decrease if the number of processors and event density simultaneously increase in fixed
proportion. Another advantage of window-based protocols is that they are relatively easy

to use on SIMD architectures and this has been done successfully for a switching network

by Berkman [122].
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3.5 Optimistic Synchronization Approaches

Optimistic approaches detect and recover from causality errors rather than avoid them.
Therefore optimistic approaches don’t need to determine whether or not it is “safe” to
proceed; they only need to detect the error and recover. The advantage of this is that
the simulator can exploit parallelism fully in applications which may produce causality
errors but in reality rarely do. Obviously, the greater the amount of causality errors that a
simulation produces, the greater the synchronization overhead with this approach.

The original work was done by Jefferson on the mechanism called time warp, based on
a concept of virtual time [80]. In this case, virtual time is synonymous with simulated time.
In the time warp mechanism, a causality error is detected whenever an event message is
received by a process that contains a time-stamp earlier than the process’ local clock (ie. the
time of the last processed message). This is known as a straggler. Recovery is accomplished
by undoing the effects of all events that have been processed prematurely by the process
receiving the straggler. This is known as roll-back. Two things are affected by roll-back.
The process state may be modified; this is accomplished by returning to the correct old
state which is taken from a store of previous states. Also, previously sent messages must
be unsent; this is achieved by sending anti-messages which cancel the effect of the original.
If the original message has already been processed then that process in turn must also
roll-back. This process continues until the effects of the causality error are cancelled.

For even a moderate size of simulation this seems to imply a large amount of memory
to save the states for each process. However, as the earliest time-stamped event is always
“safe” to process, this is designated global virtual time (GVT) and is used to discard all
states before this time. This process of reclaiming memory, which is irrevocable, is known
as fossil collection. GVT has another function which is to commit irrevocable operations
such as I/0. Many algorithms have been suggested for computing GVT, most of which are
based on including the “local” GVT of a logical process with all, or selected, messages sent
to other processes. Discussions of various GVT algorithms can be found in the work of
Bellenot [123], Lin and Lazowska [124] and Priess [125]. GVT is discussed in more detail in
the next section.

A variation on the above cancellation approach, which is said to use aggressive can-
cellation using anti-messages, is an approach which seeks to repair the “damage”. This is

known as lazy cancellation, discussed by Gafni [126]. In this case, instead of immediately
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sending out anti-messages, the process waits to see which messages that the re-execution
of the process produces are different to those produced before. If the same message is pro-
duced, there is no need to send out an anti-message. It has been found that, depending
on the application, lazy cancellation may improve or degrade the simulation performance.
Improvement, noted by Berry [127] and by Som et. al. [128], is usually due to processes with
incorrect input still producing correct output. Degradation can be due to the additional
message checking overheads and the fact that incorrect computations have longer to spread
out, causing more processes to roll-back.

A variation on lazy cancellation is that of lazy re-evaluation, or jump forward proposed
by West [129]. If, after rolling back and processing a straggler, it is found that the state
vector is unaltered and no new messages have arrived, then re-execution of the rolled back
events will be the same as before. Therefore, re-execution is unnecessary and the simulation
may jump forward over them. This sounds useful but was found to significantly complicate
the time warp kernel. An implementation was tried in the Jet Propulsion Laboratory
(JPL) time warp kernel but was later removed due to such problems. This was reported by
Jefferson et. al. [130].

Fujimoto {131] proposed an enhancement called direct cancellation which works with any
of the above cancellation approaches if implemented on a shared memory multiprocessor.
Any event scheduling a new event keeps a pointer between the two, thus allowing faster
cancellation compared with conventional time warp systems which must search for the

messages to cancel. This has proved to be a useful optimization, if limited in scope.

3.5.1 Enhancements to Optimistic Synchronization Approaches

There have been several variations on the basic approaches seeking to optimize the time
warp mechanism. Optimizations have been sought in two basic areas, rollback stability and
memory management.

The rollback stability problem stems from the possibility that a “fast” processor (or
processors) may simulate too far ahead of the others. This is most likely to occur when
communication between processors is low and processor loads not equal. A form of thrashing
may then occur where the simulation processes are caught in an increasing cycle of roll-
backs and cannot progress termed by Lubachevsky et. al. wildfire cascade rollbacks [132].
Lubachevsky et. al. also introduced the terms gushing cascade rollback, for the situation

where rollbacks propagate rapidly through a simulation temporarily halting progress, and
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echo roliback where a small cycle of processes cause each other to rollback. The latter
classes of rollback have been observed by simulationists, though rarely, and the cause has
often been found to be an error in the simulation model rather than a flaw within time
warp. Wildfire cascade has not been observed as yet to the knowledge of this author and
Lubachevsky et. al. though this does not mean necessarily that it cannot cccur. Indeed,
Lubachevsky et. al. [132] and Fujimoto [24] argue analytically and from experience that
such thrashing behaviour is exacerbated if the cost of rollback is too high.

One idea presented for preventing such unwanted rollbacks is to cause controlled pre-
emptive rollbacks or to freeze the computation of all adjacent processors. For example,
when a processor needs to rollback it may immediately issue rollback instructions to other
processors who will probably have to rollback anyway. This effectively causes the rollbacks
to occur in parallel rather than serially. An algorithm to achieve this has been developed by
Madisetti et. al. called Wolf calls [133]. An alternative way of implementing this idea, also
by Madisetti et. al. [134], is to build periodic (or even random) pre-emptive rollbacks that
occur in the simulation model independently of any activity. This keeps all the processors
loosely synchronized in the same period of simulation time.

An alternative to these ideas is simply to restrain processors from getting too far ahead
of the rest, effectively curbing the optimism. The simplest method is to use a window,
[t,t + 6t]. Events with a time-stamp less than ¢t + ¢ are simulated as normal; those with a
time-stamp greater than or equal to t + 6t are left until all of the processors have simulated
up to time t. This is achieved using a barrier synchronization as described by Nicol [133]. A
new window [t + 6%, + 26t] is then defined and simulated. This idea has been investigated
by Sokol and and Stucky [136], Turner and Xu [137] and by Ball and Hoyt [138]. A similar
proposal to extend constrained optimism to the Bounded-Lag protocol has been proposed
by Lubachevsky [139].

Effective memory management has been required for optimistic synchronization ap-
proaches like time warp since their first development. In time warp, three types of mech-
anism have been used to restrain the amount of memory that is required to perform the
simulation. Firstly, and fundamentally, fossil collection using GVT calculation. Secondly,
some form of infrequent or reduced state-saving, often termed checkpointing. Thirdly, a
rollback-based recovery mechanism often achieved by limiting the optimism as described
above.

Before discussing fossil collection and GVT calculation let us establish what time warp
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does in each logical process. In order to be able to recover (rollback) from a causality error,
each logical process must maintain past state vectors (records) in its state queue, previously
processed events in its input queue, and records of previously sent messages (saved as anti-
messages) in its output queue. Fossil collection, the recovery of memory for re-use by
discarding contents of the above queues which are no longer needed by the simulation, is
made possible by the distributed calculation of the global virtual time (GVT). All memory
occupied by state vectors and messages whose time-stamps are older than GVT can be
recovered.

GVT is the time-stamp of the earliest event in the simulation, but also represents a
lower bound on the time-stamp of any future rollback. In time warp, as originally defined
by Jefferson [80], rollbacks only occur when receiving messages whose time-stamp is less
than the local clock time of the logical process, often called local virtual time (LVT). This
means that, strictly, GVT has to be defined as the minimum of the time-stamp of all
messages in transit (sent but not received) as well as the LVT of all logical processes. If
a logical process has no unprocessed messages in its input queue, then the LVT is set to
infinity. If there are no unprocessed messages, or messages in transit, in the entire system
then GVT will be set to infinity and the simulation will terminate.

If barrier synchronization (eg. that of Nicol [135]) is possible (and not prohibitively
expensive) in the multiprocessor, then GVT calculation is simple. If this is not possible
then GVT calculation is more difficult as it must be distributed, The difficulty arises
as inaccurate values of GVT may be calculated due to messages still in transit and race
conditions. The former problem can be addressed with acknowledgements or by a logical
process only proceeding with the calculation if it has information on LVT from all the
adjacent processes. These algorithms are discussed by Lin and Lazowska [124]. The effect
of race conditions can only be solved completely using a barrier synchronisation to ensure
that all simulation computations halt before the GVT calculation is begun. The processes
agree to synchronize at some barrier simulation time t;. A process enters the barrier when it
has no events left to process with time-stamps less than 5, but rolls back out of the barrier
if it subsequently receives a message with a time-stamp less than ¢,. This ensures that a
process does not leave the barrier until all processors have simulated all events at times less
than or equal to t;,. Emerging from this barrier, a process knows that GVT is ¢;,. Thus it
can perform fossil collection and simulate up to the next barrier synchronization time.

Other approaches to GVT calculation have been suggested in order to avoid using barrier

52




synchronization. Preiss [125] uses a token passing scheme where the processes are organised
in a logical ring, and continually compute GVT as the token containing LVT values for each
process visited is passed around the ring. Similarly, Bellenot uses a logical tree structure to
initiate, compute, and distribute GVT values [123]. Reynolds [140] also uses a tree structure
to compute GVT in his hardware synchronization network.

Even with fossil collection time warp still uses prodigious amounts of memory compared
with sequential and parallel simulation using a conservative or synchronous synchronization
approach. Memory may also be saved by cutting down on the overheads of state-saving
either by doing it incrementally or infrequently. These schemes are illustrated in figure 3.5.
Where the state vector is large and only a small portion is modified by each event, incremen-
tal state-saving may be useful. Here, only the incremental changes to the state are saved
rather than the entire state vector reducing both memory space and access time. The disad-
vantage is that rollbacks become more expensive as the state vector must be reconstructed
from the incremental changes. This is a problem because, as noted above, time warp is more
prone to thrashing if rollback costs are high. Briner {141)] used incremental state-saving in
an implementation of time warp for digital logic simulation, and found that the state-saving
overheads were significantly reduced for transistor and gate level simulations.

An alternative approach is to reduce the frequency of state-saving, or conversely, to
increase the checkpoint interval. As illustrated in figure 3.5, rollback must be to the last
checkpointed event older than the straggler’s time-stamp and the relevant state recreated.
This phase, between the last checkpoint time and the straggler arrival time, is known as
coasting forward as message sending is turned off. As before, with incremental state-saving,
the cost of rollback is increased but the state-saving overhead in time and space is reduced.
As the checkpoint interval may be varied there is an obvious trade-off between memory usage
and the performance of the simulation. Lin and Lazowska [142] investigated this trade-off
analytically and derived expressions for the range in which the optimum checkpoint interval
should be set. They also showed that it is better to err on the side of a longer checkpoint
interval as storage space is reduced but speed-up is not greatly affected. Preiss, MacIntyre,
and Loucks [143] and Bellenot [144] validated Lin and Lazowska’s results experimentally.
Further collaborative work by Lin, Preiss, Loucks and Lazowska [145] has resulted in an
improved version of Lin and Lazowska’s model. This has been used as the basis for a
heuristic algorithm for automatically selecting the optimum checkpoint interval in terms of

reducing the execution time. Palaniswamy and Wilsey [146] compare checkpointing with
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Figure 3.5: Time warp rollback using different state-saving schemes

incremental state-saving analytically using Lin and Lazowska’s model as a starting point.
They conclude that incremental state-saving should generally outperform checkpointing for
applications where there are many small rollbacks and and a long execution time compared
with the total state-saving overhead. This conclusion would seem, in practical terms, to
favour checkpointing with an optimum interval.

All of the above strategies have the drawback that if the system runs out of memory then
the simulation must terminate. The problem may lie with the time warp approach itself
(too optimistic) or the application. Whichever is the cause, and due to the large amounts
of memory used by time warp, much attention has been paid to allowing time warp to work
within limited memory. The basic idea underlying these enhancements is to rollback overly
optimistic computations and reclaim memory.

Jefferson, when time warp was first proposed, described a mechanism called message

sendback to achieve this effect [80]. Here, the time warp kernel may return a message to
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the sending process without processing it, and reclaim the memory. Upon receiving the
returned message, the sending process will usually have to rollback to the send time-stamp
of the message as it will be a straggler, and re-generate it. Assuming aggressive cancellation
(which Jefferson did), this rollback will cause anti-messages to be sent and the subsequent
annihilations, and possibly other rollbacks, release additional memory resources in the sys-
tem. Obviously, only messages with send time-stamps greater than GVT can be returned
as rollbacks beyond GVT would result causing an unrecoverable error. Message sendback
is triggered when a process receives a message, but has no memory available to store it.
The message with the largest send time-stamp is then returned. Gafni [126] proposed a
mechanism which uses message sendback along with other mechanisms to reclaim storage
used by state vectors and messages stored in the output queue. More recently, Jefferson
has proposed an alternative approach called cancelback [147). While Gafni’s algorithm will
only discard states in the process which ran out of memory, cancelback also allows states in
any process to be reclaimed. Messages containing high send time-stamps are sent back to
reclaim storage allocated to messages. This is intended to rollback processes that are ahead
of others in the simulation.

Message sendback and cancelback require us to redefine GVT slightly. Messages re-
turned to the sending process may now cause rollbacks, so the send time-stamps of messages
must now be considered in addition to receive time-stamps in the definition. For cancelback,
Lin [148] has defined GVT as the minimum of the LVT of all the logical processes in the
simulation and the send time-stamp of all messages in transit. Lin also proposed a mech-
anism called artificial rollback which uses the same definition of GVT. If memory storage
becomes exhausted and fossil collection cannot reclaim additional memory, processes are
rolled back. The process that is the furthest ahead in simulation time is rolled back to the
time of the second most advanced process. This is repeated until the supply of free memory
reaches a certain threshold termed the salvage parameter, which is a control that can be
used for tuning performance and is essentially the amount of memory reclaimed when the
system runs out. Artificial rollback is similar to cancelback in the sense that cancelback
returns messages which cause the sender to rollback, and artificial rollback rolls back the
processes directly. The principal advantage of artificial rollback over cancelback is that
it has been found to be simpler to implement. Lin has shown that artificial rollback and
cancelback have the property of being storage optimal. That is, they are able to execute

the simulation program using no more than a constant times the amount of memory re-
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quired by the sequential simulation that uses an event-list. Also, in the case where there
is insufficient memory to run the time warp simulation without using artificial rollback or
cancelback; then the simulation will still run.

It has been found that while time warp with cancelback or artificial rollback is storage
optimal, certain conservative simulation protocols are not. Lin, Lazowska and Baer [100]
and Jefferson [147] show that the CMB algorithms may require O(nk) space for parallel
simulations on n processors where the sequential simulation requires only O(n + k) space.
Lin and Preiss [149] report the existence of simulations where CMB algorithms have expo-
nential space complexity, and so use far more storage than even the sequential simulation.
Conversely, they also indicate that the same algorithm may sometimes use less storage than
that required by the sequential simulator. They show that time warp with cancelback or
artificial rollback always requires at least this much.

The main drawback of time warp with cancelback or artificial rollback is that it will
run very slowly if it is only provided with the minimum of memory. Akilidiz et. al. [150]
explore the performance of time warp with varying amounts of memory both analytically
and using an implementation of time warp using cancelback. They found that time warp
needs relatively little memory in order to perform well, compared with execution using
unlimited memory (ie. more than enough). However, they only explored the case of ho-
mogeneous processing loads. An experimental study on the same implementation by Das
and Fujimoto [151] has examined the performance/memory trade-off using various non-
homogeneous processing loads. Also, a stress case of a processing load containing a number
of overly optimistic processes that advance unthrottled into the simulated future was investi-
gated. Again, they found that time warp with cancelback, even with asymmetric processing
loads, only needed a modest amount of extra memory above that needed for sequential sim-
ulation and still performed well. However, it did not perform as well as the case with
symmetric processing loads, as expected. This was achieved by optimizing the setting of
the salvage parameter. It was found that setting it too low causes poor pérformance espe-
cially if the system is memory bound; setting it too high (the maximum setting essentially
causes the simulation to delete everything except that required for sequential execution)
also degrades performance because correct computations are unnecessarily rolled back. Be-
tween these two extremes, however, performance appeared to be relatively insensitive to
the salvage parameter setting. Further, it was discovered that an inefficient implementa-

tion of the event-list (ie. the input queue) in each logical process can seriously degrade the
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performance of the system in limited memory situations.

3.5.2 Performance of Optimistic Synchronization Approaches

Many successes have been reported in using the time warp approach to speed-up simul-
ations. Impressive results have been published in areas as diverse as battlefield simulations,
biological systems (eg. an ant foraging model, shark’s world, health care systems), petri nets,
colliding pucks, queueing networks and computer communication networks. A selection of

the most successful results are shown in table 3.3

Author(s) Ref. Machine Application S(n) | n
Wieland et. al. [152] Caltech/JPL Battlefield 286 | 60
Mk. III Hypercube simulation
' BBN Butterfly 36.8 | 100
Sokol and Stucky | [136] BBN Butterfly Battlefield 8.59 9
simulation
Baezner et. al. [153] | Inmos transputers Battlefield 6-10 | 32
simulation
Ebling et. al. [154] Caltech/JPL Biological 12,7 | 32
Mk. IIT Hypercube systems
Hontalas et. al. (155) Caltech/JPL Colliding pucks 11.5 | 32
Mk. IIT Hypercube
Presley et. al. [156] Caltech/JPL Computer 11 16
Mk. III Hypercube networks 16.2 | 32
Briner [141] BBN Butterfly Digital logic 23 32
circuits |
Fujimoto [131] BBN Butterfly Queueing networks 57 64
[157] Synthetic (Phold) model | 32-54 | 64

Table 3.3: Speed-up figures for Optimistic approaches.

It has been found that significant performance improvements can also be made to time
warp by using application specific knowledge in the form of lookahead, but the impact is far
less than for the CMB approach. This has been noted by Loucks and Preiss [113], Baezner
et. al. [158] and Fujimoto [131,157]. Fujimoto showed, using a queueing network simul-
ation, that time warp could obtain significant speed-up for models with poor lookahead
where conservative approaches performed badly. This was confirmed in a further investiga-
tion using a synthetic workload model known as Phold, a parallel hold model!. Variations

in lookahead, time-stamp increment distribution, topology and granularity of computation

1Phold is an extension of the synthetic hold model used in evaluating sequential simulation event-list
implementations.
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were investigated. It also was found that time warp was able to achieve speed-up in propor-
tion to the amount of parallelism available in the workload. That is, speed-up continued to
increase as the processes were allocated to more processors; this often called scaling. A less
encouraging result was that time warp was found to be very sensitive to the cost of rollback
and also to the size of state vectors; the performance is severely affected by increases in
both. This result has fuelled the interest in hardware support for time warp, infrequent and
incremental state-saving and analytical studies into time warp performance.

Hardware support for time warp has been investigated in two ways; hardware support
for state-saving and hardware support for dissemination of global information. These both
involve “add-on” hardware implementing certain time consuming operations used in the
simulation. They are intended to be attached to existing parallel or distributed computer
architectures so that they may be more “technology proof” and, therefore, still be useful as
faster microprocessors and denser memory chips become available.

The Virtual Time Machine, developed by Fujimoto and Ghosh [159,160], is envisioned
to be a general purpose parallel processor based on optimistic synchronization. The machine
is essentlally a shared memory multiprocessor with a special type of memory system called
space-time memory, and a hardware implemented rollback mechanism. Fujimoto et. al. [161]
have also designed a component called the rollback chip that provides hardware support for
state-saving and rollback in time warp. This component was the forerunner to the space-
time memory system mentioned above and can be viewed as a special memory management
unit. A process may issue a special “mark” operation to indicate that a state vector must
be preserved in case a rollback later occurs. The rollback chip hardware then modifies
the addresses of subsequent memory writes to preserve it, thus minimising the amount of
copying that is required and reducing the cost of restoring a state if rollback occurs. This
is similar to the direct cancellation also proposed by Fujimoto [131]. Simulations indicate
that the state-saving overhead can be considerably reduced.

Reynolds et. al. have proposed a hardware mechanism to rapidly collect, operate on, and
disseminate synchronization information throughout a parallel simulation system [140,162-
164]. The hardware is configured as a binary tree, with a processor assigned to each node. To
compute GVT for instance, each processor indicates a local minimum among the processes
assigned to it, and the tree automatically computes the global minimum in a distributed

fashion? and distributes the computed value to all processors in the system by broadcastin
P g

?Fach node (processor) computes the minimum of its own LVT and that of its neighbours, and propagates
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values down the tree. Simulations indicate that the time required to compute GVT is
reduced by orders of magnitude over software based approaches. A prototype system is
currently under construction.

Experimental investigations into the benefits of infrequent state saving, or checkpointing,
have been done by Preiss, MacIntyre, and Loucks [143] and by Bellenot [144]. Preiss
et. al. simulating queueing networks, found that the “time-optimal and space-optimal
checkpoint intervals are not the same”. They also found that “a checkpoint interval that is
too small adversely affects space more than time; whereas a checkpoint interval which is too
large adversely affects time more than space”, thus providing a useful trade-off. Bellenot
confirmed these conclusions with simulations of colliding pucks, a battlefield scenario and
a computer network. However, he did find that “the positive effects of state skipping®

generally decreases as the number of processors increase”.

3.5.3 Critique of Optimistic Synchronization Approaches

The major fear with optimistic approaches such as time warp is that they may exhibit
thrashing behaviour due to multiple rollbacks. However, the experience of researchers at a
number of universities and research centres has been that such behaviour is seldom encoun-
tered in practice. Also, when it is observed, it is almost always attributable to some flaw
in the simulation model or the implementation of the time warp mechanism. As mentioned
previously, this conclusion is largely supported by the results of analytical studies of the
time warp mechanism, assuming that the cost of rollback is sufficiently small.

There is an intuitive explanation as to why the behaviour of the time warp mechanism
tends to be stable in this regard. First of all, erroneous computations can only occur when
a correct event is processed prematurely. This premature execution, and all subsequent
erroneous computations, must necessarily be in the simulated time future of the (correct)
straggler event. Also, the further the incorrect computation spreads, the further it moves
into the simulated time future. This lowers its priority for execution as scheduling pref-
erence is always given to events having smaller time-stamps. Therefore, the time warp
mechanism tends to automatically slow the propagation of erroneous computations allow-
ing the causality error detection and rollback mechanism to correct things before too much

damage has been done. A potentially dangerous case has been suggested by Fujimoto [24]

the new minimum up the tree.
3State skipping is the term Bellenot uses for checkpointing or infrequent state-saving.
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where the erroneous computation propagates with smaller time-stamp increments than the
carrect one. It remains to be seen, however, to what extent this behaviour can degrade
performance, or if such pathological situations arise in practice with any frequency.

A more serious practical problem with the time warp mechanism is the need to peri-
odically save the state of each logical process. As previously mentioned, the state-saving
overhead can seriously degrade the performance of time warp programs, even if the state
vector is relatively modest in size. The state-saving problem is further exacerbated by ap-
plications requiring dynamic memory allocation because one may have to traverse complex
data structures to save the process’s state. State-saving overhead limits the effectiveness of
time warp to applications where the amount of computation required to process an event
can be made significantly larger than the cost of saving a state vector!. This may be
difficult to achieve for certain applications. A more general solution is to use hardware
support for state-saving [126,159]. Supporters of optimism concede that hardware support
will probably be required to exploit fine-grain parallelism effectively.

Much has been learned with respect to techniques to control memory usage in opti-
mistic protocols. However, some important questions still remain unanswered. Although,
experimental data has provided some useful insights as how controls such as the checkpoint
interval and the salvage parameter should be set; analytic models (as yet) do not exist to
definitively answer such questions. Nevertheless, controls such as these do at least allow
a practical trade-off between performance and memory usage. Furthermore, the perfor-
mance/memory properties of conservative protocols have not been studied in any depth.
It follows that mechanisms to ensure storage optimal execution for conservative protocols
have yet to be developed.

In time warp, fossil collection and GVT computations are used to commit any irrevocable
operations, eg. screen and disk 1. Thus far, most of the work in PDES has been done
with simulators which have used relatively little Id. When PDES is used in interactive and
real-time simulations, rapid commitment of events, and particularly GVT computations,
becomes critical. The usefulness of optimistic mechanisms for such simulation applications
is just beginning to be investigated by researchers; see Ghosh et. al. [166].

Unlike conservative approaches, optimistic mechanisms need to be able to recover from

arbitrary run-time errors; particularly as such errors may be erased by a subsequent rollback.

%A high granularity compared with the event overhead” is recommended for all applications using the
time warp operating system (TWOS) [165].
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Erroneous computations may enter infinite loops, requiring the time warp kernel to interact
with the hardware interrupt system. In certain languages (eg. C and Pascal), pointers may
be manipulated in arbitrary ways; time warp must be able to trap illegal pointer usages
that result in run-time errors, and prevent incorrect computations from overwriting critical
areas of memory. Although such problems are, in principal, not insurmountable, they may
be difficult to circumvent in certain systems without appropriate hardware support. The
alternative taken by most existing time warp systems is to leave the task of analyzing
incorrect execution sequences to the user by providing copious information in the form of
redundant statistics and run-time traces®. Practically, this means that errors in time warp
simulation models can be extremely difficult to debug. Indeed, the user manual for JPL’s
time warp operating system (TWOS) [165] recommends the use of TWSim, a sequential
simulator which runs TWOQS applications, for debugging.

Finally, supporters of conservative approaches point out that the time warp mechanism is
far more complex to implement than conservative approaches; particularly if one attempts
to catch errors such as those described above. Although the actual time warp code is
not very complex®, if one ignores the error handling aspects, inexperienced implementors
may make seemingly minor design mistakes that lead to extremely poor performance. For
example, the use of an inappropriate process scheduling policy can be catastrophic. Further,
debugging time warp implementations is time consuming because it may require detailed
analysis of complex rollback scenarios. A certain amount of design experience (or pure luck)
is often required to obtain a good, robust implementation of time warp. On the other hand,
champions of optimism counter this by pointing out that this development cost need only

be paid once when developing the time warp kernel.

3.6 Summary

This chapter has attempted to provide an overview of the distributed model components
approach to parallel discrete event simulation and the fundamental problem of synchronizing
the execution of multiple processes. Optimistic methods such as time warp seem to offer the

greatest hope as a general purpose simulation mechanism assuming that the state-saving

®See the article by Reiher et. al. [167] for a practical insight into debugging time warp applications.

8The entire time warp kernel, described by Fujimoto [131] for a shared-memory multiprocessor, is only a
few hundred lines of code. The rollback, message cancellation and event handling code in JPL’s time warp
operating system (TWOS) kernel for distributed memory multiprocessors is fewer than 1000 lines [165].
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overhead can be kept to a manageable level. Significant success has been achieved across a
very wide range of applications.

Conservative methods offer good potential for certain classes of problems. Significant
successes have also been obtained particularly when application specific knowledge, in the
form of lookahead, has been applied to maximise the efficiency of the simulation mechanism.
Conservative methods may well find success in packaged simulation systems (eg. digital logic
simulators) in which the simulation code is optimized for the synchronization algorithm and
users only configure the provided simulation modules into specific systems.

Which strategy should then be used for a particular simulation problem? If state-
saving overheads do not dominate, then time warp has a good chance of success assuming
(of course) that the problem contains a reasonable degree of parallelism. If the applica-
tion has good lookahead properties, conservative mechanisms may also perform well If the
application has both poor lookahead and large state-saving overheads, all existing PDES
approaches will have trouble obtaining good performance even if the application contains
copious amounts of parallelism. However, time warp, aided with hardware support for
state-saving, should provide a viable solution in this situation. Also, hybrid approaches of
time warp with limited optimism (eg. breathing time warp) may well yet produce a more
general parallel simulation mechanism.

Finally, perhaps the most challenging problem remaining to be explored is application
of these techniques beyond the realm of discrete event simulation, in the world of general
purpose parallel computation. A parallel simulator executes events in parallel, yet guaran-
tees that the same results are obtained as would be if the events were processed sequentially
in increasing time-stamp order. Consider any computation that is broken up into tasks,
and the tasks are assigned time-stamps to reflect a valid sequential execution. For example,
each task might represent a single iteration of a FOR-loop with the time-stamp indicating
the iteration number. Parallelization of this FOR-loop is essentially the same problem as
parallelizing a discrete event simulation: one must execute the iterations in parallel but
obtain the same results they would compute if the events were executed sequentially in
increasing time-stamp order. The degree to which the techniques described here can be

applied to parallelizing arbitrary computations is yet to be explored.
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Chapter 4

Parallel Simulation of
Circuit-Switched Networks using

a Parallelizing Compiler

4.1 Introduction

parallelizing compiler is defined as a program which takes an application writteﬁ
A in a conventional sequential programming language, determines which parts of the
program can be executed in parallel, and produces the machine level code to run on multiple
processors. The major motivation for such a compiler is that existing sequential programs
can be ported to a multiprocessor architecture without changing the source code, but with
a subsequent decrease in execution time. Thus, time and money is saved as a consequence
of not having to re-write the program, learn a new language or tailor the program to the
particular multiprocessor architecture. The experiments described in this chapter were
intended to explore the utility of such an approach for speeding-up the execution of a
circuit-switched telecommunication network simulator. ‘

The approach taken was to try to discover the “path-of-least-resistance” to achieving
significant speed-up. That is, to find out how to get the most speed-up from the simulator
with the minimum of effort. With any multiprocessor architecture, the best way of fully
exploiting the parallelism available is to re-code the application in the machine’s own parallel
language using inherently parallel algorithms wherever possible. In this case, we are trying

to exploit the automated facilities and expend as little development effort as possible. The
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nearest relevant research to this exercise done previously was by Chandak and Browne [26]
and by Reed [27]. Both worked on parallelizing discrete event simulations of queueing
network models and achieved relatively poor results (see chapter 2).

The original simulation program used was written by Nadereh Eshragh at the University
of Durham as part of her Ph.D. thesis looking into dynamic routeing in circuit-switched
telecommunication networks [168]. The program was written in Fortran 77 for execution
on an Amdah! mainframe. The simulator was written to work with networks of up to ten
fully-connected exchanges or nodes; though the program could easily be extended to larger
numbers of nodes and also to networks which are not fully-connected. The routeing strat-
egies available are fixed routeing, random routeing, automatic alternative routeing, least
busy alternative routeing, dynamic alternative routeing and stochastic learning automata
using linear reward inaction or linear reward penalty. The strategies are described in detail
in her thesis [168].

The program, henceforth called NAD, requires two files; an input file, always called
datsimt, consisting of the number of nodes, random number seeds, a capacity matrix and a
traffic matrix; and an output file, which is usually called fort.8 (often a Fortran constraint),
initially containing a simulation run title, the routeing information, an overload factor
(scaling factor for network traffic intensity) and a trunk reservation parameter. Results are
written into the output file along with the simulation input information!.

The simulation consists of a number of time units, each time unit consisting of a cycle of
the following actions. Firstly, the inter-arrival time, and the origin-destination pair of the
next call arrival are generated. Next, the calls which have been completed during this inter-
arrival time are cleared down. Then, an attempt to route the new call is made according to
the specified routeing algorithm. Finally, the acceptance or rejection (blocking) of the call,
along with the origin-destination pair information, is recorded into the appropriate arrays.
Results are written into the output file at the end of each time unit. The operation of the
program is discussed in much greater depth in the thesis.

Thus, we are dealing with very simple, highly aggregated, model of a circuit-switched
network. Hence, many operational details of the network are ignored in order to focus on
the performance of the routeing algorithms in relation to the overall blocking probability.

In particular, it is not a true discrete event simulation; accurately modelling the contention

! All of the files used in this work are contained on a separately available floppy disk (see Appendix A for
information on availability).
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for trunk capacity between call arrivals and departures. As this model involves a great deal
of matrix manipulation using DO loops there seemed a good possibility that some speed-up

would be possible using a parallelizing compiler.

4.2 The Testbed Architecture

4.2.1 Hardware Architecture

The shared memory multiprocessor used in these experiments was an Encore Multimax.
This was first designed in 1983 and is produced in several versions. The version available at
the University of Newcastle’s Computing Laboratory is a 520, known locally as NEWTON,
with fourteen main processors and 160 Mbytes of shared memory. In computing terms
the Multimax is a MIMD machine but is more commonly known as a shared memory

multiprocessor (see section 1.4). The basic architecture is illustrated in figure 4.1.

Cache Cache Cache

Processor Processor Processor

I 3

3 VL A

Bus

Shared Memory

Figure 4.1: Shared memory multiprocessor architecture with a single bus and local caches.

The Multimax is controlled by a central processor which provides general monitoring
and diagnostic facilities. This is based on a National Semiconductor NS32016 running at
10 MHz. The main processors are based on a processor/co-processor pair, the NS32532 and
NS32381, running at 30 MHz. Encore claim a peak performance of about 8 MFIops for a
main processor. Each main processor has a 256 kbyte cache memory controlled from the
memory management circuitry in the NSC32532.

The complete system is built around a bus designed by Encore called the nanobus. It

is made up of three individual buses; a 32 bit address bus, a 64 bit data bus and a 14
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bit vector bus. In addition, each bus has an extra byte wide channel for parity checking.
The Multimax 520 is so called as it has space for 20 card slots on the nanobus. The clock
speed of the bus is nominally 12.5 Mhz giving a total memory bandwidth of 100 Mbytes per
second. Inevitably, the bus is the bottleneck for this type of machine partially alleviated by

the local cache memories.

4.2.2 Software Architecture

For the Multimax, Encore developed two varieties of UNIX : UMAX 4.3 and UMAX V.
The former is based on Berkeley UNIX 4.3 BSD. and the latter is an implementation of
the System V UNIX from AT&T. UMAX 4.3 is the system available on NEWTOQON. The
languages available are C, UMAX Fortran and Encore Parallel Fortran (EPF) [169].

The UMAX Fortran compiler can produce standard sequential code for running on
a single processor, or parallel code for running on multiple processors using EPF. The
sequential Fortran meets the ANSI Fortran 77 standard and also includes most of the
VAX/VMS extensions. In order to support the parallelism of the machine, a number of
Fortran 90 features have also been included. Parallelization of programs may either be
done manually or automatically by the parallel optimizer. The optimizer is implemented as
a pre-processor to the compiler. If required, the programmer may take the output from the
pre-processor to perform further parallelization by hand. The compiler also has an option
to generate execution profiling code. Thus, when the program is executed a trace file is
produced which can be analysed using the utility gprof to produce a report. The report
will contain exact call counts, call graph arcs and statistically approximate timing data for
a process as well as other data to aid in optimizing the program. Conventional Fortran 77
debugging tools can be used, such as debug and dbx, as well as the optional enhanced £db
debugging tool.

EPF analyses the source code to determine which program segments can be executed
concurrently and converts them into parallel Fortran constructs. EPF uses explicit synch-
ronization statements and local variables to improve concurrency automatically. The most
fundamental optimization performed is loop spreading. This consists of converting DO loops
into DOALL (parallel) loops; where all the statements in the loop can be executed in paral-
lel. Loop spreading is enabled by EPF by splitting existing loops, re-ordering statements,
introducing new variables and introducing explicit synchronization and ordering controls.

The extent to which any program can be parallelized using loop splitting and the asso-
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ciated techniques described above is limited by four primary forms of data dependency. A
flow dependency occurs where an assignment modifies a variable used in a later statement.
Anti-dependence occurs where an assignment is made after a variable is altered. Output
dependencies occur where an assignment must complete before another is made and control
dependencies are caused by conditional statements which are dependent on prior statements.

The parallel programming tools provided with the Encore Multimax facilitate task cre-
ation and synchronization. A UMAX process contains the program, as a set of machine
instructions and reserved address space, and operating system data (the necessary environ-
ment support structure). Multiple tasks must be created for parallel processing, with each
task able to carry out a portion of the program on different processors. While the operating
system treats each task as an independent process, there is a significant difference between
a task and a UMAX process: tasks can share memory with the parent process and all
other tasks spawned by that process; thus the group of tasks spawned by a process form
a task set. Tasks are timeshared in the conventional manner regardless of whether or not
they share memory. UMAX handles timesharing by context switching, idling one task and
letting another use the processor while storing registers and program counters in order to
restore the original task in its turn.

The Encore Parallel Fortran extensions exist within a task-based run-time model, the
Encore Parallel Runtime library (EPR). On program start-up, an EPF program is initialised
to use the EPR. A task shares the code of the main program, but has an automatic data
stack, registers and a program counter of its own. The number of tasks that are available for
use in parallel constructs can be specified by setting the environment variable EPR_PROCS.
If not specified, the default is to use one task, and hence execute on a single processor.
Built-in EPF functions track the number of tasks and their identities. In deference to other
users; nice must be used to run the program at a low priority if there are more than four

processors specified to be used at run time using EPR_PROCS.

4.2.3 Execution Model

The execution trace of the parallel simulation is relatively simple and is illustrated in fig-
ure 4.2 for four processors. This follows from the description above of the run-time model.
As can be seen, Amdahl’s law will effectively be an upper-bound on the possible speed-up
which may be obtained on the Multimax. The execution trace also indicates how the timing

of the execution of programs on the Multimax is achieved. A version of the Unix time com-
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mand uses a hardware clock to keep track of effective execution periods and ignores that
time when execution is suspended. This clock is also used by the system for general time-
keeping and time-stamping outgoing messages to other computer systems. A time-stamp
is taken from this clock at the time that the program is initiated and terminated and the
difference is used to calculate the execution time. The clock is also read at other points to
time system commands and also to avoid including the time that the system spends waiting
for processors to become available. This was borne out by running the same simulations
at various priority levels (levels of nice) which resulted in the same execution times to the

nearest second.
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Execution suspended
whilst system cannot
Timing active e free four processors
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Processor buay
Processor idle

Inter-processor - - ===

communication

Figure 4.2: Execution trace of a parallelized program on the Multimax shared memory
multiprocessor.

4.3 Discussion of Results

4.3.1 Introduction

The performance measure we are interested in is speed-up. But, as we have already seen,
this is a dimensionless and relative measure. For these experiments it was decided to try
to get as complete a comparison as possible. This was done by performing simulations on

a single Multimax processor using a sequential compiler, simulations on a single processor

68




using the parallelizing compiler, as well as the true multiprocessor simulations. In addition,
some sequential simulations were performed on a more modern uniprocessor machine to put
the parallel simulations in context with the possible performance available without going
to parallel simulation.

The models of the five- and ten-node fully-connected networks were taken from Nadereh
Eshragh’s thesis [168]. The traffic and capacity figures were chosen to reflect reasonably
busy trunks in a realistic network. The link capacities were obtained using fixed route
dimensioning using Erlang’s formula constrained by a modularity factor of thirty circuits
and random effects due to periodic upgrading of trunks. The twenty-node fully-connected
and the ten-node sparsely-connected networks were constructed by the author. These were
designed in a similar manner but were less realistic as the link capacities and traffic volumes
needed to be much smaller to give lower overall network traffic and hence reasonable execn-
tion times. The topology of the ten-node sparsely-connected network is shown in figure 4.3
including the capacity of the links. The mean call holding time for all of the models was
one time unit (nominally one second) and the traffic figures are for the average number of
calls generated per second between each node pair. For each experiment, the simulator was
run for 200 time units.

It should be noted that, at each stage of the experimentation, the résults were compared
with those collected by Nadereh Eshragh to ensure that they were reasonable. This was
done by doing multiple runs? and ensuring that the blocking probabilities were within a
standard deviation of the means. There were no problems observed in this respect.

Chronologically, the experiments proceeded as outlined below. The following sections

will discuss the results in more detail.

e Uniprocessor simulations performed.

¢ First set of multiprocessor simulations performed on the five- and ten-node fully-
connected models using the automatically parallelized simulator. Little or no speed-up

observed.

e Run-time profiles made of first multiprocessor simulations to investigate poor speed-
up. Parallelizing compiler is found not to have exploited all the available parallelism

in the simulator.

2Ten runs were performed for selected experiments using different random number seeds.
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7 [180] 6

Figure 4.3: The ten-node sparsely-connected network. The numbers in the square brackets
indicate the capacity in circuits of each link.

o

Simulator is “hand optimized” in order to aid the compiler in recognising and exploit-

ing parallelism.

Second set of multiprocessor simulations performed on the five- and ten-node fully-
connected models using the new “hand optimized” simulator. Reasonable speed-up

observed for the ten-node model.

Third set of multiprocessor simulations performed on the twenty-node fully-connected
network model to investigate if the speed-up scales for larger models. This is shown

to be the case.

Fourth set of multiprocessor simulations performed on the ten-node sparsely connected
network to investigate if reduced connectivity reduces performance. It does, but not

significantly.

Multiple simulation runs performed using the ten-node fully-connected model to inves-

tigate the variation in run-times (and hence speed-up) with different random number

" seeds. This is found to be not unreasonable as expected.
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4.3.2 Uniprocessor Simulation Results

For these simulations the fixed routeing strategy was used and the same random number
seeds. Initially, runs were done with various routeing options but there was little to choose
between them in execution time and the fixed routeing strategy generally gave the shortest
run-time. In each case, the simulation run length was 200 time units (seconds), the input was
read from a file and the results written to a file and to the screen. The only change between
implementations on different machines were the Fortran READ and WRITE statements which
needed to be different depending on the Fortran implementation. In each case the results
were checked against those obtained from the original implementation to ensure consistency.
Execution times were obtained using the Unix Time command and the operating system

(MTS) logging facilities on the Amdahl. The uniprocessor execution times are shown in

Table 4.1.

LMachine rﬁve-node model l ten-node model l twenty-node modelJ
Amdahl 470 607 782 3212
Encore Multimax 520 675 844 3308
Sun 4/460 SPARCstation 126 256 1173

Table 4.1: Execution times for the uniprocessor simulations in seconds.

A single processor on the Encore Multimax using the sequential option to compile the
code yields roughly the same performance as the Amdahl mainframe. Thus the Encore
Multimax times were used as the reference for the speed-up calculations. The difference in
reference points for the speed-up are illustrated for the ten-node fully-connected network in
figure 4.4. The more modern Sun SPARCstation is easily the fastest; as much as four times
faster than the Amdahl or Encore Multimax.

For comparison purposes, an attempt was made to simulate the five-node fully-connected
model on an IBM. PC. compatible using a commercial telecommunication network simulator
Comnet II.5 produced by CACI. This is a flexible package allowing the simulation of many
types of network with much greater depth of detail than in NAD. This extra detail, and
hence more complex simulation models, led to a much longer run-time. In reality only a
simulation run length of 4 seconds was possible due to insufficient hard disk space for the
temporary files created by the simulation. Only 21 Mbytes were available! If this were scaled
accordingly to reflect a run length of 200 seconds, the run-time would be 177,400 seconds
(49 hours 16 minutes and 40 seconds!). It is interesting to note that the simulation model

for Comnet can be entered as a flat text file or using a graphical user interface. Using a
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flat text file is far quicker than the graphical interface once the user is familiar with the
format. This is due to the increased model complexity requiring the user to traverse dozens

of different menu and form screens many of which, for this application, weren’t needed.

4.3.3 Multiprocessor Simulation Results for the Five-node Model

The multiprocessor simulations were begun by using the parallelizing compiler without any
modifications to the source code. The results, in the form of a speed-up graph are shown
in figure 4.5. Overall, the results are disappointing with no speed-up and with the trend
being downwards as n increases.

These results were investigated by re-compiling the simulator with the profiler option
and re-running some of the simulations. From careful examination of the profile reports the
most expensive subroutines and functions could be noted, including the compiler generated
functions which manage parallel execution. One of these, mtask_fork, which manages
the re-synchronization of tasks before and after parallel execution phases, becomes more
expensive as n increases. The overheads of this function effectively stifle any potential
speed-up. This is illustrated in figure 4.6.

At this point, it was decided that work must be concentrated on reducing the cost of the
most expensive tasks of the original program thereby reducing the impact of the mtask_fork
function. Only two tasks were involved; the subroutines for clearing down calls and that
for calculating link loads. These were by far the most expensive. This was achieved in both
cases by hand coding. Data dependencies which couldn’t be removed by the compiler were
removed using local independent variables and coding some of the function calls in-line.
This allowed the compiler to achieve greater parallelization in the tasks by loop spreading
(converting DO to DOALL loops)®.

This “hand optimized” version of the simulator yielded slightly better speed-up results
as shown in figure 4.5. However, there is still no evidence of speed-up and the trend is still
downwards as n increases.

The simulations were again profiled showing that the execution times of the hand-coded
functions had decreased but the number of calls to mtask fork were considerably increased
due to the increased parallelism. Thus, the synchronization overheads still stifled the speed-

up as n increased. Therefore it was decided that a larger simulation model might lead to

3The Fortran source files of the auto-parallelized program and the hand optimized program are contained
on a separately available floppy disk (see Appendix A for information on availability).
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more significant speed-up as the synchronization overheads would remain about the same

but the amount of parallelism would increase.

4.3.4 Multiprocessor Simulation Results for the Ten-node Model

The results shown in figure 4.7 using the ‘hand optimized” version of the simulator are
much more encouraging with a net speed-up for all n. There is an intriguing dip in the
speed-up graph for six, seven and eight processors, picking up again for nine, peaking at
ten and dipping again above ten. This type of behaviour is not uncommon with machines
employing parallelizing compilers. The greatest speed-up is most often observed when n
coincides numerically with the granularity of the application’s parallelism. Where it doesn’t
match more overheads are incurred as extra tasks are run on less than the full complement
of processors. This decreases the effective utilisation of the processars available. This
phenomenon is described for Cray Parallel Fortran by Almasi and Gottlieb [21]. The other
possible explanation for such phenomena is statistical variation, as each point on the speed-
up graph is only the result of two experiments. To allay this fear, ten runs of each experiment
(on n processors) were performed with different random number seeds. The results can be
seen in figure 4.8. It is clear from these that even though the “granularity” effect is present,
it is not as marked as was first thought from figure 4.7.

The execution profiles bore out the assumption made after the five-node model exper-
iments in that the compiler generated functions had much less impact on the execution
time; see figure 4.6. That is, the processors spend much more time executing tasks in par-
allel than previously with the five-node model; thus making the synchronization overheads
less significant. The fastest executions of the ten-node model were with four, five and ten
processors which were equal to the nearest three seconds of execution time.

The ten-node sparsely-connected network is a modified version of the fully-connected
network. This means that the results should logically have lower execution times, due to the
reduction in overall traffic intensity, but lower speed-up figures, due to the extra overheads
in routeing. The routeing for sparsely-connected networks is handled by the simulator
with the addition of fixed routeing tables. The results for the ten-node sparsely-connected
network are shown in figure 4.7. It shows that the logical speculations are largely confirmed;
both lower execution times (actually the lowest as it had the lowest overall traffic intensity)
and lower speed-up figures. The shapes of the speed-up graphs for the two networks are

similar but there is a marked difference between the “hand optimized” simulator version
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for eight processors and above. The sparsely-connected network results dip much further
and do not recover anything like as well for teﬁ processors. The extra work in routeing and
clearing down calls is obviously allowing the parallel synchronization overheads to have a
more significant impact than for the fully-connected network whose routes never involve

more than two links.

4.3.5 Multiprocessor Simulation Results for the Twenty-node Model

The twenty-node model was created to investigate whether the encouraging results found
with the ten-node model would scale for larger models. The network was created by hand
with only two rules: the overall traffic intensity should not be so large as to cause excessive
execution times, and that the link capacities should reflect the same modularity factor of
thirty circuits as used for the previous models. The only change required to the simulator
source was to increase the size of the data structures to accommodate the larger model.
The speed-up results are shown in figure 4.9. These indicate that speed-up does increase
with model size. The “granularity” factor is not observable in the shape of the speed-up
graph at all. Indeed, there are no peaks in the graph for the “hand optimized” version
of the simulator, only a slight dip for eight processors. The speed-up is still increasing as
we run out of available processors. This would indicate that the increase in the parallel
synchronization overheads as the number of processors increases is much less significant.
The following observations are on a slightly more pessimistic note. The results for the
original automatically parallelized simulator version are the best of all, see figure 4.9, but
still no speed-up was observed. The twenty-node model results are the only ones which show
the “hand optimized” simulator performing worse than the original for a single processor
executing the parallel simulation. Indeed, it is the worst for all of the models. This may
be due to cache misses as the model is now (obviously) larger. It should be noted that the
code for the new simulator version is 127,063 bytes and the static data structures occupy
84,140 bytes compared with a processor cache size of 256 Kbytes. This can only be an
educated guess as the profiling tool was not used to trace cache misses due to the much

longer execution times involved; usually at least two or three times longer.

74



4.4 Conclusions

These experiments have highlighted the fact that there needs to be sufficient parallelism
in a problem to make it possible to achieve reasonable speed-up when porting it to a
multiprocessor architecture. The results for the five-node model were poor as the model did
not contain enough parallelism to offset the cost of the parallel synchronizaticu overheads.
The threshold, or “break-even” point, was obviously passed with the ten-node model and the
results for the twenty-node model indicate that this approach will scale to larger network
models though more processors would obviously be needed to take full advantage of the
available parallelism. It is known the effective break-even point is difficult to predict, even
by professional parallel programmers; though some prediction can be made with the help
of Amdahl’s law (see Patterson and Hennessy [22] pp. 8-11).

Figure 4.11 shows a speed-up graph for the results of the hand optimized version of the
simulator executing the fully-connected network models. Superimposed are the contours for
Amdahl’s law for various values of Wp (Wp is the fraction of the simulator run-time executed
in parallel). As a measure of the success of the ten-node simulations, consider the following.
The worst simulation was with seven processors giving a speed-up of 1.65. This indicates,
using Amdahl’s law (see section 1.3.1), that the percentage of the program parallelized was
45.6% giving a theoretical maximum speed-up of 1.84. The “best” simulation was with four
processors yielding a speed-up of 1.99. This indicates a percentage parallelized of 66.3%
and a theoretical maximum speed-up of 2.97. These comparisons make the results obtained
look quite reasonable.

The complicating factor is of course due to the parallel synchronization overheads which
are assumed to be negligible in the derivation of Amdahl’s law. Interestingly, when the
profile reports for the ten-node fully-connected model simulations were examined, between
22.6% (n = 4) and 44.3% (n = 14) of the execution times were expended on synchronization
operations. Removing these overheads would yield speed-ups of 2.57 and 3.12 respectively.
Furthermore, the percentage of the program parallelized indicated by these revised figures
is closely grouped between 71.7% (n = 6) and 76.7% (n = 10); a theoretical maximum
speed-up of 4.30. Thus, a revised graph of speed-up against n for the ten-node model would
follow Amdahl’s law for Wp = 0.75 quite closely. It must be noted, however, that overheads
due to cache misses have not been removed though their effect must be much lower than

the synchronization overheads.
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The speed-up results for the twenty-node network model have not been investigated
more closely due to the excessive execution times incurred when using the profiling tool as
mentioned previously.

The Encore Parallel Fortran package would seem to be quite reasonable for this kind of
exercise. The most difficult aspect, as always with parallel processing, is debugging. In this
case, the parallel simulation can be run on one processor with the debugging tool £db. This
was never severely put to the test in this case. The other debugging alternative is to write
the application as a sequential program initially and debug this with the standard tools
before proceeding with the parallelization. The profiler gprof proved to be an essential
tool in highlighting problem areas and assessing performance, echoing again the findings of
Reed {27]. The hand coding performed as part of the exercise was not particularly arduous
involving finding out how to do it, doing it, and debugging successfully. The most interesting
point to note is that the key to success was knowledge, not of the machine’s architecture,
but of the compiler’s “hooks”.

The parallelizing compiler approach is obviously attractive if an acceptable level of
speed-up for the simulation can be obtained. Unfortunately, discrete event simulations have
been shown to achieve little or no speed-up using this approach [26,27]. We must therefore
look to the distributed model components approach to give us more general solutions for

successful parallel discrete event simulation.
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Chapter &

Parallel Simulation of Queueing

Networks

5.1 Introduction

ueueing networks are often used as the basis for simulation models of packet- and
Q cell-based telecommunication networks as well as many other engineering systems.
As such they can be used as a useful generic benchmark for parallel simulation. Chapters 2
and 3 have described the work of various parallel simulation practitioners who have shown
that discrete event simulations, particularly of queueing networks, cannot be parallelized.
The most successful method reported for parallel simulation of queueing networks is that
of distributed model components. This chapter describes a series of experiments conducted
to evaluate the performance of various simulation synchronization algorithms using this
approach.

The simulation models were constructed using YADDES (an acronym for Yet Another
Distributed Discrete Event Simulator). The YADDES system is set of tools for constructing
discrete event simulations which was developed in the Computer Communication Networks
Group, Department of Electrical and Computer Engineering, University of Waterloo, On-
tario, Canada. The implementation used for these experiments runs on a single Inmos
transputer or a hardwired cube of eight transputers. A manual is available for this imple-
mentation [170] which should be read in conjunction with the original manual {171]. There
is also a discussion of it’s implementation by the author [172].

The parallel discrete event simulation algorithms supported by YADDES are a sequen-
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tial (uniprocessor) event-list (EL), a distributed multiple event-list (ML), a conservative
synchronization algorithm based on that of Chandy and Misra (CM) and and optimistic
synchronization algorithm using the concept of Virtual Time (VT). YADDES allows a
common simulation model description to be compiled to use any of these algorithms thus

enabling direct performance comparisons.

5.2 YADDES — Yet Another Distributed Discrete Event

Simulator
The principle features of the YADDES system are;

o The YADDES simulation specification language and compiler.

o A set of libraries which support various simulation time synchronization methods with

trace and debugging support.

e A pseudo-random number generator package which supports multiple, independent

pseudo-random number streams.

o A distributed statistics collection and reporting package.

The user begins by writing a YADDES specification of the desired simulation model.
YADDES then compiles the specification into a collection of C language functions. These
functions are then compiled using the relevant C compiler and then linked to a simulation
synchronization library to form a complete program which performs the simulation. The
user need not be concerned with the synchronization method used. In fact, every YAD-
DES specification can be executed using any method merely by linking to the appropriate
library. Provided that the specifications are coded properly, the results of a simulation are
independent of the synchronization method used.

The modelling approach used in the YADDES system is based on that of Chandy-
Misra-Bryant (CMB) distributed discrete event simulation (see chapter 3). The real-world
system is modelled by a collection of physical processes (PPs) that periodically exchange
information. This exchange of information takes place at discrete points in time. Every
instant at which one PP provides information to another is called an event. The computer
simulation of the real-world system is obtained by constructing a computer program in which

the behaviour of each PP is modelled by a logical process (LP). The exchange of information
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by the PPs is modelled in the simulation by the exchange of messages by the LPs. Since
the computer simulation does not execute in real time, each LP has its own notion of time
and each message is time-stamped with the time of the corresponding real-world event.

The YADDES system provides a language and compiler that aids in the specification of
the behaviour of LPs. An LP in the YADDES system is a general state machine. A general
state machine has an arbitrary (finite) number of inputs and outputs and a (finite, albeit
possibly large) set of states. The state machine is driven by t'he occurrence of event combi-
nations. An event combination is a collection of one or more input events having the same
time-stamp. In response to an event combination, an LP may change its state and produce
zero, or more, output events on each of its outputs. The YADDES specification language
is used to specify the state of an LP and to associate programs with event combinations.
These programs being written out as sequences of C language statements.

In the YADDES system, the connections between LPs are static. Each input of every LP
must be connected to the output of another LP; they require unity fan-in. The output of an
LP may be connected to zero, or more, LPs; they may have arbitrary fan-out. The YADDES
specification language also provides a means for describing the connections between LPs.

The YADDES system currently supports four different synchronization methods. How-
ever, the YADDES system hides the details of the underlying synchronization method so
that the user need only be concerned with the specification, not the implementation of
the simulation. There are three important advantages of the ability to support different
synchronization methods. First, by executing the same specification using different synch-
ronization methods, it is possible to directly and quantitatively compare the performance
of the synchronization methods. Second, the user can change the synchronization method
used without having to re-code the simulation specifications. In this way, the most efficient
synchronization method can be chosen experimentally. Third, not only can new synchro-
nization methods be added relatively easily, as they are entirely decoupled from the model

description, but aspects of the existing methods can be also be altered for investigation.

5.2.1 Sequential Event-list Synchronization

The sequential simulation library uses the traditional discrete event simulation method. A
single data structure, called the event-list, is used to hold future events. The event-list is
sorted by time and by the LP identifiers. The basic execution cycle involves removing events

from the head of the event-list, forming event combinations, and causing the appropriate
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LPs to perform the action associated with the given input event combination. When an

action causes output events, those events are inserted into the event-list.

5.2.2 Distributed Multiple Event-list Synchronization

This method is a simple extension of the sequential simulation method for execution on
a multiprocessor. In this method, each processor has its own event-list. In addition, one
processor (the scheduler) has special status and acts to coordinate the other processors. The
basic execution cycle is somewhat more complex in order to guarantee correct execution on
the multiprocessor. First, each processor sends a message to the scheduler indicating the
simulation time of the next event on its local event-list. The scheduler selects the minimum
next event time and broadcasts this value. FEach processor having this minimum value
removes events from its event-list, forms event combinations, and invokes the appropriate
LP’s actions. When an action causes an output event, that event is either inserted into the
local event-list, or a message is sent to a remote processor requesting that it insert an event
into its local event-list. When a processor is finished executing all the actions for a given
value of simulation time, it sends a completion message to all its successors indicating that
it is done. Finally, each processor waits until it receives a completion message from all its
predecessors. At this point the execution cycle is complete and may begin again.

In YADDES, each LP is statically assigned to a processor. This assignment is specified
in the YADDES source. Since the assignment is static, each LP knows a priori whether to

insert output events into its own future event-list or to send a message to another processor.

5.2.3 Conservative Distributed Event-list Synchronization

In conservative (CMB) distributed simulation each LP runs as a separate task. Tasks may
run on the same or on different processors and the number of tasks need not be the same
as the number of processors. In this environment, the LPs consist of the YADDES model,
state and output tables, all encapsulated in an envelope.

The basic execution cycle begins when an envelope receives a message. The envelope
buffers messages until an event combination can be formed. An event combination with
simulation time ¢t can only be formed when an envelope has received an event message for
each of its inputs having time ¢’ greater than or equal to t. When an event combination is
formed, the LP is activated. If a LP causes an output event, it sends an event message to

the envelope of the appropriate LP.
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This synchronization method has the potential for deadlock. The current implemen-
tation does not use any deadlock detection/recovery scheme and the user is required to
explicitly avoid deadlock. Two approaches are provided in order to achieve this. NULL-
messages are events inserted by the user which assert that no event has occurred up to the
given time-stamp, ty,;. This allows an envelope to determine that it has received all the
events up to time ¢y, on a given model input. In certain cases, it is possible for the model
itself to know that no event will occur on one or more of its inputs up to a certain time.
In such cases, the envelope can be informed that no event will occur and the envelope may

safely ignore that input. This is termed by Loucks et. al. to be “additional knowledge” [113].

5.2.4 Optimistic Distributed Simulation Synchronization

The implementation of optimistic, or virtual time based, distributed simulation is based on
that of the Time Warp Operating System (TWOS) [80,130]. As in the CMB mechanism
each LP runs as a separate task consisting of the YADDES model, state and output tables
encapsulated in an envelope. However the virtual time based mechanism cannot deadlock.

Every envelope has a local clock as before. When a message is received by an envelope,
there are three possibilities; it’s time-stamp is either before, after, or equal to the current
local value of simulation time, called the local virtual time (LVT). If its time-stamp is after
the LVT, an input event combination is formed and the LP is activated to process it or
place it in the event-list it to be processed. However, if its time-stamp is less than or equal
to the LVT, the envelope backs up to the time immediately prior to the incoming message
time-stamp. This is facilitated by an elaborate checkpointing mechanism which allows an
earlier state of the LP to be recovered. Essentially, an earlier state is restored, input event
combinations are re-scheduled, and output events are cancelled by sending antimessages.
The envelope has buffers which save past inputs, past states and antimessages. This state-
saving overhead, known as checkpointing, can be reduced by decreasing it’s frequency.

An important component of the implementation of the virtual-time environment is the
fossil collection algorithm. Fossils are said to be past inputs, states and antimessages that
are no longer needed and so may be discarded releasing memory space for further use.
Essentially, these are events which are older than the current global minimum simulation
time, called global virtual time (GVT). The YADDES fossil collection algorithm uses a
circulating token message which visits each LP in turn collecting the LVTs. Once all LPs

have been visited, each can update it’s own LVT in the message, calculate a value for GVT

89




(the minimum value of all the LVTs), invoke the fossil collection algorithm and pass on the
token message.

When a rollback occurs, output messages need to be processed in some way. There are
two types of cancellation strategy - aggressive and lazy. When the aggressive strategy is
used, antimessages are sent immediately when the rollback occurs. When lazy cancellation
is used, antimessages are not sent immediately. Instead, they are placed in a buffer of
pending antimessages. When the LP resumes execution, it will obviously generate output
messages. If an output message is the same as a message that would have been cancelled
during the rollback under aggressive cancellation, then the pending antimessage and the
new output message annihilate!. If a new output message is generated, that is, one that
was not generated previously, then this is sent. If the LVT progresses past the time-stamp
of a pending antimessage, then the antimessage is sent as the original “real” message is now
shown to be erroneous.

Finally, the number of LPs required for a simulation will often not match the number of
processors available to perform the simulation. If the number of LPs exceeds the number of
processors then a scheduling algorithm is invoked to select the next LP for execution. There
are three scheduling algorithms available; round-robin (RR) scheduling, scheduling the LP
with the minimum LVT (MVT) and scheduling the LP with the minimum message time-

stamp (MMT) in it’s input queue. All of these scheduling algorithms are non-pre-emptive.

5.3 The Simulation Models

The simulation models used were of a closed stochastic queueing network and a tandem
queueing network. The configuration of the closed stochastic queueing network is of a
four-dimensional hypercube consisting of sixteen queues which can be visualised as a cube
within a cube, with a queue at each corner as shown in figure 5.1. It is a closed system
in that the population of customers in the system is constant throughout the simulation.
Each queue is initiated with a number of customers in the queue (the load) and these are
processed in first-come-first-served (FCFS) order. Each customer is served with a negative
exponential service time and then routed randomly to one of it’s four nearest neighbour
queues. In not using a global routeing scheme (ie. any node routes to any other node via

intermediates) greatly simplified the model specification as a distinction need not be drawn

! Annihilation implies that both the “real” message and the antimessage are discarded.
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between customers. The mappings of queues to processors was made simply by cutting the
hypercube in the x-plane for two processors, the x- and y-planes for four processors and the

X-, ¥- and z-planes for eight processors.

a1\ 7

5 N

Figure 5.1: A 4-dimensional hypercube.

The second model, a tandem queueing network, was originally proposed for investigating
policing in an asynchronous transfer mode (ATM) network?. Policing mechanisms are
intended to control congestion and cell loss in the network; this subject is reviewed by
Rathgeb [173]. In this case, the policing is done using a leaky bucket mechanism. The
performance of the model is of interest in its own right, but it is quite large in simulation
terms and would normally require long simulation times due mainly to the size and traffic
intensity.

The performance measures of interest in the model are the cell delay variation collected
at destinations and the cell loss which is collected at switch queues and leaky buckets.
The cell delay variation can be examined by comparing the cell creation times with the
time that they arrive at ‘he destination. Cell delay variation was however not monitored
in these simulations. Cell loss is typically very low in ATM networks and so very long
simulations involving the generation and switching of more than 10° cells are often required
to give results which are statistically significant. However, the simulation run length used
in these experiments was deliberately short so as to allow reasonable run-times; and hence
a reasonable exploration of the parallel simulation options.

The ATM switches were modelled by simple M/D/1 queues rather than an Orwell ring
or other more complex switch. Each switch used five processes of three types, shown in

figure 5.2; a queue, a server and a sink. The sink looks at the labels of the incoming cells

2ATM networks are introduced in the next chapter.
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and removes from the stream all those which should terminate at that switch. The leaky
bucket was also modelled as an M/D/1 queue. Thus, both the switch and the leaky bucket
mechanism use the same queue and server models with different parameters. This was
easily developed and at first was thought to be adequate if the queue length was set to an
appropriate value. However, in a cursory exploration of the literature, leaky buckets are
better implemented using a token pool so as not to introduce any delay as in Butto et. al.

[174).

Source([n] Traffic

leaky bucket
Sink ,” """t TTTTTTTTRTOT X
Queue[n-1]L_, : v Queue(n]
L IO O
Queue Server O :

Queue(n] overflow traffic
Bucket(n] overflow traffic
Sink[n] traffic

Figure 5.2: YADDES process model of one switch of the tandem queueing network.

The traffic sources were modelled with simple poisson sources. Ideally, for the ATM
network modelling, an on/off source with a geometrically distributed burst length and
silences with a negative exponential distribution needs to be developed, see Rathgeb {173].

The topology of the processors is a hardwired cube of eight Inmos transputers and so
the process mapping is a straightforward “pipeline” arrangement for the eight switches.
Fach transputer carries a switch and a traffic source; except for the first which has an extra
source feeding into the first switch, and the last which has no sink or leaky bucket. This
arrangement was dictated by the way that some of the processes synchronize, which meant
that breaks between queues and servers would not be practical as they would require two
links. An alternative would be to move each leaky bucket to the next processor which may
create a better load balance; this was however not tried. This indicates that there is a large
amount of parallelism to be exploited and a large amount of scope for studying the effect
of different mappings. Mappings to two and four processors used in these experiments are

straightforward bearing in mind that a queue/server pair should not be split3.

3The YADDES code for both of the models is available on a floppy disk (see appendix A for information
on availability)
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A major obstacle to realising the tandem queueing network model was the requirement
for multiple instances of the same process with different parameters. This was done by
introducing an extra “special” variable to YADDES called $label which could be used by
a process to read an identification label and thus to be able to read the correct set of
parameters from the configuration file. Some constants are also used to check that the

correct number of parameters are read from the file,

5.4 Discussion of Results

5.4.1 Initial Results for the Closed Stochastic Queueing Network

The initial simulation experiments were begun whilst the transputer array only had 1 Mbyte
of memory per processor. This was insufficient for the multiprocessor simulations using VT
synchronization. So, attention was first made to the speed-up results of the CM simulations.
These did not use NULL-message cancellation, as it was not enabled, and only used the
lookahead afforded by assuming propagation delays over the modelled links between queues.
This is known in YADDES as epsilon lookahead as it is the minimum available. The results

are shown in table 5.1.

Synchronization | No. of Processors
mechanism 1 | 2 [ 4

ML 0.94 | 0.91 | 0.97

CM 0.36 | 0.73 | 0.89

VT 0.40 | 0.89 | 1.69

Table 5.1: Initial speed-up results using YADDES.

The speed-up figures, which are all calculated relative to the EL simulation, are disap-
pointing. The speed-up figures for ML synchronization were not expected to be good but
some speed-up should be possible and indeed was observed by Preiss [175) when simulating
similar but somewhat larger systems. For CM, the results are very disappointing. However,
it is well known that CM simulations are sensitive to the amount of lookahead. So, for
the main simulation studies the lookahead was increased by making use of advanced sim-
ulation knowledge in terms of adding the next customer service time to the NULL-message
time-stamp. This type of technique was described in chapter 3 and is discussed in detail
for queueing networks by Loucks and Preiss [113].

The VT speed-up figures were completed once extra memory was available for the trans-
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puters (4 Mbytes per processor). These again were disappointing but at least recorded
some speed-up on eight processors. The two processor simulation would still not run within
4 Mbytes so this had to be done on two processors each with 16 Mbytes. This was true
for all the two processor VT simulations performed. These simulations used aggressive
cancellation, the round-robin process scheduling and a checkpoint interval (CPI) of one (ie.
saving every state). It was known, from other work using YADDES by Preiss et. al. [143],
that minimum virtual time scheduling and an increased CPI should give superior results.
Lazy cancellation was also available which could possibly improve performance. These other
options required extra coding and re-compilation to make them available, so they were held
back until the modifications to the lookahead had been made.

One other change from the initial to the main simulation results was the method of
timing the simulation runs. YADDES usually relies on the timing facilities offered by the
operating system. For MS-DOS, the time command is not ideal as it was never intended
for use in timing the execution of an application. Therefore, for the main simulation speed-
up results a timing function was added to the YADDES synchronization libraries before

compilation. This is always the first and last function called in a simulation run.

5.4.2 Main Results for the Closed Stochastic Queueing Network
Summary of Experiments

These were performed using the model described in the previous section modified to exploit
more lookahead in terms of the service time for a customer plus the link propagation time.

The full range of useful options available within YADDES was explored, listed below.

o Sequential event-list (EL) — for loads of 1, 4 and 8 customers per queue.

o Multiple distributed event-list (ML) — for loads of 1, 4 and 8 customers per queue,

on 1, 2, 4 and 8 processors.

o Chandy-Misra (CM) — for loads of 1, 4 and 8 customers per queue, on 1, 2, 4 and 8

processors, with and without NurL-message cancellation (NMC).

o Virtual Time (VT) — for loads of 1, 4 and 8 customers per queue, on 1, 2, 4 and 8
processors, using aggressive and lazy cancellation, using checkpoint intervals (CPI) of

1, 2, 4, 8 and 16.
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In addition, nine extra runs using different random number seeds were made of each of
the following experiments to ascertain the mean and standard deviation of the run-times.

These results are discussed in the relevant results sections.
o EL — load = 4.
o ML — load = 4, on 2 processors.
o CM — load = 4, without NMC, on 4 processors.
o VT — load = 4, aggressive cancellation, CPI = 1, on 8 processors.

o VT — load = 4, lazy cancellation, CPI = 16, on 8 processors.

The memory management performance of the VT simulations was investigated with a
further ten runs. In order to produce results, the memory usage figures were coupled with
the run-time and speed-up results from the equivalent simulation runs performed without
the memory usage tracing code enabled. The run-times for the experiments with the tracing

code enabled were inevitably much slower.

e VT — load = 4, on 8 processors, using aggressive and lazy cancellation and using

checkpoint intervals (CPI) of 1, 2, 4, 8 and 16.

Multiple event-list (ML) Synchronization

The ML speed-up results, shown in figure 5.3 are still unimpressive, but some improvement
is seen over the initial results, particularly at the higher load. This slight change in the
result at a load of four over the initial results will be due to the change in the method of
timing the runs; no other change introduced between the initial and main simulation runs
would affect the ML runs. The ML results do show slight improvement with the increase
in the load and with the number of processors but do not come near the speed-up results
described by Preiss [175]. Here, a speed-up of just less than two was recorded at a load
of eight. This is due to the model considered here being smaller and slightly less complex.
The ML synchronization would obviously perform better with an application requiring more
processing per event.

The multiple runs with different random number seeds for ML synchronization (two
processors at a load of four) showed a standard deviation of just over 1% of the mean. The

first time recorded, which was used for the speed-up graph, was actually the slowest. If the
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mean were used for this point on the graph, this would give a speed-up of 1.04. The first
figure was used as the random number seeds used in this run were the same as for the other

simulation runs used in the graphs and thus affords a better comparison.

Conservative Chandy-Misra (CM) Synchronization

The CM speed-up results, shown in figures 5.4 and 5.5, are much improved over the initial
simulation results. This is due primarily to the increase in lookahead in the model, though
the change in timing method will also have a small impact. The other most noticeable fea-
ture is that NuLL-message cancellation has a very marked affect on the speed-up; reducing
it significantly at the lowest load (load = 1 customer per queue), improving slightly at the
middle load (load = 4) and improving it greatly at the highest load (load = 8). Indeed,
the speed-up figures with NULL-message cancellation at the highest load are the highest
recorded of any of the experiments (4.02 on eight processors). This increase in effect with
load is as expected; also, the overheads of the algorithm at lower loads obviously outweighs
any benefits.

The multiple runs for CM synchronization exhibited the lowest standard deviation of
all the multiple run experiments at just under 0.5%. Again, the first time recorded, which

was used for the speed-up graph, was the slowest.

Optimistic Virtual Time (VT) synchronization

The VT speed-up results are shown in several graphs summarised in table 5.2 below. Each

figure shows the speed-up against the number of processors for a certain cancellation strategy

and CPI at all three loads.

Reference | Cancellation Strategy | CPI
5.6 Lazy 1
5.7 Aggressive 1
5.8 Lazy 2
5.9 Aggressive 2

5.10 Lazy 4
5.11 Aggressive 4
5.12 Lazy 8
513 Aggressive 8
5.14 Lazy 16
5.15 Aggressive 16

Table 5.2: Figure Numbers for the graphs of VT Speed-up results.
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Figures 5.16, 5.17 and 5.18 show speed-up against CPI on two, four or eight processors
respectively. The speed-up improvement from the initial results is largely due to the change
from round-robin to minimum virtual time scheduling plus some small contribution due to
the change in run-time measurement. For minimum virtual time scheduling, where there
is more than one process per processor, the process with the lowest virtual time will be
be scheduled next for execution. This tends to reduce the number of rollbacks created
compared with round-robin scheduling.

The speed-up figures obtained are consistently good and relatively insensitive to load.
There is some improvement in speed-up with load though this is not as marked as with
CM synchronization. There seems little to choose between the lazy and aggressive cancel-
lation strategies, this reinforces the findings by Preiss et. al. [143] that lazy and aggressive
cancellation strategies perform similarly under minimum virtual time scheduling. However,
lazy cancellation does slightly outperform aggressive cancellation at low settings of CPI.
The opposite is true at higher settings; roughly equal at eight, aggressive better at six-
teen. An optimum CPI for maximum speed-up is also discernible. This is discussed later
in connection with the experiments on CPI and memory management.

The standard deviations for the multiple runs were again quite low at 2.1% for lazy
cancellation on eight processors and a CPI of one and 1.2% for aggressive cancellation on

eight processors and a CPI of sixteen.

Comparison of Speed-up Results for the Closed Stochastic Queueing Network

The different synchronization algorithms are compared at the three values of load in fig-
ures 5.19, 5.20 and 5.21. Only the best VT results are shown for lazy and aggressive
cancellation at a CPI of two. Overall ML synchronization is the worst performer giving
little or no speed-up. This proves the intuitive conclusion that any algorithm, such as ML
synchronization, which tries to synchronize the parallel simulation using some form of global
control will not result in significant speed-up.

CM synchronization exhibited both the best and worst speed-up results. At a load
of one (figure 5.19) the algorithm performed much worse than the ML synchronization
due to to the extra overheads of NuLL-message calculation. With the addition of NuLL-
message cancellation this performance was exacerbated. At a load of four (figure 5.20) the
performance is average, buf at a load of eight the performance is the best of all with the

addition of NULL-message cancellation. This shows that where there is good lookahead
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properties in a model coupled with a significant message load CM synchronization can
produce excellent speed-up results.

The VT synchronization speed-up results shown here are consistently good over all loads.
Lazy cancellation is slightly better at low loads and we have also observed that the CPI
should be optimized. In this case, the best interval is two*.

One noticeable feature is that almost all the speed-up curves show some signs of sat-
uration if the number of processors were increased much above eight, the limit used here.
However, this is explained by the observation that the maximum amount of parallelism
in the model is sixteen (the number of queues) so speed-up saturation is bound to start
above eight processors. This will also be affected by the connectivity of the model and
the mapping of this onto the processors; even numbers of processors will be most easily
realisable. There would be an extra problem at sixteen processors due to the requirement
for a connection back to the host as a transputer only has four physical links. This would

have to be resolved using an extra, seventeenth, transputer.

5.4.3 Virtual Time (VT) Memory Management Results for the Closed
Stochastic Queueing Network

The VT synchronization algorithm uses far more memory than the other algorithms. Indeed,
for the initial simulation experiments, the multiprocessor VT experiments could not be run
to completion within 1 Mbyte per processor and the two processor simulations could not
be run to completion using 4 Mbytes. It was therefore decided that some investigation into
it’s memory usage would be useful. However, it is very difficult to obtain a time-average
or a trace of the memory utilisation data for each process without significantly changing
the behaviour of the simulation in terms of it’s run-time and memory usage. However,
it is possible is to keep track of the maximum memory utilisation for checkpointed state
information and the message buffers for each LP as these are allocated separately. This
monitoring lengthens the simulation run-time but barely changes the memory usage. The
other possibility is to trace the execution of the simulation in terms of it’s virtual time
(VT) and global virtual time (GVT). The distance between the traces at any instant is
proportional to the state memory usage. This technique has been used by a number of

users to observe the progress of optimistic simulations.

*A CPI of three may have been better overall but trying one or two experiments yielded times slightly
worse than that at two.

98



We have already observed that changing the CPI impacts the run-time (and hence the
speed-up) of a simulation as the overhead of checkpointing is reduced but the penalty of a
rollback is increased. Obviously, changing the CPI will also impact the amount of memory
used to store checkpointed state information as well as the message buffers of each process.
The experiments performed were on eight processors at a load of four. The memory usage
figures are the maximum amounts used by one queue process on one of the eight processors
to simplify analysis. To complete the picture of the memory map a single queue process
occupies 598,107 bytes of memory and some memory will also be taken up by constants,
variables, arrays etc. This is illustrated in table 5.3 taking the worst case scenarios with

lazy cancellation and a CPI of one which requires 200,192 bytes total storage.

Number of | Number of Processes | Total memory
Processors per processor requirement
1 16 12,772,784
2 8 6,386,392
4 4 3,193,196
8 2 1,596,598

Table 5.3: Estimated worst-case memory requirements in bytes for VT simulation.

This illustrates why the simulations using four and eight processors each with 1 Mbyte
per processor and two processors with 4 Mbytes would not run to completion. Also, the four
processor simulation had barely enough memory. However, these are “worst case” figures.

Figure 5.22 shows the maximum amount of memory needed for checkpointed state in-
formation against the CPI. It clearly shows that increasing the CPI substantially decreases
the maximum state memory required though the impact tails off above eight. Figure 5.23
shows the maximum amount of memory needed for the message buffers. This increases with
CPI as expected; the process state can be saved at the CPI but all incoming messages must
be stored in order to be able to regenerate the unstored states on rollback. Also, as there
is necessarily more processing to do during rollback the build-up of messages during such
times must be greater.

The total memory usage is shown in figure 5.24. This shows that, as the CPIis increased,
the maximum memory usage initially falls quickly to a minimum in the case of aggressive
cancellation, at an interval of eight and above. For lazy cancellation, the usage continues
to falls above this point at a lower rate. This would suggest, particularly in the case of lazy
cancellation, that it is better to select a CPI that is too large rather than one which is too

small.
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Figures 5.25 and 5.26 show the maximum total memory usage against run-time and
speed-up respectively for the range of CPI. The run-times used in this case are for the sim-
ulations without the memory tracing enabled. They clearly show that there is a space/time
optimal CPI of two. The shape of the curves also suggest that a CPI of three would most
probably be worse than “optimal” for aggressive cancellation and possibly better for lazy
cancellation. As in the case of the total memory usage curve (figure 5.24) they would sug-
gest that it is better to select a CPI that is a little too large. Memory usage is reduced but
speed-up too is adversely affected. These figures compare well with those found by Preiss

et. al. [143) for the case where checkpointing is not artificially penalised.

5.4.4 Discussion of Results for the Tandem Queueing Network

These experiments were performed using the tandem queueing network model. The wide
range of useful options available within YADDES was again explored in the experiments
listed below; though memory management was not examined in this instance. In addition
to comparing the performance of the various synchronization methods within YADDES
for this application, comparisons are also drawn in the following sections with previous

experiments on the closed stochastic queueing network.

o]

Sequential event-list (EL) — on 1 processor.

o Multiple distributed event-list (ML) — on 1, 2, 4 and 8 processors.

o Chandy-Misra (CM) — on 1, 2, 4 and 8 processors, with and without NULL-message
cancellation (NMC).

o Virtual Time (VT) — on 1, 2, 4 and 8 processors, using aggressive and lazy cancella-

tion, using checkpoint intervals (CPI) of 1, 2, 4, 8 and 16.

Multiple Event-list (ML) Synchronization

The ML speed-up results, shown in figure 5.27 are unimpressive the highest being 1.39 on
eight processors. However, these are an improvement over previous results for the closed
stochastic queueing network and also come close to speed-up results recorded by Preiss [175]

on large closed stochastic queueing networks.

100




Conservative Chandy-Misra (CM) Synchronization

The CM speed-up results, also shown in figure 5.27, are very impressive. The most notice-
able feature is that NuLL-message cancellation has a very marked affect on the speed-up for
all n. Indeed, the speed-up figures with NuiLL-message cancellation at the highest load are
the highest recorded of any of the experiments for the number of processors (1.87 on two
processors, 3.01 on four processors, 5.65 on eight processors), see figure 5.33. Again, these
results are an improvement on the previous experiments with the closed stochastic queuing
network. It has been widely reported in parallel simulation literature (see Fujimoto {24])
that acyclic queuing networks are well suited to conservative synchronization approaches,
particularly Chandy-Misra. This is because cycles of processes tend to slow the propagation

of lookahead increments.

Optimistic Virtual Time (VT) Synchronization

The VT speed-up results are shown in several graphs as follows. Figures 5.28 and 5.29 show
the speed-up against the number of processors and CPI for lazy and aggressive cancellation
strategies. Figures 5.30, 5.31 and 5.32 show speed-up against CPI on two, four and eight
processors respectively. The process scheduling strategy used was minimum virtual time
scheduling as this has been shown to give the best performance of those available within
YADDES — round-robin, minimum message time and minimum virtual time. For minimum
virtual time scheduling, where there is more than one process per processor, the process
with the lowest virtual time will be be scheduled next for execution.

The speed-up figures obtained are consistently good though not as good as CM synch-
ronization. Only lazy cancellation with a CPI of four (the best VT result) out-performs
CM without NULL-message cancellation. In the previous experiments, on closed stochastic
queueing networks, there seemed little to choose between the lazy and aggressive cancella-
tion strategies. However, here lazy cancellation easily out-performs aggressive cancellation
at all settings of CPI. Again, this is most likely due to the acyclic nature of the model
leading to rollbacks which seldom need the use of anti-messages to undo erroneous compu-
tations. An optimum CPI for maximum speed-up is also discernible from figures 5.30, 5.31
and 5.32 for both cancellation strategies: for lazy cancellation the optimum CPI is between
four and eight (nearer eight) and for aggressive cancellation the optimum is around four.

Again, this indicates that rollbacks are more expensive under aggressive cancellation.




Comparison of Speed-up Results

The different synchronization algorithms are compared in figure 5.33. Only the best VT
results are shown for lazy (CPI = 8) and aggressive cancellation (CPI = 4). Overall ML
synchronization is the worst performer giving little or no speed-up. This proves the intuitive
conclusion that any algorithm, such as ML synchronization, which tries to synchronize a
parallel simulation using global control will not result in significant speed-up. CM synch-
ronization exhibited by far the best speed-up results. This shows that where there is good
lookahead properties in a model coupled with a significant message load CM synchronization
can produce excellent speed-up results.

The VT synchronization speed-up results shown here are consistently good with lazy
cancellation consistently out-performing aggressive cancellation We have also observed that
an optimum CPI improves speed-up as well as giving benefits in reduced memory usage.

An encouraging feature of figure 5.33 is that the better speed-up curves show less signs
of saturation as the number of processors were increased than in previous experiments.
This would seem to indicate that if more processors were added further speed-up would
be observed. This is not surprising given the amount of parallelism in the model and the

simple pipeline process topology.

5.5 Conclusions

This chapter has described the results of a programme of experiments to evaluate the per-
formance of various parallel discrete event simulation algorithms. This has been possible
using YADDES with it’s common simulation model description language and the four par-
allel discrete event simulation synchronization algorithms supported. The two models used
in the experiments were of a closed stochastic queueing network (a hypercube of queues)
and a tandem queueing network of sixteen queues.

The speed-up results for distributed multiple event-list (ML) synchronization were poor
as expected for both models. Any synchronization method which tries to control a parallel
simulations progress globally from a single process is unlikely to yield significant speed-up.

The speed-up results for conservative Chandy-Misra (CM) synchronization show the
importance of lookahead and, more particularly, the impact of NULL-message cancellation
at higher model loads. Indeed, CM synchronization with NULL-message cancellation yielded

the best speed-up result for both models. This shows generally that CM gives good speed-
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up for models with good lookahead and high customer (and hence message) loads. However,
at lower loads the speed-up is considerably reduced by NULL-message processing overheads.
The speed-up results for the tandem queueing model were higher than those recorded for
the closed queueing network. This result has been noted previously by various researchers
(eg. Fujimoto [24]) and is due to the lack of cycles in the model. These tend to slow the
propagation of lookahead increments and thus cause increased synchronization overheads.

The speed-up figures for optimistic virtual time (VT) synchronization were more mod-
est than for CM, but were also more consistent, being relatively insensitive to the load.
Optimistic synchronization was easily the best performer for lower loads only losing out to
CM synchronization with NULL-message cancellation at the highest load.

The VT synchronization algorithm could use lazy or aggressive cancellation strategies.
For the tandem queuing network model, lazy cancellation out-performed aggressive cancel-
lation at all values of CPI. In the experiments on the closed queueing network model there
seemed little to choose between the lazy and aggressive cancellation strategies except in the
area of memory usage, where lazy cancellation used less, particularly at highef values of
CPI. Again, this is most likely due to the acyclic nature of the model leading to rollbacks
which seldom need the use of anti-messages to undo erroneous computations.

An optimum CPI for maximum speed-up is discernible for both models and cancellation
strategies. For the tandem queueing network model, the optimum CPI is greater for lazy
than for aggressive cancellation. Again, this seems to indicate that rollbacks are more
expensive under aggressive cancellation. A larger CPI will also result in lower memory
usage for the simulation though these were not measured.

The next chapter discusses the parallel simulation of asynchronous transfer mode (ATM)
networks. The results of the experiments discussed here indicate that the conservative
Chandy-Misra synchronization approach would be the best to use in simulating such net-

works using distributed memory multiprocessor computers.
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Figure 5.3: Speed-up using multiple distributed event-list (ML) synchronization for the
hypercube of queues.
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Figure 5.7: Speed-up using virtual time synchronization (VT) with aggressive cancellation
and a CPI of one for the hypercube of queues.
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Figure 5.9: Speed-up using virtual time synchronization (VT) with aggressive cancellation
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Figure 5.10: Speed-up using virtual time synchronization (VT) with lazy cancellation and
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Figure 5.11: Speed-up using virtual time synchronization (VT) with aggressive cancellation
and a CPI of four for the hypercube of queues.
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Figure 5.12: Speed-up using virtual time synchronization (VT) with lazy cancellation and
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Figure 5.13: Speed-up using virtual time synchronization (VT) with aggressive cancellation
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Figure 5.14: Speed-up using virtual time synchronization (VT) with lazy cancellation and
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Figure 5.17: Speed-up against CPI for virtual time synchronization (VT) on four processors
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Figure 5.22: State memory usage for virtual time synchronization (VT) on eight processors

at a load of four customers per queue for the hypercube of queues.
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Figure 5.23: Message memory usage for virtual time synchronization (VT) on eight proces-
sors at a load of four customers per queue for the hypercube of queues.
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Figure 5.24: Total memory usage for virtual time synchronization (VT) on eight processors
at a load of four customers per queue for the hypercube of queues.
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Figure 5.30: Speed-up against CPI for virtual time synchronization (VT) with two proces-
sors for the tandem queueing network.
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Figure 5.31: Speed-up against CPI for virtual time synchronization (VT) with four proces-
sors for the tandem queueing network.

132



-0 - lazy — O — Aggressive

4.50
4.00 + IPELREREE a.
350 + g

3.00 +

5%
wn
S
|
f
/

g
=
S
)|
i
/

Speed-up - S(n)
/

1.50 +

1.00 +—

0.50 +

0.00 1
1 2 3 4 5 6 7 8 9 10 11 12 13 14 15 16
Checkpoint Interval

Figure 5.32: Speed-up against CPI for virtual time synchronization (VT) with eight pro-
cessors for the tandem queueing network.
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Chapter 6

Parallel Simulation of
Asynchronous Transfer Mode

Networks

6.1 Introduction

he arguments for parallel simulation of telecommunication networks become most

pointed when considering the performance evaluation of proposed broadband networks
for an integrated services digital network (ISDN). The complexity, traffic intensity and the
potential size of such networks are all (at least potentially) very large. Simulation studies of
systems of this nature have thus far largely centred on the behaviour of a single traffic source,
multiplexor or switching node. When complete networks have been studied it has usually
been at the call- or burst-level! since more detailed simulation involves levels of complexity
(and hence processing time) which are orders of magnitude greater; the consequent loss of
detailed information can sometimes also lead to misleading results. For many investigations
into network behaviour detailed simulation is unavoidable and motivated the development
of a multiprocessor ATM network Simulator at the University of Durham. This has been
used for the study of switch behaviour, network behaviour and, particularly, for studying
the integration of mobile communication protocols into the broadband environment [180].

A parallelizing compiler approach was not seriously considered for such a complex discrete

' A burst of cells is defined as a cell rate lasting for a particular period during which the inter-cell time is
constant. Thus, in a burst-level simulation, an event marks a change in the cell rate. See the work of Pitts
et. al. [176-179].
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event simulation so the simulator used the distributed model components approach. Also,
as the simulation model was itself complex to implement a conservative synchronization
approach was used based on NULL-messages.

Other researchers have implemented parallel simulators to model ATM networks. Phillips
and Cuthbert et. al. [88,89] used a small network of Inmos transputers in the detailed cell-
level modelling of ATM networks based on queueing network models. A typical model
consisted of thirty queues and ten traffic sources. The speed-up results compare three
synchronization strategies for up to three processors; a centralized event-list, a distributed
event-list and a conservative approach using NULL-messages. The centralized event-list
yielded the best results, but no speed-up. This was explained by the authors to be due
to the high number of processes and the high level of communications; thus the simul-
ations were communication bound. They went on to suggest thai improvements in message
handling and the use of lookahead (additional knowledge) should bring better results.

Mellor et. al. [181,182] at the University of Durham have developed an ATM simulator
also based on a small network of Inmos transputers using a conservative synchronization
approach with NuLL-messages. They model traffic at the burst-level and switching and
other functions at the cell-level. They also report little or no speed-up using a small number
(two to four) of processors. This result is again explained by high communication overheads.
Also, they only implemented small models with relatively few processes and hence there
was limited parallelism available for exploitation.

Chai and Ghosh [183] at Brown University, USA. in contrast, used a loosely-coupled
network of industry standard SUN workstations using an Ethernet LAN. Thus, we should
term this distributed rather than parallel simulation. The synchronization strategy used is
an alternative form of the conservative NULL-message approach, where they are sent only
at the request of a process. The query, called by the authors an alarm request, is sent when
a process is blocked and needs an improved clock time. They have investigated several large
detailed cell-level network models, between ten and fifty switching nodes and present a wide
range of performance results for the networks. The speed-up obtained is difficult to assess
as no uniprocessor simulations were performed; only runs on ten, thirty and fifty processors
with one switch per processor in each case. Indeed, the size of the models and the way they
were implemented made it impossible to achieve a uniprocessor simulation. What can be
said is that larger network models can be simulated as the number of workstations available

increases without significant time penalties; see table 6.1.

136




Number of switches | Run times | Cells sourced | Cells sourced
(processors (mins) per second
10 31 724,000 23,354
30 87.75 2,265,000 25,812
50 90 3,440,000 38,222

Table 6.1: Brown and Chai’s Distributed Simulation Results.

6.2 Broadband Networks

The CCITT define an integrated services digital network (ISDN) as one “ ... that provides
end-to-end digital connectivity to support a wide range of services, including voice and non-
voice services, to which users have access by a limited set of standard multi-purpose user-
network interfaces” [184]. This contrasts with most current networks which were designed
for very specific services, such as voice telephony: using such networks for other services
leads to problems and shortcomings. More and more service-dedicated networks are not
the solution; ISDN hopefully is. Initially, basic access was centred around two 64 kbits/s
data channels (B channels) and one 16 kbits/s signalling channel (D channel). In addition,
primary access is defined with a gross bit rate of 1.5 or 2 Mbits/s. Primary access is more
flexible offering a mixture of a 64 kbits/s signalling channel with a combination of basic, B, or
high-speed, H, data channels at 384 to 1920 kbits/s. However, in the context of current local
area network (LAN) technologies, these are relatively low-speed fixed bandwidth channels.
The requirement for supporting even more advanced multi-media services within ISDN,
particularly those with variable bit-rate traffic, has led to the development of broadband
ISDN (B-ISDN).

Asynchronous transfer mode (ATM) is the target solution for B-ISDN defined by the
CCITT. Such a network uses a fixed-size data packet, known as a cell, which consists of
48 octets of data and 5 octets of header. Cells are typically transmitted, within the netwark,
using multi-megabit-per-second media, such as fibre-optic links; such links will typically be
running at data rates in excess of 150 Mbit/s. Good background texts on B-ISDN, and
ATM networks in particular, have recently been published by Hindel and Huber {185] and
by De Prycker [186].

The ATM switch used in this simulation study is based on the Orwell ring protocol [187]
which is a slotted ring protocol. The ring is divided into slots which circulate around the
ring; a node wishing to transmit a message waits until an unfilled slot is found, changes the

slot header and transmits the message in the body of the slot. Slotted ring protocols have
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been unpopular in the past for several reasons. A monitor node is required to ensure that
slots that become corrupted can be identified and regenerated, thus correct behaviour of the
ring is critically dependent on correct behaviour of the monitor. To get a reasonable number
of slots onto the ring delays have to be inserted at each node and one node, normally the
monitor, has to be able to adjust its delay so that there are an integral number of slots. In
LAN terms, the efficiency of slotted rings is generally poor since the ratio of header to body
is normally high. Its greatest advantage over token-based protocols, however, is that more
that one node can be transmitting information at a time, using different slots on the ring.
Acknowledgement of delivery is normally made by releasing the slot at the source (correct
receipt there is taken to imply correct delivery at the destination); the node may not refill a
slot that it has just released, ensuring that the slot is passed to the next node and thereby
ensures fair access to all nodes on the ring. An earlier implementation of a slotted ring is
the Cambridge Ring protocol (British Standard BS6531).

Examination of existing protocols has indicated that those based on a slotted ring are
probably the best suited for carrying delay-sensitive traffic such as speech. However, sim-
ulation studies of high-bandwidth Cambridge Rings have indicated that there are still sig-
nificant limitations when operated under high load {188] and, further, that load control is
difficult since there is no relevant parameter that can easily be extracted from the ring.
The Orwell protocol was developed after making a detailed study of the limitations of the
Cambridge Ring protocol: it was found that by introducing destination release of slots, and
by adding a novel, distributed, load control mechanism to bound access delays, a viable
level of performance could be obtained [189,190]. For higher capacity networks multiple,
synchronized, rings can be used and such a network is known as an Orwell Torus. Thus, the
Orwell ring shows considerable promise as a low capacity distributed ATM switch which
can support multi-media traffic.

Whilst detailed simulations of a single Orwell ring have been made, under a variety
of load and traffic services, there has, as yet, been very little investigation made into the
behaviour of an Orwell torus, or ring behaviour in multi-ring systems. The reason for this,
at least in part, is because of the large amount of simulation time required to investigate
networks of Orwell rings. The original sequential simulation was written at BT. Laboratories
and run on a VaX 11/750. The accuracy of the simulation model was validated against a
testbed Orwell ring. The multiprocessor simulations described here were in turn validated

against the results of the BT simulator.
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6.3 Simulator Architecture

6.3.1 The Multiprocessor Testbed

The multiprocessor testhed used for the ATM simulator is based on a network of Inmos
transputers. This was originally designed for use as a high-speed circuit-switched network
simulator, with code written in occam; subsequently, a traditional packet-switched network
simulator was also developed using the same language [63,65]. The testbed architecture
consists of up to 31 simulation transputers, each with up to 16 Mbytes of memory (the im-
plementation used in these experiments consisted of 13 T800 processors, one with 16 Mbytes
and the others with 1 Mbyte of memory). The transputers are connected with a double
layer of cross-point link switches which enables any link on each of the simulation pro-
cessors to be connected to a link on any of the other processors; this flexibility enables
the network to be configured in arbitrary topologies so that the system being simulated
can be mapped closely onto the processor network, and enables the path length required
when passing messages between processors to be kept to a minimum; there is no shared
memory in the system. Finally, a layer of control processors are used to connect between
the host transputer (so-called as it normally resides in a conventional workstation) and the
link switches; one is connected to the link-switch programming interface, while both can
be connected, via the switches, to any of the simulation transputers. Figure 6.1 shows a

functional representation of the hardware used.

6.3.2 The Software Architecture

To isolate the simulation model, as far as possible, from the implementation details of the
hardware, the simulator was structured in a hierarchical manner; each layer building on the
abstraction of the layer below in a similar approach to that of the ISO. seven-layer model.
At the lowest layer lie the transputer processors in a dynamically reconfigurable array.
On top of this a multiplexor task on each processor provides the abstraction of virtual
channels between each task in the simulation, regardless of where the tasks are mapped
in the processor network. Thus, the multiplexor provides message buffering, routeing, and
a virtual topology configuration which exactly matches the simulated network. A simple
packetizer layer hides the fact that the channels in the multiplexor (and, indeed, the physical
channels of the transputer itself) work most efficiently when presented with large packets

as opposed to a series of very small ones. A synchronization layer uses the packet layer
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processes; it ensures that each message is correctly marked with a time-stamp on dispatch
and uses this at the receiver to maintain synchronization: the layer is optional, if there is no
definable synchronization between two tasks (for example, diagnostic messages destined for
the console) then the channel can be declared asynchronous and the packet layer accessed
direct. Finally, in parallel with the simulation model and the synchronization layer, an event
manager is responsible for scheduling components of the simulation model in the correct
sequence. The overall hierarchy is shown in figure 6.2. The implementation is described by

Earnshaw in more detail elsewhere [66,87,191].

6.4 The Synchronization Mechanism

Synchronization approaches for parallel simulation using the distributed model components
approach have been discussed in chapter 3. The approach used here was the conservative
Chandy-Misra-Bryant [81-84] approach using NuLL-messages to avoid deadlock situations
occurring. To recap, NULL-messages are only used for synchronization purposes and do
not correspond to any activity in the physical system being simulated and, hence, have no
message content only a time-stamp fny. Thus, they are essentially a promise that the
sending process will not send a real message to the destination process with a time-stamp
less than tx,;. NULL-messages are sent on each outgoing port whenever a process finishes
simulating an event. Generally, conservative synchronization approaches can achieve good
performance with sparsely-connected systems which have less opportunity for deadlock and
an application which contains good lookahead properties. Lookahead refers to the ability
to predict what will, or will not, happen in the simulated time future based on application
specific knowledge.

For an ATM link between the switches in our simulation model it is possible to derive
a simple formula describing the propagation delay and also the number of cells, N, that

could be in transit across a link of length, L, at any instant:

N LSn

le
where, S is the speed of the link (adjusted to account for overheads such as framing), n
is the refractive index of the transmission medium (typically, about 1.5 for a glass fibre), {

is the cell size and ¢ is the speed of light. Considering, for example, a modest 15 km link

running at 150 Mbit/s, then there may be up to twenty-six cells in transit across the link
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at any time; longer, or faster, links would have correspondingly larger numbers of cells in
transit. This “pipeline” is used to advantage as a method of lookahead within the simulator.
Effectively, a destination task can see a small amount of future behaviour for the link: this
can then be exploited for two ends; the avoidance of deadlock with fewer NULL-messages
and the improvement of concurrency between the processes.

In the Chandy-Misra-Bryant simulation, there is not normally an event processor in
the classical sense. Instead, events are replaced exclusively by messages and the order of
processing determined by selecting the message with the oldest time-stamp: there must be
a message available from each incoming link in order to be able to do this; the absence of
a message causes the node to block. In the ATM network simulator an event manager is
used; consequently, in addition to adding dependence on the link mechanisms to the code
of the event manager, monitoring for messages would be inefficient. To overcome this, the
synchronization routines are implemented as normal events that run in the same manner as
all other events in the simulator: two events are required between each pair of dependent
processes; these are a NULL-message generating event and a process blocking event.

The NuLL-message generating event runs on the output of a link: it compares the current
simulation time with the time when a message was last sent to the remote process; if this
is less than a link propagation delay it simply re-schedules itself to a time one propagation
delay later than the time at which the last message was sent; otherwise, it must be exactly
one propagation delay since a message was last sent, so a NULL-message is generated to
the remote process and the generator re-schedules itself one propagation delay later. The
process blocking event compares the simulation time against the time when a message was
last received across a link from the remote process; if this is less than a propagation delay
then it simply re-schedules itself for one propagation delay after the time the last message
was received; otherwise it may not continue until a message is received and blocks until this
occurs before re-scheduling itself accordingly. The process blocking event appears to the rest
of the simulation as one that takes just sufficiently long to execute that the process remains
in synchronization with its neighbours; however, while blocking, it consumes no processing
time. It is possible to show that, provided that the lookahead is greater then zero, cyclic
dependencies that could lead to deadlock cannot exist. This is shown by Earnshaw in his

thesis [87].
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6.5 The Simulator Results

The results produced by the simulator consist of sets of statistics for the traffic patterns and
the switch activity. In addition, statistics are also gathered giving the various performance
indices for the simulator itself: this can be assessed from the run-time, processor usage and
link usages. The performance of the synchronization mechanism is monitored, along with
several other aspects, by an event profiling process; this gives the number of instances and
percentage processing time spent on various simulation events. Such profiling is made easier
as the transputer has a hardware timer which allows the profiler to be run at fixed time
intervals. Traffic patterns are reported as a set of histograms of the voice delay statistics for
each source in the network. Switch activities are also reported as histograms of the input

queue lengths to the Orwell rings, the ring reset and cell delay statistics.

6.6 Performance Analysis of the Simulator

6.6.1 Performance of Production Runs

The performance results given here are for the ATM Network Simulator configured as shown
in figure 6.3: the network consists of four ATM switches in a fully-connected trunk network
and eight local switches each of which is dual-parented onto two trunk switches. Each local
switch has two traffic generators which can generate normal voice calls or a mixture of
conventional and mobile voice calls. The switches were all running the Orwell ring protocol
(see section 6.2). Two sets of results were taken initially with differing switch capacities
and traffic mixes. In both cases the links were running at 150 Mbit/s and the propagation
delay was set to 0.1 ms (equivalent to about 20 km of glass fibre, or about 35 cells). All
inter-switch and source-to-switch distances were set to 20 km. The results for the lower
traffic load were taken using 150 Mbit/s Orwell rings for all the switches with a mixture of
voice and mobile traffic; the results for the higher loads used conventional voice traffic and
a ring speed of 600 Mbit/s for the trunk switches. With the smaller capacity switches the
maximum link loading was about 15% before the rings saturated, but this was increased to
about 50% for the higher capacity rings. Two uniprocessor simulations were run for each
load: one with identical code to the multiprocessor version, the unoptimized version; the
other with the redundant multiplexors removed to speed message transfer, the optimized

version. Ideally, of course, the speed-up figures should all be relative to a version of the
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simulator running on a single processor (transputer) using efficient event-list processing. In
the following graphs, when the load is shown it is expressed as the average percentage of
the capacity of a link.

These experiments were production runs in that the results of the simulations were
used to validate the simulator, examine the performance of the switches and verify the
operation of the protocol developed to manage mobile voice traffic on the network. Thus,
these runs had to be of sufficient length; 12.5 s for the 150 Mbits/s rings and 7.5 s for the
600 Mbits/s with the statistics reset after 2.5 s in both cases. The length of a production run
is constrained by several criteria. First of all, the normal simulation constraints have to be
observed. The statistics being collected should be reset (or collection begun) only after the
warm-up period is complete and the system has reached equilibrium. Also, the simulation
needs to be of sufficient length for the statistics gathered to be significant. To minimise
execution times the call holding time can be reduced and the call arrival rate increased such
that the average load remains the same (thus causing the simulation to reach equilibrium
more rapidly): previous simulations have shown that this technique has no noticeable effect
on the statistics collected due to the very large number of cells involved in even a short call.
The technique is described by McGeeney [192].

Figure 6.4 shows the time taken to simulate the two models on an array of twelve
processors. The times for the 150 Mbits/s rings has been scaled by a factor of 7.5/12.5 to
take account of the difference in simulation length. Therefore, the simulation lengths are
effectively the same. The fact that the two curves do not pass through the origin (ie. for
zero traffic) has two causes: the NULL-message traffic for low loads and the overhead of
simulating the ring slot-rotation action for the Orwell protocol. That it is the latter that
represents the dominant factor can be inferred from the fact that the NULL message ratio
for each of the two curves is almost identical for a given link loading, as can be seen in
figure 6.7. If the NULL-messages were the cause, then the two curves would cut the axis
at the same point?. As it is, the ring slot-rotation action is dominant as there are fewer
slot-rotations (about two-thirds) in the 150 Mbits/s simulations. Figure 6.4 also shows that
the simulation run time of the model using mixed conventional and mobile voice traffic is
growing faster with load than for purely conventional voice traffic. This is not surprising

due to the extra overheads incurred in managing the mobile protocol [180]. These times

?The number of NULL-messages in the two simulations of the same length with the same traffic load
would be (approximately) the same as long the lookahead in both were the same.
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should be borne in mind when looking at the speed-up results as the average run-time across
all traffic loads for the 600 Mbits/s rings is just over three hours; thus a speed-up of ten
implies a uniprocessor run-time in excess of thirty hours.

Figure 6.5 shows the speed-up of the simulator as a function of load for the 150 Mbit/s
rings; it shows that, even for a load of just 15% of maximum capacity, the speed-up is
approaching the ideal value of twelve for the unoptimized version, and is starting to level
out at just over ten when compared with the optimized version. The difference between the
two curves represents the proportion of the processing time that is taken up in switching
the messages from one processor to another. The speed-up of the simulator relative to the
unoptimized version can also be estimated from the processor activity monitoring of each
of the transputers in the parallel simulation: the results from doing this agree well with
the curve for the unoptimized version. Figure 6.5 shows, for the 600 Mbit/s in comparison
with the unoptimized version, that the speed-up is greater than nine for all loads simulated,
and for link loads greater than 30% it is almost unitary®. This result shows that the
communication overheads in the parallel simulation are effectively hidden and that the
synchronization method is very efficient for this simulation model. If the message passing
code for the multiprocessor version could be made more efficient then it is possible that
the speed-up, when compared against the optimized version, could be improved upon still
further.

A useful performance indicator for the Chandy-Misra-Bryant synchronization method

is the NuLL-message ratio (NMR) which is defined as follows:

N, null

NMR= ———
Nnull + Nmess

where Ny is the number of NULL-messages generated in the simulation and N, is
the number of real messages generated, in this case ATM cells. The numbers of messages
reported here were averages across all twelve of the switches. This was felt to give better
comparisons between different simulation runs (than the number for a single switch or the
total for all switches) particularly in the case where asymmetric traffic patterns were used.

Figure 6.6 shows that the speed-up degrades gracefully with increasing NULL-message

ratio; but, fortunately, as can be seen more clearly in figure 6.7, the NULL-message ratio

3Careful examination of figure 6.5 reveals that a speed-up slightly greater than twelve is achieved at
a load of about 40%. This was due to the single and multiprocessor simulations being run with different
random number seeds.
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remains very low for a large range of the load. This reinforces the conclusion that the
synchronization message overhead is very low for the parallel simulation with a realistic
traffic load.

The results given in figure 6.6 for the 600 Mbit/s rings show that for a speed-up of
approximately nine, the NULL-message ratio is almost one. As the NULL-message ratio
decreases by a factor of around 5000, the speed-up only increases by about 20%. This seems
to indicate that the NuULL-message ratio has less impact than as first thought. However,
this is explained by the overheads in NULL-message processing. As mentioned previously,
a NULL-message generator event is periodically processed and re-scheduled for each output
link of a process regardless of whether a NULL-message is eventually generated or not. It
is important to note that there will at least be a NULL-message generator event scheduled
at intervals equal to the lookahead; in this case, the propagation delay across a link. It is
reasonable to assume that most of the processing overhead of sending a NULL-message is
incurred by processing and scheduling the NULL-message generator event. As this overhead
occurs whether the NULL-message is sent or not then this would explain why the reduction

in the NuLL-message ratio has relatively little impact on the speed-up

6.6.2 Variations in Lookahead

A series of simulations were then undertaken with the all of the inter-switch and source-to-
switch distances set symmetrically to 2 km, 20 km or 200 km. Another series was done using
a UK. national network®. All of these were performed using the usual range of symmetric
conventional voice traffic loads. The national network has the same topology as before but
with inter-switch distances between 51 km and 343 km (average 174 km) and source-to-
switch distances between 0.5 km and 7.5 km (average 4.3 km). The overall average distance
is 103 km. Thus, the national network can be said to have asymmetric lookahead.

The simulation length used for this series of experiments, 0.5 s, was much shorter than
that used for the production runs. As we have already noted, the run times for the unipro-
cessor versions are prohibitive; particularly in terms of the series of simulations proposed
above. The length used was a compromise: short enough to be practicable and long enough

for the speed-up not to be biased by the sequential parts of the parallel simulation (pre-

41t is nationalin the sense that the trunk and local switches are placed at major cities in the UK. and the
distances between them calculated accordingly. The source-to-switch distances were set randomly between
0.5 and 7.5 km. The distances normally found currently in the local loop.
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processing data and booting the processor network at the beginning and writing results at
the end of the simulation period). As the simulator results for the model are not of interest
for these experiments, the previous assumptions concerning statistical significance may be
ignored. It should be noted, however, that the speed-up curve for the 20 km symmetrical
lookahead model in figure 6.8 is not the same as that in figure 6.5 as the shorter run times
do not allow the simulations to reach equilibrium.

Figure 6.8 shows the speed-up against traffic load (with respect to the optimized version)
for these experiments. They show that lookahead is the key factor in determining speed-up.
There is a large increase in speed-up between the 2 km and the 20 km models, but less
between the 20 km and the 200 km as there was less room here for improvement in the
concurrency. This is borne out by examination of figure 6.9, where the NuLL-message ratio
against traffic load is quite close for the latter two models. The curve for the 2 km model
is almost flat, reflecting the relatively small amount of lookahead in the model.

The speed-up curves of figure 6.8 also indicate that the introduction of asymmetry in
terms of the lookahead for the national network has quite a profouﬁd effect on the speed-up.
Indeed, the speed-up figures recorded are not consistent with the overall average (103 km}
or the minimum lookahead (0.5 km) in the network as they are rather lower than those for
the 20 km model but still greater than those for the 2 km model. They are most consistent
with the average source-to-switch distance of 4.3 k. The answer lies partly in figure 6.9,
where the NULL-message curve for the national network model lies only slightly below that
for the 2 km model. When the number of NULL-messages was examined for each process
the greatest number was recorded for the sources closest to the switches (i.e. those with
the lowest lookahead). Indeed, the number of NULL-messages recorded at a source process
is almost inversely proportional to the distance to the nearest switch. This is illustrated in
figure 6.10 which shows the number of Null-messages normalised against the number at the
lowest load (0.05 calls/source/s) plotted against link load for a selection of source-switch
links.

Interestingly, the simulation run times for the national network are about the same as
those for the 20 km model on a single processor, but are obviously longer for the multipro-
cessor. Examination of the processor activity revealed that the utilisations were lower than
usual by about 10% on average. We deduce from this evidence that, due to the asymme-
try in the lookahead, processes block much more often in the parallel simulation waiting

for messages (real or NULL) on the shortest connected links. This scenario has much less
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impact on the uniprocessor simulation as it is almost certain that there is another process
waiting to be scheduled with work to do. The reduction in speed-up is of the order of 25 to
40% on the 20 km network depending on traffic load. Even so, a speed-up of around six on
twelve processors is still a respectable result, particularly bearing in mind the length of the

uniprocessor simulation.

6.6.3 Asymmetric Traffic

A short series of experiments similar to those described in the previous section was repeated
but with an asymmetric traffic pattern. This was achieved by setting eight of the sources
to transmit/receive calls to each other at 60 calls/s (42.4% of link load) and the rest to
20 call/s (14.13%). This gives a network average load of 40 calls/source/s (28.27%). The
speed-up and NULL-message ratio results are plotted against traffic load in the figures 6.8
and 6.9 at this average load.

The speed-up figures for asymmetric traffics all show reductions from their symmetric
traffic counterparts of between of 6 and 14% depending on the original lookahead. The
higher the lookahead initially, the more impact the asymmetric traffic has. In fact it can
be seen that the NULL-message ratio is biased towards that at the lower link load. On
examining the processor activity it is plain that load imbalance is the primary cause due to

a high concentration of traffic in one of the trunk switches.

6.7 Conclusions

The speed-up figures obtained were reasonable throughout the series of experiments, the
speed-up for the production runs being particularly good. The production runs show
that the synchronization mechanism, Chandy-Misra-Bryant message passing using NULL-
messages and exploiting lookahead, is very effective at medium to high message loads for
this kind of model. These runs have also indicated that the communication overheads in
the simulator are effectively hidden. The most important result is that the lookahead in the
simulation model is the key factor in determining good speed-up. It is not too surprising
that the speed-up results relative to the unoptimized version of the simulator are nearly
unitary as it has all the disadvantages of parallel execution (ie. the synchronization mech-
anism, the message passing and the process blocking) without any of the advantages. Also,

the optimized version still has the overhead of the synchronization mechanism. Speed-up
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comparisons with a true uniprocessor simulation using efficient event-list processing would
obviously yield lower figures.

Both asymmetric traffic and asymmetric lookahead cause reductions in speed-up; asym-
metric lookahead having the more profound impact as expected from the results on varying
lookahead evenly. The reduction in speed-up for the national network is of the order of
25 to 40% over the 20 km network model for asymmetric lookahead depending on traffic
load in line with average lookahead between sources and switches. This is thought to be
due to the increased instance of process blocking in the parallel simmulation while processes
wait for messages on the shortest connected link. The reduction for asymmetric traffic is
between 6 and 14% depending on the original lookahead in the model. This was found to

be due to processor load imbalance brought about by the asymmetric traffic pattern.
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Figure 6.1: High-speed transputer-based telecommunication network simulator — hardware
configuration.
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the optimized or unoptimized uniprocessor simulations.
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Figure 6.8: Speed-up (optimized) as a function of load for a range of lookahead values and
symmetric and asymmetric traffic patterns.
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(0.05 calls/source/s) plotted against link load for a selection of source-switch links.
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Chapter 7

Conclusions and Further Work

7.1 Conclusions

n this thesis, we have considered the application of parallel simulation to the performance
JI modelling of telecommunication networks. Parallel simulation is a rapidly growing area
of research, with significant potential for increasing the size and complexity of models which
can be simulated in a reasonable amount of time. It is also hoped that the reader has gained
an insight into the practical difficulties of implementing a parallel simulator as well as the
advantages in run-time performance.

The work described here has particularly focussed on the problem of synchronization;
and this will continue to be an interesting area of study. A number of different approaches
have been shown to work, albeit under varying circumstances and with varying degrees of
success. The review highlighted the potential of the parallelizing compiler approach for
simple models and the distributed model components approach for true parallel discrete
event simulation. Both of these techniques have been explored.

The parallelizing compiler approach has a number of attractions. Firstly, it can be used
like any other compiler; ignoring the machine architecture and any involvement with parallel
programming. If an acceptable level of speed-up for an application can be obtained with such
a cursory approach then this is most attractive; particularly to those with no real interest
in learning about parallelism but with a real need for improved performance. The approach
is also attractive for improving the performance of so-called “dusty decks”; old, tried and
tested programs, often written in an obsolete language version, still in use; but, not enough

to justify a complete re-write to improve the performance, even in a modern sequential
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language. However, such applications very often use efficient sequential algorithms which
usually do not (by definition) contain much scope for the compiler to extract parallelism.

For these reasons, the user should make use of execution profiling tools and any interme-
diate output of the comniler analysing the parallelism extracted. An appreciation of how the
parallelizing compiler resolves dependencies by modifying or re-arranging the code is very
useful. The parts to look for are where the compiler has failed to extract parallelism and
the code is unchanged from it’s original sequential execution. Often, quite small changes
made in the source code can enable large portions of code to be parallelized. This is often
described as “fighting the compiler’s hooks”; an experience not unknown in conventional
programming when attempting to optimize code for execution. Some knowledge of the
machine architecture and, more particularly, the run-time model of the architecture, is also
useful in giving insights into possible improvements in the source code which are often very
easy to implement. More complex improvements may require the replacement of sequential
with parallel algorithms or the re-writing of some parts of the application directly in the
parallel language.

Thus, the user can choose to get involved at several levels of knowledge in order to
improve the performance of the application. There is obviously a potential trade-off possible
between time and effort expended and performance achieved. However, depending on the
size and characteristics of the application, the law of diminishing returns will mean that an
increasingly large amount of effort is expended to achieve a decreasingly small improvement.
It is interesting that many of these conclusions were also arrived at by Thomborson [193]
in a recent article on porting programs to supercomputers.

The work on paralle] discrete event simulation reported here confirms results obtained
by parallel simulation practitioners in similar fields using the distributed model components
approach to model decomposition. The work on queueing networks using YADDES showed
that conservative Chandy-Misra-Bryant synchronization gives good speed-up for models
with good lookahead and high traffic loads. Conversely, poor lookahead and/or low traffic
loads result in relatively poor performance. The results for optimistic virtual time synchro-
nization were more modest, but were also more consistent, being relatively insensitive to the
traffic load. Optimistic synchronization was easily the best performer for lower traffic loads
only losing out to conservative Chandy-Misra-Bryant synchronization with NULL-message
cancellation at the highest load.

The optimistic synchronization algorithm could use lazy or aggressive cancellation strat-
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egies. Overall, with the closed stochastic queueing network models, there was little to choose
between their performance except in the area of memory usage, where lazy cancellation used
less, particularly at higher values of checkpoint interval. The checkpoint interval was also
found to have an optimal value in terms of reducing memory usage and increasing speed-up
as predicted by other parallel simulation practitioners.

The speed-up results for the asynchronous transfer mode network simulations using
the conservative synchronization approach were reasonable throughout the series o experi-
ments, the speed-up for the production runs being particularly good. The production runs
again show that Chandy-Misra-Bryant message passing using NULL-messages and exploiting
lookahead is very effective at higher traffic loads. Reduced lookahead, asymmetric traffic
and asymmetric lookahead all caused reductions in the speed-up; asymmetric lookahead
having the most impact as expected from the results on varying lookahead evenly. Given
these results, it seems unlikely that using an optimistic synchronization approach would
lead to improved speed-up.

Conservative methods thus offer good potential for certain classes of problems. Signif-
jcant successes have also been obtained particularly when application-specific knowledge
is applied to maximise the efficiency of the simulation mechanism. Conservative methods
may well find success in packaged simulation systems (e.g. logic simulators and, possibly
communication network simulators) in which the simulation code is optimized for the synch-
ronization algorithm and users only configure the provided simulation modules into specific
systems.

Which strategy should one use for a particular simulation problem? If state-saving
overheads do not dominate, time warp has a good chance of success, assuming of course
that the problem contains a reasonable degree of parallelism. If the application has good
lookahead properties, conservative mechanisms may also perform well. If the application
has both poor lookahead and large state-saving overheads, all existing parallel discrete event
approaches will have trouble obtaining good performance even if the application contains
copious amounts of parallelism. However, it is hoped that time warp aided with hardware

support for state-saving will provide a viable solution for this situation in the future.
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7.2 TFurther Work

The parallelizing compiler approach still has, potentially, a good future; albeit largely driven
by application areas other than simulation. There are continuing improvements being made
in parallelizing compilers and they are becoming almost mandatory on new massively par-
allel machines. Such machines hold the promise of simulating very large circuit-switched
networks with hundreds or even thousands of switches; modelling the whole, or at least
substantial portions, of national and international networks in reasonable amounts of time.
The question which needs to be addressed is whether the speed-up will scale as the model
size, the number of processors, and the level of model detail are increased.

A particularly interesting area, which has yet to be explored, is the application of a
parallelizing compiler to the time parallel simulation models discussed in chapter 2. Time
parallel models based on recurrence relations are currently under investigation for queueing
networks and circuit-switched telecommunication networks. Another interesting compari-
son would be to compare the speed-up, obtained using a parallelizing compiler, with that
obtained from a parallel discrete event simulation; executing the same simulation mod-
els, using a similar depth of model construction, but synchronized using a conservative or
optimistic approach.

Much work could be done in the area of asynchronous transfer mode network in terms of
investigating larger networks and different switch and traffic models. Also, the simulation
models here were performed at the cell-level; that is, in relatively fine detail. Work could
also be done looking at simpler models at the burst- or call-levels in order to speed-up
execution times and allow more complex networks to be investigated. Indeed, work has
already been done by Pitts et. al. {176-179] at Queen Mary and Westfield College, London,
on using burst-level, or cell rate, simulation techniques.

An important application area that has not yet been adequately addressed by either
optimistic or conservative simulation mechanisms is real-time applications. Theories of per-
formances are not sufficiently developed to address this question, though significant progress
has been made particularly by Ghosh et. al. [166]. This may well be an important issue in
the future where high performance simulator/emulator packages are required to drive new
switch architectures with simulated traffic and also to investigate network management
strategies in future networks.

Most applications of parallel simulation reported thus far in research papers and confer-
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ence proceedings tend to be simplified benchmarks. Therefore, they are not commercially
motivated and the results of the simulation are not necessarily required by anyone. Parallel
simulation will only prove itself on serious applications which need to be simulated and
are only feasible in terms of of both time and cost on a parallel simulator; due to to time,
size, complexity or all three. Telecommunication networks offers such grand challenges
in abundance; eg. very large circuit-switched trunk networks, asynchronous transfer mode
networks, high speed local and metropolitan area networks, heterogeneous internets and
intelligent networks.

If the practice of parallel simulation is to become more widespread, most of the difficult
details of synchronization must be embedded within a parallel simulation environment where
they remain hidden from the simulation modeller. It seems that the critical problems for
parallel simulation lie more in its automation. The important future work in synchronization
protocol design lies in developing protocols whose application is transparent to a wide
variety of simulation models, and whose overheads are minimal. This potential lies more
with optimistic approaches such as time warp.

The vast majority of parallel simulators currently run on what are perceived by many
to be specialist hardware platforms; either due to their cost, complexity or sheer novelty.
Little work has been done to address the use of local area networks (LANs) of workstations
and/or personal computers for parallel simulation. Though, there is no doubt, that the
performances will not be as good, and the novelty will not be as great, the vast majority of
potential users of parallel simulation will not consider buying specialist parallel hardware
for a single, or small number, of applications. It is interesting that the Jade time warp
simulation package, which is the only one commercially available at present, is now available
for networks of workstations as well as a transputer based parallel computers. Unfortunately,
there are no speed-up figures available for the workstation version as yet. Also, the recent
work of Chai and Ghosh {183} at Brown Univerity, USA. on the distributed simulation of
ATM networks on a LAN of standard workstations, has shown that good performance on
such platforms for serious applications is possible.

Finally, perhaps the most challenging problem remaining to be explored is the applica-
tion of these techniques, beyond the realm of discrete event simulation, and into the world
of general purpose parallel computation. The degree to which the techniques described here

can be applied to parallelizing arbitrary computations is only just beginning to be explored.
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Appendix A

Simulation Model Files

A floppy disk formatted for an IBM. PC. compatible computer is available from the author
which contains examples of the simulation model files described herein.

There are four directories on the disk, as follows.

o NAD — contains files which relate to the circuit-switched telecommunication network
simulator originally written by Nadereh Eshragh. This was modified to run on modern
workstations and on the Encore Multimax, a shared memory multiprocessor, using a

parallelizing compiler.

¢ QUEUE — contains files used by the YADDES simulator to model a closed stochastic
queueing network of a hypercube of queues. This runs on a hardwired cube of Inmos

transputers.

¢ TANDEM — contains files used by the YADDES simulator to model a tandem queue-

ing network. This also runs on a hardwired cube of Inmos transputers.

¢ ATM — contains files used by the Richard Farnshaw’s ATM. simulator to model a
network of twelve Orwell rings. This runs on a reconfigurable array of Inmos trans-

puters.

For more information on these files contact:

Alan Hind, School of Computing and Mathematics, University of Teesside, Borough
Road, Middlesbrough, Cleveland, TS1 3BA.

Telephone: (0642) 342673.

Email: alan.hind@teesside.ac.uk
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Appendix B
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The following papers have been published as a result of this work:

o A. Hind, “Parallel Discrete-Event Simulation of Engineering Systems”, in Proceedings
of The FEighth International Conference on Mathematical and Computer Modelling,
University of Maryland, USA. , April 1991. (Published in The Journal of Mathe-
matical Modelling and Scientific Computing, Principia Scientia, Vol. 2, Section A,
pp. 228233, February 1993.)

o A. Hind, “Parallel Simulation for Performance Modelling of Telecommunication Net-
works”, in Proceedings of The Eighth IEE. UK. Teletraffic Symposium, GEC-Plessey
Telecommunications, Beeston, Nottingham, pp. 9/1-9/6, April 1991.

o A. Hind, “Overview: Parallel Simulation Techniques for Telecommunication Network
Modelling”, in Proceedings of The Ninth IEE. UK. Teletraffic Symposium, University
of Surrey, Guildford, pp. 5/1-5/6, April 1992.

o A. Hind, “Parallelization of a Circuit-Switched Telecommunication Network Simu-
lator”, in Proceedings of The Ninth IEE. UK. Teletraffic Symposium, University of
Surrey, Guildford, pp. 7/1-7/7, April 1992.

o R. W. Earnshaw and A. Hind, “Parallel Simulation of Asynchronous Transfer Mode
Networks”, in Proceedings of The Fourth IEE. Bangor Communications Symposium,
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ABSTRACT

This review paper discusses some of the issues which need to be addressed by someone wishing to use a
multiprocessor computer architecture to speed-up the discrete-event simulation of an engincering system.
Some indications of future advances in this arca are also discussed.
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INTRODUCTION

The performance evaluation of engineering systems rapidly becomes analytically intractable as the complex-
ity of the system increases. In addition, behaviour under transient conditions, such as traffic fluctuations
or component failures, is difficult to express mathematically. Under such conditions the use of simulation
techniques to determine relevant performance parameters becomes necessary. Conventional sequential sim-
ulations running on sequential (i.e. Von Neumann) computer architectures suffer from limitations imposed
by the excessive processing time required to achieve the required depth of information and the intrinsic
statistical nature of the results. These problems increase as functions of the activity in the system, its
size and complexity. This leads to detailed simulations of large systems often being economically and even
physically impossible to implement. Such engineering systems include communication systems, battlefield
scenarios, manufacturing systems, road traffic systems, general queueing networks etc.

Dramatic advances are expected over the next decade in the extensive use of parallel multiprocessor ar-
chitectures to speed-up simulation. However the use of parallel simulation has its own attendant issues.
These include the hardware architecture, the decomposition approach used to produce the parallel software
processes, mapping these processes onto the processors and the synchronization of the resulting parallel
simulation.

HARDWARE ARCHITECTURE

The last decade has seen the advent of a huge variety of new computer architectures for parallel processing.
This variety can be bewildering to the non-specialist in computer atchitecture who needs to know which
architecture is the most suitable for his application. In order to make an informed choice we need to
be able 1o classify the different types of architecture which are possible along with their suitability for
various applications. A useful taxonomy introduced recently is that of Duncan (1990). This is an informal
high-level classification scheme, based on Flynn's Taxonomy (Flynn, 1966), which distinguishes between the
principle parallel computer architectures which are currently being explored. Of the architectures described
by Duncan the most useful, and the most used, architectures for parailel simulation are the synchronous
vector (SIMD) architecture and multiprocessor (MIMD) architectures using shared or distributed memory.
The synchronous vector architecture will be discussed later in connection with the parallelizing compiler.

A distributed memory architecture needs the processing nodes (processor plus local memory) to be con-
nected using some interconnection network. This network may be static, dynamic or programmable (Almasi
and Gottlieb, 1989). Various static interconnection network topologies have been explored to support var-
ious applications, eg. pipelines, meshes, trees, rings, cubes, hypercubes etc. Dynamic or programmabie
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topologies are also possible by using some programmable switching matrix. These can be single-stage.
multi-stage or a crossbar. A disadvantage is that the communication overhead associated with this archi-
tecture can significantly reduce the performance, particularly where data has to be queued and forwarded
by many intermediate nodes. This explains the current popularity of the hypercube topology as it minimises
the number of hops between any two processors.

Shared memory architectures allow communication between processors via a cornmmon shared memory which
each processor can access. Shared memory architectures thus replace message sending problems with data
access synchronization and cache coherency problems. As in the case of distributed memory architectures,
there are several alternatives for the interconnection of the multiple processors to the shared memory.
Some major examples are time-shared bus interconnections, crossbar interconnections and various forms of

multi-stage interconnection network.

Comparing the two architectures, the distributed memory architecture gives greater flexibility. Generally
it is easier to develop, more easily extensible and, with the advent of more powerful microprocessors, gives
a higher performance/cost ratio.

MopEL DECOMPOSITION

For a given simulation model, five ways of decompoaing it for processing on a multiprocessor architecture
have been identified (Righter and Walrand, 1989) together with combined approaches.

THE PARALLELIZING COMPILER

A parallelizing compiler can be used to compile a sequential simulation written in a conventional sequential
language so that it will run on our chosen multiprocessor hardware. The compiler thus has the responsibility
to recognize sequences in the source code which can be scheduled to run on separate processors in parallel.
This definition thus distinguishes a parallelizing compiler from a compiler which takes a high-level parallel
language and compiles it to run on multiple processors. The overwhelming advantage is that the approach
is largely transparent to the user. A new parallel language does not have to be learned, the multiple
processor architecture should not impact the program structure and existing sequential software may be
ported. The disadvantage that has been found is that the problem hes been coded in sequential form,
thus ignoring any parallelism in the structure of the problem. This results in relatively small portions of
the available parallelism in the problem being exploited and, hence, the speed-up in moving to a multiple
processor architecture is generally disappointing.

There are at least two approaches to converting sequential code to run on multiple processor architectures.
The provision of a parallelizing compiler which takes sequential code directly and produces parallel code to
run on the target multiple processor system, or, intelligent run-time support and parallel routine libraries
to provide the user with a programming environment which allows the conversion of sequential code into
parallel code. The latter approach has been taken by several commercial products such as Express and
Linda. The former approach is exemplified by the work concerning parallelization and optimiz: .tion of
code for synchronous vector architectures such as the Cray X-MP. Here, sequential Fortran 77 code is
compiled and vectorized by the parallelizing compiler. Work has been done by Chandak and Browne
(1983) which showed that any network of queues containing feedback loops cannot be vectorized. Because
most simulation models of any interest are bound to contain feedback this is a disappointing result. This
result was born out by Reed (1985) who also investigated the simulation of queueing networks using a
Cray machine. The results were compared with the simulation’s performance on a Vax 11/780 using the
same sequential code. The results showed a speed-up of about 100 which is almost the same as the two
computers rated performance on sequential code. It was suspected that the amount of vectorization was
small and, using an execution monitor, it was found to be between 1 and 5%.

DISTRIBUTED EXPERIMENTS

Distributed experiments may be conducted by running separate simulations on separate processors in
parallel. This is particularly efficient for stochastic simulations, as results can be averaged at the end of
the run, and also for doing several “what-if” simulations simultaneously with slightly different parameters.
This approach seems extremely efficient as no co-ordination is required between processors except for
results averaging and presentation. Hence, for N processors we may approach an ideal speed-up of N. The
only other overhead is loading the model into each processor which is often negligible compared with the
simulation run time. Many of us have exploited this technique when several workstations ot microcomputers
are available, perhaps on an evening, overnight or at a weekend.
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In terms of the hardware required, distributed experiments may not be possible due to the memory require-
ments. This has led to the use of networks of uni-processors to realise the approach. Nevertheless, if these
memory deficiencies do not apply to the particular simulation application, the distributed experiments
approach can be very efficient and can also use existing sequential simulation programs. Also variance
reduction techniques such as antithetic sampling and common random number streams may be used to
improve statistical efficiency (Frost et al., 1988). The relative unpopularity of the approach is perhaps due
to the most common need from simulations being fast and accurate results. As we are not exploiting any
parallelism in the problem, speed-up is more in terms of statistical efficiency and simulation throughput.

DISTRIBUTED FUNCTIONS

Distributed functions involves different tasks of a simulation being placed on separate processors. For
instance, processors may be dedicated to random number generation, event list processing, statistics col-
lection etc. Also other functions may be desired such as animated graphics during simulation or intelligent
supervision of the simulation process. Each of these functions may be supported by distributing them to
individual processors. The processors may be identical, or may be tailored to each individual function. The
advantages of this decomposition method is its freedom from the possibility of deadlock and its potential
scaleability. The architecture may also be made transparent to the user as cach function’s code can be
divided up and placed with each processor fairly easily. It could even be made an automatic process at
compilation. This would obviously be much easier if identical processors were used. Its disadvantages are
the communication overhead between functional processors, which becomes the limiting factor in perfor-
mance above a handful of processors, and also the failure to exploit any parallelism in the syotem being
modelled. The work on the distributed functions approach seems to indicate that this is a fruitful approach
if the number of processes that the simulation is decomposed into is small (Rajagopal and Comfort, 1989).

DISTRIBUTED EVENTS

Distributed events uses a global event list, as in sequential simulation, to schedule available processors to
process the next event on the list. The difficulty is maintaining consistency in the simulation as the next
event available on the list may be pre-empted by other events currently being processed by other processors.
The need for global simulation control points very much towards the use of a shared memory multiprocessor
architecture so that all processors can have acceas to the global event list. The results for this approach
seem to indicate that it is reasonable if there are only 2 small number of processes required and a large
amount of global information used by the components of the system (Sheppard and Davis, 1988).

DisTRIBUTED MoDptEL COMPONENTS

The final, and most popular, method of decomposing a simulation is to decompaose the simulation model
into a number of components and assign the simulation of ecach component to a process. One, or many,
processes can then be assigned to execute on each processor. Model decomposition usually follows the
logical structure of the real system being simuiated. Therefore his approach can take advantage ~f any
parallelism inherent in the system to be modelled, so it seems to promise significant speed-up on a multiple
processor system. However, this only holds if the simulation does not require a significant amount of
global information and control. The major overhead will be communication between processes executing
on different processors. This can be handled by message passing on a distributed memory architecture or
global shared variables or message passing on a shared memory architecture.

The two major problems with distributed model components are the development of the model processes
themselves and the synchronization of the processes during simulation. Model building is essentially a
software problem. synchronization is a problem of both simulation and software. As we shall see the
method employed to synchronize the distributed model impacts the way the model is developed and the
performance of the simulation. The performance is affected as it is the synchronization overhead which
prevents ideal speed-up. Distributed model components offers the greatest potential speed-up in terms of a
single simulation. Also, the decomposition of the simulation model can follow the structure of the problem
making it easier to understand and develop the models.

COMBINED APPROACHES

The ideal decomposition approach for a particular application may well be a combined approach integrating
two or more of the above. Several scenarios are possible. For instance, the use of a parallelizing compiler
could actually lead to a distributed event approach depending on how the compiler divided up and scheduled
the processes. However, it is difficult to imagine how these two approaches could interact with the other
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approaches. ¥e could begin by decomposing our simulation model into our loosely coupled components
and modelling each with a process. Then, instead of placing each component in a single processor. we
could decompose each process into its simulation functions and place each function in a processor. Each
component process will thus be executed in a cluster of processors. This seemns a useful approach as the
research on distributed simulation functions secems to be most efficient using a small number of proceasors.
Also we are exploiting the parallelism of the system at a fine grain size. The disadvantages will be with code
generation, loading and lack of flexibility and scaleability. The distributed simulation functions approach
could also be exploited alongside distributed model components by usiag extra processors to handle global
results collection, statistical calculations and animation. This combined approach is used in one of the
telecommunication network simulators at Durham (Clarke et al, 1989). The distributed experiments
approach may be combined with the distributed functions or distributed model component approaches,
ot both. This simulator could then run several different simulations in parallel as well as exploiting the
parallelism in each simulation.

PROCESS MAPPING

The mapping of software processes onto hardware processors can be an easy or difficult problem depending
on the relative numbers of each. If we have the same number, or more, processors than processes then
the mapping can be done fairly logically, particularly if the bardware topology is flexible. If however we
have more processes to allocate than processors then the ideal mapping is rarely obvious. The two factors
involved are the balance between processing loads and the amount of communication between processors.
Any scheme for mapping proceases must take these two factors into account. The number of processes to
be placed and the structure of the simulation model are also significant. If the number of processes is small
or the simulation model has a structure which points to an obvious placement, then the mapping is best
done manually. If these criterion are not satisfied then an automstic mapping strategy may be employed.

There are three static mapping strategies which are commonly used at present; random partitioning,
heuristic partitioning and simulated annealing. These are essentially a pre-ptocessor approach to mapping
processes onto processors. The two performance measures considered by the strategies are processor load
and communications volume. They each wotk by starting at some random placement of processes and
running the simulation for a short time to sscertain the two performance measures. A pew placement
is determined using the particular strategy and the run repeated. This is continued until an “optimum”
placement is arrived at. Dynamic strategies are also peasible, but the overheads incurred in transferring
processes from one processor to another are considered to be too excessive in the vest majority of cases.

Random mapping concentrates entirely on load balancing and ignores communication considerations. It
can be effective if allowed sufficient time to explore the whole design space (i.e. a very long time). Heuristic
mapping attempts to minimise communication volume while maintaining & high degree of processor load
balancing. The heuristic strategy, which searches for the optimum mapping, can find iteelf locked into a local
minima depending on the initial placement. Simulated annealing weights load balancing and communication
volume equally, attempting to find the global optimum by perturbation analysis. Thus avoiding the problem
of the heuristic strategy. However, all of these strategies take significant amounts of processing time to
achieve good results and may not give significantly better results than a manual placement dome by a
competent engineer (Chamberlain and Franklin, 1990). The author believes that the use of autornated and
manual process mapping needs to be integrated in much the same way as for printed circuit layout and
routeing in semi-custom integrated circuits. The automated mapping can be used to reduce the tedious
work but intervention by the engineer is required to apply & measure of common sense.

SIMULATION SYNCHRONIZATION

Before we discuss various synchronization schemes, it is important to review why it is such a difficult
problem. In a sequential simulation, the synchronization of the simulation is maintained by manipulation
of a data structure called the event list. This contains the pending events in the system in time stamped
order. The simulation progresses by removing the event with the earliest time stamp from the list and
processing it. If another event is generated, it is inserted into the event list at its time stamp position.
Thus the simulator processes the events in synchronized chronologica! order. If we now distribute the
simulation over several processes, it becomes possible for a processor to ptocess an event which is not the
earliest. Also, in processing this event we may affect conditions for earlier, as yet un-simulated events. Thus
the future is affecting the past, which is clearly unacceptable, and is known as a causality error. Thus.
synchronization schemes fall into two categories; conservative approaches and optimistic apptroaches.
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CONSERVATIVE SYNCHRONIZATION

Conservative approaches avoid causality errors ever occurring by relying on some strategy of determining
events which are “safe” to process. That is, they must determine when all events that could affect the event
in question have been processed. An added problem which categorises various conservative approaches is
that of deadlock. If processes do not have a “safe” event which they can process then they are blocked and
cannot progress. If a cycle of blocked processes occurs then we have deadlock and the simulation will grind to
a halt unless the deadlock can be broken. Generally conservative synchronization approaches can achieve
good performance with sparsely connected systems which have less opportunity for deadlock and/or an
application which contains good lookahead properties, eg. (Earnshaw and Mars, 1990). Lookahead refers to
the ability to predict what will, or will not, happen in the simulated time future based on application specific
knowledge. The worst case for a conservative synchronization approach is to be forced into almost sequential
operation coupled with the synchronization mechanism overheads. This situation is not uncommon in
some applications which have used these approaches. In their favour are simplicity and their chronological
execution.

OPTIMISTIC SYNCHRONIZATION

Optimistic approaches allow causality errors rather than avoid them but when they are detected, a roll-
back mechanism is employed to recover by re-simulating from the time of the error. Therefore optimistic
approaches don't need to determine whether or not it is safe to proceed; they only need to detect the error
and recover. The advantage of this is that the simulator can exploit the paraliclism fully in applicotions
which may produce causality errors but in reality rarely do. Obviously, the greater the amount of causality
errors that a simulation produces, the greater the synchronization overhead.

The original work on optimistic synchronization was done by Jeflerson (1985) on the mechanism called
time warp, based on a concept of virtual time. In this case, virtual time is oynonymous with simulated
time. In the time warp mechanism, a causality error is detected whenever an event message is received by
a process that contains a time stamp earlier than the processes’ clock (i.e. the time of the last processed
message). This is known as a straggler. Recovery is accomplished by undoing the effects of all events that
have been processed prematurely by the process receiving the straggler. This is known as roll-back. Two
things are affected by roll-back. The process state may be modified; this is accomplished by returning to
the correct old state which is taken from a store of previous states. Also, previously sent messages must
be unsent; this is achieved by sending anti-messages that cancel the effect of the original. If the original
message has already been processed then that process in turn must also roll-back. This process continues
until the eflects of the causality error are cancelled. For even a moderate size of simulation this seems to
imply a large amount of memory to store states for each process. However, as the carliest time stamped
event is always safe to process, this is designated global virtual time and is used to discard all states before
this time. This process of reclaiming memory, which is irrevocable, is known as foasil collection.

A variation on the above approach, which is said to use aggressive cancellation, is an approach which seeks
to “repair the damage”. This is known as lazy cancellation. In this case, instead of immediately sending
out anti-messages, the process waits to see which messages that the re-execution of the process produces
are different to those produced before. If the same message is produced, there is no need to send out
an anti-message. It has been found that, depending on the application, lazy cancellation may improve or
degrade the simulation performance. Improvement is usually due to processes with incorrect input still
producing correct output. Degradation can be due to the additional message checking overheads and the
fact that incorrect computations have longer to spread out.

MaKkING THE CHOICE

The performance results for time warp approaches often look impressive. However it does have some
problems. Time warp approaches do not lend themselves to fine grain parallelism due to the memory
ovetheads required. Each process needs substantial memory capacity as well as the mechanism for fossil
collection. Also, it is unproven that a continuous cycle of roll-backs may be possible for a particular
simulation. Hence, a conservative approach is often preferred as being “safer”. However, when time warp
does well, it usually yields far greater speed-up than any conservative approach. There are, at present, no
established rules for determining which of these two approaches will allow the greatest amount of speed-
up for a given application. Much research effort is currently aimed at this area benchmarking various
simulation applications using different synchronization approaches. Reviews of various synchronization
approaches are to be found in (Righter and Walrand, 1989; Fujimoto, 1989).
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THE FUTURE

The future of parallel simulation will most probably come in three areas; modular simulators, micropraces-
sors for parallel processing and artificial intelligence (Al).

The development of simulation models and the writing and debugging of the simulator code are the two most
costly simulation activities, in terms of both time and money. It is imperative in the future that factors like
re-usability, modularity, model definition and validation be seriously addressed. Future simulators, whether
they use multiprocessors or not, will need to be made of modular re-usable software components. Much
attention is currently being given to the definition of object-oriented sequential languages. This work is now
being adapted for parallel processing applications, including simulation, with languages such ag C+<+ and
Object-Oriented Communicating Sequential Prolog, both for the Inmos Transputer series of processors.

We have already seen that the most flexible approach to distributed simulation is that of the distributed
memory multiprocessor. Using cheap modern microprocessors and a standardized communication protocol,
such as that used by the Inmas Transputer, a flexible, cesily extensible and powerful multiprocessor can be
constructes. Future bardware developments lie with new parallel processing elements such as the Inmos
T-8000 Transputer (formerly known as the H1 project) and the Intel iWarp and N11 projects.

Useful applications of Al techniques in simulation seem to appear in three categories; model development,
simulation control and results analysis. Model development using & standard format could be aided by 2
software too]l akin to an expert system. This would provide an interface to the model format for comeone
requiring to do a simulation who did not have the time to leeen it. Also the tool could transparently
make use of existing models from a library. Simulation control could aleo be aided by an embedded extpert
system. This could control a number of simulation functions, for instance; the management of simulation
and analytical model libraries, analysis of simulation output and choice of suitable statistical methods to
increase simulation efficiency, and the mapping of processes to processors. Results analysis and presentation
may also be aided in this manner.
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Parallel Simulation for Performance Modelling of
Telecommunication Networks

A. Hind®

1 Introduction

The performance evaluation of telecommunication networks rapidly becomes analytically intractable as
the complexity of the network increases. In addition, behaviour under transient conditions, such as traffic
fluctuations or component failures, is difficult to express mathematically. Under such conditions the use
of simulation techniques to determine relevant performance parameters becomes necessary. Conventional
sequential simulations running on sequential (i.e. Von Neumann) computer architectures suffer from
limitations imposed by the excessive processing time required to achieve the required depth of information
and the intrinsic statistical nature of the results. These problems increase as functions of the traffic
intensity and the size and complexity of the network. This leads to detailed simulations of large networks
often being economically and even physically impossible to implement.

Dramatic advances are expecied over the next decade in the extensive use of parallel multiprocessor
architectures to speed-up simulation. However the use of parallel simulation has its own attendant
issues. These include the hardware architecture, the decomposition approach used to produce the parallel
software processes, mapping these processes onto the processors and the synchronization of the resulting
parallel simulation. This is not an exhaustive list of the issues, but will suffice for the purpocses of this
review paper.

2 Hardware Architecture

The last decade has seen the advent of a huge variety of new computer architectures for parallel processing.
This variety can be bewildering to the non-specialist in computer architecture who needs to know which
architecture is the most suitable for his application. In order to make an informed choice we need to
be able to classify the different types of architecture which are possible along with their suitability for
various applications. A useful taxonomy introduced recently is that of Duncan {1]. This is an informal
high-level classification scheme, based on Flynn’s Taxonomy, which distinguishes between the principle
parallel computer architectures which are currently being explored.

Parallel simulation of telecommunication systems tends to result in a relatively coarse grain model.
The communication volume between software processes is high and the amount of memory required is also
high. These factors push us towards the use of multiprocessor architectures using shared or distributed
memory. The software processes executing on each processor are then synchronized by passing messages
either via an interconnection network or via shared memory.

A distributed memory architecture needs the processing nodes (processor plus local memory) to be
conpected using some interconnection network. This network may be static, dynamic or programmable.
Various static interconnection network topologies have been explored to support various applications,
eg. pipelines, meshes, trees, rings, cubes, hypercubes etc. Dynamic or programmable topologies are
also possible by using some programmable switching matrix. These can be single-stage, multi-stage or
a crossbar. A disadvantage is that the communication overhead associated with this architecture can
significantly reduce the performance, particularly where data has to be queued and forwarded by many
intermediate nodes.

Shared memory architectures allow communication between processors via a common shared memory
which each processor can access. Shared memory architectures thus replace message sending problemns
with data access synchronization and cache coherency problems. As in the case of distributed memory
architectures, there are several alternatives for the interconnection of the multiple processors to the
shared memory. Some major examples are time-shared bus interconnections, crossbar interconnections
and various forms of multi-stage interconnection network.
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Comparing the two architectures, the distribuied memory architecture gives greater flexibility. Gener-
ally it is easier to develop, more easily extensible and, with the advent of more powerful microprocessors,
gives a higher performance/cost ratio.

3 Model Decomposition

For a given simulation model, five ways of decomposing it for processing on a multiprocessor architecture
have been identified [2). A parallelizing compiler approach, distributed experiments, distributed functions,
distributed events and distributed model components. Combined approaches are also possible.

A parallelizing compiler can be used to compile a sequential simulation written in a conventional
sequential language so that it will run on our chosen multiprocessor hardware. The compiler thus has
the responsibility to recognize sequences in the source code which can then be executed in parallel and
scheduled to run on separate processors in parallel. This definition thus distinguishes a parallelizing
compiler from a compiler which takes a high-level parallel language and compiles it to run on multiple
processors. The overwhelming advantage is that the approach is largely transparent to the user. A new
parallel language does not have to be learned, the multiple processor architecture should not impact the
program structure and existing sequential software may be ported. The disadvantage that has been found
is that the problem has been coded in sequential form, thus ignoring any parallelism in the structure
of the problem. This results in relatively small portions of the available parallelism in the problem
being exploited and, hence, the speed-up in moving to a multiple processor architecture is generally
disappointing.

There are at least two approaches to converting sequential code to run on multiple processor archi-
tectures. The provision of a parallelizing compiler which takes sequential code directly and produces
parallel code to run on the target multiple processor system, or, intelligent run-time support and parallel
routine libraries to provide the user with a programming environment which allows the conversior f
sequential code into parallel code. The latter approach has been taken by several commercial produc.s
such as Express and Linda. The former approach is exemplified by the work concerning parallelization
and optimization of code for synchronous vector and shared memory multiprocessor architectures. Taking
for example the Cray X-MP, a synchronous vector architecture, sequential Fortran 77 code is compiled
and vectorized by the parallelizing compiler. Work has been done by Chandak (3] which showed that
any network of queues containing feedback loops cannot be vectorized. Because most simulation models
of any interest are bound to contain feedback this is a disappointing result. This result was born out
by Reed [4] who investigated the simulation of queueing networks. The results were compared with the
simulations performance on a Vax 11/780 using the same sequential code. The results showed a speed-up
of about 100 which is almost the same as the two computers rated performance on sequential code. It
was suspected that the amount of vectorization was small and, using an execution monitor, it was found
to be between 1 and 5%.

Distributed experiments may be conducted by running separate simulations on separate processors
in parallel. This is particularly efficient for stochastic simulations, as results can be averaged at the
end of the run, and also for doing several “what-if” simulations simultaneously with slightly different
parameters. This approach seems extremely efficient as no co-ordination is required between processors
except for results averaging and presentation. Hence, for N processors we may approach an ideal speed-up
of N. The only other overhead is loading the model into each processor which is often negligible compared
with the simulation run time.

In terms of the hardware required, distributed experiments may not be possible due to the memory
requirements. This has led to the use of networks of uni-processors to realise the approach. Nevertheless,
if these memory deficiencies do not apply to the particular simulation application, the distributed ex-
periments approach can be very efficient and can also use existing sequential simulation programs. Also
variance reduction techniques such as antithetic sampling and common random number streams may be
used to improve statistical efficiency [5]. The relative unpopularity of the approach is perhaps due to
the most common need from simulations being fast and accurate results. As we are not exploiting any
parallelism in the problem, speed-up is more in terms of statistical efficiency and simulation throughput.

Distributed functions involves different tasks of a simulation being placed on separate processors. For
instance, processors may be dedicated to random number generation, event list processing, statistics col-
lection etc. Also other functions may be desired such as animated graphics during simulation or intelligent
supervision of the simulation process. Each of these functions may be supported by distributing them to
individual processors. The processors may be identical, or may be tailored to each individual function.
This is very much like the approach taken in many personal computers; a general purpose processor,
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an arithmetic co-processor for floating-point calculations, a graphics co-processor, other processors for
controlling input/output functions with keyboards, printers or communications links.

The advantages of this decomposition method is its freedom from the possibility of deadlock and its
potential scaleability. The architecture may also be made transparent to the user as each function's code
can be divided up and placed with each processor fairly easily. It could even be made an automatic process
at compilation. This would obviously be much easier if identical processors were used. Its disadvantages
are the communication overhead between functional processors, which may become the limiting factor
in performance, and also the failure to exploit any parallelism in the system being modelled. The work
on the distributed functions approach seems to indicate that this is a fruitful approach if the number of
processes that the simulation is decomposed into is small [6, 7). The law of diminishing returns sets in
at an early stage above a handful of processors due to communication overheads.

Distributed events uses a global event list, as in sequential simulation, to schedule available processors
to process the next event on the list. The difficulty is maintaining consistency in the simulation as the
next event available on the list may be pre-empted by other events currently being processed by other
processors. The need for global simulation control points very much towards the use of a shared memory
multiprocessor architecture so that all processors can have access to the global event list. The results for
this approach seem to indicate that it is reasonable if there are only a small number of processes required
and a large amount of global information used by the components of the system [8].

The final, and most popular, method of decomposing a simulation is to decompose the simulation
model into a number of components and assign the simulation of each component to a process. One, or
many, processes can then be assigned to execute on each processor. Model decomposition usually follows
the logical structure of the real system being simulated. Therefore his approach can take advantage of
any parallelism inherent in the system to be modelled, so it secems to promise significant speed-up on
a multiple processor system. However, this only holds if the simulation does not require a significant
amount of global information and control. The major overhead will be communication between processes
executing on different processors. This can be handled by message passing on a distributed memory
architecture or global shared variables or message passing on a shared memory architecture. The other
major problem is the synchronization of events during the simulation. Generally speaking, the more
loosely coupled the processes can be (i.e. asynchronous requiring little communication), the more likely
the simulation is to be processor bound. On the other hand, the more tightly coupled the processes are,
the more likely the simulation is to be communication bound.

The two major problems with distributed model components is the development of the model processes
themselves and the synchronization of the processes during simulation. Model building is essentially a
software problem, synchronization is a problem of both simulation and software. As we shall see the
method employed to synchronize the distributed model impacts the way the model is developed and
the performance of the simulation. The performance is affected as it is the synchronization overhead
which prevents ideal speed-up. Distributed simulation model components offers the greatest potential
speed-up in terms of a single simulation. Also, the decomposition of the simulation model can follow
the structure of the problem making it easier to understand and develop the models. In the case of the
simulation of communication networks we can also produce something akin to a software emulation. The
synchronization problem mars the potential of the approach, but guide-lines are beginning to appear as
to which will be best for various types of application.

The ideal decomposition approach for a particular application may well be a combined approach
integrating two or more of the above. Several scenarios are possible. For instance, the use of a parallelizing
compiler could actually lead to a distributed event approach depending on how the compiler divided up
and scheduled the processes. However, it is difficult to imagine how these two approaches could interact
with the other approaches. But let us now consider what approaches might work effectively together.

We could begin by decomposing our simulation model into our loosely coupled components and
modelling each with a process. Then, instead of placing each component in a single processor, we could
decompose each process into its simulation functions and place each function in a processor. Each
component process will thus be executed in a cluster of processors. This seems a useful approach as the
research on distributed simulation functions seems to be most efficient using a small number of processors.
Also we are exploiting the parallelism of the system at a fine grain size. The disadvantages will be with
code generation, loading and lack of flexibility and scaleability. The distributed simulation functions
approach could also be exploited alongside distributed model components by using extra processors to
handle global results collection, statistical calculations and animation. This combined approach is used in
one of the telecommunication network simulators at Durham [9]. The distributed experiments approach
may be combined with the distributed functions or distributed model component approaches, or both.
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This simulator could then run several different simulations in parallel as well as exploiting the parallelism
in each simulation.

4 Process Mapping

The mapping of software processes onto hardware processors can be an easy or difficult problem depending
on the relative numbers of each. If we have the same number, or more, processors than processes then
the mapping can be done fairly logically, particularly if the hardware topology is flexible. If however we
have more processes to allocate than processors then the ideal mapping is rarely obvious. The two factors
involved are the balance between processing loads and the amount of communication between processors.
Any scheme for mapping processes must take these two factors into account.

The number of processes to be placed and the structure of the simulation model are also significant.
If the number of processes is small or the simulation model has a structure which points to an obvious
placement, then the mapping is best done manually. If these criterion are not satisfied then an automatic
mapping strategy may be employed.

There are three static mapping strategies which are commonly used at present; random partitioning,
heuristic partitioning and simulated annealing. These are essentially a pre-processor approach to mapping
processes onto processors. The two performance measures considered by the strategies are processor load
and communications volume. They each work by starting at some random placement of processes and
running the simulation for a short time to ascertain the two performance measures. A new placement is
determined using the particular strategy and the run repeated. This is continued until a “best” placement
is arrived at. Dynamic strategies are also possible, but the overheads incurred in transferring processes
from one processor to another are considered to be too excessive in the vast majority of cases.

Random mapping concentrates entirely on load balancing and ignores communication considerations.
It can be effective if allowed sufficient time to explore the whole design space (i.e. a very long time).
Heuristic mapping attempts to minimise communication volume while maintaining a high degree of
processor load balancing. The heuristic strategy, which searches for the optimum mapping, can find
itself locked into a local minima depending on the initial placement. Simulated annealing weights load
balancing and communication volume equally, attempting to find the global optimum by perturbation
analysis. Thus avoiding the problem of the heuristic strategy. However, all of these strategies take
significant amounts of processing time to achieve good results and may not give significantly better results
than a manual placement done by a competent engineer [10]. It is believed that the use of automated and
manual process mapping needs to be integrated in much the same way as for printed circuit layout and
routeing in semi-custom integrated circuits. The automated mapping can be used to reduce the tedious
work but intervention by the engineer is required to sort out problems and apply common sense.

5 Simulation Synchronization

Before we discuss various synchronization schemes, it is important to review why it is such a difficult
problem. In a sequential simulation, the synchronization of the simulation is maintained by manipulation
of a data structure called the event list. This contains the pending events in the system in time stamped
order. The simulation progresses by removing the event with the earliest time stamp from the list and
processing it. If another event is generated, it is inserted into the event list at its time stamp position.
Thus the simulator processes the events in synchronized chronological order. If we now distribute the
simulation over several processes, it becomes possible for a processor to process an event which is not the
earliest. Also, in processing this event we may affect conditions for earlier, as yet un-simulated events.
Thus the future is affecting the past, which is clearly unacceptable, and is known as a causality error.
Thus, synchronization schemes fall into two categories; conservative approaches and optimistic ap-
proaches. Conservative approaches avoid causality errors ever occurring by relying on some strategy of
determining events which are “safe” to process. That is, they must determine when all events that could
affect the event in question have been processed. An added problem which categorises various conser-
vative approaches is that of deadlock. If processes do not have a “safe” event which they can process
then they are blocked and cannot progress. If a cycle of blocked processes occurs then we have dead-
lock and the simulation will grind to a halt unless the deadlock can be broken. Generally conservative
synchronization approaches can achieve good performance with sparsely connected systems which have
less opportunity for deadlock and/or an application which contains good lookahead properties (eg. [11)).
Lookahead refers to the ability to predict what will, or will not, happen in the simulated time future
based on application specific knowledge. The worst case for a conservative synchronization approach is to
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be forced into almost sequential operation coupled with the synchronization mechanism overheads. This
situation is not uncommon in some applications which have used these approaches. In their favour are
simplicity, relative transparency to the user and their chronological execution.

Optimistic approaches allow causality errors rather than avoid them but when they are detected,
a roll-back mechanism is employed to recover by re-simulating from the time of the error. Therefore
optimistic approaches don’t need to determine whether or not it is safe to proceed; they only need to
detect the error and recover. The advantage of this is that the simulator can exploit the parallelism fully
in applications which may produce causality errors but in reality rarely do. Obviously, the greater the
amount of causality errors that a simulation produces, the greater the synchronization overhead.

The original work on optimistic synchronization was done by Jeflerson [12] on the mechanism called
time warp, based on a concept of virtual time. In this case, virtual time is synonymous with simulated
time. In the time warp mechanism, a causality error is detected whenever an event message is received by
a process that contains a time stamp earlier than the processes’ clock (i.e. the time of the last processed
message). This is known as a straggler. Recovery is accomplished by undoing the effects of all events that
have been processed prematurely by the process receiving the straggler. This is known as roll-back. Two
things are affected by roll-back. The process state may be modified; this is accomplished by returning to
the correct old state which is taken from a store of previous states. Also, previously sent messages must
be unsent; this is achieved by sending anti-messages that cancel the effect of the original. If the original
message has already been processed then that process in turn must also roll-back. This process continues
until the effects of the causality error are cancelled. For even a moderate size of simulation this seems to
imply a large amount of memory to store states for each process. However, as the earliest time stamped
event is always safe to process, this is designated global virtual time and is used to discard all states
before this time. This process of reclaiming memory, which is irrevocable, is known as fossil collection.

A variation on the above approach, which is said to use aggressive cancellation, is an approach which
seeks to “repair the damage”. This is known as lazy cancellation. In this case, instead of immediately
sending out anti-messages, the process waits to see which messages that the re-execution of the process
produces are different to those produced before. If the same message is produced, there is no need to send
out an anti-message. It has been found that, depending on the application, lazy cancellation may improve
or degrade the simulation performance. Improvement is usually due to processes with incorrect input
still producing correct output. Degradation can be due to the additional message checking overheads and
the fact that incorrect computations have longer to spread out.

The performance results for time warp approaches often look impressive. However it does have some
problems. Time warp approaches do not lend themselves to fine grain parallelism due to the memory
overheads required. Each process needs substantial memory capacity as well as the mechanism for fossil
collection. Also, it is unproven that a continuous cycle of roll-backs may be possible for a particular
simulation.

There are, at present, no established rules for determining which of these two approaches will allow
the greatest amount of speed-up for a given application. Much research effort is currently aimed at this
area benchmarking various simulation applications using different synchronization approaches. Reviews
of various synchronization approaches are to be found in (2, 13].

6 The Future

The future of parallel simulation will most probably come in three areas; modular simulators, cheap
microprocessors for parallel processing and artificial intelligence (AI).

The development of simulation models and the writing and debugging of the simulator code are the
two most costly simulation activities, in terms of both time and money. It is imperative in the future
that factors like re-usability, modularity, model definition and validation be seriously addressed. Future
simulators, whether they use multiprocessors or not, will need to be made of modular re-usable software
components. Much attention is currently being given to the definition of object-oriented sequential
languages. This work is also likely to be adapted for parallel processing applications including simulation.

We have already seen that the most flexible approach to distributed simulation is that of the dis-
tributed memory multiprocessor. Using cheap modern microprocessors and a standardized communi-
cation protocol, such as that used by the Inmos Transputer, a flexible, easily extensible and powerful
multiprocessor can be constructed. Future hardware developments lie with new parallel processing ele-
ments such as the Inmos H1 Transputer and the Intel iWarp and N11 projects.

Useful applications of Al techniques in simulation seem to appear in three categories; model devel-
opment, simulation control and results analysis. Model development using a standard format could be
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aided by a software tool akin to an expert system. This would provide an interface to the model format
for someone requiring to do a simulation who did not have the time to learn it. Also the tool could trans-
parently make use of existing models from a library. Simulation control could also aided by an embedded
expert system. This could control a number of simulation functions, for instance; the management of
simulation model and analytical model libraries, analysis of simulation cutput and choice of suitable
statistical methods to increase simulation efficiency, and the mapping of processes to processors. Results
analysis and presentation may also be aided in this manner. The expert system approach is ideally suited
where the knowledge domain is well defined and stable. This makes the approach more viable in the
simulation of existing systems rather than the exploration of the performance of new technologies.
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Overview: Parallel Simulation techniques for
Telecommunication Network Modelling

A. Hind *

1 Introduction

The performance evaluation of telecommunication networks rapidly becomes analytically intractable as
the complexity of the network increases. Modern networks are often large, geographically spread and
subject to constant change and growth. They are increasingly likely to consist of interconnected net-
work types running diverse protocols on diverse platforms over diverse connection types. In addition to
this, the behaviour of interest to the performance engineer is often that which occurs under transient
conditions, such as traffic fluctuations or component failures which are known to be difficult to express
mathematically.

Under such conditions the use of simulation techniques to determine relevant performance parameters
becomes necessary. Conventional sequential simulations running on sequential (i.e. Yon Neumann) com-
puter architectures suffer from limitations imposed by the excessive processing time required to achieve
the required depth of information and the intrinsic statistical nature of the results. These problems
increase as functions of the traffic intensity and the size and complexity of the network. This leads
to detailed simulations, of traffic intensive and very large networks, often being economically and even
physically impossible to implement.

Parallel simulation makes use of multiprocessor hardware architectures and various techniques to
achieve execution speed-up. This paper reviews the current state of the art in parallel simulation indi-

cating existing techniques and their known application to telecommunication network simulation. This
is followed by a discussion of the problems still to be resolved.

2 Overview of Parallel Simulation

Parallel Simulation, sometimes called distributed simulation, refers to the execution of a single discrete
event simulation program on a parallel multiprocessor computer. It has received much attention in
recent years due to the number of disciplines which use discrete event simulation to study large scale
systems; these include economics, computer science, engineering, transport and military studies as well
as telecommunications. However, it has been found that, even though many such applications contain
substantial amounts of parallelism, it is surprisingly difficult to realise significant speed-up when moving
to a multiprocessor.

There are many additional issues to resolve in the development of a paraliel simulator; these include
the hardware architecture of the multiprocessor, the decomposition approach used to produce the parallel
tasks (processes), mapping these tasks onto the processors and the synchronization of the resulting parallel
simulation. This paper follows on from the review paper given on this subject at this symposium last
year [1] Excellent general reviews of parallel simulation can be found in [2, 3].

3 Hardware Architecture

Parallel simulation of telecommunication systems tends to result in a relatively coarse grain model.
That is, the software tasks written to model the system tend to be relatively large and complex. The
communication volume between software tasks is high and the amount of memory required is also high.
Discrete event simulation is also, by it's very nature, irregular and data-dependent. Thus, along with
other disciplines, parallel simulation of telecommunication networks has proved to be an application area
where parallelization or vectorization techniques using supercomputer hardware has had little success.
These factors push us towards the use of multiprocessor architectures using shared or distributed memary.

°Alan Hind is the British Telecom Research Fellow, Telecommunication Networks Research Group, School of Engineering
and Computer Science, University of Durham, South Road, Durham, U.K. DH1 3LE.
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Thie software tasks executing on each processor are then synchronized by passing messages either via an
interconnection network or via shared memory.

A distributed memory architecture needs the processing nodes (processor plus local cache memory) to
be connected using some interconnection network. This network may be static, dynamic or programmable.
Various static topologies have been explored to support various applications, e.g. pipelines, meshes, trees,
rings, cubes, hypercubes etc. Dynamic or programmable topologies are also possible by using some form
of programmable switching matrix. These can be single-, multi-stage or a crossbar. A disadvantage is that
the communication overhead associated with this architecture can significantly reduce the performance,
particularly where data has to be queued and forwarded by many intermediate nodes.

Shared memory architectures allow communication between processors via a common shared memory
which each processor can access. Shared memory architectures thus replace message processing problems
with data access synchronization and cache coherency problems. As in the case of distributed memory
architectures, there are several alternatives for the interconnection of the processors to the shared memory.
Some major examples are the time-shared bus, crossbar and various forms of multi-stage network.

Both types of architecture are available “off-the-shelf” [4] for those who don’t wish to develop their own
machine. Distributed memory multiprocessors are available either as complete systems with languages,
tools and operating system, or as sets of paralle] processor “building blocks”. The latter are usually
plug-in cards to workstations. Shared memory multiprocessors are normally only available as complete
systemns with their own operating system etc. This is now often a version of the Unix operating system,
with it’s associated set of software tools, allowing the machine to also be used as a general purpose
computer. Comparing the two architectures, the distributed memory architecture gives greater overall
flexibility. Generally it is easier to develop, more easily extensible and, with the advent of more powerful
microprocessors, gives a higher performance/cost ratio.

The processor of choice for building distributed memory multiprocessor machines has for the last few
vears been the Inmos transputer. It still has much to recommend it in terms of hardware support for
multitasking, concurrency and communications. However, it has now been surpassed in terms of raw
processing power by a new crop of microprocessors such as Intel’s i860 and i486. Inmos are seeking to
redress this with the development of the T9000 transputer, which will also hopefully solve some of the
outstanding communication difficulties with transputer networks with the provision of hardware support
for message passing. In the mean time, it is interesting to note the number of processing cards now
available which couple the communications and parallel processing capability of the transputer with the
computing power of another, more modern, microprocessor.

Competitors for the transputer’s parallel processing niche in the market have been slow in coming. But
now there are the Texas Instruments TMS320C40 and the Intel iWarp. The Texas processor is primarily
intended for parallel digital signal processing applications but could be used for novel communication
simulation/emulation applications. The Intel iWarp is more of a direct competitor though it is currently
being aimed at a finer grain applications than the transputer and a commercially available system based
on it has yet to appear. Both are still unproven as far as parallel simulation is concerned.

4 Model Decomposition

For a given simulation model, five ways of decomposing it for processing on a multiprocessor architecture
have been identified [2]. A parallelizing compiler approach, distributed experiments, distributed functions,
distributed events and distributed model components. Some combinations of these approaches are also
possible.

4.1 The Parallelizing Compiler Approach

A parallelizing compiler is a software tool that can be used to compile an application written in a
conventional sequential language so that it will execute on a particular multiprocessor. The compiler
thus has the responsibility to recognise sequences in the source code which can be executed in parallel
and scheduled to run concurrently on separate processors. This definition thus distinguishes it from a
compiler which takes a high-level parallel language and compiles it to run on multiple processors. The
overwhelming advantage of the approach is it’s transparency. A new parallel language does not have to
be learned, the multiprocessor architecture should not impact the program structure and existing “dusty-
decks” may be ported. The disadvantage is that is that the application has been coded in sequential
form. often using inherently sequential algorithms, thus ignoring any potential parallelism. This results in
relatively small portions of the available parallelism being exploitec and (hence) the speed-up in moving
to the multiprocessor is generally disappointing. Results for this approach are discussed in some detail
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in {3] elsewhere in these proceedings. This paper also explores the parallelization of a sequential circuit-
switched network simulator. The results show that given a simple enough model, in this case one which
involves a great deal of matrix manipulation, significant speed-up can be achieved if there is sufficient
parallelism in the model to mask synchronization overheads.

An alternative approach to converting sequential code to run on a multiprocessor is to provide the
user with a programming environment, intelligent run-time analysis tools and parallel function libraries.
This approach is thus a few steps further on than re-writing the application from scratch in a parallel
language. This approach is typified by commercial products such as Express and Linda.

4.2 The Distributed Experiments Approach

Distributed experiments, often known as parallel replications, may be conducted by running the simula-
tions on separate processors in parallel. This is particularly efficient for stochastic simulations, as results
can be averaged at the end of the run, and also for doing several “what-if” simulations simultaneously
with slightly different parameters. This approach seems extremely efficient as no co-ordination is required
between processors except for results averaging and presentation. Hence, for n processors we may ap-
proach an ideal speed-up of n. The only other overhead is loading the model into each processor which
1s often negligible compared with the simulation run time.

In terms of the hardware required, distributed experiments may not be possible due to the memory
requirements. This has led to the use of networks of uniprocessors to realise the approach. Nevertheless,
if these memory deficiencies do not apply to the particular simulation application, the distributed ex-
periments approach can be very efficient and can also use existing sequential simulation programs. Also
variance reduction techniques such as antithetic sampling and common random number streams may be
used to improve statistical efficiency [6]. The relative unpopularity of the approach is perhaps due to
the most common need from simulations being fast and accurate results. As we are not exploiting any
parallelism in the problem, speed-up is more in terms of statistical efficiency and simulation throughput.

4.3 The Distributed Functions Approach

Distributed functions involves different tasks of a simulation being placed on separate processors. For
instance, processors may be dedicated to random number generation, event list processing, statistics
collection etc. Each of these functions may be supported by distributing them to individual processors.
The processors may be identical, or may be tailored to each individual function. The work on this
approach seems to indicate that it can be fruitful if the number of tasks involved is small. The law
of diminishing returns sets in at an early stage above a handful of processors due to communication
overheads.

4.4 The Distributed Events Approach

Distributed events uses a global event list, as in sequential simulation, to schedule available processors
to process the next event on the list. The difficulty is maintaining consistency in the simulation as the
next event available on the list may be pre-empted by other events currently being processed by other
processors. The need for global simulation control points very much towards the use of a shared memory
multiprocessor architecture so that all processors can have access to the global event list. The results for
this approach seem to indicate that it is reasonable if there are only a small number of tasks required
and a large amount of global information used by the components of the system.

4.5 The Distributed Model Components Approach

The final, and most popular, method of decomposing a simulation is to decompose the simulation model
into a number of components and assign the simulation of each component to a task. One, or many,
tasks can then be assigned to execute on each processor. Model decomposition usually follows the
logical structure of the real system being simulated. Therefore this approach can take advantage of any
parallelism inherent in the system to be modelled, so it seems to promise significant speed-up. However,
this only holds if the simulation does not require a significant amount of global information and control.
The major overhead will be communication between tasks executing on different processors. The other
major problem is the synchronization of events during the simulation. Generally speaking, the more
loosely coupled the tasks can be (i.e. asynchronous requiring little communication), the more likely the
simulation is to be processor bound. On the other hand, the more tightly coupled the tasks are, the more
likely the simulation is to be communication bound.
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The two major problems with distributed model components is the development of the model tasks
themselves and the synchronization of the tasks during simulation. Model building s essentially a soft-
ware problem, synchronization is a problem of both simulation and software. The method emploved
to synchronize the distributed model impacts the way the model is developed and the performance of
the simulation. The performance is affected as it is the synchronization overhead which prevents ideal
speed-up. Distributed simulation model components still offers the greatest potential speed-up in terms
of a single simulation. Also, the decomposition of the simulation model can follow the structure of the
problem making it easier to understand and develop the models. In the case of the simulation of com-
munication networks we can also produce something akin to a software emulation. Synchronization is
discussed in section 6.

4.6 Combined Approaches

The ideal decomposition approach for a particular application may well be a combined approach integrat-
ing two or more of the above. Firstly, let us discount the parallelizing compiler and the distributed event
approaches as it is difficult to imagine how these two approaches could interact with any of the others.
But let us consider what approaches might work effectively together. We could begin by decomposing our
simulation model into our loosely coupled components and modelling each with a software task. Then,
instead of placing each component in a single processor, we could decompose each task into its simulation
functions and place each function in a processor. Each component task will thus be executed in a cluster
of processors. This seems a useful approach as the research on distributed simulation functions seems to
be most efficient using a small number of processors. Also we are exploiting the parallelism of the system
at a finer grain size. The disadvantages will be with code generation, loading and lack of flexibility and
scaleability. The distributed simulation functions approach could also be exploited alongside distributed
model components by using extra processors to handle global results collection, statistical calculations
or animation. The distributed experiments approach may be combined with the distributed functions
or distributed model component approaches, or both. This simulator could then run several different
simulations in parallel as well as exploiting the parallelism in each simulation.

5 Process Mapping

The mapping of software tasks onto hardware processors can be an easy or difficult problem depending
on the relative numbers of each. If we have the same number (or more) processors than tasks then the
mapping can be done fairly logically, particularly if the hardware topology is flexible. If however we
have more tasks to allocate than processors then the ideal mapping is rarely obvious. The three factors
involved are the balance between processing loads, the amount of communication between processors and
the scheduling of the tasks when running. Any scheme for mapping tasks must take these factors into
account. The structure of the simulation model is also significant. If the number of tasks is small or
the simulation model has a structure which points to an obvious placement, then the mapping is best
done manually. If these criterion are not satisfied then an automatic mapping strategy may be employed.
However, automatic strategies take significant amounts of processing time to achieve good results and
may not give significantly better results than a manual placement done by a competent engineer. It is
believed that the use of automated and manual process mapping needs to be integrated in much the
same way as for - lacement and routeing for printed circuit layout and semi-custom integrated circuits.
Automated mapping can be used to reduce the tedious work but intervention by the engineer is required
to sort out problems and apply common sense.

6 Simulation Synchronization

Before we discuss various synchronization schemes, it is important to review why it is such a difficult
problem. In a sequential simulation, the synchronization of the simulation is maintained by manipulation
of a data structure called the event list. This contains the pending events in the system in time-stamp
order. The simulation progresses by removing the event with the earliest time-stamp from the list and
processing it. If another event is generated, it is inserted into the event list at its time-stamp position.
Thus the simulator processes the events in synchronized chronological order. If we now distribute the
simulation over several tasks executing ou separate processors, it becomes possible for a processor to
process an event which is not the earliest. Also, in processing this event we may affect conditions for
earlier, as yet unsimulated events. Thus the future is affecting the past, which is clearly unacceptable, and
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is known as a causality error. Thus, synchronization schemes fall into two categories, conservative and
optimistic approaches, which are distinguished by how they liandle causality errors. Reviews of various
synchronization approaches are to be found in [2, 3].

6.1 Conservative Synchronization

Conservative approaches avoid causality errors ever occurring by relying on some strategy of determining
events which are safe to process. That is, they must determine when all events that could affect the event
in question have been processed. An added problem which categorises various conservative approaches
is that of deadlock. If tasks do not have a safe event which they can process then they are blocked and
cannot progress. If a cycle of blocked tasks occurs then we have deadlock and the simulation will grind to
a halt uniess the deadlock can be broken. Generally conservative synchronization approaches can achieve
good performance with sparsely connected systems which have less opportunity for deadlock and/or an
application which contains good lookahead properties. Lookahead refers to the ability to predict what
will, or will not, happen in the simulated time future based on application specific knowledge. The worst
case for a conservative synchronization approach is to be forced into almost sequential operation coupled
with the synchronization mechanism overheads. This situation is not uncommon in some applications
which have used these approaches. In their favour are simplicity, relative transparency to the user and
their chronological execution.

6.2 Optimistic Synchronization

Optimistic approaches allow task to proceed asynchronously but incorporate a detection and roll-back
mechanism to catch causality errors and recover by re-simulating from the time of the error. Therefore
optimistic approaches don’t need to determine whether or not it is safe to proceed. The advantage of
this is that the simulator can exploit the parallelism fully in applications which may produce causality
errors but in reality rarely do. Obviously, the greater the amount of causality errors that a simulation
produces, the greater the synchronization overhead due to roll-backs.

The original work on optimistic synchronization was done by Jefferson (7] on the mechanism called
time-warp, based on a concept of virtual time. In this case, virtual time is synonymous with simulated
time. In the time-warp mechanism, a causality error is detected whenever an event message is received
by a task that contains a time-stamp earlier than the tasks’ local clock. This is known as a straggler.
Recovery is accomplished by undoing the effects of all events that have been processed prematurely by
the task receiving the straggler. This is known as roll-back. Two things are affected by roll-back. The
process state may be modified; this is accomplished by returning to the correct old state which is taken
from a store of previous states. Also, previously sent messages must be unsent; this is achieved by sending
anli-messages that cancel out the effect of the original. If the original message has already been processed
then that task in turn must also roll back. This process continues until the effects of the causality error are
cancelled. For even a moderate size of simulation this implies a large amount of memory to store states
for each task. However, as the earliest time-stamped event is always safe to process, this is designated
as the global virtual time and is used to discard all states before this time. This process of reclaiming
memory, which is irrevocable, is known as fossil collection.

A variation on the above approach, which is said to use aggressive cancellation, is an approach which
seeks to “repair the damage”. This is known as lazy cancellation. In this case, instead of immediately
sending out anti-messages, the task waits to see which messages that the re-execution of the task produces
are different to those produced before. If the same message is produced, there is no need to send out
an anti-message. It has been found that, depending on the application, lazy cancellation may improve
or degrade the simulation performance. Improvement is usually due to tasks with incorrect input still
producing correct output. Degradation can be due to the additional message checking overheads and the
fact that incorrect computations have longer to spread out.

The performance results for optimistic approaches often look impressive. However it does have some
problems. Optimistic approaches do not lend themselves to fine grain parallelism due to the memory
overheads required. Each task needs substantial memory capacity as well as a mechanism for fossil
collection. This problem has been addressed analytically by Lin and Lazowska [8] and also experimentally
by Preiss et. al. [9]. The work of Lin and Lazowska showed that reducing the frequency of state saving
(i.e. increasing the so called checkpoint interval) can save memory and also reduce simulation run time.
This was borne out by the work of Preiss et. al. in their simulation of queueing networks. Further, they
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showed that there can be a trade-ofl between memory and run-time, that there is an optimum checkpoint
interval for a given simulation and that this point is predictable from the analytical model of Lin and
Lazowska.

7 Existing Problems

The most successful parallel simulation speed-up results have been obtained using the distributed model
components approach which leaves us with the issue of synchronization. There are, at present, no
established rules for determining which of the basic synchronization approaches will lead to the greatest
amount of speed-up for a given application. The consensus of opinion seems to be that optimistic
synchronization is the more generally applicable of the two. Much research effort is currently aimed at
this area analysing paralle] simulation behaviour and benchmarking various simulation applications.

The behaviour of optimistic synchronization mechanisms is still not fully understood particularly with
regard to the prediction of memory requirements and the occurrence of roll-back. The most worrying
aspect of all is that it is difficult (if not impossible) to prove that a particular simulation may be prone to
excessive cycles of roll-backs. However, it has seldom been reported by simulationists. Some analytical
work has already been done in this area [10, 8].

Little work has been done in the area of process mapping and scheduling for parallel simulation. This
is partly due to most simulators having a relatively small number of processors and tasks. However, it is
known that these factors can have a significant impact on the simulation performance [9, 8].
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Parallelization of a Circuit-Switched Telecommunication
Network Simulator

A. Hind®

1 Imtroduction

The need for parallel simulation is now well established {1). However, there is still a marked reluctance for
performance engineers to learn and use parallel languages and, indeed, to purchase or construct specialised
multiprocessor hardware. This situation is gradually changing as many shared memory multiprocessor
machines (see figure 1) are now appearing which can function as general purpose Unix machines or as
parallel processing platforms, see table 1. Such machines are now becoming more competitively priced
and, hence, more common [2].

| Company _ l Mark | Operating System
Alliant Computer Systems FX/2800 Concentrix (4.3 BSD)
or AT&T System V.4
BBN Advanced Computers Inc. | ACI TC2000 nX or pSOS*™™ (4.3 BSD)
Convex Computer Corporation | C2 Convex Unix (4.3 BSD)
Encore Computer Corporation | Multimax and 91 UMAX 4.3 (4.3 BSD)
or UMAX V (AT&T System V)
FPS Computing System 500 FPX (4.3 or 4.4 BSD)
Sequent Computer Systems Balance and Symmetry | DYNIX (4.2 BSD
and AT&T System V)

Table 1: Currently available shared memory multiprocessor machines.

This paper explores the use of a parallelizing compiler on such a shared memory multiprocessor
to speed-up the execution of a circuit-switched telecommunication network simulator. A parallelizing
compiler is defined as one which takes an application written in a conventional sequential programming
language, determines which parts can be executed in paralle!, and produces the machine level code to run
on the multiple processors. Thus, speed-up may be achieved without necessarily learning a new parallel
language and re-writing the whole simulation, or knowing too much about the underlying hardware.

The approach taken was to discover the “path-of-least-resistance” to achieving significant speed-up.
That is, to find out how to get the most speed-up from a simulation with the minimum of effort. With
any multiprocessor architecture, the best way of fully exploiting the parallelism available is to re-write the
application in the machine’s own parallel language using inherently parallel algorithms wherever possible.
In this case, we are trying to exploit the automated facilities to minimise development time as well as
execution time.

The nearest relevant research to this exercise is that of Chandak and Browne [3] and that of Reed [4].
The work done by Chandak and Browne, showed that discrete event simulation cannot always be par-
allelized using this approach and, more specifically, that the discrete event simulation of any network
of queues containing feedback loops cannot be parallelized. As most simulation models of any interest
are almost bound to contain feedback this was a disappointing result. On a positive note though, they
showed that careful optimization of event-list processing could produce a speed-up of two on a CDC
Cyber 205 even for non-parallelized code. This result was born out by Reed. He used a Cray X-MP and
Cray’s Fortran 77 vectorizing compiler (see footnote over) to investigate the discrete event simulation
of queueing networks. The results were compared with the simulation’s performance on a Vax 11/780
using the same sequential code. The results showed a speed-up of about a hundred which is almost the
same as the two computers rated performance on sequential code. It was suspected that the amount of
vectorization was small and using an execution monitor it was found to be between one and five percent
for different simulation models.

*British Telecom Research Fellow, Telecommunication Networks Research Group, School of Engineering and Computer
Science, University of Durham, South Road, Durham, U.K. DH1 3LE.
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Nevertheless, Reed did hold out some hope for this approach as he believed the current limitations were
with the Cray Fortran vectorizing! compiler. There were many loops in the simulation which potentially
could have been vectorized but weren’t because the compiler couldn’ vectorize any loops containing IF
statements, function calls or data dependencies; even by rearrangement of the code. From a cursory
study of the Cray and the Encore compilers it was felt that the Encore compiler offered better facilities
for overcoming these problems (see section 2.2).

2 The Testbed Architecture

2.1 Hardware Architecture

The shared memory multiprocessor used in these experiments was an Encore Multimax. This was first
designed in 1983 and is produced in several versions. The version available at the University of Newcastle’s
Computing Laboratory is a 520, known locally as Newton, with fourteen main processors and 160 Mbytes
of shared memory. The basic architecture is illustrated in figure 1.

Proc. ‘ Proe. l Proc.

S r—

Shared Memory

Figure 1: Shared memory multiprocessor architecture with a single bus and local caches.

The Multimax is controlled by a central processor which provides general monitoring and diagnostic
facilities. This is based on a National Semiconductor NS32016 running at 10 MHz. The main processors
are based on a processor/co-processor pair, the NS32532 and NS32381, running at 30 MHz. Encore
claim a peak performance of 4 MFlops for a main processor. Each main processor has a 256 kbyte cache
memory controlled from the memory management circuitry in the NSC32532.

The complete system is built around & bus designed by Encore called the nanobus. It is8 made up of
three individual buses; a 32 bit address bus, a 64 bit data bus and a 14 bit vector bus. In addition, each
bus has an extra byte wide channel for parity checking. The Multimax 520 is so called as it has space for
20 card slots on the nanobus. The clock speed of the bus is nominally 12.5 Mhz giving a total memory
bandwidth of 100 Mbytes per second. Inevitably, the bus is the bottleneck for this type of machine
partially alleviated by the local cache memoties.

2.2 Software Architecture

For the Multimax, Encore developed two varieties of UNIX: UMAX 4.3 and UMAX V. The former is
based on Berkeley UNIX 4.3 BSD and the latter is an implementation of the System V UNIX from
AT&T. UMAX 4.3 is the system available on Newton. The languages available are C, UMAX Fortran
and Encore Parallel Fortran (EPF).

The UMAX Fortran compiler can produce standard sequential code for running on a single processor,
or parallel code for running on multiple processors using EPF. The sequential Fortran meets the ANSI
Fortran 77 standard and also includes most of the VAX/VMS extensions. In order to support the
parallelism of the machine, a number of Fortran 90 features have also been included. Parallelization
of programs may either be done manually or automatically by the parallel optimizer. The optimizer is
implemented as a preprocessor to the compiler. If required, the programmer may take the output from
the preprocessor to perform further parallelization by hand. The compiler also has an option to generate
execution profiling code. Thus, when the program is executed a trace file is produced which can be
analysed using the utility gprof to produce a report. The report will contain exact call counts, call graph
arcs and statistically approximate timing data for a process as well as other data to aid in optimizing the
program.

! Vectorization and parallelization are not quite synonymous. Parallelization is a generic term for the automatic distri-
bution of software tasks over a number of processors; vectorization also implies that the tasks are rendered suitable for
execution on vector processors.
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EPF analyses the source code to determine which program segments can be executed in parallel and
converts them into parallel Fortran constructs. EPF uses explicit synchronization statements and local
variables to improve concurrency automatically. Among the optimizations which EPF can perform are
the following;

o Loop spreading - conversion of DO loops into DOALL (parallel) loops
o Loop splitting - loops split into simplified loops more amenable to loop spreading
o Statement re-ordering - to enable loop splitting and spreading
o Variable initiation - introduction of new variables to eliminate dependencies
and enable loop spreading
o Synchronization - introduction of explicit synchronization and ordering controls

The extent to which any program can be parallelized in this manner is limited by four primary forms
of data dependency.

Flow dependency - assignment modifies a variable used in a later statement
Anti-dependence - assignment is made after a variable is altered

Output dependency assignment must complete before another is made
Control dependency conditional statement dependent on prior statements

0O 0 0O ©°
|

3 Modelling Speed-up

The speed-up, S(n), of a multiprocessor with n processors is defined to be the ratio of the total execution
time on a uniprocessor to the total execution time on the multiprocessor. In this case, we qualify this by
stating that the uniprocessor version will not contain any optimizations to aid a parallelizing compiler.
A hierarchy of terms has also appeared to describe various levels of speed-up [5]; Superunitary speed-up
(5(n) > n), Unitary speed-up (S(n) = n) and Subunitary speed-up (S(n) < n).

Let us now define a simple model for the multiprocessor in order to gauge the success (or failure) of
the exercise. Such models are defined in more detail in [5). We define the total number of operations
performed by the complete program as W. Various types of operation are involved, so we define W; as
the number of times that operations of type i are performed. Each operation has a cost in processor
time, so we can define C;(n) as the time taken by all the processors to perform one operation of type §
on an n processor system. Let W, represent the number of sequential operations and C,(n) the cost of
performing a single sequential operation on an n processor system. Likewise, let W, and Cp(n) be the
amount and cost of work which exhibits n-fold parallelism. Therefore, speed-up is defined as;

W,C,(1) + W,C,(1)
5(n) = W.Com) W:C:;n) (1)
n

n

If we define the cost of one sequential operation to be one unit of processor time, then C,{1) = 1.
Also we can assume that when performing a single sequential operation on an n processor system, one
processor is working and the other n — 1 are idle; hence C,(n) = nC,(1) = n. Further, if we assume that
the cost of one operation is the same for sequential and parallel operation then equation (1) reduces to
Amdahl’s law?.

S(n) = 2t @
W, + 32

Amdahl’s law for various values of Wy, where W, and W, are expressed as a fraction of the total
number of operations, is shown graphically in figure 2. Amdahl’s law also leads to a theoretical upper-
bound for speed-up for this model of;

W,+ W, 1
W, ~1-W,
However, this model does not take any account of any overheads. In the case of our shared memory

multiprocessor there will be synchronization (sync) overheads and memory reference overheads due to
cache misses. Therefore, we modify the work to be done as follows;

(3)

,,“";o S(n) =

‘In this particular case, given the software architecture of the Encore Multimax, both of these assumptions are valid.
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W =W, 3+ W, + Wn+ Wy (4)

where W, is the number of parallelizable memory reference operations, 1V, n. is the number of sync
operations and W, is now the number of non-memory and non-sync parallel operations. The extra cost
functions are;

Cm(n) = 1+ apmiss(n) (%)
Ciync(n) = 1+ Baswitch (6)

where a, is the fraction of memory references which cannot be satisfied by the cache. The cost of
a miss is miss(n). B, is the fraction of times that a task must stop at a sync point. The cost of the
subsequent context switch is switch.

Both the cache miss ratio @, and the sync ratio 3, will depend on n and the size of the program
and it's data. In this particular application it would seem sensible to expect an to decrease and S, to
increase as n increases. These trends were in fact confirmed by the performance monitor traces though
there was no discernible pattern to the increase/decrease.

Both of the above models would seem to indicate that superunitary speed-up is not possible in this
case and that Amdahl’s law (2) and it’s limit (3) can be treated as true upper-bounds. A more realistic
model based on (4), (5) and (6) would indicate lower values of speed-up than for Amdahl’s Jaw.

4 The Simulator

The simulator used for these experiments was written by Nadereh Eshragh at Durham University Telecom-
munication Networks Research Group as part of her Ph.D. thesis looking into dynamic routeing in circuit-
switched telecommunication networks [6]. The simulator was written in Fortran 77 for execution on an
Amdah! 470 mainframe. The simulator was designed to handle a network of up to ten fully-connected
exchanges, or nodes, though it can easily be extended to any number of nodes and also to networks
which are not fully-connected. The routeing strategies available are fixed routeing, random routeing, au-
tomatic alternative routeing (AAR), least busy alternative (LBA), dynamic alternative routeing (DAR)
and stochastic learning automata (SLA) using linear reward inaction (LRI) or linear reward penalty
(LRP). These strategies, and their relative performance in are described in {7) and [6].

The information supplied to the simulator consists of the number of nodes, random number seeds,
capacity and traffic matrices, simulation run title, routeing information, an overload factor (scaling factor
for network traffic) and a trunk reservation parameter. Results are written into an output file along with
the input information.

The simulation consists of a number of time units (usually taken to be seconds), each time unit
consisting of a cycle of the following actions. Firstly, the inter-arrival time, and the origin-destination
pair of the next call arrival are generated. Next, the calls which have been completed during this inter-
arrival time are cleared down. Then, an attempt to route the new call is made according to the specified
routeing algorithm. Finally, the acceptance or rejection (blocking) of the call, along with the origin-
destination pair information, is recorded into the appropriate arrays. Results are written to the screen
and the output file at the end of each time unit.

Thus, we are dealing with very simple model of a circuit-switched network. Many operational details
of the network are ignored in order to focus on the performance of the routeing algorithms in relation to
the overall blocking probability. As this model involves a great deal of matrix manipulation there seemed
a good possibility that some speed-up would be possible using a parallelizing compiler.

The test network models used were of five-, ten- and twenty-node fully-connected networks. The figures
for the five- and ten-node networks were chosen to reflect reasonably busy trunks in a realistic network.
The link capacities were obtained using fixed route dimensioning using Erlang’s formula constrained by a
modularity factor of thirty circuits and random effects due to periodic upgrading of trunks. The twenty-
node network was less realistic as the link capacities and traffic volumes needed to be much smaller to
give lower overall network traffic and hence a reasonable execution time.
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5 Results

5.1 Uniprocessor Simulation Results

For these simulations the fixed routeing strategy was used and the same random number seeds. Initial
runs were done with various routeing options but there was little to chocse between them in execution
time and the fixed routeing strategy was generally the shortest. The simulation run length was 200
time units (seconds). The only change between implementations on different machines was the Fortran
READ and WRITE statements which needed to be different depending on the Fortran implementation.
In each case the results were checked against those obtained from the original implementation to ensure
consistency. There were no problems observed in this respect for the uniprocessor or multiprocessor
simulations. Execution times were obtained using the Unix Time command and the operating system
(MTS) logging facilities on the Amdahl. The uniprocessor execution times are shown in Table 2.

A single processor on the Encore Multimax using the sequential option to compile the code yields
roughly the same performance as the Amdahl mainframe. Thus the Encore Multimax times were used
as the reference for the speed-up calculations. The more modern Sun SPARCstation is easily the fastest,
as much as four times faster than the Amdahl or Encore Multimax.

[ Machine ] five-node model | ten-node model | twenty-node model ||

[ Amdahl 470 607 782 3212 1
[[ Encore Multimax 520 675 844 3308 il
{[ Sun 4/460 SPARCstation 126 256 1173 f

Table 2: Execution times for the uniprocessor simulations in seconds.

5.2 Multiprocessor Simulation Results for the Five-node Model

The multiprocessor simulations were begun by using the parallelizing compiler EPF without any modi-
fications to the source code. The results, in the form of a speed-up graph is shown in figure 2. Overall,
the results are disappointing with no speed-up and with the trend being downwards as n increases.

These results were investigated by re-running the simulations with the profiler option. From careful
examination of the profile reports the most expensive subroutines and functions could be noted, including
the compiler generated functions which manage parallel execution. One of these, mtask.fork, which man-
ages the re-synchronization of tasks before and after parallel execution phases, becomes more expensive
as n increases. The overheads of this function effectively stifle any potential speed-up.

At this point, it was decided that work must be concentrated on reducing the cost of the most
expensive tasks of the original program thereby reducing the impact of the mtask.fork. Only two tasks
were involved, clearing down calls and calculating link loads, which were by far the most expensive.
This was achieved in both cases by hand coding. Data dependencies which couldn’t be removed by the
compiler were removed using local independent variables and coding some of the function calls in-line.
This allowed the compiler to achieve greater parallelization in the tasks by loop spreading.

This new version of the simulator yielded slightly better results as shown in figure 2. However, there
is still no evidence of speed-up and the trend is still downwards as n increases.

The simulations were again profiled showing that the execution times of the hand-coded functions
had decreased but the number of calls to mtask fork were considerably increased due to the increased
parallelism. Thus the synchronization overheads still stifled the speed-up as n increased. Therefore it was
decided that a larger simulation model might lead to more significant speed-up as the synchronization
overheads would remain about the same but the amount of parallelism would increase.

5.3 Multiprocessor Simulation Results for the Ten-node Model

The results shown in figure 2 using the new version of the simulator are much more encouraging with a
net speed-up for all n. There is an intriguing dip in the speed-up graph for 6, 7 and 8 processors, picking
up again for 9, peaking at 10 and dipping again above 10. This type of behaviour is not uncommon
with machines employing parallelizing compilers. The greatest speed-up is most often observed when
n coincides numerically with the granularity of the application’s parallelism. Where it doesn’t match
more overheads are incurred as extra tasks are run on less than the full complement of processors. This
decreases the effective utilization of the processors available. This phenomenon is described for Cray
Parallel Fortran in [8).
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The execution profiles bore out the assumption made -fter the five-node model experiments in that
the compiler generated functions had much less impact on the execution time. That is, the processors
spend much more time, than previously with the five-node model, executing tasks in parallel; thus making
the synchronization overheads less significant. The fastest executions of the ten-node model were with 4,
5 and 10 processors which were equal to the nearest three seconds of execution time.

5.4 Multiprocessor Simulation Results for the Twenty-node Model

The twenty-node model was created to investigate whether the encouraging results found with the ten-
node model would scale for larger models. The results shown in figure 2 would indicate that they do.

6 Conclusions

These experiments have highlighted the fact that there needs to be sufficient parallelism in a problem to
make it possible to achieve reasonable speed-up when porting it to a multiprocessor architecture. The
results for the five-node model were poor as the model did not contain enough parallelism to offset the
cost of the parallel synchronization overheads. The threshold, or break-even point, was obviously passed
with the ten-node model. The results for the twenty-node model indicate that this approach will scale to
larger network models though ultimately more processors would be needed to take full advantage of the
available parallelism.

As a measure of the “success” of the ten-node simulations, consider the following. The “worst”
simulation was with 7 processors giving a speed-up of 1.65. This indicates, using Amdahl’s law (2),
that the percentage of the program parallelized was 45.6% giving a theoretical maximum speed-up, using
equation (3), of 1.84, The “best” simulation was with 4 processors yielding a speed-up of 1.99. This
indicates a percentage parallelized of 66.3% and a theoretical maximum speed-up of 2.97. These measures
make the the results obtained look quite reasonable.

The complicating factor is of course due to the parallel synchronization overheads which are assumed to
be negligible in the derivation of Amdahl’s law, as has been shown. Interestingly, when the profile reports
for the ten-node simulations were examined, between 22.6% (n = 4) and 44.3% (n = 14) of the execution
times were expended on synchronization operations. Removing these overheads would yield speed-ups of
2.57 and 3.12 respectively. Furthermore, the percentage of the program parallelized indicated by these
revised figures is closely grouped between 71.7% (n = 6) and 76.7% (n = 10); a theoretical maximum
speed-up of 4.30. Thus, a revised graph of speed-up against n for the ten-node model would follow
Amdahl’s law for Wp = 0.75 quite closely. It must be noted, however, that overheads due to cache misses
have not been removed though their effect must be much lower than the synchronization overheads.

The Encore Parallel Fortran package would seemn to be quite reasonable for this kind of exercise. The
most difficult aspect, as always with parallel processing, is debugging. In this case, the parallel simulation
can be run on one processor with the debugging tool fdb. This was never severerly put to the test in
this case. The other debugging alternative is to write the application as a sequential program initially
and debug this with the standard tools before proceeding with the parallelization. The profiler gprof
proved to be an essential tool in highlighting problem areas and assessing performance, echoing again the
findings of Reed [4]. The band coding performed as part of the exercise was not particularly arduous,
only occupying a couple of working days for finding out how to do it, doing it and debugging successfully.
The interesting point to note is that the key to success was knowledge, not of the machine’s architecture,
but of the compiler’s “hooks”.
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Parallel Simulation of Asynchronous Transfer Mode Networks

R. W. Earnshaw and A. Hind °

1 Introduction

The performance evaeluation of telecommunication networks rapidly becomes analytically intractable as the
complexity of the network increases. In addition to this, the behaviour of interest to the performance engineer
is often that which occurs under transient conditions, such as traffic fluctuations or component failures which
re known to be difficult to express mathematically.

Under such conditions the use of simulation techniques to determine relevant performance parameters be-
omes necessary. Conventional sequential simulations running on sequential (i.e. Von Neumann) computer
rchitectures suffer from limitations imposed by the excessive processing time required to achieve the required
epth of information and the intrinsic statistical nature of the results. These problems increase as functions of
he traffic intensity and the size and complexity of the network. This leads to detailed simulations, of traffic
tensive and very large networks, often being economically and even physically impossible to implement. Such
roblems have led to growing interest in parallel simulation using multiprocessor hardware.

The argument becomes most pointed when considering the performance evaluation of asynchronous trausfer
ode (ATM) networks. The complexity, traffic intensity and the potential size of the networks are all large.
imulation studies of ATM have thus far largely centred on the behaviour of single traffic sources, multiplexers
r switching nodes. When complete ATM networks have been studied it has usually been at the call- or burst-
evel since cell-level simulation involves levels of complexity (and hence processing time) which are orders of
1agnitude greater.

Nevertheless, for many investigations of ATM network behavious, cell-level simulation is unavoidable and
as motivated the development of a parallel multiprocessor simulator by the University of Durham Telecom-
unication Networks Research Group. The simulator is being used for the study of network behaviour and,
articularly, for studying of the integration of mobile communication protocols into the ATM environment {1}.

The use of parallel simulation introduces many additional issues into the simulation design process. These
iclude the hardware architecture, the decomposition approach used to produce the parallel software processes,
1apping these processes onto the processors and the synchronization of the resulting parallel simulation. A
eview of the application of parallel simulation techniques to the performance evaluation of telecommunication
etworks can be found in [2). An excellent general review of parallel simulation can be found in [3).

ATM Networks

he CCITT define an integrated services digital network (ISDN) as one “ ... that provides end-to-end digital
onnectivity to support a wide range of services, including voice and non-voice services, to which users have
ccess by a limited set of standard multi-putpose user-network interfaces” [4]. Initially, basic access was centred
round two G4 kbits/s B channels and one 16 kbits/s signalling D channel. The requirement for supporting
1ore advanced multi-media services within ISDN has led to the development of broadband ISDN (B-ISDN).

The asynchronous transfer mode is the CCITT’s target solution for B-ISDN. ATM networks use a fixed-size
ata packet, known as a cell, which consists of 48 octets of data and 5 octets of header. They are typically
ansmitted, within the network, using multi-megabit-per-second media, such as fibre-optic links; such links will
pically be running at data rates in excess of 150 Mbit/s. Further background on B-ISDN, and ATM networks

particular, can be found in {5].

The ATM switch used in the simulation study is based on the Orwell ring protocol which is a slotted ring
otocol. The ring is divided into slots which circulate around the ring; a node wishing to transinit a message
its until an unfilled slot is found, changes the slot header and transmits the message in the body of the slot. A
pical implementation of a slotted ring is the Cambridge ring protocol (British Standard BS6531). Examination
existing protocols has indicated that those based on a slotted ring are probably the best suited for carrying
lay-sensitive speech, but simulation studies of high-bandwidth Cambridge Rings have indicated that there are

°Richard Earnshaw is a Research Assistant and Alan Hind is British Telecom Research Fellow. Telecommunication Networks
earch Group, School of Engineering and Computer Science, University of Durham, South Road, Durham, U.K. DH1 3LE.
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still significant limitations when operated under high load (6] and, further, load control is difficult since there
is no relevant parameter that can easily be extracted from the ring. The Orwell protocol was developed after
making a detailed study of the limitations of the Cambridge ring protocol: it was found that by introducing
destination release of slots, and by adding a novel, distributed, load control mechanism to bound access delays,
a viable level of performance could be obtained (7, 8]. For higher capacity networks multiple, synchronized,
rings can be used and such a network is known as an Orwell Torus.

Whilst detailed simulations of a single ring have been made, under a variety of load and traffic services,
there has, as yet, been very little investigation made into the behaviour of an Orwell torus, or ring behaviour
in multi-ring systems. The reason for this, at least in part, is because of the large amount of simulation time
required to investigate networks of Orwell rings: a single simulation run of one ring takes, typically, a couple
of hours on a Vax 11/750, or three times as long on a Sun 3/50 workstation for just a couple of seconds of
simulated time.

3 The Multiprocessor Testbed

The multiprocessor testbed used for the ATM simulator is based on a network of Inmos transputers. This
was originally designed for use as a high speed circuit-switched network simulator, with code written in occam;
subsequently, a traditional packet-switched network simulator was also developed using the same language {9, 10].
The transputer network consists of up to 31 simulation transputers, each with up to 16 Mbytes of memory (the
current implementation consists of 13 T800 processors each with 1Mbyte of memory). The transputers are
connected with a double layer of C004 cross-point link switches which enables any link on each of the simulation
processors to be connected to a link on any of the other processors; this flexibility enables the network to be
configured in arbitrary topologies so that the systemn being simulated can be mapped closely onto the processor
network, and enables the path length required when passing messages between processors to be kept to a
minimum. Finally, a layer of control processors are used to connect between the host transputer and the
link switches; one is connected to the link-switch programming interface, while both can be connected, via
the switches, to any of the simulation transputers. An optional transputer-based graphics card can also be
conuected at this layer.

4 The Software Architecture

To isolate the siinulation model, as far as possible, from the implementation details of the hardware, the
simulator was structured in a hierarchical manner; each layer builds on the abstraction of the layer below in a
similar approach to that of the ISO seven layer model. At the lowest layer lie the transputer processors in a
dynamically reconfigurable array. On top of this a multiplexor task on each processor provides the abstraction of
virtual channels between each task in the simulation, regardless of where the tasks are mapped in the processor
network. A simple packetizer layer hides the fact that the channels in the multiplexor (and, indeed, the physical
channels of the transputer itself) work most efficiently when presented with large packets as opposed to a series
of very small ones. A synchronization layer uses the packet layer processes; it ensures that each message is
correctly marked with a time-stamp on dispatch and uses this at the receiver to maintain synchronization: the
layer is optional, if there is no definable synchronization between two tasks (for example, diagnostic messages
destined for the console) then the channel can be declared asynchronous and the packet layer accessed direct.
Finally, in parallel with the simulation model and the synchronization layer, an event manager is responsible for
scheduling components of the simulation model in the correct sequence. The overall hierarchy is summarised in
figure 1. Further implementation details can be found in [11].

5 The Synchronization Mechanism

In a sequential discrete event simulation, the synchronization of the simulation is maintained by manipulation
of a data structure called the event list. This contains the pending events in the system in time-stamped order.
The simulation progresses by removing the event with the earliest time-stamp from the list and processing it.
If another event is generated, it is inserted into the event list at its time-stamp position. Thus the simulator
processes the events in synchronized chronological order. If we now distribute the simulation over several
processors, each having a local event list, it becomes possible for a processor to process an event which is not
the earliest. Also, in processing this event we may aflect conditions for earlier, as yet unsimulated events. Thus
the future is affecting the past, which is clearly unacceptable, and is known as a causality error.
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Thus, synchronization schemes can fall into one of two categories; conservative approaclies and optimistic
approaches, see [3] for a fuller explanation of these terms. Conservative approaches avoid causality errors ever
y ceurring by relying on some strategy of determining events which are “safe” to process. That is, they must
determine wlien all events that could affect the event in question have been processed. An added problem which
categorises various conservative approaches is that of deadlock. If processes do not have a “safe” event which
they can process then they are blocked and cannot progress. If a cycle of blocked processes occurs then we have
deadlock and the siimulation will grind to a halt unless the deadlock can be broken. NULL messages can be used
to avoid deadlock situations occurring. NULL messages are only used for synchronization purposes and do not
correspond to any activity in the physical system being simulated and, hence, have no message content only a
ime-stamp tyyn. Thus, it is essentially a promise that the sending process will not send a real message to the
estination process with a time-stamp less than t;yy. NULL messages are sent on each outgoing port whenever

process finishes processing an event; fny; being a lower bound on the time-stamp of the next outgoing
essage on each outgoing port calculated from the time-stamp value associated with each incoming port and
:nowledge of the simulation performed by the process. Generally conservative synchronization approaches can
chieve good performance with sparsely connected systems which have less opportunity for deadlock and/or an
pplication which contains good lookahead properties. Lookahead refers to the ability to predict whe. will, or
ill not, happen in the simulated time future based on application specific knowledge.

For an ATM link it is possible to derive a simple formula that describes the number of cells that will be in

ransit across a given length at any one time (the link can be considered as a delay line):

_ LSn
= e

lvhere L is the length of the link, S is its speed (adjusted to account for overheads such as framing), n is
he refractive index of the transmission media (typically, about 1.5 for & glass fibre), { is the cell size and ¢ is
he speed of light. Considering, for example, a 15 km link running at 150 Mbit/s, then there may be up to
wenty-six cells in transmission across the link at any time; longer, or faster, links would have correspondingly
rger numbers of cells in transit. This “pipeline” is used to advantage as a method of lookahead within the
imulator. Effectively, a destination task can see & small amount of future behaviour for the link: this can
hen be exploited for two ends; the avoidance of deadlock with fewer NULL messages and the improvement of
oncurrency between the processes.

The Simulator Results

he results produced by the simulator consists of sets of statistics for the simulator performance, the traflic
atterns and the switching-node activity. The simulator performance can be assessed from the run time,
rocessor usage and link usages. The performance of the synchronization mechanism is also monitored, along
ith several other aspects, by an event profiling process. This gives the number of instances and and percentage
rocessing time spent on various simulation events. Such profiling is made easier as the transputer has hardware
mers which allows the profiler to be run at fixed time intervals. Traffic patterns are reported as a set of
istograms of the voice delay statistics for each source in the metwork. Switching-node activities are also
ported as histograms of the input queue lengths to the Orwell rings, the ring reset and cell delay statistics.

Performance Analysis of the Simulator

ith parallel simulation, the ultimate goal is to obtain a simulator that runs as fast as possible; if the speed of
e parallel simulator is less than that of a sequential simulator then there is no reason for using it (and many
od reasons for not doing so). However, it is normally impossible to directly compare parallel and conventional
ulators since the two are written in an entirely different manner and the programmer rarely wants to write
th. A good indication of the possible behaviour of the conventional simulator can sometimes be obtained,
ough, by running an optimised version of the distributed simulator on a single processor. The time taken for
e single processor version to run can be compared with that for the multiprocessor version and the speed-up
the simulator is then the ratio of the time for the multiprocessor version to that for the single processor:
rmally this should lie in the range between one and n, when the multiprocessor version is run on n processors;
peed-up of n is said to be linear.

The performance results given here are for the ATM network simulator modelling the network shown in
ure 2: the network consists of four ATM exchanges in a fully connected trunk network and eight “local”
hanges each of which is dual-parented onto two trunk exchanges; each local exchange has two traffic gener-
rs. The exchanges were all running the Orwell ring protocol and the traffic generated was voice only. The
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ring speed was 600 Mbits/s and the link speed was 150 Mbit/s; the propagation delay on all the links was set to
1 x 10~% s (equivalent to about 20 km of glass fibre, or about 35 cells). The simulation time was 7.5 seconds with
the statistics reset after 2.5 seconds. Two single processor simulations were run for each load: one with identical
code to the multiprocessor version; the othier an optimised version with the redundant multiplexors removed to
speed message transfer. In the following graphs the load is shown expressed as the average percentage capacity
of a single link.

Figure 3 shows the speed-up of the simulator as a function of load; it shows that, even for a load of just 15%
of maximum capacity, the speed-up is approaching the ideal value of twelve for the unoptimised version, and
is starting to level out at just over ten when compared with the optimised version. The difference between the
two curves represents the proportion of the processing time that is taken up in switching the messages from one
processor to another. The speed-up of the simulator relative to the unoptimised version can also be estimated
from the CPU activity monitoring of each of the transputers in use: the results from doing this agree well with
the upper curve shown. Unfortunately, the capacity of the trunk exchanges wea not sufficient to permit higher
loads than 50% to be simulated. It can be seen from figure 4, that the NULL message ratio remains very low for
a large range of the load. This indicates, along with the impressive speed-up figures, that the synchronization
mechanism works very efficiently.

8 Conclusions

The simulation of ATM networks at the cell-level would be prohibitive on anything but the highest performance
sequential uniprocessor. The work described in this paper has shown that parallel simulation of such networks
is not only possible but yields good performance for relatively little cost in hardware.
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ABSTRACT

This paper describes the otructure of & parallel simulator

"developed to imvestigate the performance of broadband
telecommunication networks. The simulator hardware is
based on a reconfigurable array of Inmoa transputers. The
software has & layered architecture and issucs of efficient
communication, deadlock avoidance and message route-
ing have been addressed. The synchronization mechanism
used is conservative, based on the Chandy-Misra model,
and exploits lookahead. The speed-up results are almost
linear when compared with the same parallel simulation
run on a single transputer and are still impressive when
compared with an optimized single processor version.

1 INTRODUCTION

The performance evaluation of telecommunication net-
works rapidly becomes analytically intractable as the
complexity of the network increases. In addition to this,
the behaviour of interest to the performance engineer is of-
ten that which occura under transient conditions, such as
traffic fluctuations or component failures which are known
to be difficult to express mathematically.

Under such conditions the use of simulation techniques
to determine relevant performance parameters becomes
necessary. Conventional sequential simulations running
on sequential computer architectures suffer from limita-
tions imposed by the excessive processing time required
to achieve the required depth of information and the in-
trinsic statistical nature of the results. These problems
increase as functions of the traffic intensity and the size
and complexity of the network. This leads to detailed
simulations, of traffic intensive and very large networks,
often being economically and even physically impossible
to implement. Such problems have led to growing interest
in parallel simulation using multiprocessor hardware.

The argument becomes most pointed when considening
the performance evaluation of broadband networks. The
omplexity, traffic intensity and the potential size of the
etworks are all large. Simulation studies of systems of
his nature have thus far largely centred on the behaviour
f single traffic sources, multiplexers or switching nodes.
hen complete networks have been studied it has usually
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been at the call- or burst-level since lower-level simulation
involves levels of complexity (and hence processing time)
which are orders of magnitude greater.

Nevertheless, for many investigations of network be-
haviour, lower-level simulation is unavoidable and has mo-
tivated the development of a parallel multiprocessor sim-
ulator by the University of Durham Telecommunication
Networks Research Group. The simulator is being used
for the study of network behaviour and, particularly, for
studying the integration of mobile communication proto-
cols into the broadband environment (Earnshaw and Mars
1991).

The use of parallel simulation introduces many addi-
tional issues into the simulation design process. These
include the hardware architecture, the decomposition ap-
proach used to produce the parallel software processes,
mapping these processes onto the processors and the syn-
chronization of the resulting parallel simulation. Reviews
of the application of parallel simulation techniques to the
performance evaluation of communication networks have
been written by Mouftah and Sturgeon (1991) and by
Hind (1991). An excellent general review of parallel sim-
ulation has been written by Fujimoto (1990).

2 BROADBAND NETWORKS

The CCITT define an integrated services digital network
(ISDN) as one “ ... that provides end-to-end digital con-
nectivity to support a wide range of services, including
voice and non-voice services, to which users have access
by a limited set of standard multi-purpose user-network
interfaces® (CCITT 1984). Initially, basic access was cen-
tred around two 64 kbits/s B channels and one 16 kbits/s
signalling D channel. The requirement for supporting
more advanced multi-media services within ISDN has led
to the development of broadband ISDN (B-ISDN).

The asynchronous transfer mode {ATM) is the tar-
get solution for B-ISDN defined by the CCITT. ATM
networks use a fixed-size data packet, known as a cell,
which consists of 48 octets of data and 5 octets of header.
They are typically transmitted, within the network, using
multi-megabit-per-second media, such as fibre-optic links;
such links will typically be running at data rates in excess
of 150 Mbit/s. A good background text on B-ISDN, and
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ATM networks in particular, has recently been published
‘ by Handel -«d Huber (1991).

The ATM switch used in the simulation study is based
on the Orwell ring protocol which is a slotted ring proto-
col described by Chauhan, King and Micallef (1990). The
ring is divided into slots which circulate around the ring;

filled slot is found, changes the slot header and transmits
the message in the body of the slot. Slotted ring protocols
have been unpopular in the past for several reasons. A
monitor node is required to ensure that clots which be-
come corrupted can be identified and regenerated, thus
correct behaviour of the ring is critically dependent on
correct behaviour of the monitor. To get a reasonable
number of slots onto the ring delays have to be inserted at
each node and one node, normally the monitor, has to be
able to odjust its delay oo that there are an integral num-
ber of slots. Finally, the efficiency of slotted rings is gen-
erally poor since the ratio of header to body is normally
high. Its greatest advantage over token-based protocols,
however, is that more that one node can be transmitting
linformation at a time, using different slots on the ring.
Acknowledgement of delivery is normally made by releas-
fing the slot at the source (correct receipt there is taken to
fimply correct delivery at the destination); the node may
Inot refill a slot that it has just released, ensuring that the
slot is passed to the next node and thereby ensures fair
Baccess to all nodes on the ring. An earlier implementation
bof a slotted ring is the Cambridge ring protoco] (British
Standard BS6531).

i Examination of existing protocols has indicated that
ghose based on a slotted ring are probably the best suited
or carrying delay-sensitive traffic such as speech, but sim-
hlation studies of high-bandwidth Cambridge Rings have
Endicated that there are still significant limitations when
bperated under high load (Falconer, Adams and Walley
g 985). Further, load control is difficult since there is no
Felevant parameter that can easily be extracted from the
king. The Orwell protocol was developed after making a
letailed study of the limitations of the Cambridge Ring
brotocol: it was found that by introducing destination
elease of slots, and by adding a novel, distributed, load
ontrol mechanism to bound access delays, a viable level
f performance could be obtained. These developments
e discussed by Adams and Falconer (1984) and Falconer
nd Adams (1985). For higher capacity networks multi-
le, synchronized, rings can be used and such a network
known as an Orwell Torus.

Whilst detailed simulations of a single Orwell ring have
een made, under a variety of load and traffic services,
here has, as yet, been very little investigation made into
e behaviour of an Orwell torus, or ring behaviour in
ulti-ring systems. The reason for this, at least in part,
because of the large amount of simulation time required
investigate networks of Orwell rings: a single simulation
n of one ring takes, typically, a couple of hours on a VAX
/750, or three times as long on a Sun 3/50 workstation
just a couple of seconds of simulated time.

a node wishing to transmit a message waits until an on-

3 SIMULATOR ARCHITECTURE

3.1 The Multiprocessor Testbed

The multiprocessor testbed used for the ATM simulator is
based on & network of Inmos transputers. This wes orig-
inally designed for mse as a high-speed drcuit-switched
network simulator, with code written in occam; oubse-
quently, a traditional packet-switched network simulator
wag also developed using the same language (Nichols 1990
and Clarke, Nichols and Mars 1989). The transputer net-
work conmsists of up to 31 simulation transputers, cach
with up to 16 Mbytes of memory (the current implemen-
tation consists of 13 T800 processors each with 1Mbyte of
memory). The transputers are comnected with o double
layer of cross-point link switches which enables any link
on each of the simulation processors to be connected to a
Iink on any of the other proceasors; this flexibility enables
the network to be configured in arbitrary topologies eo
that the system being simulated can be mapped closely
onto the processor network, and cnables the path length
required when passing messages between processors to
be kept to & minimum. Finally, o layer of control pro-
cessors are used to connect between the host tramsputer
and the link switches; one is connected to the link-switch
programming interface, while both can be connected, via
the switches, to any of the simulation transputers. An
optional transputer-based graphics card can also be con-
nected at this layer.

3.2 The Software Architecture

To isolate the simulation model, as far as possible, from
the implementation details of the hardware, the simula-
tor was structured in a hierarchical manner; each layer
building on the abstraction of the layer below in a simi-
lar approach to that of the ISO seven layer model. At the .
lowest layer lie the transputer processors in a dynamically
reconfigurable array. On top of this a multiplexer task on
each processor provides the abstraction of virtual chan-
nels between each task in the simulation, regardless of
where the tasks are mapped in the processor network. A
simple packetizer layer hides the fact that the channels in
the multiplexer (and, indeed, the physical channels of the
transputer itself) work most efficiently when presented
with large packets as opposed to 2 series of very small
ones. A synchronization layer uses the packet layer pro-
cesses; it ensures that each message is correctly marked
with a time-stamp on dispatch and uses this at the re-
ceiver to maintain synchronization: the layer is optional,
if there is no definable synchronization between two tasks
(for example, diagnostic messages destined for the con-
sole) then the channel can be declared asynchronous and
the packet layer accessed direct. Finally, in parallel with
the simulation model and the synchronization layer, an
event manager is responsible for scheduling components
of the simulation model in the correct sequence. The
overall hierarchy is summarised in figure 1. The imple-
mentation is described by the authors in more detail else-
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where (Earnshaw and Mars 1990, Hind 1990 and Earn-
shaw 1992).

Figure 1: The overall hierarchy of the simulation
model. The Event scheduler is a control-plane for
the upper layers.

3.2.1 The Multiplexer

The multiplexer is the lowest layer of the simulator ker-
nel; it is responsible for the delivery of messages from one
task in the simulator to another, regardless of the topo-
logical mapping of either the tasks or the proceasors upon
which they are renning. Each transputer in the network is
allocated exactly one multiplexer task; all other tasks de-
siring to communicate with tasks on another processor do
so by communicating indirectly via the multiplexer (fig-
ure 2). If two tasks that communicate are on the same
processor then it is, of course, possible for them to be
directly connected. The result is that for large simula-
tions a simulation task may have many of its channels
connected to the multiplexer; the routeing decisions that
the multiplexer makes are based solely upon the channel
from which each message is received.

3.2.2 The Flow Control Mechanism

The flow control mechanism has to ensure two things:
rstly that the multiplexer routeing, as a whole, can oper-
te within a fixed amount of memory, i.e. a finite number
{ buffers (deadlock free); and secondly that all messages
ill be eventually delivered, regardless of the other traffic
n the multiplexer (livelock free). The algorithm adopted
or the implementation of the deadlock- and livelock-free
outeing is based on that of Toueg and Ullman (1979),
sing a forward state controller.

Figure 2: Multiplexer processes run on each node to
provide virtual links between each task in the simu-
lator.

3.2.3 The Packetizer

Megsages between the simulation tasks commonly conaist
of several small pieces of information: for example, a cell
has associated with it not only the time of transmission
and the data and heeder ficlds but also the time of cre-
ation, the size of the data field in use (for efficiency) and
an optional series of trace information packets that can be
used when debugging the simulator. If each item were to
be tranomitted individually across the processor metswvork
then the efficiency of the multiplexer would be extremely
poor; each packet in the multiplexer would contain per-
haps as little as four bytes of information and an overhead
of eight bytes (four bytes for each of the packet-headexr
and the packet-size fields). To overcome this inefficiency,
each simulation message (e.g. a cell) is concatenated into
a single packet (or a series of packets if this would exceed
the maximum size of 2 single multiplexer packet) which
is then transmitted to the receiving process.

In addition to the inefficiency associated with using the
multiplexer with small units of data there would also be an
overhead due to the establishment of the occam channel
for passing data between one task and the next. Each
communication requires that both ends (the sender and
the receiver) are ready to proceed before any data can be
sent: if one end is not ready the other task blocks whilst
waiting. Because of the way in which the transputer’s
process scheduler works this can mean 2 large number
of process switches, each switch having an overhead in
terms of processor time; in addition, each time a process
is descheduled it is placed at the back of the relevant
queue (either high or low priority) and has to wait its
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turn for further access to the processor. It is clearly more
efficient if the number of times a channel communication
has to be initiated is kept to a minimum; work by Gould,
Bowler and Purvis (1989) has shown that the throughput
of the channels increases dramatically as the size of the
data block is incrensed.

3.2.4 The Event Manager

The event list is normally maintained using the twin-
list method described by Blackstone, Hogg and Phillips
(1981), but it is possible to convert the procedures to be
functionally the same 28 a single list manager by setting
the initial length of the first list to infinity. It was found
that for the T4 series of transputers (which do not support
floating-point arithmetic in hardware), using the twin list
method approximately halved the amount of time spent
maintaining the event list, but for the T800 transputer
{which does support floating-point arithmetic) the change
was negligible; indeed, for some configurations, the twin
list procedure was slower by about 0.5%.

3.2.5 Configuring the Simulator

For any simulation tool to be useful it must be capable of
being run with a series of different configurations, the ex-
tent of which has to be borne in mind when the simulator
is designed. For & truly flexible system it is not normally
sufficient for these to be parameters that are ‘hard coded’
into the simulator itself; instead, they should be made
available from a cepaorate file (or by interactive prompt-
ing) at the time the simulator is invoked. In the ultimate
case, not only parameters such as load and various de-
lays should be configurable, but also the entire topology
of the network itself: this can require substantial effort
being expended on making the simulator easier to use,
but, consequently, significantly more powerful.

The method employed here is a parse-able grammar
that describes the simulation parameters (and some of
their dependencies) in a human comprehensible format:
in such environments it is rarely necessary for the infor-
ation to be in a totally fixed order since each param-
ter will have a tag associated with it that describes it
niquely. Comments are normally easily supported. An
xample entry might contain:

link §:

% Link betueen nodes 1 and 6
prop-delay = 100u §
spaed © 100H bitps

Parsers for grammars of this type are easily produced
sing tools such as yacc and lex and would, probably, be
plemented using & preprocessor for the simulator that
oduces the configuration tables that the simulator itself
ads. Another advantage of this approach is that default
ues can now be used: a special entry (for example ‘1ink
fault:’) might contain a series of fields that should be
when a real definition omits a parameter.

The ATM Network Simulator currently parses two files
when it starts to run: the first describes the topology
of the network being simulated and how the individual
processes chould be mapped onto the processors of the
transputer network; the second contains the various pa-
rameters required by each individual process. Both files
are of the ‘table of values format’. A parser is nvailable
for genmernting the first file that understands o superset of
the 3L configurer languoge (Parallel C User Guide 1989);
the extensions are mainly aimed at supporting the recon-
figurability of the tznnoputer orray wced. The cecond file
has to be generated by hand, but o built-in preprocessor
parses the special symbols ‘Xdate’ and ‘%seed’, replacing
them with the current date and an unique seed respec-
tively. The ceeds are generated using o different random
number generator from the one used during cimulation in
order to avoid, as far as possible, correlations between the
random number gtreams.

The compiler package supplied by 3L Ltd is described
in the Parallel C User Guide (1989) and consists of three
main components for use with multi-transputer networks:
the compiler, which produces object modules from the
source files; a linker, which links object modules and k-
braries to create tasks; and a configurer, which binds sev-
eral tasks together to form an executable application. A
task is a program in its own right: it is allocated a stack
and on area of memory, and has its own global variables; it
must always run on one processor, but can spawn threads
which execute part of the code of the task in parallel and
share the memory (they each, however, have their own
otack); a task can only communicate with other tasks by
using the occam channels implemented in the processor
bardware: the collection of program threads im o task
are collectively referred to as a process. The configurer
is responsible for allocating tasks to processors, creating
initial stacks and heap areas, and for mapping the con-
nexions between tasks onto occam channels (both internal .
and external).

Unfortunately the configurer supplied with the com-
piler does not support the link-switch mechanism in the
transputer network used and, therefore, cannot be used
in the traditional sense to boot the entire network. The
approach used in the simulator, is to have a small main
application, which runs on the fixed topology part of the
network, and a series of un-configured tasks. The main
application does on-the-fly configuration of the remain-
der of the application using a single file that describes the
simulation run. To do this it uses the low-level configurer
execution primitives to load the tasks directly into each
processor.

Once each task has been loaded and has started to run,
the simulation parameter files have to be loaded. Unlike
traditional simulators this poses a large problem: part of
the information contained in the parameter file is used
by the multiplexers to control the switching of messages;
until this is loaded they cannot operate properly. Simi-
lazly, none of the other tasks knows any information about
where it lies in the overall topology, since to provide this
information would require ‘hard coding’. Indeed, the only
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information that each process has is its own array of chan- The parameters file containg a few lines of global infor-
nels for use in communicating, but even this has little mation, such ag the title of the cimulation run, the size of
meaning unless some conventions are used. Fortunately, the network, and for how long the run must last, followed
‘false’ channels can be crented during the configuration by o series of entries, one for ecach task in the simulator.
process and their volues set to represent something other To avoid the need for each task to have to be able to in-
than a genuine channel. With this information, known as terpret information for other tasks (which may well be of
a ‘tag’, ench task in the simulator can be nniquely identi- a different class), each task ecans the parameters file look-
fied, enabling it to extract the relevant information from ing for a string of the form ‘class =xx:’, where the claso
the parameters file. is the type of task (‘SRCE’ for o traffic generator, ‘MUX’

for & multiplexer, etc.) and is the tag-value that was
bound to the falee link. On finding this striag, the tagk
then imterprets the following parameters os ito personal
configuration file. Special routines are used to parse the
file while enouring that at the same time the entire file is
passed on to ite children in the boot-tree without mod-
ification or lozs. Once the entive file hogs been read and
interpreted, the configuration process is complete and the
simulation can begin.

At thio atage a task still does not know on which in-
put channel it will receive the configuration information;
further, it does mot know on which output channels, if
any, it must forward the information co that it can reach
its neighbours. To obtain thic information a boot-tree is
built which starts at the task connected to the fixed topol-
ogy part of the network (there is exactly one such task)
and extends outwards until all the tasks know a parent
and any children they might have. The protocol for doing

this in the presence of loops is quite complex if the nse of
timeouts are to be avoided; the petri-net in figure 3 rep- 4 THE SYNCHRONIZATION MECHA.-

"resents the code running on just one channel pair of one NISM

task (all of the channels in the simulator are paired, one

input and one output, to the same remote tagk), the same In 2 sequential discrete event simulation, the synchroniz-
code runs on each channel pair throughout the simulator. ation of the simulation is maintained by manipulation of

a data structure called the event list. This contains the
pending events in the system in time-atamped order. The
simulation progresses by removing the event with the ear-

offor of Dooatile liegt time-stamp from the list and procescing it. If another
{ono for oceh thrord . oy s s . . -

o cmenod pre—oot event is generated, it io inserted into the event list at ite

time-stamp posgition. Thus the simulator processes the

- events in synchronized chronological order. If we now dis-

tribute the simulation over several processors, each having
a local event list, it becomes possible for a processor to
process an event which is not the earliest. Also, in pro-
cessing this event we may affect conditions for carlier, as
1_seat_roferticn yet unsimulated events. Thus the future is affecting the
past, which is cleatly unacceptable, and is known as a

e s

%} 2 e causality ervor.

o presoos Thus, synchronization schemes can fall into one of two
categories; conservative approaches and optimistic ap-

4’1_ proaches, see Fujimoto (1990) for a fuller explanation of

(.:.;g these terms. Conservative approaches avoid causality er-

e rors ever occurring by relying on some strategy of de-

termining events which are “safe” to process. That is,

they must determine when all events that could affect the
event in question have been processed. An added prob-

R =] - & Loy poesg

1S temincted 1. troncattor lem which categorises various conservative approaches is

Kev: that of deadlock. If processes do not have a “safe” event

¥ which they can process then they are blocked and can-

O Lozl e D Qo oo not progress. If a cycle of blocked processes occurs then
0 ERwshedo we have deadlock and the simulation will grind to 2

halt unless the deadlock can be broken. In the Chandy-

. . . . . Misra conservative approach used here (Chandy, Holmes
Figure 3: Petri-net showing the state transitions for a and Misra 1979, Chandy and Misra 1979 and Chandy

single channel while determining the download path and Misra 1981), NuLL-messages are used to avoid dead-
for the simulator. The ‘square’ states are shared by all lock situations o'ccutl'ing. NuLL-messages are only used
of the channels, which have been omitted for clarity, for synchronization purposes and do not correspond to
making it impossible for more than one channel to be any activity in the physical system being simulated and,
activated as a receiver. hence, have no message content only a time-stamp tnuu.
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Thus, it is essentially o promise that the sending process

will not send o real message to the destination process
 with a time-stamp less than ¢ny.u. NULL-messages are
sent on each outgoing port whenever & process finishes
processing an event; ¢y being o lower bound on the
time-stamp of the next outgoing message on each outgoing
port calculated from the time-stamp value ascociated with
each incoming port and knowledge of the simulation per-
formed by the process. Generally conservative synchro-
nization approaches can achieve good performance with
sparsely-connected systems which have less opportunity
for deadlock and/or an application which contains good
lookahead properties. Lookahead refers to the ability to
predict what will, or will not, bappen in the simulated
time future based on application specific knowledge.

For an ATM link it is possible to derive a simple formula
that describes the number of cells that will be in transit
across o link of given length at any one time (the link can
be considered as a delay line):

LSa
{c

N =

where L is the length of the link, S is its speed (adjusted
to account for overheads such as framing), » is the re-
fractive index of the transmission media (typically, about
1.5 for a glass fibre), ! is the cell size and c is the speed
of light. Considering, for example, a 15 km link running
at 150 Mbit/s, then there may be up to twenty-six cells
in transmission across the link at any time; longer, or
faster, links would have correspondingly larger numbers
of cells in transit. This “pipeline” is used to advantage
as a method of lookahead within the simulator. Effec-
tively, a destination task can see a small amount of fu-
ture behaviour for the link: this can then be exploited
for two ends; the avoidance of deadlock with fewer NuLi-~
messages and the improvement of concurrency between
the processes.

In the Chandy-Misra simulation, there is not normally
an event processor in the classical sense. Instead, events
are replaced exclusively by messages and the order of pro-
cessing is determined by selecting the message with the
oldest time-stamp: there must be & message available
from each incoming link in order to be able to do this;
the absence of a message causes the node to block. In the
ATM Network Simulator an event manager is used; con-
uently, in addition to adding dependence on the link
echanisms to the code of the event manager, monitor-
ng for messages would be inefficient. To overcome this,
he synchronization routines are implemented as normal
vents that run in the same manner as all other events in
he simulator: two events are required for each link to 2
emote process; these are a NuLL-message generator and
process blocker. )

The NuLiL-message generator runs on the output of a
nk: it compares the current simulation time with the
ime when a message was last sent to the remote process;
this is less than a propagation delay it simply resched-
les itself to a time one propagation delay later than the
me at which the last message was sent; otherwise, it

must be exactly one propagation delay since o message
wog last cent, 20 & NuLL-message is generated to the
remote process and the generntor reschedules iteelf one
propagation delay later. The process blocker compares
the gimulation time ogainot the time wher o mensage was
lost received ocross o link from the remote proceas; if this
is lecs than o propagation delay thea it cimply resched-
ules itoelf for one propagation delay after the time the last
message was received; otherwise it blocks the current pro-
cezs until o message is received and then reschedules itself
accordingly. The process blocker appears to the rest of the
pimulation 0o o routine that takes just oufficiently long to
execute that the process remains in gynchronization with
its neighbours; however, while blocking, it consumes no
processing time.

8 THE SIMULATOR RESULTS

The results produced by the simulator consists of sets of
statistics for the simulator performance, the traffic pat-
terns and the switching-node activity. The simulator per-
formance can be assessed from the run time, processor
usage and link usages. The performance of the synchro-
nization mechanism is clso monitored, along with several
other aspects, by an event profiling process. This gives
the number of instances and and percentage processing
time spent on various simulation events. Such profiling is
made easier a8 the transputer has hardware timers which
allows the profiler to be run at fixed time intervals. Traffic
patterns are reported as o set of histograms of the voice
delay statistics for each souzce in the network. Switching-
node activities are also reported as histograms of the input
quecue lengths to the Orwell rings, the ring reset and cell
delay statistics.

8 PERFORMANCE ANALYSIS OF THE
SIMULATOR '

The ultimate goal with parallel simulation is to obtain a
simulator that runs as quickly as possible; if the speed
of the parallel simulator is less than that of & conven-
tional simulator then there is no reason for using it (and
many good reasons for not doing so0). However, it is nor-
mally impossible to directly compare parallel and sequen-
tial simulators since the two are written in an entirely
different manner and the programmer rarely wants to
write both. A good indication of the possible behaviour
of the conventional simulator can sometimes be obtained,
though, by running an optimized version of the paral-
lel simulator on a single processor. The time taken for
the single processor version to run can be compared with
that for the multiprocessor version and the speed-up of the
simulator is then the ratio of the time for the multipro-
cessor version to that for the single processor: normally
this should lic in the range between one and n, when the
multiprocessor version is run on » processors; & speed-up
of n is said to be linear, as defined by Helmbold and Mc-
Dowell (1990). If the speed-up is greater than n we have
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superlinear speed-up and, if the speed-up is less than n,
we have sub-linear opeed-up.
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Figure 8: Network topology used for the simulator
erformance analysis runs. The basic processor as-
ignments are also shown; a traffic eource presents a
ery small load to a processor 8o it may be safely com-

ined with a local exchange without unduly affecting
he load balance.

b

The performance results given here are for the ATM
etwork Simulator configured as shown in figure 8: the
etwork consists of four ATM exchanges in a fully-
onnected trunk network and eight ‘local’ exchanges each
f which is dual-parented onto two trunk exchanges; cach
ocal exchange has two traffic generators. The exchanges
ere all running the Orwell ring protocol (see section 2).
wo sets of results were taken with differing switch ca-
acities and traffic mixes. In both cases the links were
unning at 150 Mbit/s and the propagation delay was set
0 1x 10" s (equivalent to about 20 km of glass fibre,
r about 35 cells). The results for the lower traffic loads
ere taken using 150 Mbit/s Orwell rings for the switches
d with a mixture of voice and mobile traffic; the re-
ts for the higher loads used purely voice traffic and
ring speed of 600 Mbit/s. With the smaller capacity
itches the maximum link loading was about 15%, but
as increased to about 50% for the high-capacity rings.
wo single processor simulations were run for cach load:
e with identical code to the multiprocessor version, the
optimized version; the other with the redundant multi-
exers removed to speed message transfer, the optimized
rsion. In the following graphs, when the load is shown
is expressed as the average percentage of the capacity
a link.

Figure 4 shows the time taken to simulate the two mod-

els on twelve processors. The fact that the two curves do
not pass through the origin has two causes: the NuLy-
message traffic for low loads and the overhead of simulat-
ing the ring oslot-rotation action for the Orwell protocol.
That it is the latter that represents the largest factor can
be inferred from the fnct that the NuLL-message traffic
generated for each of the two curves is almest identical

for o given link loading (see figure 7); co if thic wos the

couce the two curves would cut the nxis at the same point.

Figure 5 chows the speed-up of the simulator as o func-
tion of load. It chows, for the 150 Mbit/s rings, that even
for o load of just 15% of maximum copacity, the speed-up
is approaching the ideal linear volue of 12 for the unop-
timized version, and is starting to level out nt just over
10 when compared with the optimized version. The dif-
ference between the two curves represents the proportion
of the processing time that is taken up in switching the
messages from one processor to another. The speed-up
of the cimulator relative to the unoptimized version can
also be estimated from the processor activity monitoring
of each of the transputers in use: the results from do-
ing this agree well with the upper curve shown. Figure 5
shows, for the 600 Mbit/s rings that in comparicon with
the unoptimized single processor version the speed-up is
greater than 9 for all loads simulated, and for link loads
greater than 30% it is almost linear.

It can be scen from figure 6 that the speed-up degrades
gracefully with increasing NuLL-message ratio; but, for-
tonately, as can be seen from figure 7, the NuLL-message
ratio remains very low for a large range of the load.
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Performance of parallel simulators for ATM networks.
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Abstract

Recent work has concentrated on the use of parallel processing to achieve high speed
simulation of Asvnchronous Transfer Mode (ATM) networks. Initiallv a model for a
network of ATM switches based upon the Ornwell ring was developed. Near linear
speed up of processing with the addition of further processors was achieved through
the exploitation of physical network parameters during the design of the
svnchronisation mechanism. This technology was then applied to a burst level ATM
simulator. The implementation of a conservative svnchronisation scheme and the
mapping of B-ISDN functions to the parallel discrete event simulator have been
achieved through the design of a lavered modular architecture.

[ntroduction

The performance evaluation of telecommunication networks becomes analytically
intractable as the complexity of the network increases and transient conditions are
investigated. Conventional sequential simulations suffer from excessive processing
time which is required to gather sufficient data to achieve the required degree of
confidence. These problems increase as the size, complexity and traffic intensity of the
network increases and as behaviour of interest to the performance engineer such as
component failure is modelled in greater detail. The network is modelled by muitiple
queues and servers operating concurrently. One approach to speeding up the
simulation in this parallel environment is to use a multiprocessor array as the
stmulation engine.

The multiprocessor architecture described in this paper was initially developed to
study, at the cell level. the detailed operation of switch behaviour, network behaviour
and particularly the integration of mobile communication protocols into the
Broadband environment [7].

A research programme funded by the European Commission for Research in
Advanced Communication technologies in Europe (RACE) was charged with the
development of an ATM simulator. The RACE simulator was designed to operate at
the burst level to further speed up the simulation process [13]. Near real time
generation of results and interfacing to other projects would provide an ATM network
emulator. It incorporates features reflecting the growing understanding in the
Telecommunication Management Network (TMN) community of the likely
functioning of the Broadband Integrated Services Digital Network (B-ISDN). It may
be used to prove implementation issues such as the performance improvement in
switch processing that accrues from the use of virtual paths (VP).

The 1ssues of parallel simulation have been widely studied, The hardware architecture,
the decomposition of the model to produce the parallel software processes, mapping
the processes onto the processors and the synchronisation have been reviewed by
Mouftah and Sturgeon [15] and by Hind [11]. A general review of parallel simulation
ts provided by Fujimoto and Nicol [9].

8/1



Simulator Architecture

The general architecture chosen for the two simulators is basically similar. The
techniques were initially proved using networks of Orwell rings {1], (8] and toruses to
model a B-ISDN network at the cell level. Background information on ATM networks
and cell structure can be found in the books by Handel and Huber [10] and by Prycker
[17]. At the burst level of the RACE simulator there is no need to model the detailed
operation of the switch. This provides opportunities to investigate higher level issues
such as call acceptance functions and network management.

The simulators consist of multiprocessor simulation engines, a layered software
architecture which includes the messaging system and synchronisation, and a host
computer for user interaction.

Simulation engine.

The ATM simulation engine consists of a network of Inmos transputers. This was
initially developed as a high speed circuit-switched network simulator with code
written in OCCAM, and later as a traditional packet-switched simulator [3]. The
testbed consists of up to 31 transputers each with 16 Mbytes of memory. The results
given for the cell level simulator used 13 T800 processors. one with 16 Mbytes and
the others with 1 Mbvte. The testbed has a double layer of cross-point link switches
which enables the network to be configured in any arbitrary topology so that the
system being simulated can be mapped closely onto the processor network. This also
means that the path length for message passing i1s kept to a minimum; there is no
shared memory in the system.

A requirement for the RACE simulator was that it use commercially available and
supported components. The transputer arrays chosen for use in Sun and PC
workstations had less flexible connectivity but the arrays were smaller and the
messaging system was designed to achieve virtual full connectivity without the need
to physically reconfigure switches. The transputer is an ideal building block for
distributed memory multiprocessors emploving message passing. It has hardware
support for multitasking, concurrency and communications.

Software architecture

Commercially available software ranges from general purpose simulation languages to
specific network simulation packages. The general purpose languages provide great
flexibility but consume large computing resources. The network packages are often
built from general purpose languages (and hence consume large amounts of
computing resource) and were found to have insufficient flexibility for our purposes.
The simulators were written using standard compilers. A graphical user interface was
provided for the RACE simulator to enhance 'ease of use'.

The simulators have been structured in a hierarchical manner. Functionality has been
separated into layers with each layer building upon the abstraction of the layer below.
The lowest laver consists of the physical links between the transputers. These links are
reconfigurable but are set to a given topology at the start of each simulation. Above
this 1s a multiplexor task. This runs on each processor and provides the abstraction of
virtual channels between each task regardless of where they are in the processor
network. The multiplexor provides message buffering, routeing, and a virtual topology
configuration that matches the simulated network. The cell level simulator contains a
simple packetizer layer that reduces the communication overhead by collecting cells
into larger and more efficient packets.

In the RACE simulator a processing node will typically host one or more simulated
network nodes. The simulated network nodes consist of several processes and are



programmed during the initial configuration to represent switches, sources, network
management, sinks and loop-back nodes.

The synchronisation layer time stamps each message on despatch and uses this at the
receiver to maintain synchronisation. For control and diagnostic messages this layer
can be bypassed. An event manager for each node schedules the components of the
simulation model. A full description of the ATM cell level simulator 1s given in [5],
(6], and for the RACE simulator in [14].

Synchronisation

Time in a discrete-event simulator is advanced upon the execution of each task from
the event list. The aim is for the simulation to move forward monotonically in time by
selecting the event that is the least distance into the future. The simulation of the event
will generate zero or more further events for execution at some time in the future.

If a single event list i1s maintained no synchronisation is required although
management of the list can be a problem. For distributed simulation the event list is
maintained local to each processor and synchronisation is required to avoid causality
errors. Conservative synchronisation avoids causality error by only processing the
current event when there is certainty that no other event could affect it. There is a
possibility that the system could deadlock by waiting indefinttely until it is safe to
proceed.

Optimistic synchronisation proceeds with the local event list until a causality error
occurs at which point a rollback scheme is implemented to recover from the error. A
fuller explanation of these terms can be found in Fujimoto and Nicol [9].

A conservative approach was chosen because it gives good performance with sparsely
connected systems which have less opportunity for deadlock. Null messages are used
to avoid deadlock in the Chandy-Misra [2], [16] conservative scheme. These indicate
to connected processors that no event will arrive with a time stamp less than that of the
null message. Significant lookahead was possible because of the propagation delays of
an ATM network. This allowed greater concurrency to be achieved with fewer null
messages. It has also been shown analytically and in practice that the scheme is
deadlock free [4].

Performance of the cell level simulator

The performance of the cell level simulator has been determined from results gathered
during production runs. A useful network topology was constructed, a warm up period
was allowed before gathering results and the simulation run was long enough for the
statistics gathered to be significant. The results were used to validate the simulator,
examine the performance of the Orwell switches and verify the operation of the
protocol developed to manage mobile voice traffic on the network [7].

The speed-up of the cell level simulator relative to a single processor 1s shown as a
function of load in figure 1. In all the figures, traffic load is expressed as the average
percentage of the capacity of a single link. For the 600 Mbit/s rings the speed-up is
almost linear with link loads of greater than 30%. This shows that the communication
overheads in the parallel simulator are effectively hidden and that the synchronisation
method is very efficient.

Figure 2 shows that the speed-up degrades gracefully as the null message ratio (NMR)
is increased; fortunately the null message ratio remains low for a large range of the
link load as can be seen in figure 3.
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Further performance measurements were taken using symmetrical distances between
switches of 2 km, 20 km and 200 km; and using a UK national network. The national
network has the same topology but the inter-switch distances range from 51 km to 343
km and the source to switch distances from 0.5 km to 7.5 km. The national network
thus has asymmetric propagation delays and lookahead. These measurements were
repeated with an asymmetric traffic pattern; half of the sources transmitted and
received at twice the rate of the other half. The network average load was 28.27%.

These experiments showed that lookahead was the key factor in speed-up. Figure 4
shows a large increase in speed-up between 2 km and 20 km, with a further smaller
increase between 20 km and 200 km. The speed-up for the national network was
comparatively low. Further results show that the number of null messages required
becomes large when the lookahead is low and this reduces the speed-up (figure 5).

RACE simulator features

Following the encouraging preliminary resuits from the Durham cell level simulator,
it was decided to utilise a similar architecture for the RACE simulator. A coarser
granularity of simulation was decided upon and a burst level was used for the traffic.
The simulator was targeted at several different users and this required a robust
modular construction so that different models and svnchronisation schemes,
developed by different partners. could be used in particular configurations.

The programmable burst generator can be configured to represent one of the following
traffic profiles:

PCM coded telephony at 64 kbps leading to 171 cells per second.

Tasi coded telephony talk spurts of 32 kbps exponentially distributed with a mean
of 0.35 sec., and silence of 0 kbps exponentially distributed with a mean of 0.65
sec.

File transfer modelled as a call that consists of one or more bursts. In the case of
more than one burst the burst length and time between bursts are exponentially
distributed. The bit rate for these bursts is user selectable.

Video traffic is modelled as either one way as in video broadcast or two way as in
video conferencing. A separate PCM telephone connection may be used for sound.
The picture is characterised by bursts of 0.04 sec. duration with a mean bit rate of
22 Mbps and a maximum rate of 78 Mbps. In a three party conference there will
be six video and six sound connections to the conferencing node.

All messages between concurrent processes, whether they are on the same transputer
or not, are required to pass through a kernel, to simplify messaging and
synchronisation. The kernel orders task execution according to simulation needs. The
flow control mechanism has to ensure two things: first that the routeing can operate
with a finite number of buffers. 1. e. a fixed amount of memory (deadlock free); and
second that all messages will eventually be delivered, regardless of other traffic
(livelock free).

The RACE simulator thus has a highly structured hierarchy and parallelism is mainly
achieved through the kernel module. The other modules such as traffic profiles and
generation, burst processing in the switches and network management are C
programmes developed and tested in a conventional serial manner. Conversion to the
parallel environment often requires only minor changes such that a high degree of
confidence about the correct functioning of the module is gained before it is run on the
transputers. :
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Burst level processing allows the RACE simulator to generate results faster than real
time. However events of interest to network management occur infrequently in a well
designed B-ISDN due to the low bit error rate and general capabilities of the network.
Further speedup in the generation of events is achieved by abnormally loading the
network and setting call acceptance parameters so that they do not reject any calls.
This leads to buffer overflow and cell loss. Extensive work on the effects of scaling
has been conducted by Kesidis and Walrand [12] to show that when carefully applied
it can give a good indication of the likely performance of a real network.

Conclusions

The results show that, when carefully optimised for a particular task, parallel
simulation can provide significant advantages. The results for the production runs with
the cell based simulator being particularly good. The RACE simulator was an
ambitious project built using software modules from different parties. The overhead
required to ensure encapsulation and interworking of the modules means that the
simulator hasn't reached its potential. Sequential simulators at Durham University
providing equivalent functionality currently outperform the parallel RACE simulator.

The transputer has been surpassed in terms of raw processing power by newer
microprocessors and certainly for less detailed simulations it is preferable to use single
sequential processors rather than transputer arrays. The attraction of a scaleable
parallel processing environment remains for high speed processing, however. Newer
processors are being equipped with features to support parallel operation.
Alternatively hybrid combinations of powerful processors with transputers for
messaging are possible. Inmos are seeking to redress the balance with the introduction
of the T9000, however we await delivery of the processor at the moment.

The approaches outlined in this paper have lead to the production of simulators that
can produce results faster than real time (depending on level of detail). The flow of
execution in the parallel processors is controlled by completion of communications
without the need for polling and interrupts which would add further processing
overheads and delav. The simulators have been used to assess the performance of
ATM switches, networks, call handling procedures and protocols for mobile
operation.
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Figure 5: NULL message ratio (NMR) as a function of load for a range of lookahead values and symmetric and
asvmmetric traffic patterns.




