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1. INTRODUCTION

A major task for local area network administrators is determining the network’s
performance and then accurately predicting it under different circumstances. To do
this, careful testing and evaluation of the network first needs to be done under both
normal and user-defined conditions [AMER83]. In order to predict performance, an
analytic or simulation model can be developed and calibrated with the measurements
obtained from a given workload. With the calibrated model, the impact of different
parameters can be examined in order to predict network performance under varying

conditions.

This study addresses the task of determining and predicting performance of the
LocalNet™ 20 network at NSWC. In section two, the topic of network measurements
is discussed. Section three describes the implementation of a CSMA/CD analytic
model defined by Tobagi and Hunt [ToBA80] (see Appendix A), developed for the
purpose of evaluating a LocalNet channel. In the fourth section, future direction
and efforts in evaluating LocalNet are discussed, and finally, different papers of

interest and the model program listing are included as appendices.

2. MEASUREMENTS

The topics covered in this section include the considerations that need to be
addressed in setting up network measurements, the issues involved in designing
measurement environments, and some case studies described in the literature. Also
discussed are the measurements that can currently be made on the LocalNet

network.

2.1. Considerations

In setting up network measurements, the first step is to determine what to

measure [AMER82]. The ideal situation is to have a measurement center that records

* LocalNet is a Trademark of Sytek, Inc.



all possible information in order to avoid having to redesign the measurement tools
and having to rerun the tests at a later time. Unfortunately, the amount of storage
required to handle this information is huge. As a result it becomes necessary to
first decide what questions need to be addressed by these measurements. Some

potential questions include the following:

-  What problems have surfaced in the daily network operations that need to

be evaluated?

- How much and what kind of traffic can the network handle? What are the

impacts on performance?

- Does the network traffic need to be characterized for later analytic or

simulation purposes, and if so, what information is necessary?
-  Could the network be reconfigured to perform “‘better” ?

The questions raised about the network are usually concerned with obtaining
either a traffic or a performance characterization of the network over a given period
of time. Ultimately both characterizations are goals to be addressed by the
measurements. For a traffic characterization, the aim is to describe the workload
that has been placed on the network over the measurement period which has
resulted in a particular performance measure [AMER82]. If the traffic is generated by
artificial means, the workload is already known. The results of characterizing traffic
can then be used as inputs to an analytic or simulation model of the network or
subnetwork. Also, if it is possible to replicate the traffic at individual nodes (using
artificial traffic generators), then with a change in network configuration, the same
nodal traffic patterns can be rerun and results compared to the original ones. A

discussion of workload or traffic characterization is found in [FERR83].

A performance characterization consists of the performance results obtained from

a given load and network configuration. Some metrics include time delays, such as



mean waiting time of packets, and channel utilizations. These metrics can be used
to aid in calibrating an analytic or simulation model after feeding it the inputs

found by characterizing the traffic.

Once the questions have been decided, the next step is to determine what
network information is neceséary to satisfy these questions. If a measurement goal
is to characterize traffic, it would be advantageous to gather data about the
frequencies of different kinds of packets over a period of time and their respective
sizes. On the other hand, if a measurement goal is to characterize performance, one

might want to keep track of the channel acquisition time of each packet generated.

Finally, once the information required has been defined, the methods for
gathering this information need to be determined. Can the necessary information be
gathered by a central monitor on the channel or only by the individual nodes?
Information that can be obtained from a packet’s header can usually be gathered by
a central monitor, while other items such as waiting time or channel acquisition time
of packets need to be gathered at individual nodes. This consideration is further

discussed in the next section.

2.2. Design Issues of Measurement Environments

There are four areas that need to be addressed in the design of a measurement
environment: artifact, the location of the measurements in the network, artificial
traffic generation, and off-line versus on-line analysis. The following discussion on
these areas is similar to that presented by Amer [AMER82] (see appendix B). The
topic of measurement environment design has also been discussed in other

publications [AMER83] [STOK80] [SHOC80] [GONs85] [FERRS3].

Artifact is defined as the amount of interference on the system being measured,
due to the monitoring device(s). Ideally, this is a quantity to be minimized. If

there is any artifact resulting from measurements, its magnitude should be calculated



in order to determine the impact on measurements taken. The location of the
network measurements, discussed next, has an effect on the amount of artifact in the

network.

In considering where to locate the measurement gathering activities, there are three
approaches to evaluate: centralized, decentralized, and hybrid. With the centralized
approach, there is a single measurement device or interface that observes the
activities on the channel. Information found in packet headers can be obtained, in
addition to channel performance measurements such as channel busy periods, channel
utilization, and the interarrival ti]:ﬁes of packets onto the channel. This is the

method of measurement gathering implemented on Sytek's LocalNet [SYTE83al.

There are several advantages and disadvantages to a centralized approach. One
advantage is the absence of artifact on the network. The centralized approach is
also less costly, since only a single monitoring device is needed and no additional
hardware or wires are required. The main disadvantage is that not all necessary
information can be obtained -with this approach. The centralized approach is very
useful when the network is centrally controlled, but the CSMA/CD network is
distributed and thus the information available only at each interface or node is not
collected. For example, the amount of time a given node defers transmitting a
packet is a value that a centralized monitor cannot determine. Another disadvantage
to a centralized approach is that some of the timings obtained may be biased due to

the propagation delays incurred between a node and the monitor.

‘With the decentralized approach, additional memory and real-time clocks usually
need to be incorporated at each node or interface in order to gather the nodal
measurements. The advantage to decentralized measurements is that most
information is now available for evaluation. The tasks that a central measurement

center would do have now been distributed to each node or interface, with the



individual node statistics collected as well. However, the decentralized approach is
more expensive than the centralized method, due to the additional memory and
clocks needed. There are also the potential problems of clock synchronization and
the possible overhead or artifact introduced if it is necessary to transfer data to a

central location during the measurement period.

The hybrid approach is a compromise between the centralized and decentralized
methods. With this approach., all possible data is collected centrally; however, at
each user node or interface, minimal modifications are made in order to gather some
measurements locally. The advantage of a hybrid method is that accurate and
comprehensive measurements can be obtained which are not as costly as a
decentralized approach. However, a certain amount of complexity has been added in
coordinating the decentralized and centralized analysis [AMER82]. It may be desired
to periodically consolidate information at a central location during the measurement
period, which may introduce artifact if sent over the network, or additional wiring
if not. Variations of the hybrid approach have been implemented by [AMER82],

[SHOC80], and [GoONs85].

Artificial traffic generators is another area to be considered when designing a
measurement center. One reason for including them is for the purpose of “stressing”
the network. A network’s performance is usually not significantly stressed under
“normal” operating conditions [AMER83], [METC76], [SHOC80]. As a result, in order to
detg_rmine the network's performance at heavy loads, it becomes necessary to generate
theée loads artificially. A second reason for including artificial traffic generators is
for the added capabilities of producing repeatable traffic patterns and knowing
exactly the characterization of traffic. These allow for the comparison of a network
to either another network or to an analytic or simulation model with identical

workloads defined. Artificial traffic generators have been implemented as part of test



programs defined at different nodes [SHOC80] [GONs85], and as a microcomputer

system [STOX80].

The fourth area to be addressed is whether to do off-line or on-line analysis of
measurements. In off-line analysis, measurements are stored and evaluated after the
measurement period has completed. On-line measurements analyze and summarize
measurements on a display during the measurement period. Off-line analysis is
simplier to accomplish but requires more storage, while on-line analysis is more

complicated and may introduce artifact.

2.3. Reported Network Measurements

Three examples of measurement studies on CSMA/CD-based networks are
discussed in this section. For each study, the method of measurement gathering, the
experiments conducted (if known), and its goals are presented. For the actual
measurement and performaﬁce results obtained, the reader is referred to the

respective papers.

Shoch and Hupp Study

This study investigated characterizing both the traffic under normal network
operations and the performance for high loads on an Ethernet network. A hybrid
approach was used to gather measurements. To aid in characterizing normal traffic,
most of the data was collected by a central monitor or interface. Among the data
gathered for this purpose included network load wvariations over different time
periods, source-destination traffic patterns, inter-packet arrival times to the channel
over a given time period, packet latency, and overhead. A summary of the actual

data obtained is found in their paper [SHOC80].

To investigate performance for high loads and for the- special case of having

continuously queued sources, artificial traffic generators were used to create the



network load. Each generatdr was actually part of a test program that had been
sent to idle machines on the network by a special control program. Statistics on
successful packets were collected at each machine and retrieved by the control
program upon termination of the measurement period. Measurement tests were
performed only at night during low network usage. This method was also used by

Gonsalves [GONs85].

Performance was evaluated for both high loads and continuously queued sources
in terms of channel utilization, stability, and fairness. Channel utilization or
throughput is defined as the fraction of total time that good packets are being
transmitted on the network [SHOC80]. The stability of a network is concerned with
network’s ability not to halt or deadlock due to an increasing offered load. Ideally
the dynamic control algorithms are supposed to provide stability as the load
increases. A discussion of stability and ways to evaluate it can also be found in
the Toense study [TOEN83], which is the next study presented. Finally, fairness deals
with the way a channel is shared. In a non-prioritized network, each host should
have an equal opportunity to use the channel. Methods on how to measure fairness

are described in various papers [SHOC80] [TOEN83] [GoONs85].

Toense Study

In his report on the performance study of NBSNET, Toense describes the
measurement experiments performed, as well as the evaluation of these measurements
[ToEN83] (see Appendix C). To gather the necessary measurements for characterizing
performance, a hybrid approach was employed. For the experiments six traffic
generators (representing nodes) were used which contained identical packet length and
interarrival time distributions. Packet lengths were constant values and varied over

the sets of tests.



The measurements gathered were the result of two classes of experiments. In
the first class, the packet interarrival times at each node were exponentially
distributed, while in the second, continuously queued conditions existed at each node.
For the first class of experiments, the interarrival times were varied for a given
packet length in order to achieve a wide range of offered loads on the network. In
the second class, there was always a packet waiting at each queue to be transmitted;

the number of traffic generators active provided the range of offered loads.

Performance of the network was evaluated in terms of stability, channel
acquisition delay, throughput, and fairness. For each of these, the impact of
different packet sizes was investigated. The data obtained from the measurements
was further analyzed by a special high-level language that included, among other

things, the abilities of non-linear fitting and data analysis.

Gonsalves Study

Two Ethernet networks with different transmission rates were evaluated in this
study, with the goal of characterizing their performances from high to very high
offered loads [GONs85] (see Appendix D). To gather the necessary measurements, a
hybrid approach was employed that is similar to the method used by Shoch and
Hupp [SHOC80]. In order to generate the high loads needed for evaluation, artificial
traffic generators were used that were part of test programs sent by a control
program to idle machines. All nodes or machines had identical behavior in the
measurement tests. Packet lengths were fixed for a given set of tests, and
interarrivals were uniformly-distributed. @ However, both packet lengths and
interarrivals varied among sets of tests in order to obtain different network offered

loads.

Performance of each network was evaluated in terms of throughput, fairness,

and channel utilization. Among the items investigated were the effects of varying



packet length and transmission rates on throughput, mean delay, and the delay
distribution. Also studied was the effectiveness of various analytic models in
predicting " network performance; these included models by Metcalfe and Boggs

[METC76], Lam [L.AM80], and Tobagi and Hunt [ToBA8O].

2.4. LocalNet 20 Measurements

The LocalNet has been described as "a collection of multichannel broadband
local networks connected by point-to-point links" [ENNI83]. It is discussed in
varying levels of detail in a number of papers [ENNI83] [BmBA81] [DINE81] [DINESO]
[SyTE83a] [SYTE83b] [SYTE83c] [SYTE83d]. For conducting measurement tests on the
LocalNet 20, our general goals are to obtain traffic and performance characterizations.
Of particular interest with respect to performance is determining if the network
becomes unstable, and if so, determining when it occurs. - In order to make an
evaluation of stability, utilization needs to be investigated over a variety of offered
loads, in particular high loads. Some sort of artificial generator is needed to create

the desired loads, a capability that unfortunately LocalNet currently does not have.

To aid in collecting the measuremenf data, the LocalNet 50/120 Statistical
Monitor can be utilized. This monitor is hooked up to the network at some point
in order to eavesdrop on a channel [SYTE83a]. A second possible method of data
collection, the NCC program REDUCE [ENNI85], is not used here due to a lack of
available information. In this section, a brief description of the statistical monitor is
first given along with the data that it collects, followed by a discussion of tests
that can presently be executed on the LocalNet 20. Additional tests that cannot be

performed at the present time but would be useful are addressed in section four.
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Statistical Monitor

The LocalNet 50/120 Statistical Monitor is an example of the centralized
approach to measurement gathering. Its purpose is to provide a snapshot of a given
channel’s activities for a specified time period which can range from one to sixty
minutes in length. However, like most centralized monitors, it does not gather any
information that is available at the individual nodes or PCUs, such as the number
of transmissions by a given node over a time period, the mean channel acquisition
delay of packets at a node, and interarrival times of packets. A description of the

monitor and its capabilities can be found in its Preliminary User's Manual [SYTE83al.

From the documentation it appears that only one type of report is generated,
with the majority of its data consisting of various counter results. The counters
reflect values obtained during the current time period, the peak time period, and the
cumulative time since the counters were last initialized using the “‘reset” command.
Some of the existing counts include the number of packets on and off the channel,
number of packets aborted (estimated), number of bad packets detected, the total
number of characters and the number of data characters, and the number of sessions
on and off the channel. Also presented in the report are the current. peak, and
cumulative channel utilizations, five packet type totals for the current time period,
and a packet size histogram that reflects packets transmitted since the last “reset”

command. The results are displayed in either a short or verbose form.

There are a few items that need to be considered abéut the data obtained by
the monitor. First of all, there is no overflow detection of counter values. The
network administrator needs be aware of this when determining the time length of a
measurement period. Another item to be considered is that there are only five
packet types monitored, when there are nine packet types defined in the literature

[ENNI83]. Not included in this group is the data packet type. A potential assumption
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to make about data packets is that any packet containing user characters is a data
packet, and thus the number of data packets can be obtained by summing the
counts in the packet size histogram. However, the histogram evaluates data packets
over the cumulative period, not just for the current period. One possible way to
get the number of data packets for the current period with the above assumption is
to initialize all counters by executing the “reset” command before each report period;
another way is to not discard the previous report in order to compare its results to

the current report and determine the impact of the given time period.

Current Measurements

Measurements obtained using the Statistical Monitor can be applied to
characterizing “‘normal” traffic behavior on a given channel. The purpose of our
study is to obtain an idea about typical network behavior on different channels of
the LocalNet 20. Not investigated though are the actual source-destination values of
each packet on a given channel. To examine a LocalNet channel, measurement
experiments can be divided into two sets, with one set addressing the channel load
over the course of a day and the other set looking at the channel during the same
time period over a few days. These sets of experiments can be repeated for each

channel of the network.

In the first set of exﬁeriments, the focus is on the nonhomogeneous traffic
behavior of a given channel over the period of a day. For these experiments, the
channel should be observed at least over the course of a working day, if not for
the whole 24 hours. The total time period needs to be broken up into a series of
measurement intervals. At the end of each interval, a report is generated that
reflects the traffic and its impact on the network for that interval. At the beginning
of the total time period, all counters are initialized; whether they need to be

reinitialized before each measurement period in order to prevent counter overflow is
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a decision for the network administrator to make. With the sum of the
measurement reports generated, trends in behavior can be determined over the total

time period.

The measurement interval for this set of experiments needs to be small enough
to detect general trends, but not too small to detect every fluctuation. This interval
should also not be so large that certain trends go undetected or cause counters to
overflow. A recommended interval is six minutes, the same used by Shoch and

Hupp [SHOC80].

For the second set of tests, the network is observed at a fixed time each day
over a number of days. The goal of these tests is to first observe in more detail
the network fluctuations and then to see if the day-to-day behavior is indeed
similar. The resulting traffic patterns should be more homogeneous in nature than
those observed in the first set of experiments. The total evaluation period and
measurement interval defined are both shorter than those used in the first set.
Recommended intervals are a six minute total evaluation period, with a measurement
interval of one minute (the smallest interval possible with the Statistical Monitor).
It is not critical as to the time of day these experiments occur, only that they
happen at the same time each day. However, it would probably be advantageous to
investigate one of the busier periods. Right before the evaluation period begins, the
counters need to be initialized using the “reset” command. After each measurement
interval, a report should be generated and saved for later evaluation. Determining
whether it is necessary to reinitialize the counters in order to avoid overflow is a

decision for the network administrator to make.
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3. CHANNEL EVALUATION TOOL

An analytic model implementation for evaluating performance aspects of a
LocalNet channel is discussed. The model implemented is one of two presented by
Tobagi and Hunt for analyzing the performance of CSMA/CD protocols [ToBA80].
In this section, an overview of both Tobagi and Hunt models is first given, followed

by a discussion of the model implementation.

3.1. Tobagi and Hunt Models

In their paper Tobagi and Hunt describe two stochastic analytic models
[ToBA80]. The first model is used to evaluate channel capacity, while the second is
used for throughput-delay analysis. Both models are described in this section,
although only one, the more difficult second model, has been implemented. For both
models the time axis is assumed slotted, with one slot time equal to the end-to-end
propagation delay of the channel. All devices are synchronized and can only begin
transmission at the start of a slot. Both models evaluate fixed-sized and variable-
sized packets. A more in-depth discussion of these models can be found in the

Tobagi and Hunt paper in Appendix A.

An infinite population model is used to evaluate channel capacity. It is assumed
that all devices on the channel together form a single independent Poisson source and
that the average retransmission delay is arbitrarily large. Every packet generated
from the single source becomes part of the group of packets competing for the
channel [CHLA85]. Using this model non-persistent and 1-persistent CSMA/CD
protocols are evaluated. For both of these protocols the time axis is observed to be
an alternating sequence of busy and idle periods. A cycle is composed of a single
busy period followed by an idle period. Since an infinite population of users is
assumed, all cycles are statistically identical. Using the assumption that the input

source is Poisson, expressions for the length of successful and unsuccessful busy
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periods are determined, as well as for the average idle period, average transmission
period, throughput, and channel capacity. Gonsalves uses this model to determine

channel caipacity for his evaluations [GONs85].

The second Tobagi and ‘Hunt model is used for delay analysis of CSMA/CD.
Only the non-persistent CSMA/CD protocol is investigated using a “linear feedback
model" [ToBA80]. A finite population of M devices is assumed with each device in
either a thinking or backlogged state. In the thinking state a device generates a
packet in a given slot with probability o and transmits it, if the channel is sensed
idle, in the same slot. In the baéklogged state the packet already generated by a
given device has either had a channel collision or been blocked due to a busy
channel. The probability that a backlogged user senses the channel in the current
slot is denoted by v: this is equivalent to saying that the rescheduling delay of
backlogged packets is geometrically distributed with mean 1/ v slots. Note that each

device has the same probabilities defined.

In the delay analysis it is assumed that M, o, and v are invariant. The
random variable N’ is defined as the number of backlogged deviceé found at the
beginning of slot ¢. An embedded Markov chain is next defined at the first slot of
each idle period. For this chain, the stationary probability matrix P between
consecutive embedded points needs to be determined, which is the product of several

single-slot matrices.

Once the matrix P is obtained, the next step is to determine the stationary
probability distribution of N®, I = [y, 7y....my]. at the embedded points. This

1x (M+1) matrix can be obtained by solving the system of equations II =II P,

M
with = the constraint that Y m; = 1. Upon obtaining II regenerative process
=

properties are used to compute average stationary channel throughput (S), average

channel backlog (N), average packet delay (D), and average waiting time or channel
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acquisition time of a packet (W). Toense looks at this model in investigating

channel acquisition delay for NBSNET [ToEN83].

3.2. Model Implementation

The "linear feedback model" presented by Tobagi and Hunt [T0OBA80] has been
implemented in software for LocalNet analysis. A listing of the Pascal program
model is found in Appendix E. In this section, the general assumptions and program

features, parameters, results, and usage are discussed.

General Assumptions and Program Features

The model program was developed for the purpose of evaluating a LocalNet
channel. Using variable-sized packets, the impact of other network channels on the
given channel is reflected in the probabilities of encountering different packet types.
There are currently four packet types defined, although this quantity can easily be
changed. These packets types include on-channel data, on-channel control, off-channel

data, and off-channel control.

Additional assumptions include the use of a non-persistent protocol and equal
priority of packets. A non-persistent protocol is used because of a comment by
Edholm that "basic operational analysis done by Tobagi/Hunt for non-persistent
CSMA/CD baseband can be extended with conservative interpretation to‘ LocalNet 20"
[EDHO83]. Since no information about the CSMA/CD persistency on LocalNet has

been obtained, the assumption for non-persistency was made.

The primary goal in the design of the model program was to make it easy to
understand upon inspection, in order to make future program modifications easier to
accomplish. An effort was made to use identifiers that .were either identical to those
used in the Tobagi and Hunt discussion (where applicable) or descriptive. Also, the

program was divided into six logical sections: global declarations, support routines,
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initialization routines, input routines, calculation routines, and output routines. The
calculations described by Tobagi and Hunt are performed by the calculation routines.
The global declaration section lists all global constants, types, and variables. The
support routines section includes all general-purpose routines that serve as an aid to
the calculations. These include routines for handling different matrix operations,
error handling, and computations of mathematical functions not implemented in
Pascal. The initialization section assigns defaults to all input variables, while the
input routines give the user the option to change them. Finally, the output routines

print out the results obtained from the calculations.

Some comments need to be made on how the stationary probability distribution

IT is determined in the model program. In this implementation, the system of

M
equations II =II P, with the constraint that } m; = 1, is solved by using a Gauss
i=0

elimination method with backward substitution and scaled partial pivoting [CONT80].
In the preliminary testing a problem with underflow has been detected as the
number of devices (M) increases. Storage also becomes an issue as M increases.
Tobagi and Kleinrock [TOBA77] address these problems in an appendix of their paper
that deals with stability of CSMA. Their method of solving the system of

equations is one that could be implemented at a later date.

Parameters and Results

A list of program input parameters, needed for the analytic model
implementation is given along with the results obtained froﬁ the program. For each
input parameter, a definition is given and a default value specified, where appiicable.
The variable defaults can be changed when running the program, a feature that is

discussed in more detail in the next section dealing with program wusage.
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Constants:

BPS - The bandwidth of the channel, in bits per second. The default value is
128,000.

MAXDEVICES - The maximum number of devices attached to the channel. The
default value is 30.

NUMLENGTHS - The number of different packet types (lengths) evaluated by the
model. The default is 4.

INTERACTIVE - A flag indicating whether input mode is interactive or not. It is
set to true, since this is the only mode currently implemented.

ROWSIZE - The number of real elements printed out in a row of output.

Variables:

M - The number of devices attached to the channel. Its default value is 20.

tau (7) - End-to-end propagation delay, in seconds. Its default value is 0.0003, the
delay for "a system with a longest cable leg of 30 km" [ENNI83]. This delay
is equivalent to one slot time.

gamma (y) - Time that all devices stop transmitting, given that a collision occurs,
in slots. It is computed using 7, €, and {. The variable “igamma’” is its
corresponding integer value.

nu (¥) - Probability that a backlogged device senses the channel in the current slot.
This is set to 0.01.

sigma (o) - Probability that a device in the thinking state generates a new packet
and, if the channel is sensed idle, attempts to transmit it. Its default value
is 0.02.

xi (&) - Time for a device to detect interference, once thé interference has reached
it. It is assumed that this time is 1 bit time = 1/ BPS.

zeta ({) - Period used for collision consensus reenforcement. Since no information
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was found on this with respect to LocalNet, its default value has been set to
0.
DEBUG - Flag used to print out intermediate values computed by the program.
These values are sent to the file “outdebug™ ; its initial value is false.
TRACE - Flag used for determining the routines executed by the program. Its
output is sent to the file “outdebug”™ ; its initial value is false.

length - Array containing the length of the different packet types. in bits. Its
default values are 916, 108, 956, and 148, representing an on-channel data
packet, on-channel control packet, off-channel data packet, and off-channel
control packet, respectively.

problength - Array containing the probabilities associated with the different packet
types. Its default values are 0.3, 0.5, 0.05, and 0.15.

T - Array containing the transmission timé of packets, in slots. This is computed
from length, tau, and BPS.

Tmean - Mean transmission time of packets, in slots. Its associated integer value is

“iTmean.”

A description of other global variables used in the model program can be obtained

from the program listing, found in Appendix E.

Intermediate results, as mentioned earlier, can be obtained by setting the
DEBUG flag to a true value. If DEBUG is true, it is also generally useful to set

the TRACE flag to true as well. The results of the program are listed below.

- Average stationary channel throughput

- Average packet delay ( 3 values )
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1) Normalized to Tmean, in slots
2) In slots
3) In seconds

- Mean waiting time or channel acquisition time ( 2 values )

1) In slots
2) In seconds

- Average channel backlog

Usage

The questions of how t§ actually run the model program and how to use it
for evaluation purposes are addressed here. When the model program is executed,
the user is first presented with a list of parameters and default values and is given
the opportunity to change them. If any change is desired, the program then lists
each default value with the user given the option to modify it. After all defaults
have been reviewed, the user is given the chance to reevaluate them again if so
desired. If no modifications are necessary, the model calculations begin. A list of
results are displayed on the screen upon the successful termination of the

calculations. Some sample runs of program execution are found in Appendix F.

The model program is a measurement tool that can be used to determine some
basic channel characteristics. Only the low-level channel access mechanisms involving
CSMA/CD can be evaluated;: not included are the effects of the higher level
protocols. The most desirable situation for using this tool is after measurements
have been obtained using artificial traffic generators, with both individual node and
overall channel measurements gathered. At this point the traffic is pretty much
characterized and the model can be effectively calibrated with the measurements. A
certain amount of calibration can also be made from observed measurements obtained

without traffic generators. However, it is a more difficult task due to a probable lack
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of information, and some accuracy is lost in the process. Once the model has been
calibrated by channel measurements, its parameters can be varied in order to
determine their impact on model performance; from this study, the associated

channel performance can be inferred.

Upon determining v, y, and 7 for a given LocalNet channel, the effect of
changing o and thus the load on the channel can be investigated. A similar
evaluation was done by Tobagi and Hunt [ToBA80], who also performed several
other evaluations using the "linear feedback model". Gonsalves makes the observation
that Tobagi and Hunt "predicted that instability sets in when the probability of a
packet transmission attempt” in two slot times approaches one [GONS85]. This result
could be used for predicting instability on the LocalNet channel. Upon obtaining
results from various o values, plots could be generated to depict the effects on

delay and throughput.
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4. FUTURE EFFORTS

A few ideas are discussed in this section with respect to future direction and

efforts in LocalNet evaluation. Concerning our efforts, some investigation needs to

be done on the detected underflow problem mentioned earlier, as well as completing

the testing of the model program. Other tasks that could be considered and pursued

are listed below, along with some additional comments.

¢))

()

(3)

@

Determine what questions need to be addressed in doing network and channel
measurements. Once this has been decided, determine what information needs
to be gathered and how to collect it. These tasks were addressed earlier, in the

measurement section of this paper.

Implement the first model developed by Tobagi and Hunt, which investigates
channel capacity. The most difficult part of this task is determining how to

maximize throughput S in order to approach the channel capacity.

Develop artificial traffic generators for different nodes of a channel. Probably
one of the easier and less costly ways to accomplish this task would be
something similar to that done by Gonsalves [GONsS85] and by Shoch and Hupp
[SHOC80]: develop a control program that passes generating programs to
detected idle nodes. These programs are then set to start at the same time and
run for a fixed period of time. With these generators the ability to set packet
size(s) and packet generation times would be included. A known load can thus
be applied to the channel and stability can be determined. There also needs to
be added to each node some capacity to collect measurements. Possible data to
be collected includes channel acquisition time of packets and number of

collisions involved at that node per packet.

Investigate the effects of higher level protocols on performance. Needed are

analytic models of these higher levels which are implemented in the PCUs.
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Our program would then be one of several components to be evaluated in order

to determine values such as user response time.

Carry out timing studies of several items in the network. These include the
following:

- timing of the bridge, i.e., the amount of time to send a packet through the
bridge, once all locations are known.

- timing of the link, i.e., the amount of time to send a packet through the
link, once all locations are known.

- timing of a PCU, i.e., the amount of time to send some information through
the layers at a PCU before being transmitted.

- slot time of a channel, i.e., the time to send a bit between the two farthest

points on the channel.

Investigate the possibility of having dynamic control in the network (or
channel). It may be of some interest to restrict network traffic, if the load
reaches some predetermined threshold value or condition. There are a couple of
items to be considered in such an investigation: how to determine when the
threshold or user saturation point is reached and what to do once it has been
detected. A study by Crigler attempted to determine the user-saturation point
of a single channel [CRIG85]. As was discovered by this study, it is not an
easy task. The measurement investigated was packets per second, which if
measured by a central monitor probably represents the number of valid packets
on the channel. As the load on the channel increases to very high loads, the
number of aborted packets will also increase, a quantity not considered in the

packets per second measurement.

It is also important to consider what can be done once a determination of
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threshold is made. One obvious action to take is to have some sort of message

or signal sent to the PCUs to “slow down", when the threshold is detected.

Obtain from Sytek any information they may have on LocalNet 20
measurements and evaluations they have made. A wriieup for the viewgraphs

presented by Edholm [EDHO83] would be very useful.
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1. Introduction

There are numerous reasons why advances in local
area communication networks have significantly
increased in the past few years. The recent interest
in the application of the (now available) inexpensive
processing power to office and industrial automation,
the necessity for the sharing of expensive scarce
resources, the need for local collection and dissemina- .
tion of information, and the rising interest in distri-
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buted architectures for data processing are but a few
exampies. .

Just as in any field, the development of local area
computer communication systems is subject to a
number of constraints. Simplicity, flexibility and reli-
ability usually portray these constraints. The environ-
ments in question are generally characterized by a
large and often variable number of devices requiring
interconnection. Such environments call for networks
with simple topologies and simple inexpensive con-
nection interfaces which provide great flexibility to
accommodate the variability in the environment, and
which achieve the desired leve] of reliability.

Several architectures have been proposed which
include MITRE’S Mitrix, Bell Telephone Laboratory’s
Spider, and U.C. Irvine’s Distributed Computing Sys-
tem (DCS) [1—4]. Spider and DCS use a ring topol-
ogy, while Mitrix uses two one-way busses imple-
mented by CATV technology. As for system control,
Mitrix and Spider use a central mini-computer for
switching and bandwidth allocation, while DCS uses
distributed control. '

Another network architecture, based on the
packet broadcasting technology and exemplified by
Ethernet [5] appears to be a very effective solution in
satisfying the above mentioned constraints. Packet
broadcasting is attractive in -that it combines the
advantages of both packet switching and broadcast
communication. Packet switching offers the efficient
sharing of communication resources by many con-
tending users with unpredictable demands; broadcast
communication, whenever possible, eliminates com-
plex topological design problems. Given that com-
puter communication traffic is bursty in nature, it
hLas been well established that it is more efficient to
provide the available communication bandwidth as a
single high-speed channel to be shared by the many
contending users, thus attaining the benefits of the
strong law of large numbers. This clearly results in a
multiaccess environment that calls for schemes to
control access to the channel, referred to as random
access schemes. The earliest and simplest such scheme
is the so-called pure-ALOHA, first used in the
ALOHA-System [6]; unfortunately, pure-ALOHA
provides a maximum channel utilization which does
not exceed 18%. Another such scheme, carrier sense
multiple access (CSMA), has been shown to be highly
efficient in environments with propagation delays
which are short compared to the packet transmission
time [7]. In essence, CSMA reduces the level of inter-
ference caused by overlapping packets in the random

multiaccess channel by allowing devices to sense
carrier dué to other users’ transmissions, and inhibit
transmission when the channel is in use. Packets
which are inhibited or suffer a collision are resched-
uled for transmission ‘at a later time according to
some rescheduling policy. o

Ethernet is a local communication network which
uses CSMA on a tapped coaxial cable to which'all the
communicating devices are connected. The device
connection interface is a passive cable tap so that
failure of an interface does not prevent communica-
tion among the remaining devices. The use of a single
coaxial cable naturally achieves broadcast communi-
cation. Moreover, given the physical characteristics
of data transmission on coaxial cables, in addition to
sensing carrier, it is possible for Ethernet transceivers
to detect interfersence among several transmissions
(including their own) and abort transmission of their
colliding packets. This produces a variation of CSMA
which we refer to as carrier sense multiple access with
collision detection (CSMA-CD). It is networks of the
Ethernet type that we address in this paper.

CSMA in fully connected environments has been
previously analyzed and its performance derived
[7—10]. We extend here the analysis of CSMA to
accommodate coliision detection. This analysis pro-
vides the throughput-delay performance of CSMA-CD
and its dependence on such key system parameters as
the average rescheduling delay and collision recovery
time. We furthermore characterize the improvement
gained by CSMA-CD over CSMA for fixed and vari-
able size packets.

The CSMA-CD schemes are described in section 2,
followed by the analysis in section 3. Numerical
results are discussed in section 4.

2. The CSMA-CD schemes

Carrier sense schemes require that each device with
a packet ready for transmission senses the channel
prior to transmission. A number of protocols exist
which pertain to the action taken by the terminal
after observing the state of the channel. In particular,
a terminal never transmits when it senses that the
channel is busy. Tobagi and Kleinrock described two
such protocols in the context of ground radio chan-
nels [7,11]. They are the non-persistent CSMA and
the p-persistent CSMA protocols. These protocols are
extended here to environments in which the collision
detection capability is available.
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In the non-persistent CSMA-CD scheme, a terminal
with a packet ready for transmission senses the chan-
nel and proceeds as follows.

1. If the channel is sensed idle, the terminal initiates
transmission of the packet.

2. If the channel is sensed busy, then the terminal
schedules the retransmission of the packet to some
later time and repeats the algorithm.

3. If a collision is detected during transmission, the
trarismission is aborted and the packet is scheduled
for retransmission at some later time. The terminal
then repeats the algorithm.

In the 1-persistent CSMA-CD protocol (a special case

of p-persistent CSMA), a terminal which finds the

channel busy persists on transmitting as soon as the
channel becomes free. Thus a ready terminal senses
the channel and proceeds as in nonpersistent CSMA-

CD, except that, when the channel is sensed busy, it

monitors the channel until it is sensed idle and then

with probability one initiates transmission of the
packet.

The p-persistent protocol is an enhancement of the
1-persistent protocol by allowing ready terminals to
randomize the start of transmission following the
instant at which the channel goes idle. Thus a ready
terminal senses the channel and proceeds as in the

- above schemes except that when the channel is sensed
busy, the terminal persists until the channel is idle,
and

(i) with probability p it initiates transmission of the

packet

(i) with probability 1 — p it delays transmission by

7 seconds (the end-to-end propagation delay); if,

at this new point in time, the channel is sensed

idle, then the terminal repeats this process [steps

(i) and (ii)], otherwise, it schedules retransmis-
~ sion of the packet to some later time. ‘

Note that the p-persistent and non-persistent pro-
tocols become identical if the rescheduling delays are
chosen for both protocols as an integer number of

7 delay units geometrically distributed, with param-

eter p (the parameter in the p-persistent protocol).
This follows because of the memoryless property of
the geometric distribution. In this paper we analyze
only the non-persistent and 1-persistent protocols.

In all CSMA-CD protocols, given that a transmis-
sion is initiated on an empry channel, it is clear that it
takes at most one end-to-end propagation delay, 7,
for the packet transmission to reach all devices, as
depicted in fig. ; beyond this time the channel is
guaranteed to be sensed busy for as long as data trans-

DEVICE DEVICE
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ASTARTS —reps === = = == = = = -
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COLLISION DETECTED

3
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{ CHANNEL JAMMED
i 3 __l_.
—‘T '
¢
i TIME AX1S

EMPTY CHANNEL

U ——

Fig. 1. Collision Detection and Recovery Time in CSMA-CD.

mission is in process '. A collision can occur only if
another transmission is initiated before the current
one is sensed, and it will then take, at most, one
additional end-to-end delay before interference
reaches all devices. (See fig. 1.) Let £ denote the time
it takes a device to detect interference once the latter
has reached it. £ depends on the implementation and
can be as small as 1 bit transmission time, as is the
case with Ethernet [5]. Furthermore, Ethernet has a
collision consensus reenforcement mechanism by
which a device, experiencing interference, jams the
channel to ensure that all other interfering devices
detect the collision. We denote by ¢ the period used
for collision consensus reenforcement. Given that a
collision occurs, the time until all devices stop trans-
mission, 7, is thus given by *

\

1 We assume that the sensing operation is instantaneous on

this (high-bandwidth) channel. .
2 This assumes that all interfering devices undertake the col-
lision consensus reenforcement.
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y=2r+E+g.

The time until the channel is again sensed idle by all
devices is clearly y + 7.

3. Analysis

We assume that the time axis is slotted where the
slot size is the end-to-end propagation delay. For sim-
plicity in analysis, we consider all devices to be syn-
chronized and forced to start packet transmission
only at the beginning of a slot. When a device
becomes ready in some slot, it senses the channel
during the slot and then operates according to the
CSMA-CD protocols described above.

3.1. Analysis o f CSMA-CD with fixed size packets

3.1.1. Channel capacity

As in previous analysis of random access schemes,
channel capacity is obtained by considering an infi-
nite population model which assumes that all devices
coll'ective]y form an independent Poisson source, and
that the average retransmission delay is arbitrarily
large [7,10].

Consider first the non-persistent CSMA-CD proto-
col. We observe on the time axis an alternate sequence
of transmission periods (successful or unsuccessful)
and idle periods. A transmission period followed by
an idle period is called a cycle (see fig. 2). With the
infinite population assumption, all cycles are statisti-
cally identical. Let g denote the rate of devices
becoming ready during a slot. Let 7 denote the trans-
mission time (in slots) of a packet. A successful trans-
mission period is of length T+ 1 slots. In case of a
collision, the length of a transmission period is y +1

slots. Given that the source is Poisson, the probability
that a transmission is successful is 2 = ge ~#/(1 — e 7¥);
the average idle period is 7 = e™¢/(1 — e~8); the aver-
age transmission period is TP = P.T + (l —P)y+1;
and the throughput is given by .

PT
TP +1

S=

_ Tge™®
Tgef+(1-e¥—ge®¥)y+1"

(M

The channel capacity is- obtained by maximizing S
with repect to g.

Consider now the 1-persistent CSMA-CD protocol
We observe on the time axis an alternate sequence of
busy and idle periods, whereby a busy period is any
collection of juxtaposed transmission periods sur-
rounded by idle periods. A busy period followed by
an idle period constitutes a cycle (see fig. 3). Again,
all cycles are statistically identical. Let B denote the
average duration of a busy period, / the average dura-
tion of an idle period, and U the average time during
a cycle that the channel is carrying successfui trans-
missions. The throughput is given by § = U/3 + 7).
In this infinite population model, the success or failure
of a transmission period in the busy period is only
dependent on the preceding transmission period (and
thus its length), except for the first transmission
period of the busy period, which depends on arrivals
in the preceding slot. Accordingly, given that a trans-
mission period in the busy period is of length XY(X =
T + 1 or v + 1), the length of the remainder of the
busy period is a function of X, and we let B(X)
denote its average. In the same manner we define
U(X). Let q{X) be the probability that there are
i arrivals in X slots. Under the Poisson assumption,

UNSUCCESSFUL SUCCESSFUL
TRANSMISSION TRANSMISSION
PERIOD PERIOD
1 4/ SRR 1‘ Lo
4 IDLE
nupAs PERIOD T

Fig. 2. Transmission and Idle Periods in Slotted Nonpersistent CSMA-CD. (Vertical arrows represent users becoming ready to

transmit).
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SUCCESSFUL UNSUCCESSFUL SUCCESSFUL
TRANSMISSION TRANSMISSION TRANSMISSION
PERIOD PERIOD PERIOD
h ! r i
. i s :
1 { l //,. , /'/‘ !
T+1 Y+ T+1
IDLE __ | . lea IDLE
PERIOD BUSY PERIOD PERIOD

Fig. 3. Busy and Idle Periods in Slotted 1-persistent CSMA-CD. (Vertical arrows represent users becoming ready to transmit).

gi(X) = (gX)'e~8X/it. B(X) is given by

BO0 = P [T 1+ (1 = ol + 1) BT+ 1)
- 9:(X) v
i [1 T "QO(X)]
Xy+1+(1 —go(y+ D)) B(y+1)]. @

Writing eq. (2) with X =T + 1 and X =7y + 1, we ob-

tain two equations in the two unknowns, B(T + 1)

and B(y + 1). The average busy period B is then given

by B(1), expressed in terms of B(T + 1) and B(y + 1).
Similarly, U(X) is given by

) _
U =1 o T+ (- e + D UT + )]

q:(X) _
+ [1 T oih —qo(X):l[(l Go(y + D) Uy + 1)] .

(3)
By taking X = T+ 1 and X =7 + 1, we obtain two
equations in the two unknowns U(T + 1) and
U(y + 1). As above, U = U(1) given in terms of
KT + 1) and U(y + 1). T is simply equal to
1/(1 —e™%). Note that when v = T, the expression for
the throughput of 1-persistent CSMA-CD reduces to
that of 1-persistent CSMA as given in [7].

3.1.2. Delay Analysis

We consider here the non-persistent protocol. To
analyze packet dealy, we adopt the same “linear feed-
back model” used for the analysis of CSMA in
[9,10]. The model consists of a finite population of
M devices in which each device can be in one of two
states: backlogged-or thinking, In the thinking state,
a device generates and transmits (provided that the

channel is sensed idle) a new packet in a slot with
probability o. A device is said to be backlogged if its
packet either had a channel collision or was blocked
because of a busy channel. A backlogged device
remains in that state until it completes successful
transmission of the packet, at which time it switches
to the thinking state. The rescheduling delay of a
backlogged packet is assumed to be geometrically
distributed with a mean of 1/v slots; this in effect is
identical to considering that each backlogged user
senses the channel in the current slot with a prob-
ability ». ' :

In this study, we assume M, ¢ and v to be time
invariant. We consider 7 (the slot size) to be the unit
of time. We again denote by S the average stationary
channel throughput defined as the fraction of channel
time occupied by valid transmissions. We denote by C
the channel capacity defined as the maximum achiev-
able channel throughput. We finally denote by D the
average packet delay defined as the time lapse from
when the packet is first generated until it is success-
fully received by the destination device.

Let N* be a random variable representing the num-
ber of backlogged devices at the beginning of slot r.
We follow the approach used in [9], and consider the
embedded Markov chain identified by the first slot of
each idle period (see fig. 4). We then use properties
resulting from the theory of regenerative processes to
derive the stationary channel performance under
CSMA-CD, as outlined in [9,10].

We seek the transition probability matrix P
between consecutive embedded points. P is the pro-
duct of several single-slot transition matrices which
we now define. NV is invariant over the entiré idle
period except over slot 7, +/— 1. We denote by R
the transition matrix for slot te+/ — 1 and Q for all
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Fig. 4. The Embedded Slots in Nonpersistent CSMA Schemes.

remaining stots of the busy period. Since the length
of the busy period depends on the number of devices
which become ready in slot 7, +7 — 1, we write R as
R =S + F, where the (7, k)th elements of S and F are

defined as

s;x = Pr{N"¢*/ = k and transmission

is successful INe* "1 =7} | 4)
fix = PriATe™ =k and transmi. sion
is unsuccessful N1 =4} (%)

For any slot 7 in the busy period, Q simply reflects
the addition to the backlog from the M — N’ thinking
devices. If the transmission is successful, the trans-
mission period has length T + 1;if it is unsuccessful,
its length is v + 1. The transition matrix P is therefore

expressed as
P=SQT U+ FQ™! | (6)
where S, F, and @ are given by

0
fork<i
(1 — P [iv(1 = »)' 1)

1 - —»)(1 — oM

_ fork =i )
T - o1 — oM=L — )

1 —(1=w)(1 -0

fork=i+1
0
fork>i+1

0
fork <i

(1 =71 = (1 —v) —i(1 = v)'7"]
1—(1=2)(1 = o

.. fork =i _ .
i M- i) o1 — W11 = (1 = »)] ®

1 — (1 —v)(l - oM
fork=i+1
(o - opses
1= (1 =»)(1 - oM
fork>i+1 .
. ,

for k<i o
qix = )

/A{—_ - X
=Y e
k—1

fork>=1i

and where J represents the fact that a successful
transmission decreases the backlog by 1, its (i, ¥)th
elements being defined as

1

) fork=i-1

Jik = 0 (10)
otherwise

It is clear that with v =T, the above expression for P
then corresponds to CSMA without CD. Let II=
[mo, My, ..., mar] denote the stationary probability dis-
tribution of V' at the embedded points. I1 is obtained
by the recursive solution of [T=I1P.

Since N'e is a regenerative process, the averzge
stationary channel throughput is computed as the
ratio of time the channel is carrying successful trans-
mission during a cycle (an idle period followed by a
busy period) averaged over all cycles, to the average
cycle length [9,10]. Therefore we have

M
gﬂiPs(i)T
s=— ,
gni 1 _{5[_1’ 1 +Ps(">T+ [1 ”Ps(f)] 7}

(11)
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Py(i) is the probability of a successful transmission
during a cycle with Ve =/, and is given by

P@) = (M = 1) o(1 — o)M=-1(1 - p)f

i1 =vf 71 = M) /(1 = (1 = v (1 = o)
(12)

(1 —8)7", where ;= (1 —»)i(1 — o)M= is the aver-
age idle period given N'e =/,

Similarly, the average channel backlog is computed
as the ratio of the expected sum of backlogs over all
slots in a cycle (averaged over all cycles), to the aver-
age cycle length [9,10]. Therefore we have

M

. ,-‘?6””[1 _iéi+A(f)] |

M
Eni{l ~ +1+Ps(f)r+[1—Ps(f>17}

=0 - 0;

(13)

where A(7) is the expected sum of backlogs over all
slots in the busy period with V"¢ =, and is given by >

T M y M
A =;Z(; Z};‘[SQ’},ﬁl . 2,1‘[FQ’},','
. 1=0 j=i =0 J=i

=§§j[5’£ Q‘+FZ7>Q’:I (14)

By Little’s result [12], the average packet delay (nor-
malized to 77 is simply expressed as

D=N/S (15)

3.2. Analysis of CSMA-CD with variable size packets

T is now a discrete random variable. Let

oo

G1) & 20 2'Pr (T = 1) (16)

=1

be the generating function of the distribution of 7. In
case of collison, regardless of the number of colliding
packets and their lengths, the length of the busy
period is v + 1. In case of success, the length of the
busy period is now random and has the same distribu-

3 For an arbitrary matrix B, we adopt the notation [B);; to
represent the (7, /)th element of B.

tion as T + 1. The reason this is true, despite the fact
that the length of a packet remains constant during
its entire lifetime, is simply explained by the fact that
the successful or unsuccessful outcome of a transmis-
sion period is solely dependent on the number of
devices becoming ready at the beginning of that trans-
mission period, and is independent of the lengths of
the contending packets. Since the length of the busy
period in case of a collision is constant (equal to
v + 1), the evolution of the channel over time is sta-
tistically identical to that in which the length of a
packet is drawn from the packet length distribution
only when its transmission is successful.

However, in the case of CSMA without collision
detection, the collision period is a function of the
lengths of the contending packets so the evolution of
the channel over time is not statistically identical to
that in which the length of a packet is drawn from
the length distribution upon success. We include in
appendix A an approximate analysis of CSMA in
which the packet length at each transmission is inde-
pendently redrawn from the packet length distribu-
tion.

The performance of nonpersistent CSMA-CD can
thus be obtained from the previous analysis with the
following simple modifications. The mairix P is now
rewritten as

P=SG(Q) QJ + FQ™*! ‘ (17)
and T is replaced by

TL 2 Pr(T=1) )

t
the average packet size, in all of equations (1), (11),
(13)and (14). , )

In this case, the average packet delay given by Eq.
(15) is normalized with respect to 7. For the same
reason stated above, the average channel acquisition
time (i.e., the time from when a packet is generated
until it starts its successful transmission), denoted by
W (in slots), is given by

W=DT-T (19)

Accordingly, the delay incurred by packets of length
t is expressed as

D =W +1 (in slots) . ‘ (20)

[t is interesting to note that for any throughput S, the
difference in the delay incurred by packets of two
different sizes is just the difference in transmission
time of these packets. Smaller packets incur a smaller
delay. The throughput contributed by packets of



e

~ size r, denoted by S is expressed as

tPr{T=1:}S
= ——i— 21)
t T (21)

4. Numerical Results and Discussion
4.1. Fixed Packet Size

The behavior of CSMA-CD for fixed 7y is, as
expected, similar to that of CSMA [9], namely its
throughput-delay performance is sensitive to v, and
therefore to the average retransmission delay. Figures 5
and 6 display the throughput-delay curves for non-
persistent CSMA and CSMA-CD respectively, with
M =50, T =100,y = 2, and various values of v. For
a fixed value of v, the channel exhibits a maximum
achievable throughput which depends on that value,
hereafter referred to as the v-capacity. We observe
that, for a given v, CSMA-CD always achieves, again
as expected, lower delay for a given throughput and a
higher v-capacity *. The optimum throughput-delay
performance is obtained by taking the lower envelope
of all fixed-v curves. Overall, CSMA-CD provides an
improvement both in terms of channel capacity and
throughput-delay characteristics. ‘

We discuss now the sensitivity of this improvement
to the collision detect time, 7y, and the packet
length 7. Just as with CSMA, the larger T is, the
better is the CSMA-CD performance for fixed 7. In
fig. 7, we plot the channel capacity for the nonper-
sistent CSMA-CD versus v for various packet lengths.
The capacity at y = T is that of CSMA. The relative
improvement in channel capacity obtained by CSMA-
CD becomes more important as T decreases, that is,
as the performance of CSMA degrades. We note for
example that at best (i.e., when 7y = 2) this relative
improvement is about 16% (0.62 to 0.76) for 7 =10
and about 11% (0.86 to 0.96) for 7' = 100. Clearly,

for larger T (T = 100), nonpersistent CSMA provides

relatively high channel capacity, and thus leaves little
margin for improvement. With the I-persistent proto-
col, however, the improvement can be more substan-
tial. Channel capacity increases from about 0.53 for

4 Note that for all values of v used in plotting figs. 5 and 6,
the 1-capacity with CSMA-CD approached the channel
capacity (maximized over v); there are values of » (higher
than v = 0.15) for which the v-capacity is much lower than
the CSMA-CD channel capacity similarly to what is seen in
fig. 5 for CSMA and v = 0.10.
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1-persistent CSMA to about 0.93 for l-persistent
CSMA-CD with y = 2.

The effect of CD on the minimum delay (opti-
mized with respect to v) for a fixed channel through-
put is seen in fig. 8, where we plot this minimum
delay versus v for the nonpersistent case with M = 50
and T = 100. We note that the higher the throughput
is the better is the improvement. At low throughput
(e.g., S = 0.20), the delay is insensitive to v. With
moderately high throughputs (e.g., S = 0.68), the
delay with CSMA-CD (at y = 2) is 70% that of CSMA.
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PACKET DULAY

...........
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Fig. 8. Packer Delay'in CSMA-CD at Fixed Throughput
Versus v.
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As the throughput approaches the CSMA channel
capacity (e.g. § = 0.84) the ratio in delay can be as
low as 1/3 in favor of collision detection (y =2).0f
course, for even higher throughputs, CSMA-CD
achieves a finite delay as long as v is sufficiently
small.

The (S. G) relationship for CSMA-CD is displayed
in fig. 9 along with the curves corresponding to the
ALOHA and CSMA schemes. This figure exhibits
again the improvement in channel capacity gained by
CSMA-CD over all other schemes. For random access

—
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Fig. 10. Channel Capacity and Packet Delay at Fixed
Throughput Versus» for CSMA and CSMA-CD.
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schemes in general, the fact that the throughput
drops to zero as the offered channel traffic increases
indefinitely is indicative of unstable behavior [9,14].
With CSMA-CD the ability to maintain a throughput
relatively high and near capacity over a very large
range of the offered channel traffic (see fig. 9) sug-

gests that CSMA-CD may not be as unstable as the -

other schemes. That is, in the absence of dynamic
control, CSMA-CD is capable of sustaining proper
behavior when the channel load exceeds that for
which the system has been tuned (i.e., optimized with
respect to v). (Note that, with respect to this stability
argument, the nonpersistent CSMA-CD proves to be
superior to 1-persistent CSMA-CD, in that it offers
high throughput over a larger range of the offered
traffic.) We further illustrate this important feature
by plotting in fig. 10, as a function of », the v-capac-
ity and the packet delay at various channel through-
puts for both nonpersistent CSMA and CSMA-CD
(y =2) with T = 100 and M = 50. As» approaches
zero, the delay at fixed throughput gets arbitrarily
large (due to large retransmission delays), while as v
approaches 1, the v-capacity approaches zero (due to
higher level of interference among backlogged
devices). Thus there is a limited range for » which is
of practical interest. As we see in fig. 10, for T=100
this range is about (0.005, 0.3). The v-capacity curve
for CSMA-CD is flat over a large portion of this range;
with CSMA, the »-capacity drops steadily as v
increases. and exhibits insensitivity only for smaller
values of v falling outside our range. Consider now
CSMA. Given a channel throughput S, packet delay
decreases as we increase » (starting from relatively
small values) and remains relatively constant, until,
due 1o the decrease in v-capacity, we reach a value of
v for which the v»-capacity approaches S, and thus the
delay increases very sharply; this “practical” range of
v gets narrower as .S increases, indicating that for high
throughput, the system requires fine tuning. Let S =
0.60 be, for example, the (moderate) stationary chan-
nel throughput we expect the system to support. The
channel is properly tuned (i.e., minimum delay is
achieved) for v in the range (0.04, 0.08). Consider
now that the offered load on the channel is time-
varying and suppose that the desired throughput
exceeds 0.60 reaching values close to channel capac-
ity (e.g., S = 0.84). This actually happens for increas-
ing values of o (i.e., when devices generate packets at
a faster rate). If the desired load remains at such a
high value for a relatively long period of time the
channel saturates (ie., the throughput drops to a low

value, nearly all devices become backlogged and
packet delay increases indefinitely). We can certzinly
support variations in offered load covering the entire
range of achievable throughputs (S < 0.84) by setting
v at a value in the (now narrow) range correspording
to §=0.84. This is achieved at the expense of
increased average delay for S = 0.60 of 36% (from 2.2
to 3) unless, of course, dynamic control is exercised
[91. ’

With CSMA-CD, on the contrary, there is a rela-
tively wide range of » for which the delay at fixed
throughput is near optimum for all throughput levels
up to 0.92.

Numerical results obtained for different values of
the system parameters, namely A =50 and 250, and
T=10 and 100 have shown that basically as T
decreases or as M increases or both, then CSMA-CD
starts exhibiting a behavior similar to that of CSMA,
while always achieving improved performance.

In summary, the kind of improvement over slotted
ALOHA we saw in [9] for CSMA due to carrier
sensing, is now seen in CSMA-CD over CSMA.

4.2. Variable Packet Size

It is clear from the above discussion that as the
packet size decreases the improvement obtained with
collision detection is more important. We inquire nere
about the performance of the channel with collison
detection when packets are of variable length. Instead
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Fig. 11. CSMA Channel Capacity Versus a for Dual Pscket
Size.
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of examining the general message length distribution
case, we present here numerical results for the simpler
dual packet size case; that is, traffic consists of a mix-
ture of short and long packets. This simple distribu-
tion represents accurately many real situations,
among them the important instance of the mixture of
short packets resulting from interactive traffic and
long packets resulting from file transfers. In fact,
measurements performed on Xerox’s Ethernet have
clearly exhibited such a distribution [15]. Moreover,
results obtained here are expected to be representa-
tive of the performance of a channel in more general
packet length distributions.

We let L, (L,) denote the transmission time of
short (long) packets. We let a denote the fraction of
packets generated which are short. Figure 11 displays
the non-persistent CSMA channel capacity versus «
for the case of short packets equal to 10 (slots) and
three cases of long packets (100, 200, 400). The
capacity of the channel decreases as increases. With
larger values of L, (eg., L2 = 400), this decrease is
fairly slow until @ is about 0.80; beyond 0.80 the
capacity rapidly declines to reach the (lower) capac-
ity of T = L. This shows that a relatively small frac-
tion of long packets in the traffic mix can result in a
channel utilization close to that obtained with only
~ long packets. However it is important to note that, as
the fraction of long packets increases. the fraction
of channel capacity due to long packets, denoted by
C,, increases extremely rapidly to the detriment of
that due to short packets, denoted by C,, which
decreases dramatically. This is seen in fig. 11 where
we also plot C; and C, versus . Recall that, by Equa-
tion (21) which also holds for CSMA under the
independence assumption, C, and C, are given by

oL,
QLI"'(I —Q)Lz
(1 —a)L,
Cr=——
ol +(1 —a)L,

G =

(23)

where C is the channel capacity.

In fig. 12 we plot the capacity versus o for CSMA-
CD (L, = 10, L, = 100) at various values of v, along
with the corresponding CSMA capacity curve. The
insensitivity of CSMA-CD capacity to variations of
« over a large range of « is more apparent than with
CSMA. However, the relative importance of C; and
C, remains the same as in CSMA since the ratio of Cy
and C, is independent of the capacity.

In fig. 13 .we plot the packet delay (averaged over
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Fig. 12. CSMA-CD Channel Capacity Versus « for Dual
Packet Size. . )

all packets and normalized to L;) versus throughput
for various values of a for both CSMA and CSMA-CD.
Packet delay includes the (successful) transmission
time of the packet; thus clearly as the fraction of
long packets increases, so does the average packet
delay. Figure 13 exhibits the clear tradeoff between
average packet delay and attainable channel capacity

as the mix « varies. The improvement due to collision

detection is also apparent for all values of a.

Most commonly, short packets belong to inter-
active users who require small delay, while long
packets result from file transfer which, when intro-
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packet delay for short (long) packets, respectively. In
fig. 14 we plot for CSMA-CD, D, and D, versus §
(S; +S,) for various values of @ and M = 50; L, = 10;
L, =100; v = 2. As pointed out in the previous sec-
tion the difference between D, and D, for a given
value of a is always L, — L,;. For a given global
achievable channel utilization S, D, and D, increase
as the fraction of long packets increases in the mix;
indeed the presence of long packets increases the
waiting time W (the time to acquire the channel). In

fig. 15, we plot D; and D, versus S, and S, respec- -

tively for various values of a, illustrating the degrada-
tion in throughput-delay tradeoff for short packets as
the fraction of long packets 1 — ¢« increases. The
throughput-delay tradeoff for long packets, how-
ever, improves.

Consider now a channel required to support inter-
active traffic at some level §;. Certainly S, has to be
lower than the channel capacity at @ = 1. Assume that
Sy is at some low level (e.g., 0.05 to 0.2). The intro-
duction of long (file transfer) packets in view of
achieving a higher channel utilization has the negative
effect of significantly increasing the delay for the
interactive traffic. This is illustrated in fig. 16 where
we plot D, versus 1 — « for fixed values of S;. Clearly
the channel utilization increases with 1 — « as shown
in fig. 17 where we plot S versus | — « for fixed S,.
Thus in summary as the traffic mix includes more and
more long packets, the overall channel capacity is
improved in favor of long packets and to the detri-
ment of the throughput-delay performance of short
packets, indicating the need for priority schemes to
maintain good performance for interactive traffic.

5. Conclusion

We extended the models used in the analysis of
CSMA. to cover the cases of collision detection and
. variable size packets. It was shown that the through-

put-delay characteristics of CSMA-CD are better than
the already highly efficient CSMA scheme. We charac-
terized the improvement in terms of the achievable
channel capacity and of the packet delay at a given
channel utilization as a function of the collision
detection time. Furthermore we established the fact
that i uncontrolled channels (i.e., with a fixed aver-
age retransmission delay) CSMA-CD is more stable
than CSMA, in that with CSMA-CD both channel
capacity and packet delay are less sensitive to varia-
- tions in the average retransmission delay.
We then studied the performance of these schemes

in presence of variable size packets. Numerical results
have been obtained for the interesting case of dual
packet size. It was shown that a small fraction of long
packets is sufficient to recover a channel capacity
close to the (higher) capacity achieved with only long
packets. tlowever the improvement experienced by
the introduction of long packets is in favor to the
latter and to the detriment of the throughput-delay
performance of short packets, establishing the neces-
sity to design and implement priority schemes.
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Appendix

A. Variable Packet Size CSMA Without Collision
Detection ‘

All previous analyses of CSMA have dealt with fixed
packet size [7—10]. In order to compare the performance of
CSMA-CD to that of CSMA in presence of variable size
packets, we undertake here the analysis of the latter. An im-
portant factor contributes to the complexity of an exact
analysis. Contrary to CSMA-CD, the length of a busy period
here is a function of the number of contending devices and
their packet lengths. Accordingly, the backlog at an em-
bedded point is a function of not only the backlog at the
previous embedded point but also on the length of packets in
the backlog. Conversely, the packet length distribution for
those packets in the backlog is correlated with the number of
such packets. For the sake of tractability we consider an
approximate analysis based on removing this correlation by
continually redrawing the lengths of packets independently
from the packet length distribution °. :

Let N'e = | be the state of the system at some embedded
point f¢; let k denote the number of backlogged devices at
the start of the corresponding transmission period (that is,
k — i new devices have joined the backlog in the last slot of
the idle period). Let B be the random variable representing
the number of devices simultaneously transmitting. If the
transmission period is successful, then B = 1 with probability
one. Given e = and given that the transmission period is
unsuccessful, the distribution of B is given by

5 This assumption was made by Ferguson in the analysis of
pure-ALOHA which exhibits a similar correlation; the'valid-
ity of the assumption in the context of pureeALOHA was
verified by simulation [13].
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Ppbli: failuresk - D &
Pr{B = bIN'e = and transmission unsuccessful and

k - i new arrivals}

‘)
(b —k+i) p-C-Dg — kb
k-izl;k—-i<b<k

1
(b _ ) ub-—!(l _v)f—b'l-l
1—(1~-vwy

= k-i=1;2<b<k (AD)

i
(b) w1 — )b

1 —in(l —p)i—l =1 =)
k-i=0;2<b<k

otherwise

The length of the busy period, denoted by Tmax, is equal to
the maximum length among all B packets. Given B = b, the
distribution of Ty ax is given by

Py 1b)2 Pr{Tmmax < t1B =b} = [Pr{T < the. (A2)

It is thus clear from the .above discussion that the length of
the busy period is a function of the state of the system in
slot re(Ne = Mfe *1=1) =) and inslot 1o + [(N'e * I'=py.
Given the two latter conditions, and given that Tiyay =1, the
state of the system at the next embedded point is j with
probability [Q"* Ilk}x Therefore, removing all conditions,
the (i, /)th element of the transidon matrix P is now given by

Pij = [SGHQD) QTYy

M k o
s { 2 {Eﬁk(g’“)k,hmx(nb)]

k=i |b=k—il =1

4 -

X Pp(bli: failure; k — z'); . (A3)

Similar considerations lead to the following expressions for
the stationary channel throughput and backlog:

M
L P T

i—0
S= -, (A4)

v

1 - = .
"i[l P +1+P(NTH+ Tmax(’)]
—9j

IMz

M

i
E"'{x - +A(n]

= i=0 =5

N= ) (AS)

+ 14PN T+ fmum}

where
7”‘=ZE: Pr{T =1} (A6)
=
Mk o S
Tmax(d = ZJ[ 2 (E ’fikPTmax(”b))
k=i | b=k—i \t=1
X Pp(bii; failure; k — t’)] (AT)
M T
A(z)=2i(§ EQ’) +
j=i 1=0 i
M M k oo T
2;{2 { b [ f,-k(EQI) PTmax(rlb)]
j=i k=i |p=k—ilr=1 =0 ki
X Pg(bli; failure; k ~ l')} (A8)

Under the independence assumption made in anzlyzing
CSMA_with variable size packets, the delay obtained by the
ratio N/S is normalized with respect to 7. Moreover under
this assumption equations (19), (20, and (21) hold here too.

B. Derivation of Channel Capacity Using the Infinite
Population Model

Here all cycles are statistically identical. The averags time
during a cycle__that_the channel is carrying a valid transmis-
sion is simply U = Tge~8/(1 — e~%). The average idle period
is, as before, 7 = e &/(1 — e ~%). The distribution of B is given
by Pr[B = b] = gPe /b!(1 — e~¥). Given B = b, the average
transmission period is

TF=2u (1-@e{T<hby. : (A9)
t=1

Therefore the throughput is given by
§=— Ts . (A10)
142 2 &1 - @ {r <thP)

b=11=1
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A Measurement Center for the NBS Local Area
Computer Network

PAUL D. AMER

Abstract—This paper describes a measurement center for the
NBSNET. a distributed, broadcast local area computer network (LAN)
at the National Bureau of Standards. A LAN measurement center
allows careful testing and evaluation of a network under normal and
varving user-defined conditions. The measurement center consists of
three components: an artificial traffic generator, a monitoring system,
and data analysis software. The traffic generator emulates varied loads
on the network, allowing for controlled experimentation and functional
testing. The monitoring system captures measurement information
about both artificial and normal network traffic. Analysis software
summarizes this information into ten measurement reports following
each monitoring period. Implementation issves and problems are
discussed.

Index Terms—Broadcast network, CSMA /CD, local network,
measurement, multiple access channel, performance evaluation.

[. INTRODUCTION

LOCAL area computer network (LAN) is broadly de-
fined in [7] as a set of “‘computers” whose communi-
cation takes place over limited distances between 10 and
10 000 m. Besides micros. minis, and large-scale systems, the
set of computers includes terminals. line printers, and other
devices requiring and /or providing transmission of data. The
communication is accomplished via a variety of media in-
cluding twisted pairs, coaxial cable, radio broadcast, and fiber
optics. Many business applications are ideally suited for LAN
technology. For instance, LAN's are recognized as a cost-
effective approach to office automation, handling applications
such as electronic mail, word processing, and information re-
trieval.

A recent study performed for the National Bureau of
Standards (NBS) predicts LAN’s to show the largest growth
of all forms of computer-communications over the next decade.
Estimations are that by 1985 over 1400 LAN's will be installed
by the U.S. Government alone 1o support intrasite networking
communications. The total present-value.dollars to be spent
on this communications support during the 1981-1985 time
period. plus the budgeted dollars in 1985 for future support,
will be between $75 million and $117 million [11].

In implementing a LAN, questions arise regarding network
functionality and performance. For operational networks,

N znuscript received March 4, 1981; revised July 27. 1981 and March 4,
1982. This work was supporied in part by a grant from the University of
Delaware Research Foundation. .

The author is with the Institute for Computer Sciences and Technology,
National Bureau of Standards, Washingion, DC 20234 and the Department
of Computer and Information Sciences, University of Delaware, Newark, DE
19711,

performance can be investigated by designing a Jocal area
network measurement center (LAN-MC). A LAN-MC fa-
cilitates careful testing and evaluation of a network under both
normal and controlled conditions. Such testing is essential for
effective use of networks and for their improved future de-
sign.

This paper describes a LAN-MC implemented by NBS for
the NBSNET. NBSNET consists of two distributed, broadcast
LAN’s at the Gaithersburg, MD and Boulder, CO facilities
connected with 2 9600 Bd link. A major component of this MC
is a set of ten measurement reports which summarize
NBSNET traffic during a monitored period. Although most
applicable to broadcast networks such as NBSNET, many of
these reports are independent of the underlying network to-
pology and would be useful in designing measurement centers
for other LAN architectures. Before proceeding with a de-
scription of NBSNET and the reports, we describe the general
components of a MC.

II. A LAN MEASUREMENT CENTER

A LAN measurement center has three components: a
monitoring system, data analysis software, and an artificial
traffic generator. The monitoring system gathers measurement
information, such as the size of a message being transmitted,
and prepares the information for statistical analysis. Much is
known about the characteristics, advantages, and disadvan-
tages of computer system monitors [13]. Based on this
knowledge, the best monitor for a LAN is a hybrid monitor
employing software 1o relate network state transitions with
their stimuli, and hardware to minimize any overhead network
traffic which results from the monitoring activity. Microscopic
analysis measures activities in milliseconds and microseconds,
thereby characterizing channel activities where communica-
tion is on the order of 1 Mbit/s.

The software analysis component of 2 measurement center
summarizes the information captured by the monitoring sys-
tem either at the conclusion of a measurement period for off-
line analysis or during measurement for on-line dynamic
analysis. These summaries are statistical overviews of the LAN
traffic in the form of performance reports. They provide in-
formation such as network delays. traffic distributions, and
types of traffic transmitted. This information both supports
functional testing of the network and its components and
documents LAN performance under varying protocols and
other tunable system parameters.

Finally. an anificial traffic generator places varied traffic
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loads on a network, thereby allowing for controlled experi-
mentation. For example, a generator can emulate increasing
amounts of traffic to observe a network’s performance limits
under increasing stress. Stress problems therefore can be
confronted early in a network’s implementation before pro-
duction activities make modifications costly.

III. NATIONAL BUREAU OF STANDARDS NBSNET
A. Overview

NBSNET is a local area broadcast network which has been
operational since October 1979. Users in 20 buildings are
connected with the most distant pair separated by approxi-
mately 1.5 km. NBSNET employs a carrier sense multiple
access with collision detection (CSMA-CD) protocol similar,
but not identical to the Ethernet [10].

Logically, NBSNET consists of a single 1 Mbit/s coaxial
cable (channel) with multiple ports. Each port consists of a
microprocessor-based interface node called Terminal Interface
Equipment (TIE). The TIE, described in detail in [1}, is pro-
grammed to adapt each user device to the network. The TIE
hes three main components: the user board, the network board,
and the TAP.

User boards handle communication between user devices
and the network board. In turn, the network board controls the
communication to and from the coaxial cable. Output from
the network board is coupled to the coaxial distribution cable
by the TAP. Each network board. supports one to eight user
bozrds. It continuously polls the user boards until one re-
guesting trensmission is found. Discussion of the information
contro} flow between users by way of the TIE's is available in
[2]. ’

B. Communication Protocol

The following is a discussion of the CSMA-CD protocol as
implemented on NBSNET. Key words are italicized. Their
definitions are required for understanding the 10 performance
reports described in Section IV,

NBSNET employs a I-persistent protocol [9). When a user
board has a packer to transmit, the board contends for the
channel. Two cases are possible: 1) if no carrier is sensed, the
user accesses the channel and begins transmitting, or 2) if the
channel is busy with another user’s transmission, the user
defers or waits until the channel becomes idle, at which time
it automatically transmits.

In both cases a potential exists for two or more users 10
overlap their transmissions thereby resulting in a collision. A
collision can occur in case 1) because the signal propagation
delay.between users allows for multiple users to sense the
channel idle at approximately the same time. A collision can
occur in case 2) if two or more users simultaneously defer to
another user’s transmission. With a 1-persistent protocol. these
deferring users are assured of colliding. (Other persistent
protocols avoid this problem [9].)

With the TAP hardware, a user listens to its-own trans-
mission and detects if it is colliding. Whenever a collision is
detected, the user aborts transmission, jams the channel with
a special signal to ensure that all other users also detect the
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collision, and reschedules its transmission according to a
randomized backoff distribution. Backoff is randomized to
prevent repeated collisions.

If a user’s transmission propagates beyond all other users
without colliding, the user acquires the channel. Case 2)
guarantees that no collision can occur for the duration of that
transmission. When a user acquires the channel 2nd success-
fully sends an entire packet, that packet is referred to 2s a
transmzssmn

NBSNET employs a simple -positive acknowledgment

‘scheme with a window size of one. A destination, upon re-

ceiving a packet, generates an acknowledgment packet, or
piggybacks an acknowledgment onto another outgoing packet.
At that time the received packet has been communicated znd
is also considered to be a communication. (Note that trans-
mission and communication have special meaning in this
paper.) For various reasons, such as electrical noise, faulty
hardware, or full buffers at the destination, a transmission mzy
not be received and therefore not be a communiczation. Both
transmission and communication imply successful placement
of a packet onto the channel, but only the latter implies suc-
cessful receipt at the destination.

When an acknowledgment is not received from the desti-
nation within a predetermined time-out period, the source will
retransmit the packet. Hence, each transmission (packet) is
either an original or a duplicate transmission (packet). For
most packet types, NBSNET allows up to 7 duplicate trans-
missions before assuming a malfunction or faiJure 2t the des-
tination and breaking the connection. The maximum number
of duplicates permitted and the time-outs between duplicate
transmissions are tunable protocol parameters.

"If a packet is communicated and its acknowledgment is los.
the source will transmit the packet again. All additional
transmissions which take place after a packet has been com-
municated are redundant transmissions.

C. Design Issues of Measurement

Local area network behavior is described in terms of discrete
events. Measurement tools therefore should be capable of
detecting these events and the times when they occur. Svobodz
[16] and Ferrari [6] describe the structure, strengths, and
weaknesses of various measurement tools. In general, there are
four design issues of importance: artifact. location of mea-
surement, traffic generation, and on-line versus off-line
analysis. Each is discussed in turn.

1) Artifact: Artifact is the interference on a target system
caused by the introduction of a monitoring device [13]. Typ-
ically, a portion of a system’s resources is zllocated to mea-
suring how itself and other resources are performing. For ex-
ample, if CPU utilization is monitored at 60 percent, perhaps
55 percent is for processing the workload and 5 percent is for
controlling the monitor.

Besides minimizing artifact, it is important to know the
magnitude of the artifact introduced. When known, this in-
terference can be removed from the final measurements, thus
providing an unbiased indication of performance. It may be
better to increase artifact to gain additional knowledge of its
magnitude.
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2} Location of Measurement: There are three approaches
to measuring the activities of a local area network: centralized,
decentralized, and hybrid measurement. These approaches are
described below.

a) Ceniralized Measurement: A broadcast network lends
itszif naturally to a centralized measurement approach [Fig.
1(2)]. Acting in 2 “promiscuous’ mode [10], a modified in-

terface tapping onto the channel can monitor all packets on
the network. Therefore, all packet header information as well
zs additional timing and count information (e.g., interarrival
time since Jast packet, packet size) is available to a central
monitor. This approach was employed by Shoch and Hupp in
their performance study of an ETHERNET local network [14].

Centralized measurement introduces no artifact and tends
10 be less costly than other approaches. However, some de-
sirable information cannot be monitored centrally. The timing
of when a packet arrives at an interface (from a user device)
and the amount of time a user board defers in transmitting a
packet are only available at that user board. Similarly, al-
though a centralized monitor can detect a collision, it cannot
determine which and how many user boards were involved.

With central measurement, some timings, such as the arrival
of a packet onto the network, are biased. An arrival recorded
by a central monitor represents the moment when the packet
reaches the monitor’s TAP, not when the packet enters the
channel. To eliminate bias, a central monitor could account
for its physical distance from each interface and the propa-
cation delay for signals to cover this distance.

5)’ Decentralized Measurement: In a decentralized

ezsurement approach [Fig. 1(b)], additional memory and
real time clocks are incorporated at each network interface.
Packets arriving at or departing from an interface can be ap-
propriately time stamped. Information such as collision in-
cuced delays and collision counts, which are not available

trally, can be recorded at each interface.

Periodically. each node must transmit its information to a
czniral Jocation for consolidation. In a pure decentralized
mieasurement approach, the central collector does no moni-
toring: only data collection and reduction. The periodic
ransmission of measurement information from each node may
be a2s frequent as with every packet (by including measurement
Lt-’orrnation in the transmitted packet), after every r time units
tiime driven), after every n events (event driven), or upon re-
guest from the central collector.

With 2 decentralized approach all information about the
network traffic is available. This includes precise times for
transmission and receipt of packets and the source/destination
zCdresses of all colliding packets. Each interface captures the
demznds placed on the network as they occur and not after a
varizble delay as with a central measurement device.

Although more accurate, decentralized measurement re-
uires overhead communication for the periodic transmission
of dzta to the central collector. If the transmissions are sent
over dedicated lines, extra costs are involved. If sent over the
mzin channel, these transmissions introduce artifact. Artifact
can be reduced by less frequent transmission of measurements
and by local data reduction (e.g., histograms). However, these
alternatives require additional storage and intelligence, re-
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spectively, either of which may be prohibitive.

Depending on experimental objectives, decentralized
measurement may require synchronization of interface timers.
This problem is a classical one and is discussed in [35]. Finally,
because decentralized measurement requires modifications
at every interface, implementation and maintenance tend to
be more costly than with centralized measurement.

¢) Hybrid Measuremeni: Because of the advantages and
disadvantages of centralized and decentralized measurement,
a hybrid approach was chosen for monitoring the NBSNET
(Fig. 2). As much information as possible is collected centrally.
Minimal modifications were made to all user interfaces to
allow local measurement collection and reduction. These
measurements are transferred over the channel to a central site
at the termination of each logical connection. Additional
modifications were made to those user boards which act as
artificial traffic generators. These boards collect timing and
collision information (only about artificial traffic) and peri-
odically transmit them to a central site over special i inexpensive
lines so as not to interfere with the main channel.

A hybrid approach allows accurate and comprehensive
measurement. One disadvantage is the complexity of. coordi-
nating the analysis of decentralized and centralized mea-
surement. Careful planning minimizes this problem. Inde-
pendent of the location of measurement, a LAN-MC can be
designed for complete or partial measurement. For complete
measurement packets must not arrive faster than the mea-
surement system can process them. If packets arrive too fre-

‘quently, only a sample of the traffic can be collected. This
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significantly affects the algorithms which analyze the data.
Timing considerations for the NBSNET measurement system
indicate complete measurement is possible [1 5].

-3) Artificial Traffic Generation: Analysis of LAN per-
formance requires the ability to generate known artificial
traffic loads on a system. Traffic generators are beneficial for
two reasons. Normal traffic on a new LAN is typically quite
low and rarely stresses its capacity. With traffic generaiors,
however. it is possible to emulate high load conditions.
Therefore. network testing and debugging can be accomplished
before the network is burdened with production activities when
corrections are expensive. Second, traffic generators can
produce repeatable traffic patterns. Repeatability facilitates
comparison investigations, such as the effect of different
communication protocols on network performance.

Traffic generation for NBSNET is accomplished by con-
necting eight modified user boards to-the channel. These
gengrators are programmed to: 1) generate packets with a
znt.-uniform. or Poisson size distribution, 2) generate
packets with constant. uniform, or exponential interarrival
times. 3) direct packets to any specified destination. 4) com-
municate with the monitoring system to synchronize traffic
generation and data collection. and 5) permit on-line experi-
menter control.

4) On-Line Versus Off-Line Analysis: Measurement rec-
ords generzied by a monitoring system can be placed in mass
storage for off-line future analysis or summarized on the run
for on-line monitor display. Current analysis of NBSNET is

off-line. When packets are transmitted at a rapid rate, there

is limited time 1o assimilate the data and 1o simultaneously
maintain meaningful statistics on network activity. Except for
simple counts, on-line analysis (i.e.. performance summaries
every 1-25) for LAN's is very difficult. This reduces, but does
not eliminate. the potential for a complex network feedback
system which dynamically adjusts tunable network paramelters
in response 1o changing performance and/or workload con-
ditions. NBSNET provides off-line analysis with a delay on
the order of 5-10 min following a measurement period.

IV. MEASUREMENT REPORTS

A major problem in designing a local area network mea-
surecment center (LAN-MC) is deciding what measurements
to collect within a monitored period and what statistics 10 re-
port. Onc approach is 10 measure evervthing. This implies
deriving a database from which the original traffic can be re-
constructed completely. Total measurement avoids redesign

costs which occur if useful information is omitted from the
initial implementation. For most LAN’s, however, a totz]
measurement approach requires a prohibitive amount of
storage. . '

A more realistic approach initially determines what man-
agerial and research.questions are 1o be answered by mee-
surement, and what performance reports need be generated.
Then one determines the specific network information neces-
sary 1o satisfy these questions and reports: Finally, the user
decides upon an implementation for capturing the information.
This is dependent on the network being monitored and the
design issue of location of measurement.

Ten performance reports have been implemented for de-
scribing NBSNET traffic. The reports were derived in part
from the above approach and in part from past experience in
measuring long haul networks [3], [8]. They consist of stz-
tistics summarizing network activity during any given moni-
toring period. Each report is classified as either traffic cher-
acterization or performance analysis type. Traffic character-
ization reports indicate the workload placed on the network.
This information is a primary source for functional testing of
the network. Performance characterization reports indicate
the time delays, utilizations, etc., which result from a given load
and network configuration. They describe the dependent
variables which are observed rather than controlled, and are
used for tuning and performance comparisons. A comment
section follows each report description where implementation
issues are discussed. '

A. Host Communication Mairix

The Host Communication Matrix indicates the traffic flow
between connected user boards. Tabulated for each source-
destination (s-d) pair are the (number, proportion) of
(packets, data packets. data bvies) transmitted from s to 4.
Tabulated for each source (destination) are the (number.
proportion) of (packets. data packets. data bytes) transmittec
from s (10 d). Reporied as a summary of the total traffic are
the number of (packets. data packets, data bytes) transmitted.
the mean number of data bytes per data packet, and the pro-
portion of packets which are data packets.

Comiment: Source. destination, and packet tvpe information
is part of each packet’s header. The number of bytes in 2 packei
is counted by the MC hardware as the packet is tapped off the
channel (1ype: traffic characterization).

B. Building (Group) Communicarion Matrix

The Building Communication Matrix indicates the traffic
flow between buildings or any other user defined groupings of
user boards. For example, a group may consist of all user
boards connected to the same host. This table condenses the
Host Communication Matrix by summing together several
groups of rows (columns) into single rows (columns). All
tabulated information is identical to that provided in the Host
Communication Matrix.

Comment: The NBSNET MC has access to an address-
building table which maps user addresses to buildings (1ype:
traffic characterization).
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C. Packer Type Histogram

The Packet Type Histogram indicates the distribution of
each type of packet transmitted. In measuring NBSNET,
packet tvpes are limited only to those defined by the Jowest
level protocols. Tabulated for each type are (number, pro-
portion) of packets. As summary information (and as a check
2gzinst other reports), the total number of packets is re-
ported.

Commient: There are currently 12 packet types on the
N BSNET. The measurement center counts each packet type
by observing the control field of every transmission (type:
traffic characterization).

D. Daia Packer Size Histogram

The Data Packet Size Histogram records the number and
proportion of data packets of particular length classes. Tab-
ulated for each length class i-j (say 8-15 bytes) are the
(numnber, proportion) of data packets with (between / and j,
vp 10 j) datz bytes. inclusive. Values berween i and j estimate
the packet size probability distribution, while values up to j
estimate the cumulative distribution. Reported as summary
information are the total number of data packets and data
bvtes and mean number of data bytes per data packet.

Comment: Data packets are distinguished {rom other packet
tvpes in the packet header control field (type: traffic charac-
terization). :
ioui-Ulilization Distribution

~

The Throughput-Utilization Distribution indicates the flow
of bytes on the network. Both total bytes transmitted and in-
formation bytles communicated are measured. Information
byies are defined to be only thcse data bytes contained in
cemmunications. Overhead such as header bytes and bytes in
unacknowledged data packets are not counted since they
communicate no information at the packet level. Reported for
ezch user address i are: 1) the user channel throughput (bytes
per second in all tranismissions from address i. This count in-
cludes synchronization and checksum bytes, but not bytes that
zre involved. in collisions). 2) The user channel utilization (user
channel throughput divided by channel capacity). 3) The user
information throughput (information bytes communicated per
second from address 7). 4) The user information utilization
(user information throughput divided by channel capacity).

Reported as summary information are the total (channel
throughput, channel utilization, information throughput, in-
farmation utilization), and the number of seconds in the
measurement period.

Commient: Information statistics describe the beneficial
usage of the channel. Information throughput is analogous to
the transfer rate of information bits (TRIB), or the number
of bits accepted by the receiver divided by time [4]. Total
channel utilization excludes the periods when the channel has
a signal which is interfered with by noise, faulty hardware,
collisions, etc. In computing information throughput, the MC
identifies unacknowledged packets by checking packet se-
quence numbers (type: performance analysis).

727

F. Packet Interarrival Time Histogram -

The Packet Interarrival Time Histogram indicates the
number of packet interarrival times which fall into particular
time classes. An interarrival time is the time between consec-
utive carrier (network busy) signals. Reported for each time
class i-j (say 11-15 ms) are the (number, proportion) of in-
terarrival times (between i and Jj, up to j) time units, inclu-
sive. S

Comment: The MC has a separate timer with 10 us reso-
Jution. This timer is recorded and reset to 0 whenever a carrier
signal is monitored. For NBSNET many interarrivals will be
less than ] ms since acknowledgment packets tend to imme-
diately follow receipt of data packets. Other spikes in this
histogram are likely to represent service turnaround times for
certain processes [14]. For NBSNET, special watchdog
packets are transmitted approximately every 2 min to verify
inactive connections. Therefore, the longest interarrival time
is bounded as long as a connection on the network exists.

Since interarrival times are monitored centrally, they are
biased by the propagation delays between interfaces and the
MC. These delays are estimated as less than 10 ps. Also, the
number of interarrival times will be underestimated since only
one interarrival time is collected when multiple arrivals result
in 2 collision. As a result, some times that are tabulated are
overstated (type: performance analysis).

G. Channel Acquisition Delay Histogram

The Channel Acquisition Delay Histogram records the
times spent by user boards contending for arid acquiring the
channel. A channel acquisition delay begins when a user board
becomes ready to transmit a packet and ends when its first bit
is transmitted onto the channel. Included is all of the time spent
deferring due to a busy channel and the time recovering and
backing off from one or more collisions. Indicated for various
time classes i-j (say 50-100 us) are the (number. proportion)
of packets whose acquisition delay was (between / and j, up
to j) time units, inclusive. Also reported are the total number
of packets transmitted, and the (mean, standard deviation)
channel acquisition delay time. :

Comment: This table reflects the efficiency of a CSMA-CD
protocol and the process in which the network board polls each
of the user boards. The NBSNET MC collects channel ac-
quisition delays only for packets originating at traffic gener-
ators. Modification of all user interfaces for collecting these
limes was prohibitive. When a packet’s transmit flag is set
ready for transmission, a timer is reset to 0. When the packet
is transmitted (successfully), the timer value is stored locally
and then appended to the next packet transmitted (type: per-
formance analysis).

H. Communication Delay Histogram

The Communication Delay Histogram indicates the delays
that user boards incur in communicating packets to their
destinations. A communication delay begins when an original
packet becomes ready for transmission and ends when that
packet is received (i.c.. communicated) by the destination

{(which may be several transmissions later). One communi-



catien delay exists for each packet communicated. This delay
mezy include several channel acquisition delays. -

For completeness, a packet which is never acknowledged
and therefore transmitted the maximum number of allowable
causes an entry in this histogram. This permits analysis
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f the maximum number of transmissions parameter in terms
of time delay. Reported for each time class i-j (say 0.5-1 s)
zre the (number. proportion) of packets which are communi-
ated or which surpass the maximum number of allowable
missions (herein referred as table entries) whose com-

0

1renss
munication delay time is (between / and J, up 10 ) time units,
inciusive. Also reported are the (total number, mean com-
munication delay, standard deviation communication delay)
of fiztle entries, packets which are communicated, and packets
which surpass the maximum number of allowable transmis-
sions).

Conmmeni: By definition, 2 communication delay excludes
the time 1o generate and communicate an acknowledgment
packei back to the original sender. Since the destination begins
processing a received packet before (or while) it handles ac-
knowiedgment, this time does not reflect the delay in com-
municating a packet.

As with channel acquisition delays, the NBSNET imple-
meniztion only captures communication delays for those
packets originating at traffic generators. When a buffer’s
transmit flag is set ready for an original packet, a timer is reset
10 0. Each time the last bit of a buffer is transmitted onto the
chznnel. 'he timer value is saved. When 2 transmission is ac-
naouiedged. the seved value is used 1o update a Jocal histo-
crem. The histogram is transmitted 10 a central location after
the monitoring period ends. Since No-op packets are not ac-
knowiedged. their communication delays are not recorded.

With this decentralized approach, the communication timer
vziue will not include the time to propagate a signal to the
gestinztion, nor will it include the destination’s software la-
tency 1o recognize it
S¢me fzclors which influence the communication delay are:
tne zcxnowledgement time-out periods before packet ret-
ransmission, the maximum number of allowable duplicate
transmissions before a connection is broken automatically, and
the hardware reliability.

A communication delay differs from the “one hop™ delay
time c¢efined for measurement of a Packet Radio network

{PRretj [17]. One hop delay is the time interval between when
& packetis ready for transmission and its corresponding ac-
knowledgment packet is received. Hence, a one hop delay time
includes the time for the destination to communicate its ac-
krnowizdgment back to the source, while a communication
delay time does not (1ype: performance analysis).

I Cullision Count Histogram

The Collision Count Histogram tabulates the number of
collisions a packet of any type encounters before being trans-
mitied. Reported for each collision count value / are the
(numbf'r proportion) of packets which incurred (7, i or fewer)
coilisions before being transmitted. Reported as a summary
arc 1‘1'* total number of (packets transmitied, collisions) and
the (mean, standard deviation) number of collisions per
lransmission,
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Comment: Like the Packet Interarrival Time Histograz.,
this histogram indicztes the efficiency of a CSMA-CD pre-
tocol in allowing interfaces to acquire the channel. \\’i"'
NBSNET's 1-persisient protocol, the number of channs
contentions for a packet should be one more than the numbe:
of collisions incurred in getting the packet transmitted.

Collision count information is available only for anificialy
generated packets. A collision count is maintained in thz
header of each packet to be transmitted. Each time a collisicz
is detected, the traffic generator increments the collision cour:
field. When a transmission occurs, the count is sent out as pa--
of the packet and is then monitored b\ the MC (type: perfor-
mance analysis).

J. Transmission Count Histogram

The Transmission Count Histogram indicates the number
of times a packet is transmitted (original transmission plus
duplicate transmissions) before it is communicated to it
destination. Redundant transmissions as defined in Sectioz
I11-B are not included in the histogram since they occur after
communication has taken place. Reported for each trans-
mission count / are the (number, proportion) of packets whose
communication required (J, i or fewer) transmissions. Re-
ported as a summary are the total number of (packets com-
municated, packets transmitted, redundant transmissions.

piggybacked acknowledgments, No-op packets) and the
(mean, standard deviation) number of transmissions requirec
for a communication.

Commnieni: By observing packet sequence numbers. ihe MC
recognizes the first through last times a pariicular packet is
transmitted and which transmission is the communication.
When consecutive transmissions from a particular source-
destination pair have identical sequence numbers, then all bu:
the first are duplicate transmissions. The transmission jus:
prior 10 an acknowledgment is considered the communication.
Under idcal conditions. the number of transmissions requirec
per communication is ! and the number of redundant trans-
missions is 0.

By counting the number of redundant transmissions, this
report indicates what Tobagi et al. [17] call the “"echo ac-
knowledgment efficiency.” With any positive acknowledgment
protocol, an interesting metric is how often packets are re-
transmitted because the acknowledgment was lost even though
the packet was communicated (tvpe: performance anzal-
Vsis).

V. CONCLUSIONS

Two areas of investigation are planned following verification
of the NBSNET-MC. The first arca will investigate existing
NBSNET low traffic loads for the purpose of uncovering
possible errors or inefficiencies. Questions to be answered in-
clude the following.

« Istraffic evénly distributed among the network users or
are therc source-destination pairs with unusually heavy
traffic?

« Whatis the pereentage of each type of packet? Aresome

packet 1vpes of unusualiy high frequency indicating an errer
or an incfficient protocol?
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o What is the distribution of data packet sizes? Are variable
size data packets worth the additional overhead or would fixed
size packets suffice?

« What are the channel acquisition and communication
delav distributions? Are these times excessive? :

« Are collisions a factor in getting packets transmitted,
indicating possible faulty hardware or protocols?

o What is the information utilization and throughput? How
do the information statistics compare with the channe} sta-
tistics? :

The second area will investigate the effects of increasing

traffic load and varving packet sizes on network performance.’

Questions to be answered include the following.

-o What is the effect of traffic Joad on utilization,
throughput, and time delays? When, if ever, does traffic Joad
start to degrade svstem performance?

o Defining a stable network as one whose utilization 1s a
nondecreasing function of traffic load, what is the tradeoff
between stability, throughput, and delay?

e What is the maximum capacity of the channe] under
normal operzating conditions? How many active users are
necessary 10 reach this maximum?

o Do larger packets increase or decrease throughput and
delay? :

« How does constant packet size affect utilization and
delay? _

Answering these and other questions will help support or
ispute the many analvtic and simulation results on LAN
srformance. With an existing network and existing mea-
urement svstem, it is feasible 1o determine the validity of the
assumptions and simplifications of these past studies.

w oo
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ABSTRACT

of NBSNET

Robert E. Toense
National Bureau of Standards

The performance of NBSNET, a broadcast, packet switched,

carrier sense multiple access with collision detection (CSMA/CD) local area
network, is analyzed in terms of utilization, stability, delay, and fairness. Traffic
generators transmit packets of known arrival rate and packet length distributions
on an isolated network segment. The packets are recorded and time-stamped for
analysis. Analysis of these empirical laboratory data shows that (1) utilization of the
network under heavy and overloaded conditions approaches the theoretical limit
and is predictable, (2) the network remains stable under the conditions observed,
(3) the mean delay introduced by the network is predictable as a hyperbolic
function of the observed channel utilization, and (4) the network is fair with
uniformly distributed individual node utilizations. '

Key words: computer network; CSMA/CD; delay; faimess; local area network;
NBSNET; performance analysis; stability; utilization.

? Introduction

< NBSNET is a local area network that was
:;..s.-a ed at the National Bureau of Stan-
sdards’ Institute for Computer Sciences and

echnology (ICST) and has been operational
October 1979 [1]. NBSNET is a 1 Mbit/

we predicted system performance [2,3].
e following analysis verifies that the imple-
tation of the NBSNET access method

ious loading conditions, and the perform-
zance is characterized in terms of utilization,
Stability, delay, and fairness.

3 Initial performance data indicated that the
imum channel utilization was less than
icted for CSMA/CD networks, but close

¥ that predicted for CSMA networks. A

fnate when a collision occurred. The prob-
was traced to a design flaw that prevented

5

detection of some collisions in the collision
detection circuitry. The flaw was corrected
and this study reflects the performance of the
network with updated hardware.

The performance data for NBSNET was
collected in the ICST Local Area Networking
Laboratory using the measurement center
described by Stokesberry and Rosenthal [4]

and the measurement reports described by

Amer [5]. The measurement center and a
laboratory “stub” were disconnected from
the network by removing power from an
active repeater. This permitted running con-
trolled experiments without affecting other
network users. Data from the measurement
center were further analyzed using “DATA-
PLOT,” aninteractive, high-level language for
graphics, non-linear fitting, data analysis and
mathematics, developed at the National
Bureau of Standards by Filliben [6].

One node in the laboratory is modified to
behave as a network monitor, capturing only
header information for each packet transmit-
ted over the network. The monitor also
inserts a timing record into the packet header
stream at one second intervals to time stamp
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the data. The headers are then transmitted to
a data acquisition system for later processing.

Six other nodes are modified to serve as
traffic generators. They contain a hardware
clock and enhanced firmware permitting
autornatic submission of packets to the net-
work and providing additional statistics on
channel acquisition delay and collisions per
transmission.

NBSNET components were used in the

- design of experiments to analyze network

performance. These components include a 1
Mbit coaxial cable, a transceiver, 30 meters of
cable connecting the transceiver to a network
board and one to eight microprocessor based
interfaces called user boards. Figure 1 shows
these components. While the NBSNET archi-
tecture allows up to 8 user boards per net-
work board, only 1 was used. For all
experiments, up to 6 traffic generators were
active at any one time and they were pro-
grammed to 'send datagram packets.

The performance data were collected from
two classes of expeniments: (1) traffic genera-
tors with exponentially distributed packet
interarrival times and (2) continuously
queued traffic generators. The experiments

. using exponentially distributed packet inter-

arrival times provided data for performance

measurements with moderate, heavy, and
overload conditions. Six traffic generators
were active for these experiments, and each
contained identical packet length and interar-
rival time distributions. The packet lengths
used were constant packet lengths of 50, 100,
150, and 200 bytes. Each traffic generator
transmitted these packet lengths according
to exponentially distributed interarrival times
with means of 3, 4, 5, 6, 7, 8, 9, 10, 12, 15, 18,
and 22 milliseconds. These conditions permit-
ted measuring the performance of NBSNET

with offered loads of 10% to 275% of channel

capacity. ,
Using the same packet lengths described

above, one to six continuously queued traffic.

generators provide maximum individual
offered loads with total offered loads of 59% to
511% of channel capacity. By changing the
number of active nodes, these experiments
provide data for analysis of overload
conditions. ‘

2. Channel Utilization

Shoch and Hupp [2] demonstrated that the
channel utilization for the 2.94 Mbit Xerox
Ethernet, a similar CSMA/CD system,
equalled the offered load for offered loads less

Software
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Microprocessor /j Up to 8 User Boards
All Memory /1 %
User Interface /]

NN

t
i
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]
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Protocol Hardware

Serial/Parallel Conversion
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than 90% of channel capacity with maximum
size packets and ten active nodes. The utiliza-
tion approached 98% for higher offered loads.
- The data in Figure 2 represent the utiliza-
" tions measured with six active nodes and con-
‘stant packet lengths for NBSNET. The
,oﬁered load was varied by changing the arri-
[xval rate. These results are similar to those
‘reported by Shoch and Hupp. These data
;show that short packets produced channel
utilizations within 1% of the offered load until
‘approximately a 60% offered load. The utiliza-
‘tion was within 3% of the offered load until
:75% offered load. Long packets produced util-
xzabons within 1% of the offered load until
ab0ut 70% capacity. Higher offered loads pro-
‘duced utilizations still less than the offered
load. The maximum utilization approached
200% to 95% capacity, depending on packet
length.
2. For simple estimation purposes, the data fit
Ean exponential function of the form

Utilization = A x (1 — exp(B x % Offered
" Load)).

;»‘-
f{'hxs predicted a maximum utilization (A) of
; % with 50 byte packets increasing to 95%

with 200 byte packets given an infinite offered
load and six active nodes. The period of the

" function (B) is .00084 for 50 byte packets and

increases to .0013 for 200 byte packets. This
indicates that short packets diverge from the

~ideal linear curve faster than long packets.

Shoch and Hupp also demonstrated the
behavior of the 2.94 Mbit Ethernet with con-
tinuously queued sources. Their data showed
that decreasing the packet size or increasing
the number of active nodes produced lower
maximum utilizations. As the packet trans-
mission time approached the contention

interval, the utilization approached 1/e, the |

maximum utilization of a slotted Aloha net-
work [7].
A single, continuously queued NBSNET

traffic generator cannot offer 100% of the

channel capacity of the network. A 300
microsecond latency in attempting to trans-

mit the next packet determines the maximum

offered load possible from an individual node.
A calibration point for the offered. load from
an individual, continuously queued generator
at each packet length is the measured utiliza-
tion for a single generator because there is no
chance for contention and the packet is trans-
mitted immediately.
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Figure 2. Channel Utilization with Six Active Nodes.



Figure 3 shows the measured utilizations
with one to six continuously queued traffic
generators for NBSNET. An increase in the
number of active nodes with a constant
packet length and continuously queued
sources produces a decrease in the utiliza-
tion. Also, a decrease in the packet length
produces decreased utilization. The worst
case measured was six nodes with 50 byte
packets. It produces a utilization which had
dropped to 89%.

3. Stability

An important criterion for any local area
network is that it remain stable. This is, for
any offered load, utilization is a function of
offered load. Further, an impulsé in the
offered load produces a utilization that
returns to its original equilibrium value [8]. I
the utilization is a function of the offered load
and has a positive slope, the utilization is guar-
anteed to be stable. If the slope is negative, a
potential for instability exists, and the impulse
response must be examined. To test stability
on NBSNET, we examined the effect of
changes in arrival rate, packet length, and
number of active nodes on utilization.

A 80 Journal of Telecommunication Networks

3.1 Changing Arrival Rate. The data
in Figure 2 show the effect of changing arrival

- rates and represent the utilizations measured.

with six active nodes and constant packet
lengths. The offered load was varied by
changing the arrival rate. The utilization is an
increasing function of the arrival rate for 2
given packet length.

3.2 Changing Packet Length. The data
in Figure 2 also show the effect of changing
packet lengths. The utilization curves for
larger packets are strictly greater than the
curves for smaller packets. Therefore, an
increase in the packet length produces an
increase in the utilization.

Since an increase in the arrival rate or an
increase in the packet length results in an
increase in the channel utilization, changes in
these components of the offered load will not
cause the network to become unstable for the
number of nodes observed.

3.3 ‘Changing Number of Active Nodes.
Figure 3 shows the effect on utilization of
changing the number of active nodes. Ii
shows that an increase in the number of
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Figure 3. Channel Utilization with Continuously Queued Generators.
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active nodes with a constant packet length
and continuously queued sources produces a
decrease in the utilization. This indicates a
potential for instability with respect to the
- number of nodes.
i We observed that for the cases examined,
_ anincreasein the number of nodes causes the
: utilization to reach a new equilibrium point at
:a reduced value. Remnoving the additional
“ offered load caused the utilization to increase,
- returning to its previous value. This indicates
stable operation.
- The utilization lost is due to the increased
- pverhead required to resolve collisions be-

\rr

e

g!"e};ween more nodes. Given more nodes to col- .
=hde, and a binary exponential backoff, the -

Eoxpected number of collisions needed to
B colve the collision increases. As long as the
orhead remains bounded, the network will
reach new equilibrium pointata reduced utili-
F= 2tion and remain stable.

. Channel Acquisition Delay

Tobagi and Hunt predicted the mean chan-
nel acquisition delay for a CSMA/CD net-
aork as a function of throughput and backlog
]. Their results show that a packet experi-
es infinite delay as the throughput

approaches the channel capacity when the
systemn has no backlog of packets waiting to
be sent. If a backlog is present, the delay goes
to infinity at lower throughput and is no longer
a function of the throughput asitcan take two
values for a given throughput. ‘

Similar measurements of channel acquisi-’

tion delay were made on NBSNET. In these
experiments, the channel utilization is equiva-
lent to the throughput as defined by Tobagi
and Hunt. The channel acquisition delay is
measured from the time a packet arrives for
service until the first bit is transmitted-on the
cable on the final attempt to transmit the
packet. This time includes time for deferrals

and collision attempts. This correspondstoa’

packet arriving with no backlog in the study
by Tobagi and Hunt. NBSNET follows the
predicted behavior, and a function is found to
describe the delay.

Figure 4 shows the delay as a function of
the measured utilization for six active nodes
with Poisson arrival rates. For the range of
utilizations observed, the delay is close to
zero at low utilizations and is over 8 millise-
conds at 90% utilization and increasing
rapidly. v

A hyperbolic function of the form

Delay = C/(Utilization — A) + B
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Figure 4. Channel Acquisition Delay.
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where A, B, and C are constants with values

of 98.3, —750, and —60,000, respectively, is
useful for estimating the acquisition delay,
over the entire range of experimental data.
The error function was less than 5% of the
predicted delay for all utilizations observed.

The utilization asymptote, “A,” is 98.3. This
implies that utilization levels approaching 98%
are possible with six active nodes. However,
the channel acquisition delay at such utiliza-
tions will be very large.

In all cases measured, the standard devia-
tion of the delay was between 2.1 and 2.8
times the mean. The longest delay measured
under any condition was 250 milliseconds.
This delay involved a 200 byte packet with
‘overload conditions.

One component of the acquisition delay is
the time spent resolving collisions. This time
is measured by counting the number of colli-
sions in a transmission and summing the

" backoff times and latency for number of colli-
sions experienced. For NBSNET, the latency
in starting a backoff time is 150 microseconds
and the mean backoff delay in microseconds
for a-given collision is

backoff tme =2"n+ (2°(n—1)—1)/ 2

Journal of Telecommunication Networks

where n is the number of collisions for that
packet. ,

Figure 5 illustrates the behavior of the
mean number of collisions per packet trans-

mitted for a given utilization and packet-

length with six active nodes. Most packets are
transmitted without a collision for utilizations
as high as 60%. The standard deviation far this
measurement vared from 1.5 to 2.5 times the
mean, with the lower standard deviations cor-
responding to high utilizations.

For estimation purposes, the mean colli-
sions per transmission fit an exponential func-
tion of the form

Collisions per Transmission = A X exp (B X
(% Utilization)) + C.

The values for A, B, and C were found to be
0.170, 0.031, and —0.281, respectively, for six
active nodes. This function tends to underes-
timate collisions at utilizations less than 20%.
Here, there are few collisions and the number
of collisions is an insignificant factor in the
total delay. It predicts the expected number
of collisions per transmission within 20% for
those utilizations measured greater than 20%.

Statistics on the number of collisions that
occur, given that at least one collision occurs,
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Figure 5. Mean Collisions per Transmission.
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are useful to determine the effectiveness of
the backoff algorithm and to indicate the
.delay expected for an individual collided
.packet. Figure 6 illustrates the behavior of
;?thls pararneter with six active nodes and sev-
eral packet lengths as a function of utilization.
: ’The mean number of collisions per collided
Hransmxssnon varies only from slightly over 2
£to slightly over 3 and is almost linear. Thisisa
:gmall variation compared to the collisions per
“fransmission. This implies that nearly the
‘same number of attempts are required to
Hresolve any collision, regardless of the utiliza-
E hon This is because the number of slots avail-
able to the backoff algorithm and the number
;., nodes participating in a collision are the
imary factors in determining the probability
resolving a collision.
Combining the latency per transmission
tempt and the values for the backoff delays,
e mean delay for all packets due to colli-
ons is.no more than 475 microseconds per
ansmission with six nodes active. At utiliza-

!ﬂ' Ane to collisions is less than 100 microse-
j_tnds This time is less than 10% of the
xpected total delay. Given that a packet has
ollided, the mean delay is between 325

sions under 70% of capacity, the mean delay

microseconds at low utilizations and 500
microseconds at high utilizations.
Individual packets may experience many

more collisions than the mean. Collisions that’

require many transmission attempts may
result in delays due to collisions on the order
of 100 ms on an individual transmission.
These are experienced less than .1% of the
time with utilizations greater than 90%. Even
under these conditions, many packets are
transmitted on the first attempt. If a collision
does occur, it is most likely to be resolved on
the next attempt.

5. Fairness

NBSNET is designed to be a nonprioritized
network. This means that if the network is
fair, each node should have an equal chance
of gaining access to the channel. Therefore,
the portion of the total channel utilization

received by each node should be proportional.

to its fraction of the total offered load to the
network.

A useful tool to measure the fairness as a
function of offered load is a normalized indi-
vidual utilization (NIU). This is defined as the
ratio of the utilization achieved by a single
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node to the expected utilization for that node,
assuming fair behavior of the network. A NIU
of one indicates that the node received
exactly the expected utilization. A value
greater than one indicates favoritism for that
node, and a value of less than one indicates
that the node was discriminated against. The
standard deviation of the normalized individ-
ual utilizations for all active nodes at a given
offered load is used as an index of fairness. A
low index of fairness indicates fair operation.

For these experiments, each node attemp-
ted to offer identical individual loads with
identical packet lengths and arrival rates.
Because of the symmetry of this setup, the
utilization each node received should be
exactly the total utilization divided by the
number of active nodes. Figure 7 illustrates
the NIUs in the high load case with six active

always favored for a given offered load as the
network becomes less fair. Also, the faimess
degrades as the collisions per transmission
increase. Since NBSNET uses a fixed binary
exponential backoff table for determining
backoff time, certain nodes may be favored,
given an expected number of collisions per
transmission. A random backoff scheme may
improve fairness under these conditions for a
constant offered load.

6. Conclusions

The foregoing results demonstrate the fol-
Jowing features of NBSNET:

1. The channel utilization approaches theo-
retical limits for all offered loads measured
and is predictable as an exponential func- -
tion of the offered load. ’

nodes and packet lengths of 50, 100, 150,and 2. The mean delay introduced by the net-
200 bytes. The corresponding graph of the work is predictable as a hyperbolic func-
index of fairness is shown in Figure 8. tion of the observed channel utilization.
The index of fairness indicates very fair 3. The network is stable for changes in
behavior, according to the definition of fair- packet length and arrival rate for the
ness for offered loads less than 90%. For these number of nodes observed. However, it
loads, the index of fairness is less than 0.05. shows a potential for instability with
Higher offered loads cause the fairmess of the respect to changes in the number of active
network to deteriorate rapidly. nodes.
Repeated experiments using the same 4. The utilization for individual nodes is uni-
offered load show that the same nodes are formly distributed and therefore follows
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Figure 7. Individual Normalized Utllizations.
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Figure 8. Index of Fairness for Six Active Nodes,

the definition of fairness. The fixed backoff
table for resolving collisions does not affect
fair channe! allocation.

3

In conclusion, NBSNET fulfills the expecta-
flons predicted by theoretical studies. Our
Bspproach of describing NBSNET perform-

ihce in terms of utilization, stability, delay,
d faimess has proved useful. We expect
at performance characterizations for other
ESMA/CD  networks can use the same
proach.
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Abstract

Local combuter networks are increasing in popularity for the
interconnection of computers for a variety of applications. One such
petwork that has been implemented on a large scale is the Ethernet.
This paper describes an experimental performance evaluation of a 3
and 2 10 Mb/s Ethernet. The effects of varying packet length and
transmission speed on throughput, mean delay and delay distribution
are quantified.  The protocols are seen to be fair and stable. These
measurements span the range from the region of high performance of
the CSMA/CD protocol to the upper limits of its utility where
performance is degraded. The measurements are compared to the
predictions of existing analyuical models. The correlation is found to
range from good to poor, with more sophisticated models yielding
better results than a simple one. ’

1. Introduction

In -the past few years, local computer petworks for the
intcrconnection of computers and shared resources within a small area
such as a building or a campus have rapidly increased in popularity.
These networks support applications such as file transfers and
electronic mail between autonomous computers, the shared use of
large computers and expensive peripherals, and distributed
computation. Typically, these networks have bandwidths in the range
/0.1 - 10 Mb/s and span distances of 0.1 - 10 km. Local networks are
also being interconnected to form multi-bop internets which allow
commueication over larger areas.

Many architectures have been proposed for local networks, and
several have been implemented. The Ethernet [9] was obe of the
earliest to be implemented. Use of 3 Mb/s ezperimentol Ethernets at
several interconnected Jocations by a large community of users over
several years and an experimental study of the performance of one
under varying conditions have proved its merit for a variety of data
transfer applications [11]. This has led to the introduction of a 10
Mb/s Ethernet as a commercial product ().

Support and experimental facilities for this work were provided by the
Xerox Palo Alto Research Centers. Additional support was provided
by an IBM Graduate Fellowship, and by the Defense Advanced
Research Projects Agency under Cobntract MDA 903-84-K-0249,
monitored by the Office of Naval Research.

Permission to copy without fee all or part of this material is granted
provided that the copies are not made or distributed for direct
commercial advantage, the ACM copyright notice and the title of the
publication and its date appear, and notice is given that copying is by
permission of the Association for Computing Machinery. To copy
otherwise, or to republish, requires a fee and/or specific permission.

© 1985 ACM 0-89791-169-5/85/007/0078 $00.75

This paper describes the results of experimental measurements of
the performance of a 3 Mb/s Experimental Ethernet and a 10 Mb/s
Ethernet!. We present throughput, mesn delay and delay
distributions for the networks under artificially generated traffic
conditions, making comparisons to the predictions of existing
analytical models |8, 9, 15]. These results show the capabilities and
limitations of tbe networks as well as the effects of increasing the
channel speed. These experiments significantly increase the available
base of data for the calibration ‘and validation of analytical and
simulation models of CSMA/CD petworks. :

In the next section we describe the principles of the Ethernet
architecture and relevant details of the implementations used in this
work, and we review prior work in this area. Section 3 describes the
details of the experimental procedures. Results are presented and
discussed in section 4. Section 5 is 2 summary of the paper.

2. Background and Previous Work

2.1. The Ethernet Architecture

The Etbernet [9] is an example of a packet-switched local network
using 2 single shared bus or channel for communication among several
hosts. The nature of the channel is such that only one packet can be
trapsmitted at a time and every packet traverses the entire chanpel.
This requires that all the hosts observe some protocol to gain control
of the channel in oo orderly and fair mannper.

The Ethernet uses an access protocol called CSMA/CD. CSMA, ot
carrier sense multiple-access, is one of the distributed schemes
proposed to efficiently utilize a broadcast channel |7]. In the CSMA
scheme, a host desiring to transmit a packet waits until the channel is
idle, i.e., there is no carrier, and then starts transmission. If no other

* hosts decide to trapsmit during the time taken for the first bit to

propagate to the ends of the channel, the packet is successfully
transmitted (assuming that there are no errors due to noise).
However, due to the finite propagation delay, some other hosts may
also sense the channel to be idle and decide to transmit. Thus, several
packets may collide. To ensure reliable transmission,
acknowledgements must be genmerated by higher level protocols.
Unacknowledged packets must be retransmitted after some time.

In order to improve performance, the Ethernet protocol incorporates
collision detection into the basic CSMA scheme, hence the
abbreviation CSMA/CD. To detect collisions, a transmitting host
monitors the channel while transmitting and aborts transmission if
there is a collision. It then jams the channel for a short period to
ensure that all other transmitting hosts abort transmission also. Each
host then schedules its packet for retransmission after a random
interval chosen according to some retransmission or ~back-off
algorithm. The randomness is essential to avoid repeated collisions
between the same sct of hosts. The retransmission algorithm csn

L .
Hereafter we use the term Ethernet to refer to both networks
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affect such characteristics as the stability of the metwork under high
loads and the fairness to contending hosts.

2.2. A 3 Mb/s Ethernet Implementation

We summarize the relevant details of the 3 Mb/s Ethernet local
petwork used in our experiments. This network has been described in
detail earlier [4,9]. The network used in our experiments has a
channel about 550 metres long with baseband transmission at 2.94
Mb/s. The propagation delay in the interface circuitry is estimated to
be about 0.25 s [3]. Thus, the end-to-end propagation delay, 7, is
thus about 3 ps. The retransmission algorithm implemented in the
Ethernet hosts (for the most part, Alto minicomputers [13]) is an
approximation to the binary exponential back-off algorithm. In the
binary exponential back-off algoritbm, the mean retransmission
interval is doubled with each successive collision of the same packet.
Thus, there can be an arbitrarily large delay before a packet is
transmitted, even if the network is not heavily loaded. To avoid this
problem, the Ethernet bosts use a truncated binary exponential back-
off algorithm. Each host maintains an estimate of the pumber of
hosts attempting to gain control of the network in its load register.
This is initialised to zero when a packet is first schedulcd for
transmission. 'On each successive collision the estimated load is
doubled by shifting the load register 1 bit left and setting the low-
order bit to 1. This estimated load is used to determine the
retransmission interval as follows. A random number, x, is generated’
by ANDing the contents of the load register with the low-order 8 bitz
of the processor clock. Thus, x is approximately uniformly
distributed between O and 2n-1, where n is the pumber of successive
collisions, and has a maximum value of 255, which is the maximum
number of hosts on the network. The retrapsmission interval is then
chosen to be x time units. The time unit should be no less than the
round-trip end-to-end propagation delay. It is chosen to be 38.08 pus
for reasons of convenience. After 16 successive collisions, the attempt
to transmit the packet is abandoned and a status of load overflow s
returned for the benefit of higher level software.

Thus, the truncated back-off algorithm differs from the binary
exponential back-off algorithm in two respects. Firstly, the
retransmission interval is limited to 9.7 ms (255 X 38.08 ps).
Secondly, the host makes at most 16 attempts to transmit a packet.

2.3. A 10 Mb/s Ethernet Implementation

The 10-Mb/s Ethernet used is similar to the network described in
the previous section with a few exceptions. The channel consists of
three 500 metre segments connected in series by two repeaters. The
end-to-end propagation delay, including delay in the electronics, is
estimated to be about 30 ps (see pg. 52 ir [5]). The truncated binary
exponential back-off algorithm uses a time unit of 51.2 ps. The load
estimate ic doubled after each of the first 10 successive collisions.
Thus the random number, x, has a maximum value of 1023, yielding
a maximum retransmission interval of 53.4 ms. A maximum of 16
iransmission attempts are made for each packet.

2.4. Previous Work

The literature contains many theoretical and simulation studies of
CSMA/CD npetworks with various traffic patterns |1, 8, 10, 14, 15].
However, there are few reported performance measurements of such
petworks. The first measurements were reported by Shoch [11] on the
throughput of a 3 Mb/s Etherpet unde: pormal and artificially
generated data traffic. A copcise treatment of part of that study
appeared subsequently [12].  Gonsalves [6] reported the measured
delay-throughput characteristics of the same network under artificially
generated voice traffic.? Amer 2] describes  measurement tools

.implemented on a 1 Mb/s CSMA/CD network. Toense {16] reported

ZThe Etbernet used in these two studies is the 3 Mb/s Ethernet on which this
work was performed.

measurements on that network with up to 6 traffic generating
stations. .

Our experiments differ from those reported by Shoch and Hupp [12]
in two respects. Firstly, we measure packet delays in addition to
throughput and the other quantities measured in the earlier
experiments. Delay is an important performance metric particularly
for interactive applications. Secondly, we present results for a 10
Mb/s network as well as for the 3 Mb/s network reported upon in the
earlier study. B

3. Experimental Environment

In this section we describe the techniques used to -measure the
performance of the Ethernet under varying load conditions. First, we
describe the experimental setup and procedures and then we
characterize the traffic patterns and performance measures used.

3.1. Experimental Setup and Procedures

To set up and run an experiment we use a special control program,
running on a host on the network, to find idle hosts on the network
and to load a test program into each {12]. The controller is then used
to set parameters describing the traffic pattern to be generated by the
test programs. Next, the test programs are started simultaneously.
They generate traffic and record statistics for the duration of the run.
At the end of the rum, the statistics are collected from the
participating bosts by the control prograx‘n.3 The duration of each run
is typically 60 seconds. Our tests show that there is no significant
variation in statistics for run times from 10 to 600 seconds.

Measurements on the 3 Mb/s Ethernet [11] and our informal
observations of traffic on the 10 Mb/s Ethernet indicate that at night
the normal load rarely exceeds a small fraction of 1% of the petwork
capacity. Thus, it is possible to conduct controlied experiments with
specific traffic patterns and loads on the networks during the late
night hours.

3.2. Traffic Patterns and Performance Metrics N

Each of the N hosts is assumed to have one packet buffer. After
completion of transmission of a packet, the bost waits for a random
period, T, before the next packet is queued for transmission in the
buffer. The mean idle period and packet length, P, and their
distributions are set for each host for the duration of each run. Note
that this corresponds to a central server queueing model, with the
network being represented by the central server. The offered lcad of
host i, Cv':., is defined to be the fraction of C, the network bandwidth,

that the host uses if it is the only active transmitter on the network.
Thus:
=T,/ T, + Tl :

where T = P/C is the average transmission time of a packet. The
total of fered load, G is given by E(‘. = 1N) G;. In our experiments we
use a homogeneous population of hosts. Packet lengths are fixed and
packet generation times are uniformly distributed random variables.

We ignore packets lost due to collisions which the trapsmitter
cannot detect ( [11], p. 72) and due to poise since these errors have
been shown to be very infrequent [12]. That is, we assume that if a
packet is successfully transmitted it is also successfully received.
Thus, all the participating hosts in an experiment are transmitters of
packets. In computing throughput, n, we assume that the entire
packet, except for a 6-byte header and checksum®, is useful data.
Thus, our results represent upper bounds on performance since many
actual applications will include additional protocol information in each
packet. Packet delay, D, is defined to be the time from when the
packet is generated, that is, the time at which it is queued for network

o

30n the 10 Mb/s Ethernet, owing to differences in software, loading of the test
program was done manually. The rest of the contro} was sutomated as described.

4We nssume 4 bytes of overbead in the case of the 10 Mb/s Ethernet
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5, to the time at which transmission is successfully completed.
Packets whose transmission is abandoned due to too .nany collisions
are not included in the mean delay computations.

4. Results

In this section we present the results of our experiments. First, we
discuss the performance of the 3- and 10-Mb/s Ethernets separately.
Next we make some comparisons between the two set of experiments.
Finally, we compare our measurements to the predictions of some
existing analytical models. In all experiments, fixed length packets
were used. The inter-arrival times of packets at each host were
uniformly distributed random variables.
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.1, 3 Mb/s Experimental Ethernet

Figs. 4.1 - 4.7 display various aspects of the performance of the 3
Mb/s Ethernet.

Utllization: Fig. 4.1 shows the variation of total throughput, =,
with total offered load, G, for P = 64, 128 and 512 bytes. For G less
than 80-90% virtually po collisions occur and n is equal to G.
Thereafter, packets begin to experience collisions and 7 levels off to
some value directly related to P after reaching a peak, n__ . For
short packets, P = 64, this maximum is about 80%, for longer
packets, P = 512, it is above 95%5. The network remains stable even
under conditions of heavy overload owing to the load-regulation of the
back-off algorithm. (These curves are similar to the ones obtained by

Shoch and Hupp [12]).
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P G Successful Packets %
bytes % Total Packets
64 64 100.0

100 09.8
640 96.1
128 64 100.0
100 99.7
850 88.3
512 64 100.0
100 99.9
880 58.2

Table 4.1 3 Mb/s Ethernet: Successfully transmitted packets as a
fraction of total packets

Delay: Fig. 4.2 shows the delay-throughput performance for the
same set of packet lengths. In each case, for n less than n_ the
delay is approximately equal to the packet transmission time, ie.,
there is almost no queueing delay for access to the network. As the
throughput appfoaches the maximum, the delay rises rapidly to
several times the packet transmission time owing to collisions and the
associated back-offs.

Figs. 4.3 - 4.5 show the histograms of the cumulative delay
distributions for low, medium and high offered loads for P == 64, 128,
512 bytes. The delay bins are logarithmic. The labels on the X-axis
indicate the upper limit of each bin. The left-most bin includes
packets with delay < 0.57 ms, the pext bin, packets with delay <
1.18 ms, and so on. The ordinate is the pumber of packets expressed
as a percentage of all successfully transmitted packets. Table 4.1
gives the fraction of the total packets generated that were successfully
transmitted.

We see that for G = 64%, the delay of all packets is approximately
the minimum, i.e., there is little queueing for network access. Even
with G = 100% most packets suffer delays of less than 5 ms. Under
heavy load conditions, however, only about 75% of the packets have

- delays of less than & ms, with the remainder suffering delays of up to

80 ms.
Falrness: To investigate the fairness of the protocol to contending
hosts, we examine variations in performance metrics measured by
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Fig. 4.6a 3 Mb/s Ethernet: Variation in n per Host
P == 64 bytes

individual bosts with increase in G. In Fig. 4.6 we plot the normalized

"mean of the individual throughputs vs. G for P = 64 and 512 bytes.
The vertical bars indicate the pormalized standard deviation, i.e., the
coefficient of variation. Also shown are the maximum and minimum
individual throughputs. For low G, there is little variation in
individual throughput. Under overload, the variation increases but
remains less than £10%.

Fig. 4.7 contains similar plots for the mean delay per packet
measured by each host. The variations with G are seen to be similar
to those in Fig. 4.6. Thus the protocol is seen to be fair to all
contenders. (This has been noted in other experiments( [6, 12])).

The metrics show slightly higher variation for P = 512 than for P
= 64 bytes. During the successful transmission of 2 512 byte packet
a larger number of hosts are likely to queue for access to the network.
Thus, at the end of the transmission all these hosts will attempt to
transmit and will collide. The time for resolution of the collision is
dependent on the number of colliding hosts and hence may be
expected to be longer for P = 512 than for P = 64.

Discussion: The 3 Mb/s Ethernet is found to achieve high
throughput for the range of packet sizes considered. The protocol is
fair and stable under overload.

For G < 100%, i.e. most practical situations, the delay is within a
small multiple of the packet transmission time, T . Under such

conditions, the network could support real-time traffic with delay

constraints satisfactorily. However, at heavy load, the stability of the .

protocol is achieved at the expense of large delays, two orders of
magnitude larger than T _for a fraction of the packets. The majority
of the packets still suffer relatively minimal delays.

Our results do not contradict the analytical predictions [15] .that
CSMA/CD becomes unstable at sufficiently high offered loads. The
analysis predicts that instability sets in when the probability of a
packet transmission attempt in 2Xr7 reaches approximately unity.
Given the maximum retransmission back-off of 9.7 ms and 7_of 3 ps,
this occurs when there are more than 1000 hosts continuously
attempting to transmit, much larger than the number of hosts in our
experiments. For a longer network, this number would be
proportionately lower. )
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4.2, 10 Mb/s Ethernet ) :

Figs. 4.8 - 4.14 display various aspects of the performance of the 10
Mb/s Ethernet. The results shown were obtained using 30 - 38
transmitting hosts®. 1In all cases, fixed length packets were used and
the inter-packet times were uniformly distributed random variables.

Utlllzation: Fig. 4.8 shows the throughput as a function of total
offered load, G, for P ranging from 64 to 5000 bytes. The shape of
the curves is similar to the corresponding curves for the 3 Mb/s
Ethernet. However, maximum throughput varies from 25% for P =
64 bytes {the minimum allowed by the Ethernet specifications {5]), to
80% for P = 1500 bytes (the maximum allowed), to 947 for very

sThe pumber of hosts for a given set of experiments, i.e., for single packet
length, was constant
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long packets of 5000 bytes. We note that for each curve, for G below
the koee point, the throughput is approximately equal to G. Even
under conditions of beavy overload, the network remains stable.

Delay: Fig. 4.9 shows the delay-throughput performance for the
same set of packet lengths. Again, the curves have similar shapes to
the curves for the 3 Mb/s network. For G below the kpee points, the
delay is minimal, whilst above the knee points, it rises sharply. The
kpees in this case are less pronounced, especially for larger P.

Figs. 4.10 - 4.12 show the histograms of the cumulative delay
distributions for Jow, medium and high offered loads for P = 64, 512
and 1500 bytes. Table 4.2 gives the fraction of the total packets
generated that were successfully transmitted. For low loads, delay is
minimal for P = 512 and 1500 bytes. For P = 64, though, even at G
= 19% delays range up to lOXTP. At high loads, for all packet

lengths, the majority of packets suffer moderately increased delays,
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while a fraction suffer very high delays, up to 0.5s. for P = 512 and
1500, about 759 or all packets suffer delays SIOXTP. For P = 64,
75% of packets suffer delays SI5XTP.

Falrness: We examine variations in performance metrics measured
by individual bosts with increase in G. 1n Fig. 4.13 and 4.14 we plot
the normalized means of the individual throughputs and delays
resvectively vs. G for P = 64 and 512 bytes. The vertical bars
indicate the normalized standard deviation, i.e., the coefficient of

variation. Also shown are the maximum and minimum individual -

throughputs. .
The metrics show higher variation than in the 3 Mb/s case, in the
range +35C0. This may be attributed to the larger retransmission
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P G Successful Packets %
bytes % Total Packets
64 19 100.0

38 100.0

1900 99.9

512 30 100.0
90 99.9

300 ’ 098.7

1500 30 100.0
90 99.7

300 93.3

Table 4.2 10 Mb/s Ethernet: Successfully transmitted packets as a
fraction of total packets

periods in the 10 Mb/s back-off algorithm (ref. Sections 2.2 and 2.3).
Also, the dependence on G is less marked. Contrary to the 3 Mb/s
case, the variation is slightly lower here for the larger packets size.
Discussion: With short packets, e.g. 64 bytes, TP becomes
comparable to 7 and hence the maximum throughput is low. With

long packets, we see the high throughputs achieved with the 3 Mb/s
net. Thus, packet lengths of the order of 64 bytes on a 10 Mb/s net
approach the limit of utility of the Ethernet protocol. This does not
imply that such short packets should not be used. A study of traffic
on 2 typical local computer network shows that approximately 20% of
the total traffic is composed of short packets, whilst the remainder of
80% consists of long packets {12]. The 10 Mb/s Ethernet studied
could support a high throughput with such a traffic mix although it
cannot do so with only short packets.

Packet delay is minimal for low to moderate loads. However, for
short packets the delay increases even at fairly moderate G. At
higher G, a fraction of packets suffer delays ranging from the’
minimum up to 0.5 s.

For the loads used the network is fair and stable. Instability
predicted by analytic studies will occur with about 1500 hosts
continuously attempting to transmit. )

4.3. Comparison of the 3 and 10 Mb/s Ethernets

In this section we examine the effect of the difference in bandwidth
between the two Ethernets on performance. The differences in some
important parameters, such as petwork length, in the two cases should
be borne in mind. )

Utllization: Fig. 4.15 shows the throughput, n, as a function of
total offered load, G, for several packet lengths for the 2 networks.
For P = 64 bytes, the throughputs of the two networks are almost
equal. For longer packets, the 10 Mb/s network exhibits substantially
higher throughput. The throughput increases less than linearly with
increase in bandwidth. This is shown in Table 4.3 in which the ratio
of the absolute throughput at 10 Mb/s to that at 3 Mb/s is given for
several values of P,

P, bytes Ratio of throughputs
"1/
64 1.05
512 2.45
1500 2.90

Table 4.3 Increase in y with increase in C from 3 to 10 Mb/s
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Delay: Fig. 4.16 shows mean packet delay as a function of total
offered load, in Mb/s, for the two petworks and several values of P.
The shapes of all the curves are similar: there is a region of minimal
delay at low G, then there is 2 rapid increase in delay to some
saturation value at high G. For low G, the delay is lower in the 10

Mb/s network than in the 3 Mb/s one for a given P. However, in'the .

region of overload, the 3 Mb/s network exhibits lower delay. This is
due to the more severe back-off algorithm of the 10 Mb/s petwork
(ref. Sections 2.2 and 2.3).

4.4. Comparison with Analytical Predictions
We consider three analytical models: a simple model for computing
maximum throughput [9], and two more sophisticated models for

computing maximum throughput and delay-throughput
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A A 3 AN

characteristics |8, 15]. Al the models assume that the channel is
slotted, with slot-time related to the end-to-end propagsation delay.

Performance is expressed in terms of a parameter, @, equal to the

ratio of the slot-time to the transmission time of a packet, i.e.,
s=1/(P/0)
Further details of the analyses may be found in the papers cited.

First we consider the maximum throughput. From |9} we compute 7
with the number of hosts, N, equal to 32 to correspond to our
measurements (n does not vary much with N). We use the infinite
population analysis of [15] to obtain n from the formuls for n as a
function of G. Table 4.4 shows measured and computed values of
maximum throughput for various values of P for the 3 Mb/s Etbernet.
T is estimated to be 3 us (see Section 2.2). Table 4.5 and 4.6 show
corresponding sets of values for the 10 Mb/s Ethernet: The measured
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P [ Measured | Metcalfe & Tobagi &
bytes ) Boggs Hunt
64 0.016 82 87 83
128 0.008 89 93 91
512 0.002 97 98 98

Table 4.4 3 Mb/s Ethernet: Maximum Throughput, %
7, = 3 p5 (550 m)

values in Table 4.5 were obtained on a configuration consisting of 750
m of cable with 1 repeater. The measured values in Table 4.6 were
obtained on the configuration described in Section 2.3. T is estimated
2t 11.75 and 15 ps respectively.®

100.0

P [ Measured | Metcalfe & ‘Tobagi &

bytes Boggs Hunt
64 0.22 26 55 51
200 0.072 62 79 72
512 0.028 72 91 87
1500 0.0098 86 97 96
5000 0.0029 a5 99 99

Table 4.5 10 Mb/s Ethernet: Maximum Throughput, %
7, = 1175 ps (750 m + 1 repeater)

P a Measured | Metcalfe & | Tobagi &
bytes Boggs’ Hunt
64 0.28 26 49 46
200 0.092 60 75 68
512 0.036 72 88 83
1500 0.012 85 96 94
5000 0.0037 94 99 98
10000 0.0019 97 99 99

Table 4.6 10 Mb/s Ethernet: Maximum Throughput, %
T, =15 ps {1500 m + 2 repeaters)

It is seen that both the models overestimate Mz’ the IO(m{xla of

Metcalfe & Boggs being less accurate than that of Tobagi & Hunt.
The error is larger at smaller values of P, ie., at larger values of q.
Some factors affecting the accuracy of the analytical predictions are
the accuracy of the estimation of T and the various assumptions
made in the analyses. In particular, the assumption that transmission
attempts are made only at the beginning of slots would lead to higher
predicted throughputs. On the other zand, the assumption that every
pair of hosts is separated by T, would lower the predicted throughput.
A third differences between the experimental and analytical models
include the retransmission algorithm: Metcalfe & Boggs assume an
optimum policy, Tobagi & Hunt assume an infinite retransmission
delay; and the packet arrival process: the analyses assume Poisson
arrivals, the measurements were made with uniformly distributed
arrivals. .

In Fig. 4.17, measured and predicted ( [8], Fig. 2) delay-throughput
characteristics are plotted for ¢ = 0.1 and 0.01. The measured curves
for the 10 Mb/s Ethernet with ¢ = 0.092 and 0.012 correspond to P
= 200 and 1500 bytes respectively. For the 3 Mb/s Ethernet curve,

= 128 bytes.7 Considering @ = 0.1, at high 5 the predicted and
measured curves correspond closely. At low 7, however, the measured
delay is much higher than predicted. This is due in part to the
software overhead in the measurements - delays of a fraction of a
millisecond could not be measured. Looking at a = 0.01, we note
again the larger measured delays at low 5. At high 5, in the case of
the 3 Mb/s Ethernet, the prediction varies from being optimistic to
approximate correspondence. In the case of the 10 Mb/s Ethernet,
however, the analysis consistently underestimates delay. Possible
reasons for these discrepancies have been discussed above.

In summary, the simplistic formula of Metealfe & Boggs
overestimates the maximum throughput. The error is greatest for
large a. ‘Tbis, though, is precisely the region in which accurate
estimation of performance is most important because petwork

oa is computed using the total packet length, including overhead. Throughputs
shown are net, excluding overhead.

7me the numerical results in’[8] we note that the percentage change in
predicted values for small Aa is less than As/s. Hence, we can make comparisons
between measured curves with a == 0.012 and 0.008 and a predicted curve with a
== 0.01, and between 2 measured curve with ¢ = 0.002 and a predicted curve with
6 =x 0.1, )
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performance in this region is poor.
Tobagi & Hunt yields
predictions

The more sophisticated analysis of
more accurate though still
Lam's delay-throughput predictions are seem to vary

from approximately correct to optimistic. The accuracy is not

consistent for a given network or a.

5. Conclusions ]

We have presented results of performance measurements on 3 and
10 Mb/s Ethernets with various packet lengths and offered loads
rangmg from a small fraction of network bandwidth to heavy
overload. These experiments span the range from the region of high
performance of CSMA/CD petworks to the limits at which
performance begins to degrade seriously. The former occurs when the
packet transmission time is large compared to the round-trip
propagation delay. The latter occurs when the two times are
comparable in magnitude.

Packet delay is seen to be minimal over normal operating ranges of
offered load. However, at saturation, the delay for some packets
increases by orders of magnitude although the increase in average
delay in much lower. Saturation occurs at Jower values of offered
load when the packet transmission time is comparable to the round-
trip propagation delay. The protocol is fair to all contenders, with the
10 Mb/s. Ethernet exhibiting somewhat higher variation in
performance measured by individual hosts than the 3 Mb/s Ethernet.

Comparison of our measurments with the predictions of several
analytical models indicate that the predictions tend to be optimistic,
the more complex analyses yielding more accurate predictions than a
simple model. The accuracy of the predictions is affected by the
estimation of the propagation delay across the network.

Thus, the Ethernet protocol is seen to be very suitable for local
interconpection when the packet length can be made sufficiently large
and occasionally highly variable delays can be tolerated. This
matches the nature and requirements of most compuler
communication traffic. However, for r}eal-;.ime communications, such
as digital voice telephony, the utility of the Ethernet is more
restricted.

8 .
Tobagi & Hunt also analyse severa! aspects of CSMA/CD performance that we
do not look at here.

optimistic .
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APPENDIX E: Program listing



(7'4 _________________________________________________________________
¥ )
] 1
; GLORALS .. I '
: i
________________________________________________________________ %)
const
2P S = 230001 (¥ Transmission rate *)
MAXDEVICES = 303 (% Maximum devices on channel *)
MUMLENGTHS = 43 (% Numher of different message
lengths. *)
INTERACTIVE = trues (* Flaag determining whether inouts
are interactive *)
ROWSIZE = 53 (¥ Row size of printina matrix *)
tvpe
matrix = array [ J..MAXDEVICES, O..MAXDEVICES 1 of reals
list = array [ J..MAXDEVICES 1 of reals
ma sslist = array [ 1 ..NUMLENGTHS 1 of reals
lanathlist = array [ 1..NUMLENGTHS 1 of intedgers
statuslist = (errl, err2., err3, errd, errb)s
statusset = set of statuslist:
Vdr
. (# Transition proh.matrix between consecutive
embeddad points (first slot of each idle
pariod ) *)
q. (* Transition prob.matrix for all busy period slots¥*)
T (* Transition probh.matrix, given transmission
unstccessful for slot Te+I-I| *)
S, (* Transition prob.matrix. civen transmission
successful for slot Te+I-| *)
j (* Proh,matrix that a successful transmission
Jecreases backloa by | *)
s malbrixs
DL (# Stationarv prob distribution of Nt at embecdded
soints %)
DS, (% Prooahility of & successful transmission Auring A
cycle, given the number of backloaged devices *)
Az lta, (* Avy. idle period, given Nte =1 * )
A (* Expected sum of hacklogs over all slots in the
ousy period, with Nte = i *)



T \ (%

problenath
(%

lenaoth (*

Pame 2

Iransmission times in slots of a packet *)

Probabilities of encounterinag different message

lannths *)
sC3
Nifferent message lengths * )

s lenathlists

X1 (%

Time it takes a device to detect interference,
once the latter has reached it *)

zeta, (* Period used for collision consensus reenforcement *)

siagma, (O

N, (*x

de lav, (*
dalaytmean,
d2layslot,

s

gamna., (*

nNaaan, (*

Chrunut, (+

tau, (%
value = (*

Prob that a device generates and transmits a new
packet in a slot. given that the channel is
sensed idle, *)

Pron that each backlogged user senses the channel

in the current slot *)
Average packet delay, in seconds *)
(% dalay above, normalized to [mean *)
(% Aelay above, in slot %)

siven a collision occurs, the time until all

“4avices stop transmission *)
Averags channel backlog *)
Averane stationary channel thruput *)

AVerage channel acguisition time/mean walting

time until successful transmission *)

¥ ahove, in slots * )

Mean transmission time, in slots, of a packet /
average packet size *)

¢,
3
~

Znd-to~-and propagation delay = 1| slot time

T

Error value used in determinestatus to aid user =*)



M. (% HWunhar of devices, must be < MAXDEVICES *)
ilmean, (x [HFEAN rounded to an integer *)
imamma (% gamma rounded to an integer %)
s integers
outdebug (* output file for debug purposes *)
3 texts
TRACE, (* Flag for tracing exescution *)
NERUG, (» Flag for debugaging program *)
grrorflan (¥ flag indicatinag if error occurs in procedure
calculations. *)
¢ booleans
stbatus (% arror status set * )

e statussets



i SUYUPPORTROUTINES.,. I i

( e g A ek il ek Tk ok Yokt R R T AR R R R K SR ok st R b st s Ak Ak Wk ok Rk Aok Ak )
function power (base ¢ reals superscript @ integer) @ reals
(**%w%*k*k#******kw%rwk%w*ﬁk***w***%%k**k****W"**#***k*%****k)
* *)
(* PpPurvoses This routine computes the base raised to a *)
(% given power (integer). *)
(% *)
(+ Called by: *)
(= Omatrix, Fmatrix, Smatrix, computePS, *)
( % comoput eDELTA *)

(% *)
(* Routines called: ——- *)
(* %)
(x Global variabless —— *)
(% *)

R R R I R R e R e et S S e R e S hrrFhrrrhrAh ok hhhir)

var i % integers
lusscript @ intege
emp ¢ real;s

S

I3

iy
0n
-
]
[6)
~
n
O
=
fodn
°
v
1 ]
-
o
[o)
J

hegin
nlusscrip
for i =

temp

2N

4

t 3= abs(superscript)s
I to olusscript do
s= Lamp * (1/base)

nower = temps
ands

( e ek de e o A ook e AR Aok hE Rk ke kR A R A R A A bk Ak ok Ak ok ek ok kb ke ek Ak ok hoke )
function factorial (n & integer) =& integers

( g Rk AT A AT AL AA T A A A AL L A AT AT AL AL TAN L AL AL A AL S a s ohdi *‘k)
('k ’ *)
(¥ Pursoses This routins computes the factorial cof a *)
(* given positive integer. *)
(% *)
(* Called bDy: %)



Pare 2

(% Omatrix, Fmatrix *)
&S *)
(* PRoutines callasd: —— *)
(% *)
(* wlooal variaonles: ——— , )
(k *)

(%****%%*%*******k******************k**************%*********)

var 1. (* counter *)
tempfact (* temporary variable used in computing
factorial , *)

2 intensrs

downto 2 do
:= temofact » i

2lse
if INTERACTIVE then
writeln(/In factorial: n < 0%)3

factorial s= tempfact
2nds

(#*w*k#k*k#*w**k*k**w#w*k********k*****%**%***%**************)
[

procedure matrixzaros ( var result s matrix )3
(**%*k*k***k******k****************%#*%%**%*k****************)

( %)
(* Purpose: This routine initializes a given matrix to *)
(* contain all zZero elements *)

(* * )
(¥ Callerd by: ‘ )

(% computeGT *)
(# )
(+# Routines called: —— *)
(% )
(* Slobal varianless —— *)
(';'(' *)
(**ﬁw**k***%*%*******%**#%**#***************%****************)

var row, col (* counters for manipulating matrix *)

2 integars
beygin

for row 2= 0 to 4 do
¥

for col 2= O to M do
resultirow, coll 2= 0,03



Page 3

ancls

*u*4*#****+**k%****%******************k****%*****%*#** *k )

(%%

procedure matrixones ( var result : matrix ):

(A xAkk%kk%x#'*%*ﬁk%w***kk****‘hk*%i Wedkokve TR KA RN X AT R A AR A A RS k*)
(% *)
(¥ purposes This routine initializes a given matrix to *)
(* contain all ones %)
(% %)
(« Called by *)
(= matrixpowsr *)
(% C*)
(# nNDoutines callacds ——— *)
(* %)
(¥ Globhal variables: —— * )
* *)

( ek k%nn%kw*%*u**kk*kkk*#*x**k*#xkk*w*****k***%*k***********)

var row, col (* counters for manipulating matrix * )
: integer;s

Hecin

for row 8= 0 to M do
for col 3= 0 to M do
resultlrow, coll 2= 1,03

2ands

(**%*************%*%****k#%*******************k*********#*w**)
procacdure matrixejuate ( first = Wafrjx; var result : matrix )

(*k&kk*k%%*k*k*ﬁ**kk*kk%***kk%*?*%* Fed gk KRR R bk Aok AN Rk Aok hkk k)
(* ’ *)
(% Puroose: This routine eguates the second matrix to the *)
(* first. *)
(* *)
(« Called bys ' *)
(= matrixoowar *)
(* *)
(» Noutines callads —— *)
(* ‘ %)
(% 3lobal variahless —-—— %)

(% )

(\**%*A&‘%*k*k**k**%**#%%w*ﬁ***%* ke e ok K ok ke Rk ek ek kb ek ek Kbk A *)
var row, col (*# counters for manipulating matrix *)
2 integsers
hegin

for row = (0 to ¥ do



Page 4

for col = ) Lo M do
resultirow, coll s= firstirow,colls

ends

(**%***%* deded ko kb dek bk o hok ok ok Rk Ak k kb bk Ak ok kb ke sk bk Ak ket *kkkkk)
procedure matrixadd (first, secondsmatrix: var resultimatrix)s
(**%***% **%¢***wx**ﬁ****%********%**&*%*k***************%**)
(# ' *)

(* Purpose: This routine adds two matrices together and *)
(* storss the result in the third parameter *)
(% *)
(¢ Called bhys *)
(* Pnatrix, computeGT, computeA *)
(= *)
(# Houtines called: ——— ’ *)
( % *)
(«* Glooal variabless: ——- . *)

(**#*******%*%***k*%k****************************************)

var row, col (# counters for manipulating matrix *)
: inteogers:

nDegin

For row 2=
for col @
SU oW, cnll := firstlrow.,coll + secondlrow,colls

anols

(******%*****+***k**k*****&****k*****#*k***********,w********)
procedure matrixXconstant (number @ reals

basesmatrixs

var result $ matrix)s

(rw*k*************r¢+k*+%¢* Kk **Wk*w******%%*%k*****w*%**k*k)
(k‘ 7‘()
(x Purpose: This routine multiplies a matrix by a constantx)
(4 and stores the result in the third parameter *)
(% *)
(* Called hys *)
(* comput el *)
(% *)
(¢« Routines callads ——— *)
( *)
(* wloomal variabless —— *)
(¥ *)

(***&**k*%*****%**********n****ﬁ****W************************)

var row, col (% counters for manipulating matrix *)
: inteqgers



©

age 5

heoin

for row = 0O to 4 do
for col = Moo
resultirow, coll

o0

= number * baselrow,colls
ands
(%*k*w%kk******k*ﬁ*w*k*#*k&%**k***ﬁ*************k*%**%**k*k**)

procedure matvrixmiultiply (first, second s matrixs
var result s matrix )3

(%***#*#********n***%******%**%*********%**&*%*k*k***********)
(% *)
(*» Purpose: This routine multipliss two matrices toagether )
(+ and stores the result in the third *)
(* ¥ )
(# Called hys %)
(% Prnatrix, computel *)
(% %)
(¥ Roubines called:  ~——— %)
(#* *)
(* Glosal variaonless: ~—— *)
(* *)

N
%
%
A
*
‘;‘L
*
%
%

b e Yode ok ok ek T Kok ek ok R Rk K fkob ek bk Ak bk R b ek ok ok )

(* counters Tor manivulating matrix *)

var row, col, i
s intener:s
sum 2 resls

i os= 0 Tto i do
sum $= sum + firstlirow.i J*secondli,colls

resultirow,col] = sums
and s

encls

(********%****%****%**k%*******k*k*%**#k***k*%***%***%****kk*)
procedure matrixpower ( baseimatrixj superscrint:integers

var result @ matrix )3
(  Fd ke e dodk ek sk ok Keodesk F ke Fok Rk sk sk ke Sk sk ook ok ok ke ok ok ok sk ok s sk ok ok ke ek ok kek )
(% *)
( Purposes This routine computes a matrix raised to a * )

t



Pame 6

(% given power., with the result storad in the *)
(= third parameter. *)
(* *)
(= Called bys *)
(% comauteGT, Pmatrix, computeA *)
(* *)
(* Routines callads %)
(% matrixeguate, matrixones )
(* %)
(* wlobal variavles: —-—— %)
(= *)

(**%***%*k*%*******k*******k***%*******k*****#***x*****k*****)

var row,col,i,l * integers (% counters for manipulating
? 8
matrix *)

[ R®)|

um 3 reals
emp ¢ matrixs

Dagin

if superscript = o then
natrixones (result)

else if superscriot = 1 then
natrixequate (base, result)

else If superscrist »= 2 then
seqgin

natrixeguate (hase,temp)s
for i s= 2 tn superscript do
= O to M do

for col = J to M do
hegin

=t
0
=
=
0
=

sun 8= J.U3
for 1 s= 0 to & do
sum $= sum + templrow,l] % basell,colls

resultirow,coll 8= sumj
anas
matrixsjuate(result,temn)s;
ends
2 nd

alse
if INTERACITIVE then
writeln(/In matrixpower: Superscript must be >= 07)3

andi

(k**#%***#********k****%***********k**********k*****%********)

procedure printmacrix ( row , col * inteqgers var out ¢ matrix )3
(%*****ﬁ*%*****k*k***%**#k**%*****k&*************************)
(% *)
(+ Purpose: This routine prints outs a matrix that is *)
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(* row X col. *)
(% %)
(+ Called by: Omatrix, Jmatrix, Fmatrix, Smatrix, %)
(= computeGT, Pmatrix, gausselimination *)
* *)
(¥ Poutines callsds ——— %)
(* *)
(¥ Global variables? ——- %)
(% *)

(e ek 35 e deoe ook ok ek ok sk ok A AR Rk R SRR SRR ek R ok kR el ket sk sk R koot ok )
var 1., kK, 1 % intejyers
indax, printrow, lastrow : integers

oegin
orintrow s= col div ROWSIZES
astrow = col amod ROWSIZES

for i t= 0 to (row-1) do

writeln(outdebugy)s
sriteln(outdeduy.’,...row 7,133)3%
index = Jj

for & = 1 to printrow do

for 1 := 1 to R0WSIZE do
heyin
write(outdebug,” s ,outli,index])s
index $= index + |1
ands
writeln(outdebug)s
ends

for k s= 1 to lastrow do
hegin
write(outdebug,”
index = index + |
ands

UL [1,index]1)s

Wwriteln( ouldebug )3
ands

writeln( outdebug )3
flusn (outdebugy) s

ands

(*%kk*wk**w*%ﬂk*%*#k*k%*ﬂ***%**********k**%******************)

procedure initstacuss
w*kﬁ*%#*********kk******k*****%***w****%**k**************%**)

(* *)
(* Purpcose: This routine initializes the error status set =)
(% Used in procedure calculations. *)

(% *)



(* Called by: initializations *)
(% %)
(¥ Routines called: — *)
(% *)
(* UGlonal variabless: status %)
(# %)

(*%w*ﬁ*&*%*W*******#*****%*****%“*********%************k**k*%)

bagin
status s= []}
endi

(& *%kx **k****%*k*w**%*k**#k****k*%*****k*%*************k****&)
procedure addstatus(srr 3 statuslist);

(k***kw********%***%*k*k**********%*%***%*\* ek hkhh kb hrkk)

(* %)
(x Purpose: This routine adds the error "err® to the error+*)
(% status setl. %)
(* * )
(# Called bys gausselimination, testpi %)
(* *)
(# Routines callads ——— %)
(¥ *)
(x Glohal variahless status %)
(* %)

(K ok ok Feok Ao ek Kok ks ek kR Rk k R R bk Akl ek ek AR R A R Rk Rk Aok ek ekek k)

pedin
status = status + [ err I3
ends

(w**k*%k*k**k%**ﬁwﬁk***k&*ﬁ!#*%%*%*%%ﬁ***********%***k****&**)

procedure determinestatuss
(k*k*k%%%k*kk***#k#%%kkk kkkmk*“****&***ﬁ*%**********%***#***)

(* %*)
(¥ purpose: This routine determines which errors were *)
(* ehCOdnL@red in procedire calculations and *)
(% prin.s out an appropriate message for each. *)
(% *)
(« Called bys calculations *)
(* *)
(# Routines calleds: ——— *)
(* %)
(+* Glomal variabless: status : %)
(% *)

(% Fdok kol KRR R XA AT AL Ak Ak k kot ddkhr A A bk T hhd A rrh Lrh b rbr bbb ix)

hegin

it errl in status then
begin

if INTERACIIVE the
begin



if

if

if
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writeln(Z**xERROR: in procedure GAUSSELIMINATION##%7)3
writeln(” Camot find element <> O in rows the 7)3
writeln(” P matrix is not invertible.”)3

ends

if TRACF or DEBUG then
heain
writeln(outdebug,” ***ERROR: in procedure GAUSSELIMINATION***4)j3

writeln(outdebug,” Cannot find element <> 0 in rows the 7)3
writeln(outdebugy,”’ P matrix is not invertible.”)s
ends

endi

2arr2 in status then
negin

if INTERACTIVE then

begin

Wwriteln(Z***ERRORs in procedure GAUSSELIMINATION**%7) 3§
writeln(” P[M,M] = O3 the P matrix is not invertible.”)s
ends

if TRACE or DERUG then

begin
writeln(outdebusg,/***ERROR: in procedure GAUSSELIMINATION***7 )3
writeln(outdebug,” PIM,M] = O3 the P matrix is not invertible.”)s
ends’

ends

err3 in status then
hedin

if INTERACTIVE then

begin

writeln(/x*xxERRORSs in procedure TESTPI**%7)3
writeln(” The sum of PIs <> 1,07)3

ends

if TRACE or DERBUG Then
hbeqgin
writeln(outdebug, **+xERROR?: in procedire TESTRT #%%7) 3
writeln(outdebug,” The sum of PIs <> 1.07)3
ends ‘

ands

errd in status then
oeygin

if INTERACTIVE Chen

pegin
writeln (4 *#**xERROR: in procedure TESTPI ®**7)3
writeln(” Last row of matrix w X pi <> 1, but to 7, value)s

ends
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if TRACE or DEBUG Then
hagin
writeln(outdebug,” ***xERROR: in procedure TESTPI#***x7)3
writeln(outdebug,” Last row of matrix w X pi <> 1,
ends

ands

if eyrb in status

t
=
o]
-]

hegin

if INTERACIIVE then
begin
writeln(/*#%xERROR: in procedure TESTPI*%*x7)3
writeln(” Colmax value too small’)s
ends
it TRACE or DERUG then
begin
writeln(outdebug,”***xERROR: in procedure TESTPI***x7) 3
writeln(” Colmax value too small”)s
ends
ends

encli

but to “,

value
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(3 o e o o e e e o

! INPUTS . I :

e e e e e e e e e e )

( T ek v vk ok v e ok b R AR R R R R AR Rk R ek sl ok ek ek bk ek Fh kA Ak Ahkhk KAk )
procedure getinputss

(o ek kAR ek ook heok o ke e Fo ke o e s v o e e el ST e e ok o Rk Kk b ok ek ok ok kok ke )
(% *)
(# Ppurposes This routine prints out the default input values *)
(% and 2ives the user the chance to chanage them. *)
(:‘c ' *)
(* Called by: *)
(% moclel %)
(* ¥ )
(¥ Routines callad: ¥ )
(* orintinputs, changesdefaults *)
(* %)
(¥* OUlonal variables: *)
(* tau, M, xi, zeta, sigma, nu, igamma, gamma, *)
(% problength, length, T, Tmean, iTmean. TRACE, *)
(* - DEBUG *)
(* *)
(56 Sk dr ook ek A o AR Yok o il o B R R R R R b b S S R S R R R )

type orinttype = (initial,default)s

h

chars
integars

=
ee a0

(5 o o e e o e e e e e e e e e e e e )

procadure printinputs( kindsprinttype):s

(6 e e o e o o i e e e e e e e e )
{ # Je )
(* Purpose 'his routine prints out the input values * )
{* standard output. *)
(=% *
(* Called by: *)
(= malinputs *)
(* ¥*)
(* RQoutines calleds *)
(¥ ——— *)
(% *)
(* Llobal variabless *)
(% tau, M, Xi. zeta, sigma. nu, igamma, camma, *)
(* problength, lenath, T, Tmean, iTmean, TRACE, *)
(* NERYG *)
(* *)

[ USSP

e

var i 3 integers

bagin
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writelns
writelns

case kind of
default 2 writeln(/DEFAULTS:7)3
initial @ writeln(/INITIALIZATIONS:27)3s
and’

writelns

writeln(”...%essage Infos”/);s
writelns

writeln(” Message # Length Prob, Slot Time(T)”)s
writeln(” —— e e e ——————— e e e /) 3
for i = 1 to NUMLENGTHS do

writeln(” s it lenagthlilsi2,” s,nroblenagthliJ:10,7 7,

TLile16)s

writelns
writeln(’...0ther Info:”)3
writelns
writeln(? 7 = G327 TAU= ,Lausd) s
writeln(” 7L PGAMUMA=Y ygammail, / IGAMMA=Z ,igammat2) 3
writeln(” s /NU=7,nus8,”’ SIGMA=” ,sigmaz3) 3
writeln(” /L /TUEAN=/ . Tmeans 10,7 ITHEAN=7,iTmeant2)3
writeln(” 2 K= xie10.7 TRACE=7,TRACE) 3
writeln(” L/ ETA=Y qzetaslU, 7 NDEBUG=Z ,NERUG) 3

writelns
wiritelns

[P 2

orocedure changszdefaultss

{6 e i i i o e i o e e e e e e = — -— ————— e e e s e K )
{(* * )
(= pPurponse: This routine lets the user change the default *)
(* values. Fach default is printed and the user *)
(> is aiven the option of changing it. After *)
(% all defaults have been evaluated, the user *)
(% is agiven the optionn to redo them acain. *)
(% *)
(%« Zalled by: *)
(* getinputs %)
(* *)
(* QDoutines called: *)
{* asle, prompt *)
( %)
{(* lobal variabless: *)
(* tau, M, xi, zeta, sigma, nu, igamma, gamma, *)
(* problength, length, T, Tmean, iTmean, TRACE, *)
( * NEHJG *)
( * *

(e o e e e e e e e e e e e e e o e e e K )
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epsilon = U,000UT3

vur
valid, done 3 hoolesant
i : inteyers
sum, temp 3 reals

(% v s e e veoasseeenencsnssseasesascsaacancsancssncssscsosssss¥)
function ask 3 hooleans

(F v s se ovoonvennsseoancesasonoanaasasaansnsssnsssssnccacasaasX)
(= *)
(« Purposes lhis routine prompts the user,to determine %)
(% if they want to chanae a aiven default *)
(* value. The user must respond with a Y, v, *)
(s WM, or. n to leave this routine. The *)
(* function is then assianed the appropriate *)
(* true or false value, %)
(= *)
(# Called Dy3 *)
(* chanqgedefaults *)
(* *)
(¥ PRoutines calleds =——— %)
(* %)
(# (Global variabless ———— *)
(* *)
(5 v e oo osoeosnncsnsenoscssessacsscsscsecasacsnsssnssasoss sos™)

var ch s chars
hegin

write(’...Do you want to change this? (Y/N): “)3
readln(ch)l;i

if ch in [7Y7,7y7,/N’, n”] then
case ch of

’Y2,’y”s  ask 3= trues
/N2 ,7n’s  ask s= false
end
else
begin

repeat
write(/7Try again...Do you want to chanqe this? (Y/N): 7))
readln(ch) '

until ch in [7Y7,.7y7 /N7, n" 13

case cnh of
Ys,7y 72 ask 3= Lrues
/N7 ,’n”’: ask := false
ends

ands

*)

o ® 5 8 0% 080 ®ec aBs 50000 DbDO00OOT OOR0D GNS G O0S 060N OGS GO0 ES0 s S ® o0
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procedure prompts

4 )
w
( anow.c.o-.ovocoa.»a-ouow.oo'.oloo.n.-o.ncooooto.n-ﬁ..n*‘

(* *)
(+ Purposes [his routine prints out a prompt for the *)
(* usar to enter the new input value. %)
(* %)
(x Called bhys *)
(% changaedefaults *)
(= *)
{(* Routines called: =—————— *)
(* *)
(* Global variabless —————- *)
(= *)

. 4.)
(x....6!0.0..'ODQIOGQOOQOO'.O‘C.‘.QOOGOI‘.O...O..O0.0‘.OQ"

hegin
write(’>>>FEnter values 7)3
ends

(% v e o ooeomoseecenssnananansnenensassanssscasscsasscacassssX)
heqgin (% chanaedefaults *)
rapeat
writelns
(* Change tau? *)
writeln(/Slot time (tau) =7,tauzsd)s
1f aslk then
hegin
orompt i
readln(tau)s
and}
(* Change MW? *)
writelns
writeln(/dumber of devices (M) =7,433)3%
if ask then
repeat
prompts
readln(Cid)s
if M > MAXDEVICES then
hegin
valid t= falsasj
writeln(/**xErrors MAXDEVICES =/ ,MAXDEVICES)
end
else
valid s= true
until valids
(* Change xi? *)

writelns

writeln(’2it delay for device to recognize interference, 7,
‘once it has “7)3

writeln(’reached device ( #bits/BPS = xi ) =/,xi*BPS:5:1)3



Pane 5

if ask then
bagin
prompL 3
readln(tamD) s
Xl ¢= Lamo/RPSS
ends:

(# Change zeta? *)
writelns '
writeln(/Period used for collision reinforcement, 74,

7in saconds “)3
writeln(”(zeta) =7,zetasl)s
if ask then
begin
prompL 3
readln(zeta)s
ands

(* Chanae siama? *)
writelns
writeln(”Prob. that device generates and xmits new 7,
‘packet in slot, 7)3%

writeln(7aiven that channel is idle (sigma) = 7,sigmaz)s
if ask then

beain

prompt i

readln(siqgma)ls

ends; '

(% Change nu? *)
writelns
writeln(/Prob.that backloaged user senses channel in 7,
scurrant slot 73

writeln(2(nu) =7,nud);
if ask then

begin

prompt 3

readln{nu) s

ends$

(* Recompute gamma & igamma *)
gamma $= (2%tau + xi + zeta)/taus
igamma = round(gamma)s

(¥ Change pnacket probs? %)
reveat
sum $= .03
for i t= 1 to WUMLENGIHS do
begin

writelns

write In(/Prob. of packet #7/,i:1,7 =/,problenathlil:2)s

if ask then
hagin
orompts
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reacln(problengthiil)s
o

sun ¢= sum + problengthlils

[ues
i
or
0N

o~

I
)
)
3
v
D
0O
wn
j—te
—
QO
>
ot
=
D
D

writeln(/**xEyrrors sum of probs <> 1.0...Try again”)s
valid = falses
and
el se
valid &= trues

until valids

(* Chanae packet lengths? *)
for i = 1 to NUMLENGTHS do
heain
writelns
wWwritein(’Packet lenath #7,i31,7 =7,lenagthlilzs,” hits”)s
if ask then
heain
Dromnt
readin{lengthlil):
ana;
T

(* Recompute T[il,Tmean,iTmean *)

§
o WUMLENGTHS do

Tril := ( lengthlil/BPS ) / taus
Tmean t= Tmean + problengthli I*T0ils3

iTmean = round(Tmean);

if iTmean=U then
ilmean 2= 13

(# Change boolean flags? *)
writelns
writeln(/DEBUG flag = 7,DEBUG) S
if ask then '
DERUG 2= nolt DERUGS

writelns
writeln(7TRACE flag = 7,TRACE)S
if ask then

TRACE = not TRACES

(¥ Done?? %)
writelns
repeat
writelns
write(7Are vou satisfied with changes? (Y/N)s: “)3
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readln(ch)
until ch o in [7Y7,7y 77N’ ,’n’13
if ch in [Y”,7y”7] then
done = True
alse done ¢= falses

until dones

ends’

(K e e o o e et e e o e e e e - - - SRS
Degin (¥ getinputs *)
if INTERACTIVE tnhen

haagin

printinputs (default)s

rapeat
writelns
write (/Do you want to change any defaults? (Y/N)s 7)3
readln(ch)

until ch in [7Y7,y7,7N/,/n" 13

if ch in [7Y7.7v“] then
peain
changedefaultss
oprintinputs (initial)s
ends

ends

if DEBUG or TRACE then
begin

writeln(outdebug)

writeln(oultdebuy

]

L2 INTTIALIZATIONS:7) 3
writeln(outdehug)
writeln(outdebuy,

writeln(outdabug)

...tfessage Infoz’)s

N % ws % 9o

writeln(outdebug, Hessage it Lenath Prob. Slot Time(T)’)s
writeln(outdahua, ————————— e e —— e e —7)3
for i = 1 to MNUMILLENGTHS do
Ariteln(outdebun,” /7 ,it5.lenathlilel2,” 7 problengthlilsio,” ‘.,
Tril215)3%

writeln(outcsnug)s

writeln(outdebug,” ...0ther Info:”)3

writeln(outdenuy)s

writeln(outdabum,” s M= M2, TAU=7 ,tauséd)s
writeln(outdenuy,” 2 LPGAMA=Z sgammal,” IGAMMA=? ,igammas2) 3
writeln(outdeoug,” 7, /NU=4,nusd,” SIGMA=Z,sigma8)3




writeln(outdebl,
writelnCoutdehug,
writeln(outdebug,
writelnCoutdahugy)
ends

’
’
’
5

7 2 THEAN=7 ,Tmeans10,”
IQ/XI:I,Xig]O,I
2 2ZETA=Y ,zeta10,”

ITMEAN=/ jiTmean:2) 3
TRACE=7,TRACE) 3
DERUG=7,DEBUG) ¢
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( S i o i o oo i i e e . o e e e e o A A . . S o o S o S i i e e S S S o o s i i S s

i '
H CALCROUTINETS.I i
i '

e e e e e e e e e e e e )

(& fok Tk gk ko Kk KA AT R R R A AR Rk R ol B kA Rk ko h ok ko ok kok )
procedure Omatrixs

( dokd dehdek ok ek ek b kA A R Tk AR AR AR AT RNk A kR bRy E R )
(* *)
(¥ Purpose: This routina computes the 0 matrix, a *)
(* transition probability matrix for all busy *)
(* period slots, This matrix is used in *)
(% conmputing the P matrix. *)
(* *)
(# Called bys %)
(* calculations *)
(* *)
(¥« Routines called: )
(* factorial., power *)
(% *)
(« Glonal variables: *)
(= . M. sigma, TRACE, DEBUG *)
(* *)

(& ek dok Aok ol ke kR R KR TR Rk ok ik ke A hk Kk hdhh Al hhhdh A hdk bk A khkokhk)

(x Counters *)

]
-+
D
il
D
=
e

var 1, k ¢ i
Dedin

if TRACE then
writeln(outdsbug,”>>>In Omatrix”)s3

i 5= O to 4 do
for k 2= O to M do

e -
IOl

qfi,kl == ( factorial(M-i)/(factorial(k-i)*Tactorial(M-k)) )
% powar(l-sigma,M=k) * power(sigma,.k=i)3

if DERUG then
bagin
writeln(outdebug)s
writeln(outdebuy,’0 matrixs?);s
printmatrixCi+l, M+l g )3
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and}j
ands
(*kw*w*w*w*w**kﬁ*kkw**kk*%**k**ﬁ****k***%******k**********)

procedure Jmatrixs
(**kw%kw**********ﬁ***********%******#*k#*****************)

(* *)
(« Purpose: This routine calculates the J matrix, which#)
(= keeps track of decreasing the backlog by *)
(* one when a sUccessful transmission occurs )
(* *)
(# Called hy: calculations %)
{# *)
(¥ Rhoutines called: ——- *)
(* *)
(» Glormal variabhles:s %)
(% j. . TRACE, DEBUG *)
(% )

(****k**%****%*%**%k**k**#k*****%**%*******k****%*********)
var i, k ¢ intagers (* Counters *)
begin

if TRACE then
writeln(outdebug,/>>>In Jmatrix’)s

for i 3= 0 to 4 do
for k s= o o M do

if (¢ = i-1) Then
Jli.k]l 2= 1.0
else
Jli.kl 2= 0,03

it
Fh

DERUG then
pegin
writeln(outdsbug)s

writeln(outdebug,”dJ matrixs’)s
printmatrixCi+i, M1, j )3
ends

ands

(**%%**%*k*******k*k***************w***k***k**k****w*k*k**)
procedure Fmatrixs
(***#%*k****k%***%*w#%****%k#%*k*%*k**k#***%***k*%*#***k*ﬁ)

(% *)
(¥ Ppurpose: This routine calculates the F matriX, which¥)
(* is the transition probability matrix given *)
(% thac the transmission is unsuccessful for *)
(* o Terl~1, *)

( * *)



Page 3

(# Called byt calculations *)
(* *)
(* Routines calleds® power, factorial *)
(* *)
{(* Globhal variabless *)
(* f, 4, sigma, nu, LRACE, DEBUG *)
("k *)

(ke el e sk ook ek ok kb ek ekl A R ol ek sk bk Fhhh dhkk ok hohk ok ke bk dokk)

var 1, &k % integers (# Counters *)
hegin

if TRACE then ;
writeln(outdebug,”>>>In Fmatrix’)s

for 1 = 0 to 4 do
for k := O to M do

if (i=0) and (k=0) then

flikl == 0,0

fli.kl 3= power(l=sigma,M-i)
* (1 = power(l-nu,i) - i*nu*power(l-nu,i-1) )
/ (1 = power(l-nu,i)*power(l—-sigma,M-i) )
glse if k = i+1 then
fli,kl 3= (=1i) * sigma * power (l-sigma,M—-i-1)
* (| = power(l-nu,i) )
/ (1 = power(l-nu,i)*power(l-sigma,"-1) )
else if & > i+l then

fli,k1 3= ( factorial(M-i) / (factorial(k-i)*factorial(l-k)) )
% power( l=sigma,M=k) * power(sigma,k-1)
/s (1 = power(l-nu,i)*power(l=sigma,M-1) )} 3

if DERUG then
hagin
writeln(out tdebug) s
Nrnto]n(outdebuﬂ,’F matrixs:s”’)s
printmatrix(¥+1, M+1, T )3
ends

sncts
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(%*****%%**k*********wr***k#***************k***#*#***k***k)

procedure Smatrixs
(%*#***k*k*******k*k*k*kk*k%**%***kw%**%#*****#%*%*k***%**)

(%

(

e ol
w

*)
Purpose: This routine calculates the S matrix, which¥*)
is the transition probability matrix given %)

that the transmission is successful for *)

Ta+l-1. *)

*)

Called bys calculations %)
*)

Routines called: power *)
wolomal variables: *)
s, M, siagma, nu, TRACE, DEBUG *)

. )
'k**w#*%*#*%%**k%%#*%*%******k%*ﬁ*******k%*%*%*w**#k****)
var 1, kK ¢ integers (% counters *)

oedgin

if TRACE tnen
writeln(outdsouy,”>>>In Smatrix’)si

for i 3= 0 to 4 do
:= ) to M do

if (i = J) and (k = 0) then

s[i,kl := 0,0

.
|

glse if (k < i) or (k > i+l) then
Slil.k] = D,V

else if ¥ = 1 then

sli,k] == ( »
/ (1 = power(l-nu,i) * power(l—-sigma,M-1)

else if k = i+1 then

s[i.kl ¢= ( (M=1) * sigma * power(l-sigma,M-i-1) * power(l-nu,i)

/ (1 = power(l-nu,i) * power(l-sigma,M=-1)

if DERUG then
begin
writeln(outsdebus)s
writeln(outdeblg,”S matrixs’)s
orintmatrixC #+1, M+l, s )3
encls

)

)

power (l-sigma,M-1) * i * nu * power (1-nu,i=1)

8

9

)

)
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(o Fok vk kok e ok o R AR Rk b ke KA A AKE R AR A XA AL AATF AT AL T A * XA )

procedure Pmatrixs
(W K foR R Kkl bk ke Aok b Ar b AN kAT LA AL AT A AN T LA AL v'n‘m'r**:‘n’cv‘n’vi:**:’c&***)

(%
(*
(*
(x

%

% ok

p23

e W T

%

("k
( *

-

(% -

(%
(%
(%

( «

*)

Purpose: This routine computes the P matrix, the *)
transition probabhility matrix between *)
consecutive ambhedded points (first slot of %)

each idle period. *)

¥*)

Called bys *)
calculations *)

*)

Doutines calledl: %)
computeGT, matrixmultiply, matrixpowsar, *)
matrixad *

'k)

Glohal variables: *)
g, T4 j. 0. 4, TRACE, DEBUG. igamma *)

*)

(e doke dedekk ke ke dk ok ek kA N Lk f R R R I R T R L L R e S S R

var UT ¢ matrixs (# matrix that includes message
lenaths *)
resultl.result?2, (% used to aid in calculating P *)
terml ,term2 (* repr. terms | and 2 in P egn *)

2 maltrixs

procedurs computaGls

(6 e e o e e e e o e e o e e e e e e e )

{ % *)
(% purposs: Tais routine computes the matrix that *)
(% results from having the 0 matrix be the *)
(* input parameter to the generating * )
(% function of the distribution of T. *)
(* * )
(* Called hy: Pmalrix *)
( * *)
(* Doutines called: matrixpower, matrixXconstant *)
{( * matrixadd, matrixzeros *)
( * *)
(«# Global Variaoles: 3, t. problength, TRACE, DEBUG, *)
(s T x)
(* * )
(| o e o o i i i o e i e o e ————— )
var 1. (* counters *)
iti (* {integer tlil value *)

bedin

if TRACE then
writeln(outdehug,”>>>>>>In computeGT”/)s

matrixzeros(Gl):
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for 1 s= 1 to HUMLENGTHS do
negin
iti = round(Tlil)s
if iti = v then
iti == 13
natrixooser (g, iti, resultl)s
matrix{constant (problenathlil, resultl, resultl )
matrixadd (GI, resultl, GT):3
ands3

if DERUG then
begin
writeln(outdebug)s
writeln(outdebug,”GT matrixs
orintmatrix( M+1, d+1, GT )3
ands

7)3

and §
(| e e e i e o e e e e e o e o o e s )

begin
if TRACE then
writeln(outdenug,”>>>In Pmatrix?);s

compuUteGTs

if TRACE then

writeln(outdebug,”>>>In Pmatrix”)s
matrixpower (g, igamma+l, resultl)s
qatrixmultiply (£, resultl, term?2):
matrixnultiply (s, OT. resultl)s
catrixnultioly (resultl, g, result2):s
matri xmultioly (result2, i, terml)s

matrixadd( ternl, term2, p)s

if NEBUG then
hagln
writeln(outdebug)s
writeln(outdebug,/P matrixs:
printmatrix( ¥+, M+1, D )3

ends

anads

(K Aok dokoROk ek ok ke ik e Tk hr AT AA AR AARFAARETA A AAL Ahk A Fr o hdihdhk)
procedure computarSs

((# ek dodeRE Kk kR ke ok el R Kok ookt ko Rk ok ek ke kek R S kR R R R R R R R R 2 )
(* : *)

°

9
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(*
(*
(*
(*
(*
(=
(*
(
(*
(=
(*
(%
(*
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Purposet This routine calculates the ps array, which
contains the probs. of a successful trans-
mission during a cycle, given the number of
hackloogoged devices.

Called hyze
calculations

Routines calleds
power

Glohal variables:
ps, 4. sigma, nu, TRACE, DEBUG

¥*)

(**%**%%*******#*%****k****k*******************#*******%**)

var 1 3 integers

numerator, denominator @ reals
Deyin

if TRACE then
writeln(outdeouu,”’>>>In computePS57)3

for i 8= 0 to M do
beyln
numerator := (M-i) * siagma * power(l-siama,.¥d-i-1)

* power ( l-nu, 1)

+ nu * power (l-nu,i-1)

* power(l-sigma,M—~1)3

danominator $= 1 = power(l-nu,i) * power(l-sigma,M—

ps 11 2= nunerator/denominators
ends

iT DEBUG then
bagin
writeln(outdenug)s
wyriteln(outdenuy,”PS arrays”)s
for 1 := J to M do

writeln(outdebug, pslil)s

writeln(outdehusy)s ‘
ends

ands

i)

(k***#*%*#*****%*%k%***************%******kk*%w********%**)

procedure computenNkL I'A3
(**%***ﬁ*k***kw*kk*ﬁk%*k**********%**%k%***#***k**********)

(*
(%
(*
(*
('v'r

(*

*)

Pursose: This routine computes the delta array, which¥)

is the average idle period given that Nte=i

Called by:
calculations

*)
*)
*)
*)

?
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(% *)
(* HRoutines called: *)
(* power *)
(* *)
(# Global variables: *)
f* delta, M, nu, sigma, TRACE, DEBUG *)
* %)

(******#***k******#*****k**********%**k*******************)

var 1 % integers
beogin

if [RWACE then
writeln(outdebug,”>>>In computeDELTAZ)

for i 2= 0 to 4 do
deltalil #= power(l-nu,i) * nower(l-sigma.M=1)3

if DEBUG then
oegin
driteln(outdebun)s
writeln(outdebug,”NELTA array:?)s
for i1 s= 0 Lo M do

writeln(outdebug, deltalil)s

Ariteln(outdebug)s
andds

k*k*#kw***ﬁ*k***ﬁ*#*#***k**%*#*****%*****ﬁk***k*****%***k)

(

procedure computais
(%k*#ﬂww*&*k***w*kww%ﬁ*%*k#k*k**%**%k****%*#*****%***w*k**)
(

bl *)
(# Purnpose: This routine computes the A array, which *)
* is tnhe average idle period given that Nte=i *)
(* *)
(# Called bDy: *)
(* calculations %)
&S *)
{(# Routines callesd: *)
(* powear *)
( %)
(* wlonmal variables: *)
(= Ay M, iTmean, igamma, TRACE, DEBUG *)
(% *)

(w*wk#*k**%**%****k**%***#*%ﬁ******k********#*************)

var 1, 1 ® integer? (x counters *)
sumnl, sum2 ¢ matrixs
resultl, rasult?2 & matrixs
finalsum s reals
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Hhegin

if TRACE then
writeln(out-debug,”>>>In computeA’)s

matrixzeros(sunl)
matri xzZzeros{(sunz2)

w3z cue

for 1l 2= 0 to iTmean do
negin
matrixpower ( g, 1, resulti)s
matrivadd ( suml, resultl, suml)s
ends

for 1 := 0 to igamma do
begin
matrixpower ( ¢, 1, resultl)s
matrixadd ( sum2, resultl, sum2)s
endj

natrixmultiply ( s, suml,., resultl)s
matrixmultiply  f, sum2, result2):
mabtrixadd (resultl, result2, suml)s

for i 3= 0O to ¢4 do
hegin
finalsum $= 0,0
faor 1 s= 1 to M do
finalsum ¢= finalsum + l*suml[i,1]s3

alil #= finalsum;

if DERUG then
heoin
writeln(outdebuyg)s
writeln(outdebun.’A arrays’):
for i = 0O to 4 do

writeln(outdebuy, alil)s

writaln(outdebug)s
and s’

ands

(k#k%w%%***k*%*%%%&kk*%kkﬁ%****%'%**ﬁ*********************)

procedure computaPl ( o 2 matrixs var errorflag : boolean)s
(**%k****k*********ﬁ****wk*********%******#***%***********)

(* *)

(* Purnose: This routine computes the ni array. which *)
(* reprasants the stationary nrob. distribution¥*)
(* of Nt at enmbedded points. *)
(% *)

(x Called bys: *)
(* calculations *)




(%
(*
(5%
(*
(*
(*

(%
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Roubines callad:
initw, gausselim

Glohal variabless
oi, M, n, TRACE,

0

ination, backsub, testpi *)

NERUG, value *)

(k*w***k*k*%k****%%k**#**%**w*#k**ﬁk*%k&***k***#*%*****w*%)

Var

w8 matrixs
({56 e e e i i e o i o e o o e e *)
procedure initws
G — - - - - ST
(* *)
(% purposes This routine initializes the w matrix *)
(* that will be used to calculate pni *)
( %)
(* Called bys *)
(% comnutepi *)
(% *)
(# Routines called: ——— %)
(* *)
(* Global variabless %)
(% n, 4, w, I'RACE, DEBUG *)
(% *)
([ 7 o e e e e e i i T S T T e e e * )

haqgin

if TRACE then
Wwriteln(outdehug,”>>

for i 2= 0 to M do
Joe= ) to M Ado
wii,jl ¢= 0lj.113

-
O
e
{
-
o

if DEBUG then
heagin
writeln(outdebug)s
writeln(outdebhug,”’W

>>>>In initw’)s

matrix in initw=#17)3

orintmatrix (M+1 M+1 ,w)s

ends

for i s= 0 to M do
‘”J[iqj] := W[is;ij - }

if DERUG then
begin

.03



(*
(%
(*
(*
(*
(*
(*
(%
(%
(%
(=
(*

Page 11

writeln(outdebug)s

writeln(outdaehug,’W matrix in initw—-#27)3
orintmatrix (M+1 M+1 ,w)3

and s’

for i = 0 to # o
for j 3= J to M-l do
wlii,jl = wli, il — wli, M]3

if DEBUG then
hegin
writeln(outdebug)s
writeln(outdebug,’W matrix in initw-#37)3%
Drintmatrix (M+1 M+1,w)s
ands

for i s= O to M-1 do
Wil M1 8= —wli, M]3

if DERUG than
begin
writeln{(outdebug)s
writeln(outdebug,?w matrix after initw’)s
printmatrix(M+1 4+1 ,w) 3
and?

endi

Purpnses [his routine performs gaussian elimin-
atinn on the w matrix.

Callaed bys
computePl

Routines callecdt: —_—

Ulobal variaoles:
Me W, TRACE, DEBRUG

*)

*)
*)
*)
*)
*)
*)
*)
*)
*)
*)
*)
*)
*)

( H e o e e o e e e e e e e e )

const _
epsilon = U. 0000013

var
i.j.k,istar.iflag ¢ integers
awikod ® reals
rowmax,colmax,temp : reals
ratio % reasls
d s lists

[



P

begin
iflag s

i

for i = O Lo M-I
Degin
rowmax = UJ,03

=) to M
abs( wl

for J @
if
rowmax =

if

if rowmax < aps
begin

age 12

do

-1 do
i,jl ) > rowmax)
abs( wli,jil )3

ilon then

addstatus(err!) s}

iflagy = O3
rowmax = U,
ends

Ali] 2= rowmaxs

o

ands

it (¥=1) > 2 than
hegin

for k s= 0 to M
begin
colmax = ah

istar #= k3

for 1 8= k+]

Dagin

awilkod &=

if awilkod
hagin
colmax
istar
end

ends

if colmax <

iflagy
adistatus
aendc
el se
beayin
if (istar
begin
iflag

Lemp @
g

dlk]

for j

then

s( wlk,k21 ) / dlkls

to M-1 do

abs( wli,k1 )Y/dlils

> colmax then

t= awikods

epsilon then

J3
(arrbH)s

> k) then
t= —-iflags

= dlistar]s
= temps

:= O to M do
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beqgin
temp

wik,jl

ends
ands
for i 3= k+l

beain
ratio 3
wli,lkl
for j =

wlii.jl
ends

3
®

ands

13

t= wlistar, jis
wlistar, jl

s= wWll,jls
1= temps
to M=1 do

‘N[iqk]/‘l"[‘{qk];

0.03
k+1 to M do
t= wli,j]l - ratio*wlk,jls

* of else *)

endsy (% of do *)
endg (*x of if *)
if abs(w[M=1,4=11) < epsilon then

heqgin
iflag s
addst atuds
ands

U3
(err?2)s

if iflag = v Lnen
eyrorflay s= trues

NEBUG
hagin

Lhen

writeln(outdebuy)s

writeln(outdebug,”

printmatrix ( M+1,
writeln(outdabuy)s

ends

ancls

(K e e e e e e o

srocedure backsubs

b

Sy U S—

b

<

This
ution,
mAatrix

¥

PUrpose s

b

2
b

%..

Called hys
computaPl

e

NS N S S S
Es

W matrix in causseliminations’)s
M+l, w )3

e )

*)

routine performs backward suhstit- *)
now that an unper triangular *)
has heen found. *)
*)

*)

%)
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(%
(x Poutines called’ ——
(*

(* Globhal variabless:

(% p. pi. w, M, TRACE, DEBUG
( *

%)
*)
*)
*)
*)
* )

|

var i, k % integers
suml ¢ reals
b 3 lists

haagin
if TRACE then
writeln(outdebug,’>>>>>>In bhacksub’)3

for i s= 0 to -1 do
¢= U to M-1 do
[1.%] 3= wli, ks

ko]

= ) co #-1 do
HIi] 3= wii,il3

2= -1 downto O do

= U, U8
i 8= k+l to M-1 do
I 3= suml 4+ pllk,i1 * pilils

Pilkl 2= ( hlik]l = suml ) / plk,k13
andsj

suml s= 0,0

s= O to M—1 do
sumi 3= suml + oilil}
= 1,0 ~ sumls

if DEBUG than
heqin
writeln(outdebug)s
writeln(outdebug,”’Pl array:”)s
for 1 = 0 to M do

wWriteln(outdebua, nilil)s

writeln(outdebug)s
ends

orocadure testol ( var errorflag @ hoolean )3

S S —— - - -
(%
(* Purpose: This routine tests the oi array to

*)

*)
*)
*)
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{* datermine if the elements sum to one. *)
(* If so, errorflag is set to falses else *)
(* its set to true. ¥*)
(=% *)
(% Called by: *)
(* computePl *)
( * *)
(* Routines calleds? ——— *)
(* *)
(* Global variapless %)
(* pi. M, value, TRACE, DEBUG *)
(* %)
(e e e e e e e e e e e e e - —— ——— )
const
epsilon = U.13
var
it integers
suml 2 reals
begin
if TRACE than
writeln(outdebug,”>>>>>>In testpi”’)s
if (pil(M] < U.W) then
pegin
arrorflay = trues
addstatus(err3);
and$
suml = 0,03
for i = 0 to M-1 do
sumtl 2= sumnl + wliM,il*x0ili7s
suml = suml + w[M, {13
if abs(suml) » epnsilon then
oeqin
errorflay := Lrues
addstatus(err4d);
value = sumls3
and g
ends
(K e e e e e o o e e e e e e *)

begin (* computePI *)

if TRACE then
writeln(outdenusg.,.”>>>In computePl”)s

initws

1T TRACE then
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writeln(outdebhug,’>>>In
jausselimination(errorflag

it TRACE then
writeln(outdebug,”>>>In

iT not errorflag then
begln
baclksubs

if TRACE tnen

6

comoutePl?)s

)3

computePI”?)s

writeln(outdebung,”>>>In computePl”) 3

testoi(errorflay)s

if TRACE then

writeln(outdebug,”>>>In computePIl’?)s

(*%*%**k*k*#***%“*k**wk%%&*kk****%**%*****%******%********)
procedure computeirHRUPUTS
(%www%kw*w%k*k*k*%&****kkk*##%*%****%*k**********k***k**%*)

(*
(*
(%
(*
(*
(%
(*
(*
(*
(%
(%
(*
(

de
EEY

Purposes This routine comnputes the average station-

ary channel thruput,

Called by
calculations

Roubtines callads ——
Glohal variabless?

oi, ps. iTmzan,
DERUG

igamma, thruput, TRA

(\

"

Fo

*)
%)
%)
%)
*)
*)
%)
*)
*)
*)
*)
*)
*)

Fodk Aok AR R I AE AN KRR R AR AR AA XA LA F R AR LT AA T AR AT AL AN hb AT TRTAY)

var sunnum, sumdanom, term

@

i ¢ integers
bagin

if [RACE then
writeln(outdebug,”>>>In

sumnum s= 0,03
sumdenom 8= 0.U3%

for i = 0D to M do
Degin
sumnum $= sunnum + pili

compute THRUPUTZ )3

Ixps{il*iTmean:
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term ¢t= 1 / ( | = deltalil )s
sumdenom s= sumdenom + pilil*( term + 1 + pslil*ilTmean
+ (1 = pslil*igamma )

thruput #= sumnun / sumdenoms

it DEBUG then
bhegin
writeln(outdebug) s
writeln(outdebug,/Thruputs 7, Lhruput);
writeln(outdebuy) s
ends

ands
(%*kww%kkkk%*%*%ww*%**k#**k*%**k**k**&***%****************)

procecure computaimeans
(*%%w%*k*k*k***k**k#*k**k**%%*****k*#******#*k************)

(= %)
(* Purooses This utlne computes the average channel *)
(= hack} . *)
(* *)
(# Called bys %)
(* calculations *)
(~ *)
(+# Routines callads ——— *)
(* *)
(- Gloomal varlaule”: *)
(% elta, a. ni, ps, igamma, iTmean, TRACE, *)
(* ;f_ﬁ, *)
(* * )

(%%%k*************%k**k**%***************%*******%*%*k*%*%)

var 1 ¢ integer
sunl ., Sumb
term 3 real

reals

T

bhagin

if TRACE then
writeln(outdepusg,”>>>In computeNmean’) 3

for i = 0 to i do

term =1 / ( | = deltalil )3
s= suml + pilil«(i*term +
sum2 s= sum2 + pilil*(term + |
+ (1=pslil)*xigamma

alil)s
+ pslil*xilmean
als
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nmean 8= suml / sum23

i DEBUG then
bagin
writeln(outdeonugy)
writeln(outdebus
writeln{outdebu
ends

N @

Nmeans 7, nmean) s

ends

(%*W*k***********%*******%*W**********%*******************)
-

procecure computaldan

(*
(*

(*

Slik:
(k*%***k*ﬁ*****&**%%#*%**&********************************)
*)
Purpose: This routine computes the average packet *)
delay (normalized to Tmean) and mean waitinag*)
time until successful tramsmission. *)
*)
Called by: *)
calculations *)
*)
Routines calleds ——— %)
%)
Global varisoles: *)
nmean, thrupudt. delaytmean, delayslot, *)
delay, #, wslot, iTmean, TRACE, DEBUG *)
*)

(%

(kk*ﬁ**k*********w*%*%**kk*%******************************)

Degin

if TRACE then
ariteln(outdeouy,”>>>In computebandh’);

Aelaytmean 2= nmean/Lhruputs
(* avg oacket delav, normal-
ized to Tmean (in slots) =)
delayslot = dalaytimeanxiTmeans
(% avy packet delay. in

slots ¥*)
delay = delayslot~taus (* avyg packet delay in sec *)

dslot 3= delayslot = iTmeans (¥ mean waiting time, in

slots *)
s ¢= Wslot * taus (* mean waiting time, in
saconds *)

it DEBUG then
hagin
writeln(outdebug) s
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writelnloutdenuy,DELAY, in secondss Z,delav)s
writeln(outdebus)s

writeln(outdebuy,’d, in seconds: 7, W)s
wWwriteln(outdebun) ;s

ends

andi

(k***#*%*%*%*ﬁ***%**k*******%**k**************************)

proceddure calculationss
(kﬁ&k**%k*******k%*ﬁ&*k*k********%*********************k#*)

( B
(%

(%

*)

Furposes: This routine performs the necessary *)
calculations in determining certain perform—%)

ance parameters concerning the network. *)

*)

Called bDys *)
mociel *)

%)

Routines calleds *)

Omatrix, Jmatrix, Fmatrix, Smatrix., Pmatrix *)
comnutars, computeNELTA, computeA, computePI*)
comnute [HRUPUT, computaNmean, computeDandW *)

*)

Glohal variabless %)
TRACE, o, errorflag %)

*)

(***k**%*%*******%ﬁ*******************k******#*********%**)

sedgin

if TRACE then
writeln(outdebug,?>>>1In calculations”?)s

amatrixs

Jmatrixs

Fmatrixs

Smatrixs

Faatrixs

computaPSs
computeDELTAS

computaAs
compuutePl(o,errorflag)s

if not errorflaz
tnen begin
compute [HRUPUTS
computeimnaansi
computaDandis
e nd
el se determinaestatuss

s
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(Example l> |
<{ uvacs }> model | | |

DEFAULTS:

..« Message Info:

“Message # Length Prob. Siot Time(T)
o 916 3.000e-01  2.385416667e+01
2 108 5.000e~01 2.812500000e+00
3 956 5.000e-02 2.489583333e+01
4 148 1.500e-01 3.854166667e+00
...Other Info:
M=20 TAU=3.0e-04
- GAMMA= 2.0e+00 ‘ IGAMMA= 2
. NU=.1.0e-02 - SIGMA= 2.0e-02
" TMEAN= 1.039e+01 ITMEAN=10
- XI=:T7.812e-06 TRACE=false

ZETA= 0.000e+00 DEBUG=false

Do you want to change any defaults? (Y/N): n

RESULTS:

...Average stationary channel throughput: 5.987318405297 69e-01

. ..Averége‘ Packet Delay: . - |
Normalized to Tmean (slots):  3.54869352539207e+01

~ In slots:  3.54869352539207e+02
In seconds: 1.06460805761762e-01

...Mean Waiting Time:

In slots:  3.44869352539207e+02
In seconds: 1.03460805761762e-01

... Average Channel Backlog:  2.12471580593407 e+01

<{ uvacs P



<{ uvacs }> model

DEFAULTS:

. .. Message Ihfo:

<E_§<®plc' Q/>

Message # Length Prob. Slot Time(T)
1 916 3.000e-01 2.385416667+01
2 108 5.000e-01 2.812500000e+00
3 %6 5.000e-02  2,489583333e+01
4 o148 1.500e-01 3.854166667e+00

.. Other Info:

M=20 TAU=3.0e-04

GAMMA= 2.0e+00 GAMMA= 2

NU= 1.0e-02 SIGMA= 2.0e-02

TMEAN= 1.039e+01 ITMEAN=10

XI= 7.812e-06 TRACE=fal se

ZETA= 0.000e+00 DEBUG=fal se

.J@Dowybu want to change any defaults? (Y/N): y

Slot time (tau) = 3.0e-04

...Do you want to change this? (Y/N):

Number of 0ev1ces (M) =

20

.Do you want to change this? (Y/N)

>>>Enter value: 10

n

Bit delay for device to recognize interference, once 1t has

reached device ( #bits/BPS = xi ) =
.Do you want to change this? (Y/N) :

wTry“againf;;DO‘you want to change this? (Y/N): n

1.0

1

Period used for collision reinforcenent, in seconds

(zeta) = 0.0e+00

...Do you want to change this? (Y/N):

n

Prob. that device generates and xmits new packet in slot,

given that channel is idle (sigma) =
..Do you want to change this? (Y/N):

2.0e-02

n

Prob. that backlogged user senses channel in current slot

(nu) = 1.0e-02

...Do you want to change this? (Y/N):

Prob. of packet i1

= 3. Oe~01
~ ...Do you want to change this? (Y/N):

Prob. of packet #2 = 5.0e—01

...Do you want to change this? (Y/N):

Prob. of packet #3 = 5.0e-02

..Do you want to change this? (Y/N):

Prob. of packet #4 = 1.5e-01

...Do vou want to chance this? (Y/N):

n



Packet length #1'= 916 bits
...Do you want to change this? (Y/N): n

Packet length #2 = 108 bits
... D0 you want to change this? (Y/N): n

Packet length #3 = 956 bits . .
~...Do you want to change this? (Y/N): n

Packet length #4 = 148 bits
...Do you want to change this? (Y/N): n

DEBUG flag = false
...Do you want to change this? (Y/N): n

TRACE flag = false
...Do you want to change this? (Y/N): n

Are you satisfied with changes? (Y/N): y

INITIALIZATIONS:

... Message Info:

Message # Length Prob. Siot Time(T)
1 916 3.000e-01 2.385416667e+01
2 108  5.000e-01 2.612500000e+00
3 %56 - 5,000e-02  2.489583333e+01
uoco 148 1.500e-01  3.854166667e+00
...0Other Info: ‘
M=10 : TAU=3. 0e-0U
GAMMA= 2.0e+00 - GAMMA= 2
NU= 1.0e-02 SIGMA= 2.0e-02
TMEAN= 1.039e+01 TTMEAN=10
XI= 7.812e-06 TRACE=fal se
ZETA= 0.000e+00 DEBUG=false
RESULTS:

... Average stationary channel throughput: 5.02603150998220e-01
.+« Average Packet Delay:

Normalized to Tmean (slots):  1.75430810397909e+01

In slots:  1.75430810397909e+02 :

In seconds: 5.26292431193727e-02

...Mean Waiting Time:

In slots: 1.65430810397909e+02
In seconds:  4,96292431193727e-02

... Average Channel Backlog: 8.81720780881605&+00



