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Abstract— An experimental study was conducted using a network
simulator to investigate the performance of packet communication
networks as a function of: the network resource capacities (channels,
buffers), the network load (number of virtual channels, virtual channel
loads), protocels (flow control, congestion control, routing), and pro-
tocol parameters (virtual channel window size, input buffer limits).
Performance characteristics are shown and the design of input buffer
limits for network congestion control, virtual channel window size, and
nodal buffer capacity addressed. Network design strategies for the
control of load fluctuations are proposed and discussed.
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trol, input buffer limits, packet switching networks, performance
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I. INTRODUCTION

HE OBJECTIVE of a packet communication network

is to reliably deliver packets from their sources to their
destinations within acceptable time delays. Thus, an important
performance measure of a packet network is its throughput
rate in packets delivered per second.

Throughput is generated when individual packets progress
through the network following finite (preferably acyclic) paths.
Packets admitted into the network require the allocation of
different types of resources to progress. The packet buffers at
a network node form one type of resource. There are different
types of buffer resources corresponding to different nodes in
the network. The set of communication channels (usually just
ohe) that transports packets from one node to another node is
another type of resource. There are different types of channel
resources corresponding to different communication links,

To generate a packet’s worth of throughput, the network
must first admit a packet and then allocate to it a set of re-
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sources consisting of the communication channels as well as
one buffer at each node along its route from source to desti-
nation.! A complete allocation of resources needed by a packet
before its admittance and subsequent journey is deemed
wasteful. Almost all packet networks employ a store-and-
forward protocol, whereby once a node has accepted a packet,
it attempts to forward the packet to the succeeding node on the
packet’s route. It also buffers a copy of the packet. The buffer
is released only after a positive acknowledgment has been re-
ceived from the succeeding node indicating successful receipt
and acceptance of the packet. With the store-and-forward
protocol, a partial allocation of resources will enable packets
to progress through the network; specifically, a packet residing
in node i can proceed if it has acquired the resources of a buffer
in node i, the channel (i, j) on its route, and a buffer in node
Jj. (We assume that packets follow fixed routes.)

It is well known that partial allocation of resources to con-
current processes may result in a *“‘circular wait” condition,
under which none of the processes can satisfy its resource needs
and progress [1]. The condition is known as a store-and-for-
ward deadlock in packet networks [2]; the throughput rate of
a deadlocked network is zero.

Buffer allocation algorithms have been proposed [3], [4]
for the prevention of store-and-forward deadlocks. It has been
proved that using these algorithms at least one packet in the
network can satisfy its resource needs at any time. This ensures
that the network throughput rate will never be zero.

The objective of this experimental study is to investigate
conditions for packet networks to operate at a high throughput
rate (instead of just ensuring that it will not become zero). The
impact of network protocols for flow control, congestion con-
trol, and routing on the network throughput rate is investi-
gated. The network performance as a function of resource
capacities (channels and buffers), network load (number of
virtual channels, virtual channel load), and protocol parame-
ters (window sizes for virtual channel flow control, input buffer
limits for network congestion control) is investigated.

The experimental performance results illustrate interactions
and tradeoffs among input buffer limits, virtual channel win-
dow sizes, nodal buffer capacities, and offered load levels.
Specifically, we found a good (heuristic) rule for the design
of input buffer limits. We also found that a uniform assignment
strategy for input buffer limits is significantly better than
designing them proportional to nodal traffic levels.

II. THE NETWORK CONGESTION PHENOMENON
AND CONTROL TECHNIQUES

A packet in transit within a network is at any time either
enabled (resource requirements for progress met) or blocked
(resource requirements not met). The number y(¢) of enabled
packets in the network at time ¢ depends upon: nodal buffer
capacities, the number of packets in transit within the network,
and the distribution of these packets over queues for channels.

1 With various high-level network protocols (not considered herein) other
types of resources are needed, such as, logical channels, sockets, control blocks,
sequence numbers, etc. Nodal processors are not considered because nodal
processing delays are typically much smaller than communication channel
delays.

The last two in turn depend upon the network load and the
network’s routing and flow and congestion control proto-
cols.

The maximum possible value of y(¢) is equal to the number
of communication channels in the network (given a nontrivial
number of buffers at each node). There are two conditions
under which y(t) takes on small values. First, there are few
packets in the network (due to a small network load). Second,
there are many packets in the network competing for resources:
however, their distribution over the channel queues are such
that few packets can satisfy their resource requirements for
progress (the network is congested!).

The network throughput rate is directly proportional to the
expected number y of enabled packets under steady-state
conditions.2 Fig. 1 is a qualitative picture of the network
throughput rate, given that the network has n packets in
transit, plotted as a function of n.

Flow and Congestion Control Protocols

We shall consider networks that provide virtual channels
between packet sources and sinks. The virtual channels are
end-to-end flow controlled. Examples of end-to-end flow
control protocols are SNA pacing [5], [6], RFNM in the Ar-
panet [7], and various window mechanisms [8], [9]. An im-
portant function of such end-to-end protocols is synchroniza-
tion of the source input rate to the sink acceptance rate. All of
them work by limiting the number of packets that a virtual
channel can have in transit within the network. Suppose L; is
the mgximum number of packets for virtual channel i (called
its window size) and the network has K virtual channels. The
maximum number of packets permitted to enter the network
is thus

nmax=L|+L2+---+LK.

The fact that np,,y is bounded does not imply that a separate
network congestion control protocol is not necessary. In fact,
one of the motivations for packet networks in the first place
is that data traffic sources are typically bursty [10]. In other
words, virtual channels between source-sink pairs require
network resources only intermittently with a small duty cycle.
If, for example, a network is operated such that .y is at point
B in Fig. 1, it is obvious that a network congestion control
protocol is not necessary. However, due to the bursty nature
of resource demands from virtual channels, the average
number of packets utilizing the network will be very low such
as at point A. It is therefore desirable for packet networks to
operate on the principle of overcommitment such that n,,, is
far to the right, such as at point C in Fig. 1; through averaging,
the network utilization is at point B with a correspondingly
high throughput rate. An immediate consequence is that a
separate network congestion control protocol is now necessary
to deal with temporary overloads (due to time and statistical
fluctuations in network user demands).

Any network congestion control protocol must effectively
reduce input into the network to alleviate temporary overloads

2 If the mean number of network links, denoted by L, traversed by packets

from source to destination is fixed and all channels have the same capacity
¢, then the network throughput rate is (Jc)/L.
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on the network. The isarithmic principle proposed by Davis
[11] and studied by Price [12] provides the above function by
setting a limit on the number of packets permitted inside a
network. This is accomplished by circulating a fixed number
of “containers” in the network. A packet can be sent through
the network only if its source can get hold of an empty con-
tainer. The objective of limiting the admission of packets into
a network can also be achieved by reducing the window sizes
of virtual channels or by shutting down some virtual channels
entirely. We have examined in our experiments the effect of
window sizes and the number of virtual channels on the net-
work throughput rate.

The control protocol that is of special interest in this paper
is called input buffer limits. Network nodes are required to
differentiate between “input packets” generated by local
sources and “transit packets” routed to them by other nodes.
A limit is imposed upon the fraction of buffers in the node that
input packets can occupy. This fraction is called the input
buffer limit (1B limit or IBL) of the node. No limit is placed
on the number of buffers that transit packets can occupy.

The advantage of favoring transit packets over input packets
was observed by Price [12]. A similar idea was discussed by
Chou and Gerla [13]. The use of 1B limits was explored in the
GMD simulation study [4]. Our experimental study reported
below covers different grounds from that of the GMD simu-
lation study. Specifically, although the GMD study explored
the use of 1B limits for congestion control, it was not known
how to design such limits nor were the conditions under which
IB limits are effective demonstrated. Both our design rule for
IB limits and our study of performance tradeoffs among pro-
tocol parameters, buffer capacities, and offered load levels are
new.

In [14] the performance of packet networks employing IB
limits for congestion control was analyzed by modeling them
as an extended class of queueing networks [15]. Using the
analytic model, the tradeoffs among network load, buffer ca-
pacity Nr, and IB limits were investigated. It was found that
when the network load is large, there is a critical value for the
IB limits beyond which the throughput capacity of the network
is seriously impaired. This critical value we shall refer to as the
IB capacity. The explanation for the drastic degradation in the
network throughput rate when IB limits exceed the IB capacity
turns out to be an intuitive one. For each new packet that the
network admits into an input buffer, additional buffers are
needed elsewhere for the packet’s subsequent journey to its
destination. Therefore, there is a natural ratio of the number
of input buffers to the total number of buffers in the network
that serves as an upper bound for IB limits. Suppose IB limits
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are designed to be larger than the IB capacity. It will occur that
(almost) all input buffers are filled by input packets, a likely
occurrence when the network is temporarily heavily loaded.
The network will subsequently not have enough buffers to
satisfy the demands of the resulting transit packets. The
number of packets which are enabled becomes very small and
the network throughput rate decreases to a small value (or zero
if the network is not deadlock-free).

A significant observation in [14] is that IB limits can be
made much smaller than the IB capacity without sacrificing
much network throughput (from the maximum throughput
rate assuming infinite buffers).

A homogeneous network consisting of nodes with identical
channel configurations and traffic demands was considered
in [14]. It was found that for homogeneous networks the IB
capacity (identical for all nodes) is equal to 1/H, where H is
the mean number of network nodes traversed by packets. Our
experimental results below illustrate IB capacities for general
nonhomogeneous networks.

I1I. THE NETWORK SIMULATOR

Our experiments were performed with a simulation program
written in the Pascal language using the discrete-event simu-
lation methodology.

Several network and traffic configurations have been sim-
ulated. They are described in Section IV below in conjunction
with their experimental results. For instance, the most fre-
quently used configuration has 7 nodes, 9 full-duplex links, and
168 virtual channels. In some cases up to 336 virtual channels
were simulated. Most experiments were run for 150 s of sim-
ulated time, so that each virtual channel delivered about
150-300 packets of throughput during a simulation run (ex-
cept for those cases in which the network becomes congested
or deadlocked). For the case of 168 virtual channels, the net-
work throughput of each simulation run was about 25 000-
45 000 packets. (For comparison, in [4] the number of virtual
channels simulated was about 50, and the network throughput
for each simulation run was 2000 packets.) We also observed
the throughput rates of virtual channels as a function of time
and found that they reached steady-state values in a few sec-
onds. Hence, 150 s of simulation time is relatively a long
time.

The class of networks that can be simulated is quite general
and contains the following features.

1) Network Topology: An arbitrary topology of links and
nodes can be specified.

2) Traffic Sources and Sinks: Each virtual channel has a
traffic source and sink. Messages are generated by the source
according to a message length probability distribution. Each
message generated may be segmented into one or more pack-
ets. A packet is the basic unit of data transfer in the net-
work.

In the experiments for this particular study, each message
generated consisted of a single fixed-length packet. If the flow
control window of the virtual channel is not full and the input
buffer limit of the network node connected to the source has
not been reached, then the source generates a new packet with






