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Abstract 
 

In computer networks, a message passes through several nodes to reach its 
destination. A message is delayed by different sources such as link bandwidth and buffer 
limitations. 

In this paper, a mathematical model is implemented to compute the optimal number 
of buffers that should be available for each node so that none of the messages is lost. This 
model is based on a priority assignment strategy where processing of a message is 
preempted by the arrival of messages from higher priority nodes. The load generated by 
each node is measured by a load factor which is defined as the ratio between the maximum 
time needed to process the arriving message and the minimum interarrival time between 
messages. 

A case study is made on a star network in which a central node receives messages 
from n other nodes. The relation between the amount of buffer space needed and the load 
factor is made through a computer simulation program. 

The analysis presented in this paper may help in designing reliable networks 
especially in early design stages. This can be achieved by making sure that a sufficient 
amount of buffer space is provided to avoid message loss and unnecessary delays thereby 
increasing the network throughput. 
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1.  Introduction 
A message will pass through several nodes to reach its destination according to the routing algorithm 
that is applied for the network. A great deal of literature dealing with the subject of network 
performance already exists [1,2,3,4,5,6,7,8]. These studies have traditionally treated the problem of 
network performance from a purely mathematical point of view. Queuing theory models have 
generally been the major tool for the analysis of network performance [9,10]. Although these schemes 
give a somewhat accurate estimate of a network performance, they do not guarantee that such 
performance would be maintained even in extreme situations. The correlation between network 
performance and network load is usually dominated by probabilistic factors [9,10,11,12,13,14,15]. All 
previous models which are discussed in the previous chapter assume that all messages require the same 
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class of service and therefore message priority was not considered. Also it is found that none of the 
previous models which are discussed in chapter two addressed the effect of buffering limitations on the 
overall network performance. We make an attempt to approach the problem of network performance 
evaluation from a different angle. We attempt to make this problem tractable by investigating the 
seemingly close relationship between the capacity of the network in terms of message buffering and 
the traffic load that can be handled by the network without loss of performance. 
 
 
2.  Previous Models 
In this section, some of the most relevant literature on the estimation of the buffer size which is directly 
related to the matter of this research will be presented. 

The work of Schweitzer and Lam [9] on the use of input buffer limits for congestion control in 
store-and-forward networks gives a method of estimating the ratio of buffers needed for the storage of 
the input messages to the total number of the buffers in any given node such that the throughput would 
be the maximum. 

In [9], it is assumed that each node in the network deals with two types of messages: input 
messages generated by the node itself and transit messages received from the adjacent nodes. It is 
assumed that each node has a pool of buffers, some of which are occupied by the input messages 
generated locally and some are occupied by the transit messages. The network is assumed to be 
homogenous and of an arbitrary topology. 

The limit of the input buffer is defined to be the ratio of the number of buffers occupied by the 
input messages to the total number of the buffers available for each node. i.e. 

Input buffer limit = NI/NT (1) 
Where 
NI= number of buffers for input messages. 
NT= total number of buffers available in each node. 
The analytical model which was suggested later in [9] assumes the Poisson arrivals of messages 

and exponential message length. These assumptions are taken into consideration because of their effect 
on processing times. The model also assumes that the internode communication is reliable and 
therefore there is no consideration of link failure. 

In [9], it is shown that the limit of the input buffer is always less than the ratio of input message 
throughput to total message throughput of the node. i.e. 

NI/NT < R (2) 
This gives a systematic method of achieving maximum throughput. It is, however, shown that 

congestion free traffic cannot be guaranteed. 
R can be computed using the following formula: 
R = T/(T + K(1-B)) (3) 
Where 
T = node throughput rate in message per second. 
K = rate of arriving transit messages from adjacent nodes in messages per seconds. 
B= equilibrium loss probability of transit messages. 
R can be expressed in the number of hops h that are traversed by the message from its source to 

reach its destination by the following formula: 
R = 1/(l+h) (4) 
A shortcoming of this work is that it does not address message loss. In fact it is possible that 

messages could be lost on arrival due to the lack of the buffer space and this is because of the way it 
estimates the buffer requirements of a node. Another observation regarding this model is that it does 
not deal with message priorities nor, does it consider message delays. 

The results presented in [9] are estimative and cannot be considered as upper limits, for the 
model from which they are derived is a probabilistic one. 
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The early work of Bricualt and Delgalvis [10] gives a method approximating the number of 
buffers that are necessary to serve all requests without exceeding a certain waiting time. The waiting 
time is defined to be the interval of the time between the instant at which a buffer is requested and the 
instant at which a buffer is reserved. The work of Bricualt and Delgalvis distinguishes between waiting 
time and holding time, the latter being the interval of time which starts when a buffer is reserved and 
ends when it is released. 

In [10], it is assumed that each node has a pooled number of buffers which are used for 
assembly and disassembly of received messages. A buffer is reserved to be used by a customer 
according to its request, then after the service is finished the buffer is released so it can be used by 
another customer. It is assumed that all buffers are homogeneous. 

The solution suggested in [10] is based on a Poisson distribution of buffer requests and 
exponential distribution of service times. 

The Bricualt and Delgalvis paper expresses the buffer utilization u as a function of the average 
buffer request rate r, the average holding time t and the number of buffers of constant size P. i.e. 

u=(r*t)/P (5) 
The Bricualt and Delgalvis paper then goes into a complex procedure to show that p can be 

calculated through an iterative process by assuming that the average holding time is constant. 
Although such solutions are useful as they provide a handle on the improvement of the 

performance of the network, they however do not address some of the important issues of this research 
mentioned earlier. By their very nature they are probabilistic and hence lead to estimated results which 
indicate only mean results. 

The work of Beheshti, Ganjali, Goel, and McKeown [16] estimates the buffer size that must be 
available at each router for different topologies. In a tree topology network with Poisson traffic 
arrivals, packet drop rate of Є can be achieved if every router in the network has a buffer size B, where 
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Where n is the maximum number of buffering nodes on each route and ρ is the load factor 
which it should be less than one. 

In [16], if a network of arbitrary topology with Poisson traffic arrivals, packet drop rate of Є 
can be achieved if the size of each buffer in the network is B, where 
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Where n is the maximum number of routers on every route, and ρ is the load factor which it 
should be less than one, and α = ρe1-ρ. 

The work of Singh, Lohia and Srivastava [17], estimating the memory size and the waiting time 
using the queuing theory. To measure the queue length at each time instance t1,t2,………,tn, let the 
queue size at t1,t2,………,tn be Q1,Q2……..,Qn respectively. Then, the average queue length 
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W(t)=1/μ[Q(i)]. (9) 
The size of memory to provide minimal data flow is given as: 
M=Q(L)+Variance (10) 
In case of M/M/1 queue model, 
Variance=Q(L) (11) 
M=2Q(L) (12) 
The work of Sujoy Ghose, Rajeev Kumar, Nilanjan Banerjee, and Raja Datta [18] suggests 

using a genetic algorithm to find the minimum buffer size. In order for a genetic algorithm to minimize 
the buffer size that should be available at each node, a shortest path routing algorithm is used. It gives 
good results but it does not use priority assignment strategy and it does not apply the genetic algorithm 
on an adaptive routing algorithm. 
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In [19], the minimal buffering requirements for different adaptation policies are studied. A 
minimum buffer requirement equation for TCP-Friendly protocol is developed as a function of the 
average of the achievable transmission rate, RTT and packet size, as shown in the following equation: 

22

18
RTTR
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××=Δ

α  (13) 

where ∆ is the minimum buffer size for decreasing the delay for Additive Increase and Multiplicative 
Decrease (AIMD), MSS is the packet size, R is the average achievable transmission rate, RTT is the 
round trip time and α is the increasing parameter of the AIMD protocol AIMD(α, β), with the TCP-
Friendliness increase/decrease relationship 

α =3(1-β)/(1+ β (14) 
Research in [15] also shows that the adaptation policies that maximize throughput are not 

suitable for interactive applications with high bit rates or long round trip times (RTTs) due to the long 
delay caused by large buffer size. 
 
 
3.  The Model 
Let B1, B2,……,Bn be the sending nodes in the network. These nodes are sending messages to a central 
node R as shown in Figure 1. Let Q1, Q2,……,Qn be queues of the buffers that are maintained by R and 
these queues are used for storing messages that are arriving from nodes B1, B2,…..,Bn respectively as 
shown in Figure 2. 

Let tn be the minimum interarrival time between the successive messages that are arriving to 
node R from node Bn and cn be the maximum processing times for messages that are arriving from 
node Bn. 

The routing algorithm applied in this model is a simple nonadaptive routing algorithm where 
each node is sending data to the central node R through a direct one hop link. If a failure occurs in the 
direct route between any sending node and the central node then there will be no transmission between 
this node and the central node. 
 

Figure 1: System Configuration (Source:[4]) 
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Figure 2: Buffer Queues (Source:[4]) 
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We define the load generated by a node Bi in the network as follows: 
lfi = ci/ti (15) 
lfi is called the load factor of node Bi. 
Clearly for Qi to be finite, the following condition must be satisfied: 
Lfi < 1 (16) 
Let RT(i,m) denotes the worst case of the response time for the message m that is received from 

the node Bi. Within the system that is under consideration, RT(i,m) can be defined as follows: 
RT(i,m)=DWi(m)+DPi(m)+ci (17) 
Where DWi is the delay that is caused by the processing of a message of the same priority and 

DPi is the delay that is encountered by those messages during the processing time (that is due to the 
preemption by higher priority messages). It is clear that if RT(i,m) < 1 for all m then the length of Qi 
needs not to exceed one. 

The model is based on the following assumptions: 
a) Each node has a unique priority level that is associated with it. 
b) Each node has a queue where it stores its arriving messages. 
c) A node can generate new messages or process arriving messages in its queue. 
d) Priority levels are from 1 to n with the lower numbers indicating higher priorities. 
e) Each message has a unique priority level that is associated with it. This priority level is 

the same priority level of its sending node. 
f) A message of a priority i arriving at a node executing a message of a priority level j with 

j>i will preempt that execution. 
 
 
4.  Feasibility Theorem 
It was pointed earlier that in order for Qi to be finite, the load factor lfi must be less than 1. To see this, 
consider a certain time interval d. The maximum number of messages received by R from node Bi 
during this time interval is (d/ti). Since each of these messages requires ci processing time from R, a 
maximum time of 

(d/ti)*ci 
is needed to process these messages. In order for Qi to be finite, R must complete the processing of 
these messages within the interval d. Hence we have the following inequality: 

(d/ti)*ci < d or ci/ti < 1 
Generalizing this to all Q1, Q2,…..,Qn, we have 
lfi < 1 for all i=1 to n. 
Since R is assumed to be monolithic processor multiplexed among all arriving messages and 

during any given interval d, R may serve requests from many queues. The finiteness of all queues then 
must depend on all lfi as stated in the following theorems. 

Theorem 1: 
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A necessary and sufficient condition that all queues Qi for i= 1 to n, be finite is that 
n 
∑lfi < 1. (18) 
i=1 
Proof: 
In order for Qi to be finite, R must complete the processing before any new messages arrive 

during any given time interval. The maximum number of messages arriving during d from any node Bi 
is (d/ti). R must serve all requests arriving during d from all nodes before any new ones arrive. Hence 

n 
∑ (d/ti)*ci < d (19) 
i=1 
n 
∑ (lfi) < 1. (20) 
i= 1 
Theorem 2: 
If ∑ (cj/tj) < 1 for j=1 to (i-1) then the delay encountered of a message of priority i (DPi) during 

processing is finite. 
Proof: 
The Processing of an arriving message from node Bi is preempted by the arrival of messages 

from the higher priority nodes which are B1 to B(i-1). During any time interval d, the maximum number 
of arrivals of such messages is 

i-1 
∑ d/tj (21) 
j=1 
The maximum processing time that the arriving messages from nodes B1 to B(i-1) during interval 

d is 
∑ (d/tj)*cj for j=1 to (i-1). The hypothesis that we have 
i-1 
∑ (d/tj)*cj < d (22) 
j=1 
and 
i-1 
∑ cj/tj < 1 (23) 
j=1 
Imply that the processing of these messages can be completed before any new arrivals. Hence 

DPi is finite. 
 
 
5.  Processing Delays 
Let t1 be the time at which the processing of a message mi that is arriving from the node Bi is preempted 
and t2 be the time at which the processing of the message mi is resumed. To examine what could 
happen during the open-ended interval A=[t1,t2), we apply the fact that once the processing of the 
messages each of priority i is preempted, the point of resumption is independent of the order of the 
arrival of these messages with higher priorities. But the point of resumption depends on the number of 
arriving messages during the preemption interval. For this reason we define the term Ar(A,j) as 
follows: 

Ar(A,j)=[t2/tj]-[t1/tj] (24) 
Where A is the interval between t1 and t2. Ar computes the maximum number of messages that 

arrive from the node Bj during the interval A. 
Arriving messages from node Bj during the interval A require the following amount of 

processing time: 
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Ar(A,j)*cj (25) 
Hence, the total processing time required for all arriving messages from nodes with priorities 

higher than the priority of Bi during the interval A is: 
i-1 
DP(A,i)=∑Ar(A,j)*cj (26) 
j=1 
This clearly represents the maximum processing delay that can be experienced by the messages 

that are arriving from Bi. 
The maximum processing time (PTi) needed for the messages that are arriving from Bi during 

the interval A is calculated according to following formula: 
PTi=t2=Dpi+ci (27) 

 
 
6.  Processing Delay Computation 
Lemma 1 

If DPi(m) = 0 for all m, then DWi(m) = 0. 
Suppose that a message m1 arrives from node Bi such that DWi(m1) ≠ 0. This implies That 

WRT(i,m2)>ti. As stated in the feasibility theorem, ci is less than ti this implies that WRT(i,m2) > 0, 
and then DPi(m2) = 0. As a contrary to this result that if DP(i,m2) = 0 then DW(i,m2) = 0. 

To compute the delay time experienced by the preemption of the arrival of messages from 
higher priority nodes, the following procedure is presented: 

a) A message mi arriving from node Bi needs ci processing time. Let A initially be the 
interval [0,ci). If Ar(A,j) for j = 1 to (i-1) is null then DPi = 0 and by lemma 1 DWi = 0. 

Let PTi=ci where PTi is the processing time needed for a message arriving from node Bi. 
b) Now, assume that Ar(A,j) ≠ 0 for some j = 1 to (i-1). Messages mk for which Ar(A,k) ≠ 

0 where k<i cause processing delay to mi. To compute this delay accurately we consider 
the interval A=[t1,t2) with t1=ci and t2=ci+DPi. DPi is computed by the following 
formula: 

i-1 
DPi=∑ Ar(A,k)*ck (28) 
k=1 
DPi is the interval by which the processing of mi is extended because of the delay caused by 

higher priority messages. Hence 
PTi=t2=DPi+ ci (29) 
Therefore a convenient way of defining the interval A is to consider it as an open-ended 

interval representing the time by which processing is extended due to the delays caused by higher 
priority messages. 

c) If during the new interval A= [t1,t2), Ar(A,j) = 0 for all j=1 to i-1 then as stated in (a) 
PTi=t2 else a new interval must be considered as in step (b) with 

First(Anew)= last(Aold) (30) 
Last(Anew)=last(Aold)+ DPi(Aold) (31) 
The feasibility theorem guarantees that this process terminates, otherwise PTi would be infinite. 

 
 
7.  Estimation of Buffer Requirements 
To avoid any message loss we provide a certain number of buffers, ki, where the messages from node 
Bi are stored and served in first-come-first-served order. 

To accommodate the number of messages that are arriving from node Bi during the time WRTi 
we need at least ki buffers. Where ki is calculated as follows: 

ki= PTi/ti (32) 



Estimation of Buffer Requirements in Computer Networks 55 

8.  Computer Analysis 
The analytical solution derived in the previous section can be easily expressed through an algorithmic 
procedure. The purpose of program implementation is to enable us to examine and analyze the effect of 
interarrival and processing time variance on response times and buffer requirements. The output data of 
this program are the worst case response time and the maximum number of buffers needed for each 
node, the output results are plotted to show various relationships among the three main parameters: 
Load factor, response time and number of buffers. 

The output that is produced by the program is used for analysis purposes. In particular we 
examine the variations in response times and buffer requirements as functions of the system load factor 
and the interarrival and processing times. 

We have divided the analysis into three stages as follows: 
First stage: load factor variance. 
In this stage the system load factor is varied and its effect on the response time and buffer 

requirements is examined. The program runs with a different input values. The results are plotted to 
illustrate these effects. 

Second stage: Interarrival time variance. 
In this stage the iterarrival time is varied to see its effect on the response time and on the b 

required buffers. The interarrival time is varied for each node separately to study the effect of each 
priority level on the response time and on the number of required buffers. 

Third stage: Processing time variance. 
In this stage the processing time is varied to see its effect on the response time and on the 

number of required buffers. The processing time is varied for each node separately. The output results 
are analyzed in this section to see the effect of variations of the input data on the number of estimated 
buffers. 
 
 
9.  Conclusion and Future Work 
It is seen from the analysis that the response time and the number of buffers are maximum when the 
system load factor is nearly unity. The response time and the number of needed buffers decrease with 
the decrease of the load factor until they reach a constant value. It is seen from the analysis that the 
variation of the interarrival time has a direct effect on the response time and on the number of required 
buffers which is expected because the number of arrivals is dependent upon the interarrival time. If the 
computation time is changed even by a small value, there will be a significant effect on the response 
time and on the number of required buffers which means that if the existing processor is replaced by a 
faster one then response time might become much smaller and consequently the number of required 
buffers will also decrease. 

The model derived for the star network can be extended to be applied on a fully connected 
network. Also the number of buffers that should be available at each node can be computed with 
different routing algorithms either adaptive or nonadaptive from which the best routing algorithm is 
estimated. 
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