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Abstract 
Asynchronous Transfer Mode is the chosen transport mechanism for future 
broadband networks. Although there is a huge number of mathematical mod
els and experimental results, there are still many problems to be investigated. 
One of these problems is the way to provide guaranteed performance for real 
time traffic. In this paper we propose an algorithm for call admission control 
based on a simple and accurate estimate of the cell loss probability considering 
both cell scale and burst scale components. The loss probability is estimated 
from the asymptote of the tail probability by introducing a correction factor. 
Extensive numerical evaluations and simulations are made to evaluate the 
accuracy of the proposed algorithm. 
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1 INTRODUCTION 

Due to its great flexibility, Asynchronous Transfer Mode (ATM) is widely con
sidered as the suitable technique to realise the full integration of transmission 
and switching for different kinds of services, such as voice, video, and data. 
These services are known to have different traffic characteristics (peak rate, 
mean rate, burst length, etc.), each having their own specific performance 
requirements (real-time, non-real-time, loss sensitive, etc.), which results into 
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conflict Quality of Service (QoS) requirements (cell loss, transfer delay, cell 
delay variation, etc.). 

One of the main areas of ongoing research is the way to carry real-time 
traffic applications such as voice and video over ATM networks. In addition 
to the specific cell loss probability (CLP), real-time traffic requires a strict 
limit on the maximum end-to-end cell delay, beyond which arriving cells may 
be considered lost. Because of the this delay limit the size of the used buffer 
is usually very small. 

In ATM networks, cells from different connections interact with each other 
at each switch. Without proper control, these interactions may adversely af
fect the network performance. One of the most important issues in providing 
guaranteed performance services is the choice of the cell service discipline 
at ATM switches (Zhang 1995). First-In-First-Out (FIFO) service discipline 
is the most used queuing discipline. FIFO can provide only an average per
formance for the aggregate traffic. For guaranteed Quality of Service (QoS) 
traffic, performance should be on a per-connection basis. Therefore, we em
phasise using non-FIFO scheduling algorithms such as Weighted Round Robin 
(WRR) (Kang et al. 1995, Rampal et al. 1995). Along with scheduling, Call 
Admission Control (CAC) is required to provide guaranteed QoS. 

An important goal behind ATM is the efficient utilisation of the resources 
due the ability of ATM to provide statistical multiplexing. Because of the small 
buffer size used with real-time traffic applications, many authors assume no 
statistical multiplexing gain can be achieved and therefore, they propose very 
conservative CAC algorithms such as peak rate allocation (Mitrou et al. 1996), 
or bufferless model schemes (Hsu et al. 1996). In this paper we insist that a 
reasonable statistical gain can be achieved although the buffer size is small. 
This is done by introducing an efficient CAC which is based on an accurate 
CLP estimation. 

To develop an accurate estimate of the CLP of small finite buffer we used 
the idea of adjusting the tail distribution so as to provide a simple and ac
curate closed form formula for CLP. This is done through the development 
of a correction factor that makes the necessary adjustment. This method de
pends mainly on simple analytical formulation combined with simulation and 
numerical evaluations. 

The algorithm that is being accepted in the literature to provide efficient 
link utilisation is by making best-effort traffic utilises the unused bandwidth 
left over by the real-time traffic applications (Tsang et al. 1996). In this 
scheme, traffic is classified into different classes, some of them for real-time 
traffic applications and others for best-effort applications. 

In our belief, efficient utilisation of the link capacity means that : not only 
each slot is being utilised by the incoming traffic, but it means that : each 
slot is utilised by the cell that should be served. Because real-time traffic; 1) 
provides more revenue than data traffic, and, 2) is expected to comprise a 
large percentage of the network load in the future broadband networks, the 
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issue of efficient utilisation of resources assigned to real-time traffic becomes 
an important issue. This matter will be more crucial if the link is solely used 
to transport real-time traffic (i.e. no best effort traffic) (Tsang et al. 1996). 

Therefore, we argue that the above mentioned algorithm is not optimum 
from the efficiency point of view unless provided with efficient algorithms for 
CAC and bandwidth assignment. 

2 SYSTEM MODEL 

2.1 Source Modelling 

We model a single source using On-Off source model, where each source is 
modelled as a two-state Markov chain. On-Off source model can be considered 
as the output of the shaping device at the user interface, therefore it may 
represent an actual traffic characterisation. 

To describe the On-Off sources we assume the source switches from On 
state to Off state with probability 1 - P11 and switch from Off state to On 
state with probability 1- Poo. Both On and Off duration are assumed to be 
independent and geometrically distributed. Therefore, the average On period 
(burst length) Ta is given by Ta = 1/(1- Pn) and average Off period T, is 
given by T, = 1/(1 - P00 ). The source activity factor p is given by p = 
Ta/(Ta + T,), so the burstiness (3 is given by (3 = 1/p. During On period 
the sources generates information with peak rate Rp bps while during Off 
period no information is generated. Accordingly, the mean rate m is given by 
m = RpP· The ratio of the service rate to the peak rate of the source is denoted 
by M. For numerical experiments we consider five classes of real-time traffic 
applications of different traffic characteristics. Table 1 provides the parameter 
values of these applications. 

2.2 Overall System Model 

Our simplified model for a statistical multiplexer of an ATM network node 
consists of output buffered switches with nonblocking switch fabrics. Switch 
output nodes are organised as parallel FIFO's which share the output link's 
capacity V via Weighted Round Robin (WRR) scheduling algorithm. Schedul
ing have the effect of providing access to share of bandwidth, as if each service 
class had its own server at its given rate. Therefore, we assume that traffic 
is classified into K different classes according to the QoS requirements and 
traffic characteristics such as peak rate, mean rate and mean burst length. 
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Parameter 
Application 

Peak rate (Mbps) Burstiness Burst length (cell) 

Voice 0.064 2.9 58 

Video tel 2 2.5 212 

MPEG1 1.856 4 2570 

HDTV 30 4.6 12264 

Image 2 23 2604 

Table 1 Parameter values for different applications 

Each class will be assigned its own buffer and individual share of the total 
link capacity to support its QoS. There are K admission controllers, one as
sociated with each traffic class. A bandwidth assignment controller is linked 
to all admission controllers and the multiplexer. The bandwidth assignment 
controller, according to the network state, allocates a fraction C; (we call it 
service rate of class i) from the total link capacity to each class i such that 
it satisfies the required QoS. This capacity will be modified over time as con
nections are dynamically set up and torn down. In this way, the analysis of 
heterogeneous traffic is simplified into the case of homogeneous traffic. The 
CAC problem then reduces to the analysis of the single-class single queue 
with its specific service rate. 

In our analysis we assume that the delay constraint is provided by limiting 
the buffer size, therefore, only the cell loss probability will be the measure of 
performance, hence we assume that each class has a specific requirement cell 
loss probability denoted by f;. For each class i, we assume that N; independent 
and identically distributed (i.i.d.) On-Off sources share a buffer of finite size 
B; cells so that the maximum queuing delay is of T; seconds. The total load 
of each class is given by p; = N;p;f M;. 

According to the non-work conserving WRR scheduling algorithm, let the 
cycle length to be W cells, and each queue has a quota of q; cells. Then the 
service rate of each queue is given by: 

( q;) 
C;= W V. (1) 

In this paper we make the analysis for one class so we omit the subscript i. 
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3 TAIL ESTIMATION 

The tail of the queue length distribution is defined as the probability that 
the steady state content of the infinite queue exceeds certain value B, i.e., 
Ptail = Q(B) = Pr(Q where Q denotes the steady state buffer content. 
Generally it is difficult to evaluate the tail probability exactly, therefore, the 
tail distribution itself is usually approximated. To develop an approximate 
estimate of the tail we use the decomposition approach where we model the 
queuing system as the superposition of two separate components, namely the 
cell scale, Qceu(B), and burst scale, Qbur•t(B), components (Mignault et al. 
1996). Therefore, we can write the tail as: 

Ptail = Qceu(B) + Qbur•t(B). (2) 

3.1 Burst Scale Component 

The burst scale component Qbur•t(B) is usually estimated using large buffer 
approximation, i.e. the burst scale component is approximated by the tail of 
an infinite queue. Because the evaluation of the tail is not simple, we develop a 
simple approximation to the tail for the burst scale component using discrete 
time queuing model. For discrete-time queuing systems, it has been observed 
that the steady state queue length distribution exhibits a geometrically dis
tributed tail (Bruneel et al. 1996, Ishizaki et al. 1995, Sohraby 1993). That 
is, for sufficiently large buffer size B, we have: 

(3) 

Where z0 is called the dominant root and A is called the leading factor to 
be determined. The dominant root is relatively simple to evaluate. Sohraby 
(Sohraby 1993) gives several approximations for z0 for different On-Off source 
models. 

(a) The Leading Factor 
The evaluation of the leading factor A is not as simple and needs some math
ematical analysis. Different proposals have been introduced in the literature, 
here we review some of them and then we propose an approximation for the 
leading factor A. 

e Effective Bandwidth Approximation 
In what is called effective bandwidth approximation, the leading factor is 
put equal to 1, i.e., 

(4) 
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• Sohraby Approximation 
Based on the heavy traffic assumption, Sohraby simply put A equal to the 
total load p = NpjM, i.e., 

Qburst(B) = pz[;8 . 

• Ishizaki et al. Approximation 
In a try to decrease the conservatism of Sohraby's method, lshizaki et al. 
(Ishizaki et al. 1995) proposed a heuristic approximation of the leading 
factor A as follows: 

- 1/2 1/2 
A - A soh · AGeo' (5) 

where Asoh is the leading factor of Sohraby's proposal, and Aaeo is the geo
metric mean of the leading factors of the lower and upper bounds of the tail 
probability which are given in (Ishizaki et al. 1995) through considerably 
complex formulas. 

• Proposed Approximation 
We thought of the leading factor A as the value of the tail, Pr(Q > B), 
when B = 0, that is, A = Pr(Q > 0). The probability Pr(Q > 0) can be 
related to the saturation probability that the input rate exceeds the service 
rate, i.e., the bufferless saturation probability Pzero,sat as follows (Artiges 
et al. 1996): 

Pzero,sat :S Pr(Q > 0). (6) 

Hence, the probability Pzero,sat can be considered as an approximation 
of Pr(Q > 0). Accordingly, in the next section we review the bufferless 
approximation, where we develop an estimate of the leading factor A using 
Bahadur-Rao formula. 

3.2 Different Bufferless Approximations 

For the bufferless model the saturation probability Pr(X > C) is given by: 

N 

Pzero,sat = Pr(X >C)= L Pk, 

k=fMl 

where Pk is the binomial distribution given by: 

( N ) k ( )N-k h= k ·p·1-p . 
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The average cell loss probability Pzero,lou is given by: 

1 N 
Pzero,loss = N L Pk · (k- M). 

P k==rMl 
(9) 

It is clear that Pzero,sat is easier to obtain than Pzero,loss. Equation(9) is 
usually called the Virtual Cell Loss Probability (VCLP). 

While equation (7) and (9) can be exactly evaluated, they become too dif
ficult for on-line calculations for large N, therefore, they are usually approxi
mated. Several approximations have been used such as Gaussian approxima
tion and large deviation approximations. Gaussian approximation may be very 
inaccurate, it may overestimate or underestimate the saturation probability. 
An other well known approximation is to apply large deviations approxima
tions using Chernoff bound. In this case for the non-negative random variable 
X and positive constant C, we have for 8 positive: 

Pr(X >C) :S E[e11(X-C)]. (10) 

where E[x] is the expected value of x. 
There is an optimum choice of the parameter 8 which minimises (10) for 

given C. Using simple mathematical formulation the Chernoff bound for N 
i.i.d On-Off sources can be written as: 

Na ( 1 ) N(l-a) 
Pr(X >C) :S 1 =: , 
where, a = NCJt = ';$ . 

p 

3.3 Bahadur Rao Bound 

(11) 

Chernoff's bound as given by the upper bound (11) often overestimates the 
saturation probability Pr(X > C). A better refined approximation can be 
obtained using Bahadur-Rao theorem (Hsu et al. 1996). If 8 is given, then we 
can write the inequality in (11) with equality as follows: 

Na (1 )N(l-a) 
Pr(X >C)= 1 =: ·e(8), (12) 

where e(8) is a correction factor. 
Bahadur and Rao used the idea to shift the most accurate point of the esti

mation from the region of the original mean value to the interesting region of 
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very small saturation probabilities. The shifted distribution can be approxi
mated accurately by Gaussian distribution around its own mean. Accordingly, 
the correction factor e(o) is given by: 

1 1 
e(O) = J2i .,fiiuo' 

where 0 = ...l..ln (r (1-rl) and u2 = a(1- a). Rp 1-a p 

(13) 

Accordingly, we have the following approximation for the saturation prob
ability using Bahadur-Rao theorem, PBR,•at: 

1 p Na ( 1- p)N(l-a) 
PBR,•at = J'iiyNu0 1- a (14) 

Bahadur-Rao approximation that is equivalent to the virtual cell loss proba
bility equation (9) is given by: 

PBR,•at 
PBR,lo .. = ONpRp · (15) 

Equations (14) and (15) are applicable to any system with number of inde
pendent sources. They are also accurate and relatively easy to calculate. 

Accordingly, we propose to approximate the leading factor A by the Bahadur
Rao loss probability, PBR,lo .. , as given by equation (15). 

3.4 Cell Scale Component 

One proposal to model the cell scale component is to use MID 11 model. A 
more accurate model proposed is using N * Dl Dl1 queuing system (Fiche et 
al. 1994, Mignault et al. 1996). 

Although the exact solution of N * DID 11 queue is relatively straight
forward, it may be not simple for fast calculations. Based on heavy traffic 
assumption using Brownian Bridge approximation method an approximation 
is provided as given in (Pitts et al. 1996). This approximation underestimates 
the cell loss for low utilisation. In (Fiche et al. 1994) a much better approx
imation is derived which is good for all traffic intensities. For the cell scale 
component Qceu(B), we use this approximation which is given by ; 

(16) 
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4 ACCURACY OF THE PROPOSED ESTIMATE OF THE TAIL 

Now we will investigate the accuracy of the proposed tail by comparison with 
some exact and approximate tail distributions. Some results are shown in 
Figure 1 and Figure 2. For the exact tail calculations we present two different 
algorithms. The first is the algorithm of Anick, Mitra and Sohadni (Anick 
et al. 1982) which is based on fluid flow model, we denote it by AMS exact 
tail. The other algorithm is the one developed by (Choudhury et al. 1996) 
which is based on 'LGIGI1 queuing model, we call this GIGI1 exact tail. 
For L GIG I 1 exact tail we do not make the numerical calculations, instead 
we reproduced the results directly from (Choudhury et al. 1996). 

--·----·-·---- -·-·--·-- ----·-

,,.()8 '----'-----''-----'-----' 
0 so 100 150 200 

BvfferltiainccU• 

Figure 1 Accuracy of the proposed Figure 2 Accuracy of the proposed 
tail estimation with small load and tail estimation with small load and 
small buffer size, p = 0.3, M = 18.2 small buffer size. p = 0.3, M = 7.3 

In Figure 1 and Figure 2 we compare, for small load and small buffer sizes, 
the proposed approximation of the tail with the exact tail of AMS and GIG II. 
The results for GIGI1 are respectively reproduced from Figure 7 and Figure 
1 in (Choudhury et al. 1996). Also in these figures we include the tail approx
imations as proposed by Sohraby and Ishizaki et al. The source parameters 
for Figure 1 are as follows: N = 60, Ta = 60 cells, T. = 600 cells, p = 0.3 
(hence, M = 18.2). For Figure 2 the only change is that the number of sources 
is now 24 (hence, M = 7.3). From these two figures we see that the proposed 
tail approximately follows the GIGI1 exact tail in the buffer range indicated. 
Ishizaki et al. tail approximation does not differ much from the proposed tail. 
Sohraby tail approximation is very conservative compared to the all other 
tail estimations. Results with large buffer size have also been done and the 
proposed tail showed to be very accurate. 
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5 VALIDITY OF USING THE TAIL DISTRIBUTION AS AN 
ESTIMATE OF THE CELL LOSS PROBABILITY OF FINITE 
BUFFER 

Usually the tail of the infinite buffer is used to approximate the CLP of the 
respective finite buffer queueing system. The question to be answered is how 
much accurate is that approximation (Belhaj et al. 1997)? The well known 
idea is that the tail distribution Ptail = Pr( Q B) of an infinite buffer 
configuration is always an upper bound to the respective finite buffer one, 
P,033 , see for example (Mitrou et al. 1996). On the other hand it is stated in 
(Bisdikian et al., Mignault et al. 1996) that the above statement is true only 
for heavy traffic cases. Therefore the relation between the tail probability and 
CLP of the corresponding finite buffer should be investigated. We checked 
this matter by comparing the exact tail and other tail approximations with 
the exact CLP obtained by simulation. 

In Figure 3 we give an example from a set of numerical examples that com
pare the cell loss approximated with the exact tail evaluated using AMS exact 
tail with simulation for different number of sources (i.e. load). We see clearly 
that the tail overestimates the cell loss at high loads and underestimates it at 
small loads. 

A contradictory result is obtained in Figure 4 (the source parameter is same 
with Figure 2) where the tail overestimates the cell loss even the load is very 
small (p = 0.3). This result indicates that not only the load that affects the 
accuracy of the tail as an estimate for the cell loss probability, there may be 
other parameters which have also some effect. This matter will be investigated 
more in section 6. 
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Figure 3 Comparison of the exact Figure 4 The tail overestimates the 
CLP produced by simulation and the cell loss probability even with small 
exact tail overflow probability. Image load. p = 0.3 
source, M = 15.1, B = 100 
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6 CELL LOSS PROBABILITY OF FINITE BUFFER SYSTEM 

To establish an accurate estimate of the cell loss probability of a finite buffer 
we start with the derivation of a Correction Factor (CF) to adjust the tail ap
proximation that has been developed. Therefore, we write the CLP estimate, 
P1ou, as follows: 

Ptou = CF(.) · Ptail· (17) 

where CF(.) is a general function of the source and network parameters. 
Since we want to relate the infinite buffer analysis to the respective finite 

buffer, we start with the simplest situation that is well known in the literature, 
namely the Markovian M/M/1 and MJM/1/B systems, where the results 
governing them are well established. 

We denote the correction factor that relates the infinite queue to the cor
responding finite queue for the case of Markovian queues by Basic Correction 
Factor, CFBa•ic, which can be approximated, for large buffer size, as follows: 

(1- p) 
CFBa•ic = ---. 

p 
(18) 

In (Bisdikian et al. 1993), a similar result is provided also for M/G/1/K, 
and Geo[:c] / D /1/ K queuing models. The basic correction factor given by equa
tion (18) is used in (Bruneel et al. 1996, Mignault et al. 1996) as the correction 
factor to adjust the tail. On the other hand, Takine et al. (Takine et al. 1994) 
proved that the CLP for discrete finite buffer is related to the tail probability 
as: 

R _ (1- p) . Ptail 
lou- (1 n ) · P - .rtail 

{19) 

For small Ptail , equation (19) provides the same correction factor as C FBa•ic· 

6.1 Proposed Correction Factor 

To have some insight to the effect of all parameters on the correction factor we 
investigated the effect of the source and network parameters on the accuracy 
of the CLP estimation. We considered, burst length, burstiness, load, buffer 
size, and ratio of service rate to the peak rate of the sources. In all situations 
we investigated the effect of each parameter on the CLP as estimated from 
the tail modified by CFBa•ic compared to the simulation results. 

In Figure 5 to Figure 8 we plot the cell loss probability using the tail 
approximation which is adjusted by C FBa•ic compared to simulation. In these 
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figures we checked the effect of burst length, burstiness, ratio of service rate to 
the peak rate and load. In each case the other parameters are kept fixed. With 
a careful investigation of these figures we see that for the case of burst length 
and burstiness the CLP estimate is approximately accurate. This means that 
the burst length and burstiness do not have a clear effect on the correction 
factor. On the other hand, for the load and ratio of service rate to peak rate 
ratio we see clearly that the cell loss estimate deviates from simulation as the 
parameter changes. From this we concluded that the load and the ratio of 
service rate to source peak rate both have some effect on the correction factor 
and therefore they should be put under more investigation. 

After a wide number of trials we arrived to a conclusion that a suitable 
correction factor can be put in the form (1- p)Mf(p) f3.5p, where /(p) is a 
general function of the load. Refer to (Belhaj 1998) for a detailed derivation 
of this correction factor. 

In order to get accurate estimate of the CLP, the exact values of f(p) must 
be determined for different source and network parameters. One way is to 
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use tabulated values for different cases. Using tabulated values would require 
a considerable amount of memory capacity and some decision rule to select 
the value of f(p) because all possible values could not be stored in the table. 
Another possibility is to calculate a large range of values of f(p) and fit the 
data describing it using some criterion. This approach is the one we want to 
follow. Using comparison with simulation we made numerical experiments of 
more than 30 settings. In all these experiments we found the value of f(p) 
that produces exact CLP estimate. The collected data is shown in Figure 9. 
To fit the data we made a linear regression (to simplify the calculation for 
the CLP) of the collected data and found that f(p) can be represented by a 
linear function of the load as follows: 

f(p) = 0.72p- .06. (20) 

Beside the function f(p) given by equation (20), which we call average f(p) 
we presented two other estimates of f(p). The first we call lower bound f(p), 
given by f(p) = 0.72p- 0.12, which is in tangent to the lower values of 
the collected data. The other proposal of f(p) we call it upper bound f(p) 
given by f(p) = .72p, which is in tangent to the upper values of the collected 
data. By comparison with simulation we found that using either the average 
f(p) or the other two estimations does not change the cell loss estimation 
significantly. That is from the network dimensioning point of view using any 
of the estimations of f(p) will give same results approximately. 

Therefore, we can write the overall Proposed Correction Factor, CFPropo•ed, 

as follows: 

Mf(p) 
CFProposed = (1- p) · 3_5p , (21) 

where f(p) is given by equation (20) or one of the other two proposals. 
By a closer look to into the developed correction factor as given by equation 
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(21) we could reach a conclusion that explains the relation of the tail and the 
CLP. Here, we have the result which necessities the correction to the statement 
that says the tail underestimates the loss for small load and overestimates it for 
high load as it has been emphasised by Bisdikian et al. (Bisdikian et al. 1993) 
and Mignault eta!. (Mignault et al. 1996). We have now the result that states: 
the tail may overestimate or underestimate the cell loss probability depending 
on the load and the ratio of the service rate to the source peak rate. For small 
values of load the tail usually underestimates the cell loss, and for high values 
of the load the tail usually overestimates the cell loss, but for moderate loads 
the tail may overestimate or underestimate the cell loss depending on the ratio 
of the service rate to the peak rate of the sources. See (Belhaj 1998) for more 
explanation of this result. Finally, according to the correction factor given by 
equation (21), the overall estimate of cell loss probability is given by: 

Mf(p) 
Ptm = (1- p) · 3.5p · Ptail· (22) 

7 SIMULATION AND NUMERICAL EVALUATIONS 

In this section we give more results from the simulation and numerical eval
uations that have been made to test the accuracy of the proposed estimate 
of the cell loss probability as given by equation (22). In this investigation, 
we compare with simulation, the proposed algorithm and four other on-line 
algorithms proposed in the literature. These are the algorithm proposed by 
Sohraby which is based on an approximate of the tail of a discrete time queu
ing model (Sohraby 1993), the algorithm of Ishizaki et al. which is based on 
the evaluation of the CLP using discrete time model (Ishizaki et al. 1995) , 
the algorithm of Lee and Mark which is based on an approximate tail derived 
using fluid flow model (Lee et al. 1995), and the buffer less approximation 
model as proposed by Hsu and Warland which is based on large deviation 
approximation (Hsu et al. 1996). 

First we start with voice sources which are mainly characterised by the 
small peak rate and small burst length. In Figure 11 and Figure 12 we show 
the CLP versus buffer size and number of sources respectively. In these two 
figures the ratio of service rate to the source peak rate is 40. To check the 
results at higher values of M we present Figure 13 where M = 156. To test 
the accuracy of the algorithms when changing the parameter M, we include 
Figure 14, where the load is kept constant at 0.86 by changing the number 
of sources. From these figures related to voice sources we see clearly that 
the proposed algorithm is very accurate and predicts approximately the same 
results as that is given by simulation. 

The second set of experiments are done with videotel sources. In Figure 15 
and Figure 16 we present respectively the CLP versus buffer size and number 
of sources. Here, also with videotel sources we get very amazingly accurate 
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Figure 11 Cell loss probability versus 
buffer size. Voice sources. M = 40, p = 
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Figure 12 Cell loss probability versus 
number of sources. Voice sources. B = 
100, M = 40 
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Figure 13 Cell loss probability versus Figure 14 Cell loss probability versus 
buffer size. Voice sources, M = 156, p = M. Voice sources. B = 100, p = 0.86. 
0.82. 

results using the proposed algorithm. Special look should be given to Fig
ure 15 where M is small, we see here that all other algorithms provide very 
conservative prediction of the cell loss probability. 

In the third set of experiments we consider image sources which are char-
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Figure 17 Cell loss probability versus 
buffer size. Image sources. M = 15, p = 
0.58. 
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Figure 18 Cell loss probability versus 
number of sources. Image sources. B = 
100, M = 15 

acterised mainly with the very high burstiness (,8=23). In Figure 17 and Fig
ure 18 we see the CLP versus buffer size and number of sources respectively. 
From these figures we find that the proposed algorithm is also accurate. Other 
results for HDTV and MPEG are given in (Belhaj 1998). 

8 SERVING REAL-TIME TRAFFIC EFFICIENTLY 

The usual approach for the bandwidth assignment is that according to the 
state of the system each class is assigned a fixed bandwidth during the whole 
duration of the assignment period, and that bandwidth is made available to 
be used by the present connections of that class whatever the resulted QoS, 
i.e. the connections present of any class can use all the bandwidth assigned 
to that class. Now due to the idea of ATM, which is clear from the word 
"Asynchronous", the connections of any class that are present at any time may 
consume bandwidth much higher than that is required to satisfy their QoS 
if they allowed to do so. This happens whenever the number of connections 
in any class falls below the number that should be served by the assigned 
bandwidth. This is an other possible cause of the inefficient utilisation of the 
bandwidth assigned to any class. The ideal solution to this problem is to allow 
the present connections at any time consume just the amount of bandwidth 
assigned to them according to their QoS requirements. It may be argued 
that this can be achieved by making the bandwidth reassignment whenever a 
connection is terminated or a new connection is accepted. This is not suitable 
because it makes the assignment too frequent, so that the time from the 
previous assignment is not enough to make the necessary calculations required 
for the overall bandwidth assignment operation. The scheme we propose to 
solve this problem is based on the idea to differentiate between the assigned 
bandwidth and the available bandwidth. 

e The Assigned Bandwidth 
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We mean by the assigned bandwidth, the maximum bandwidth that the 
connections of a certain class can use during the assignment period. This 
bandwidth can not be assigned to any other class during this assignment 
period. The assigned bandwidth is determined according to an optimisation 
of some cost function. A connection will be accepted only if the assigned 
bandwidth is enough to serve this new connection with the present connec
tions of the class, i.e the assigned bandwidth determines the CAC action. 
The assigned bandwidth is updated at the start of a new assignment period. 

• The Available Bandwidth: 
By the available bandwidth we mean the bandwidth that can be used by 
the present connections of the class, and this should be just the necessary 
bandwidth to satisfy the required performance. The available bandwidth 
is determined when ever a new connection requests admission or a con
nection terminates. Therefore it is updated according to the connection 
activity (belhaj 1998). When a connection is accepted (according to the 
assigned bandwidth) the available bandwidth is increased by the amount 
just to satisfy all the present connections of the class. When a connection 
terminates the available bandwidth is re-evaluated accordingly. Therefore, 
connections of each class will not be served with over satisfied QoS. The 
difference between the assigned bandwidth and the available bandwidth is 
made available to be used by the best-effort traffic, and hence bandwidth 
utilisation is maximised. 

9 NUMERICAL EVALUATIONS 
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Figure 19 Cell loss probability versus Figure 20 Bandwidth saving versus 
number of connections less than 50 number of connections less than 50 

Here we give an example to see how much the dynamics of the connections 
affect the CLP that the connections are served with. We assume that different 
classes have f = 10-7 . We assign a bandwidth to each class such 50 connec
tions are served by the required CLP. Then we keep the assigned bandwidth 
constant and decrease the number of connections present in each class. For 
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the data source the parameters are, Rp = 10Mbps, {3 = 10 and Ta = 330. 
In Figure 19 we plot the CLP that the connection are served with versus the 
number of connections less than 50. We see clearly that the connections are 
served with over satisfied service and this increases as the connections are less 
bursty. For example if the number of videotel connections is decreased by 6 
then the present connections will be served with 10- 10 instead of 10-7 . In 
Figure 20 we see the saved bandwidth for the same situation as in Figure 19. 

10 CONCLUSIONS 

In this paper we introduced a very simple CAC that is suitable to provide 
guaranteed QoS for real time traffic. Scheduling disciplines other than FIFO 
together with CAC can provide the required performance. Peak rate alloca
tion although is very simple it considerably limits the number of real time 
traffic connections. This may not be desirable for the network provider be
cause real time traffic is expected to provide more revenue than best effort 
traffic. Therefore, bandwidth allocation for real time traffic should be based 
on algorithms that take into account the effect of statistical multiplexing for 
small buffer sizes. In this paper we proposed such a simple and efficient al
gorithm for CAC. Using simulation and numerical evaluations we compare 
several algorithms available in the literature and validate the accuracy of the 
proposed algorithm. 
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