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Abstract:

Over the last few years, a substantial number of call admission algorithms have
been proposed in the open literature. In this report, we review the salient features of
some of these algorithms.
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1 . Introduction

ATM type of traffic sources have been classified to CBR and VBR. Call admission for

CBR services appears, at least on the surface, to be straight forward; allocate bandwidth

equal to the source's peak. Likewise, one can do peak bandwidth allocation for a VBR

source whose mean transmission rate is close to its peak: rate, or whose peak rate is a very

small percentage of the link's capacity. There are also VBR sources which are both cell loss

and delay sensitive, such as moving medical flies for remote diagnosis. For such sources

one can argue that peak bandwidth allocation is appropriate. However, in general, one is

left with the thorny issue of having to decide on a call admission algorithm for bursty

sources. For these sources, peak bandwidth allocation leads to waisted bandwidth.

Statistical multiplexing, on the other hand, makes economic sense but it is difficult to carry

out effectively. This is because of the following reasons: a) difficulties in characterizing an

arrival process, b) lack of understanding as to how an arrival process is shaped deep in the

network, and c) bandwidth allocation decisions have to be done on the fly, and therefore

they cannot be cpu intensive. Below, we examine these three reasons in some detail.

a. Characterization of an arrival process

Over the last few years, we have gone through several paradigm shifts regarding our

understanding of how to model an ATM source. The first traffic model that was used was

the Poisson distribution for continuous-time modelling or the Bernoulli distribution for

discrete-time modelling. Soon, it became apparent that this type of traffic model did not

capture the notion of burstiness that is present in traffic resulting from applications such as

moving a data file and packetized encoded video. Thus, there was a major shift towards

using distributions such as the Interrupted Poisson Process (IPP) for continuous-time

modelling or the Interrupted Bernoulli Process (ffiP) for discrete-time modelling. These

type of distributions, however, do not capture the notion of correlation since the inter

arrival time of an IPP or IBP is a renewal process. Early traffic characterization of ATM

traffic showed that the inter-arrival times of cells from a specific source is correlated. Also,

looking at the cell traffic that will be generated by encoded video, one can conclude that the

inter-arrival time may well be correlated. As a result of these influences, more complex

distributions have been used. These distributions are in the form of a Markov Modulated

Poisson Process (MMPP) or a Markov Modulated Bernoulli Process (MMBP). Of course,

the more complex the distribution, the harder it is to incorporate it into performance models

of ATM networks. An IPP or IBP is a special case of an MMPP (or MMBP). One of the

2



underlying assumption of an MMPP (or MMBP) is that the time the arrival process spends

in each state is exponentially (or geometrically) distributed. This assumption is made for

mathematical convenience. There was not much concern about this assumption, since these

distribution captured the notion of burstiness and correlation, two factors that were deemed

more important than the exponentiality assumption. However, the current thinking is that

this may not be a realistic assumption for applications such as file transfer. It seems that a

bursty data source should be characterized by an on/off process (like an ffiP), but the on

and off periods should have arbitrary distributions. In fact, an ATM traffic study of

VISTAnet clearly points out to an on/off traffic model with constant on period. The off

period seems to be best described by a mixture of two constants. Analyzing the behaviour

of an ATM multiplexer under on/off periods with arbitrarily distributed on and off periods

is very difficult

To compound the problem of choosing an appropriate model for ATM traffic, the ATM

forum decided to standardize the following parameters: peak rate, average rate, cell delay

variation for the peak rate, and maximum burst length. Using the peak rate and the cell

delay variation, one can effectively police the peak rate. Also, using the maximum burst

length, one can estimate a cell delay variation that can be used to police the average rate.

These parameters are fairly inadequate when it comes to bandwidth allocation. For, it can

be easily shown that there are different distributions with the same peak, average rate, and

maximum burst length, but with different burstiness and different inter-arrival correlations.

Burstiness and correlation are two parameters that can grossly affect QoS measures such as

cell loss probability.

b. How is an arrival process shaped deep in the network?

Assuming that the arrival process can be adequately characterized by a traffic model, the

next question that arises is how its burstiness and the correlation of the inter-arrival time are

affected as the source goes through several switches, multiplexers and demultiplexers? If

the source gets less bursty as it proceeds through the network, then it is easier to decide

how much bandwidth to allocate. However, this decision gets more difficult if the source

becomes burstier as it goes through the network. This is an open problem that has not as

yet been adequately addressed.
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c · Bandwidth allocation decisions have to be done on the fly.

Typically, the problem of deciding whether to accept a new call or not may be formulated

as a queueing problem involving an ATM multiplexer, represented by a number of ATM

sources feeding a finite capacity queue which is served by a server with a constant service

time. However, the solution to this problem is very difficult and cpu intensive, and it

cannot be obtained on the fly. In view of this, a variety of different bandwidth allocation

algorithms have been proposed which are based on different approximations, or different

types of schemes which do not require the solution of such a queueing problem.

Another issue that has not been addressed properly so far, is call admission control for

video sources. One can safely opt for peak bandwidth allocation for un-encoded video or

CBR encoded video. However, given the trends in video encoding, it is reasonable to

assume that video-based applications will make use of YBR encoded video. Characterizing

the behaviour of the output process of an encoder is still an open research question.

Interestingly enough, video-based applications were not perceived to be the main source of

traffic on early ATM networks. One can still read in the open literature statements to that

effect. However, the North Carolina Information Highways (NCllI) will originally carry a

lot of different video-based applications, such as distant learning, prisoner arraignment,

and video-conferencing. Also, the federal government seems to be interested in ATM-based

video applications.

2 . Classification of call admission algorithms

A variety of different call admission algorithms have been proposed in the literature. Some

of these algorithms require an explicit traffic model and some only require traffic

parameters such as the peak and average rate. In this report we review some of these

algorithms. For presentation purposes, the algorithms have been classified into the

following groups:

1. Equivalent bandwidth

2. Upper bounds of the cell loss probability

3. Heavy traffic approximation

4. Fast buffer/bandwidth allocation

5. Multi-paths

6. Time windows
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This classification was based on the underlying principle that was used to develop the

algorithm. Below, we discuss the salient features of each group, and we review some of

the algorithms in detail.

2 . 1. Equivalent bandwidth

The equivalent bandwidth of a source (or sources) is a popular notion in call admission,

and it has also given rise to some interesting queueing problems. Let us consider a single

source feeding a finite capacity queue. Then, the equivalent bandwidth of the source is the

service rate of the queue that corresponds to a cell loss of E.

The equivalent bandwidth for a single source can be derived as follows, see Guerin,

Ahmadi, and Naghshineh (1991). Each source is assumed to be an ffiP with 0,=1. Let R be

its peak rate, r the fraction of time the source is active, and b the mean duration of the active

period. Then, an IBP source can be completely characterized by the vector (R,r,b). Let us

now assume that the source feeds a fmite capacity queue with constant service time. Let K

be the capacity of the queue. Then using standard techniques, one can obtain the queue

length distribution. From this distribution, it is possible to determine a service rate c that

corresponds to a give cell loss c. The equivalent bandwidth c can be found to be in the

form:

_ {K(c-rR)}
E - Pexp - b(l-r)(R-c)c ·

where

p =
(c-cR)+er(R-c)

(l-r)c

The equivalent capacity c can then be obtained by solving the above equation for c. No

closed-form solution, however, can be obtained from the above equation, and the solution

has to be calculated numerically. A simplification can be obtained when ~ is set equal to 1

(typically p<l). In this case, we obtain:

where a =In(I/£)b(l-r)R.

a-K+{ (a-K)2+4Kar} 1/2
c= 2a
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In the case of N sources, and given that the buffer has a capacity K, the equivalent

bandwidth is again the service rate c which ensures that the cell loss is E. The calculation of

the equivalent bandwidth, however, becomes very complicated. In view of this, Guerin,

Ahmadi, and Naghshineh (1991) proposed the following approximation:

where,

N
c = min [p-a'o, I, Ci }

i=l
(2.1.2)

- Ci is the equivalent bandwidth of the ith source calculated using expression (2.1.1),

and I~lCi is the sum of all the individual equivalent bandwidths,

- P is the total average bit rate, i.e. P=L~lPi, where Pi is the mean bit rate of the ith

source,

- a=I~l ai, where a~ is the variance of the bit rate of the ith source, a~=Pi(Ri-Pi),

and

- a'= { -2ln(E)-ln21t} 1/2.

This approximation is based on the following two observations. First, the multiplexed N

sources may well correspond to an equivalent bandwidth which is less than the sum of their

individual equivalent bandwidths. Secondly, the stationary bit rate of the N sources has

been observed to follow approximately a Normal distribution with mean m, and variance

a2. Assuming that the finite capacity queue has no buffer, i.e. K=O, the equivalent

bandwidth for the N sources is simply a point in the Normal distribution N(m,cr2) past

which the area under the curve is E. This point expressed in standard deviation is m+a'(J,

and a' is obtained by approximately inverting the Normal distribution. Thus, the equivalent

bandwidth of N sources is the minimum of the two different equivalent bandwidths given

by (2.1.2). This expression turns out to be an upper bound 00 the actual bandwidth

requirements. The authors, however, claim that this a reasonable upper bound.

For further relevant references see Gibbens and Hunt (1991), Kelly (1991), Cidon, Gopal,

and Guerin (1991), Elwalid and Mitra (1993), Guerin and Gun (1992).
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2.2. Upper bounds of the cell loss probability

The equivalent bandwidth method described above gives an upper bound on the cell loss

probability. Due to the interest in this technique it was described separately. However,

several other call admission algorithms have been proposed which are based on an upper

bound for the cells loss probability.

Saito (1992) proposed an upper bound based on the average number of cells that arrive

during a fixed interval (ANA), and the maximum number of cells that arrive in the same

fixed interval (MNA). The fixed interval was taken to be equal to D/2, where D is the

maximum admissible delay in a buffer. Using these parameters, an upper bound was

derived. Let us consider a link serving N connections, and let PiG), i=1,2,... ,N, and

j=O,l,... , be the probability that j cells belonging to the ith connection arrive during the

period Dfl. Then, the cell loss probability CLP can be bounded by
00

IJk-D/2]+p1*P2*..·*PN(k)
CLP < B(Pl,... ,PN;D/2)deJ k_=O _

00

DqJl*P2*·..*PN(k)
k=O

where * indicates convolution. Let 8iG) be the following function:

ANAJMNAi j=MNAi

8iG)= l-ANAJMNAi j=O

Then, it can be shown that

o otherwise.

00

00

L,k81*82*... *SN(k)
k=O

A new connection is admitted if the resulting B(81,... ,8N+l;D/2) is less than the admissible

cell loss probability. Saito proposes a method for calculating 91*92*...*8N efficiently. He

also obtained a different upper bound based on the average and the variance of the number

of cells that arrive during D/2.
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For other upper bounds on the cell loss probability see Rasmussen, Serensen, Kvols, and

Jacobsen (1991) and Castelli, Cavallero and Tonietti (1991)

2.3. Heavy traffic approximation

Sohraby (1991) proposed an approximation for bandwidth allocation based on the

asymptotic behaviour of the tail of the queue-length distribution.

Let us first consider an infinite capacity queue with constant service times and a Markovian

Modulated arrival process, with a probability generating matrix B(z). This queueing system

has a matrix-geometric solution. Also, it is known that the steady-state queue-length

distribution exhibits a geometrically distributed tail. That is, for sufficient large i, we have

Pr(queue-Iength > i) ~ a(l/z*)i,

where z* is the smallest root outside the unit circle of the determinant IzI-B(z)1. Now, let

Al,A2,...,An be the eigenvalues of B(z). Then, the determinant IzI-B(z)1 can be written as

follows:

n
IzI-B(z)1 = ll(Z-Ai(Z».

i=l

Therefore, once the eigenvalues of B(z) are determined, then the zeroes of the above

determinant can be easily obtained. The question remains, however, as to which of these n

equations Z-Ai(Z) gives z*. It can be shown that the root z* solves equation Z-A(Z)=O,

where A(Z) is the Perron-Frobenious (PF) eigenvalue of B(z). For an arrival process which

is the superposition of independent arrival processes, the PF eigenvalue is the product of

the PF eigenvalues of the individual sources. Assuming a superposition of mp sources, it

can be shown that z* can be obtained by solving a fixed-point problem. This fixed-point

problem has to be solved numerically. Therefore, in order to expedite the calculation of z·

for the superposition of N ffiPs, Sohraby proposes the following approximation, valid

under the assumption that b is very large:

(2.3.1)1-rz* = 1 + -----
N
L, riRie 1-r i)2bi
i=l
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where r=L~lriRi' Thus, the tail of the queue-length distribution can beapproximated by

Pr(queue-Iength>i) ::::: y(l/z*)i,

where 'Y is the traffic intensity, and z* is given by (2.3.1). The author claims that the

approximation is good. when the traffic intensity "( is 0.8<"«1. The cell loss probability is

approximated by

where K is the buffer capacity, and z* is given by (2.3.1). The bandwidth allocation

decision is then quite simple. Accept a new connection if the resulting y(l/z*)K is small, or

when

In[y(I/z*)K] < In(E),

where z* is given by (2.3.1).

2 . 4 . Fast buffer/bandwidth allocation

This scheme was devised for the transmission of bursty sources. The main idea behind this

scheme is the following. When a virtual circuit is established, the path through the network

is set-up and the routing tables are appropriately updated, but no resources are allocated to

the virtual circuit. When a source is ready to transmit a burst, then at that moment the

network attempts to allocate the necessary resources for the duration of the burst Below,

we examine three algorithms.

Tranchier, Boyer, Rouaud, and Mazeas (1992) proposed a fast bandwidth allocation

protocol for YBR sources whose peak bit rate is less than 2% of the link's capacity. A

source requests bandwidth in incremental and decremental steps. The total requested

bandwidth for each virtual circuit may vary between zero and its peak rate. For a step

increase, a virtual circuit uses a special reservation request cell. The requested increase is

accepted by a node if the sum of the total requested traffic does not exceed the link's

capacity. That is, the decision to accept a step increase or not is based on peak bandwidth

allocation. If the step increase is denied by a node on the path of the virtual circuit, the step
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increase is blocked. Step decreases are announced through a management cell. A step

decrease is always accepted. At the cell level, the incoming cell stream of a virtual circuit is

shaped, so that the peak cell rate enforced corresponds to the currently accepted bandwidth.

A fast reservation protocol (FRP) unit was implemented to handle the relevant management

cells. This unit is located at the UNI. The protocol utilizes different types of timers to

ensure its reliable operation. The terminal utilizes a timer to ensure that its management

cells, such as step increase requests, sent to its local FRP unit are not lost. When the FRP

unit receives a step increase request, it forwards the request to the first node in the path,

which then sends it to the following node and so on. If the request can be satisfied by each

node on the path, the last node sends an ACK to the FRP unit. The FRP unit then informs

the terminal that the request has been accepted, updates the policing function, and sends a

validation cell to the nodes on the path to confirm the reservation. If the request cannot be

satisfied by a node, the node simply discards the request. The upstream nodes, that have

already reserved bandwidth, will discard the reservation if they do not receive the validation

cell within a fixed period of time, i.e. until a timer expires. This timer is set equal to the

maximum round trip between the FRP unit and the furthermost node. If the request is

blocked, the FRP unit will re-try to request the step increase, after a period set by another

timer The number of attempts is limited.

The above scheme was proposed for bursty sources peak rate which is very small

compared to the capacity of a link, i.e. less than 2%. Turner (1991) (1992) proposed a fast

reservation scheme where buffer space is allocated rather than bandwidth. In this scheme,

the sources may have peaks which can be a large fraction of the link's capacity. Each node,

maintains a state machine with two states for each virtual circuit. These two states are:

active and idle. When a virtual circuit is in the active state, it is allocated a prespecified

number of slots in the link's buffer, and it is guaranteed access to these buffer slots until

the source becomes idle. Transitions of the state machine occur upon receipt of a specially

marked start and end cells. A start cell indicates the beginning of a burst and an end cell the

end of a burst. All cells in a burst between the start cell and the end cell, are marked as

middle cells. The scheme also allows for transmission of single cells. These cells are

treated as low priority cells with no guarantees of service. That is, they can get discarded if

congestion arises. Cells, in general, can also be marked or unmarked. A marked cell has its

CLP bit turned on and it can be discarded if a buffer becomes full.

Each node keeps the following information. For each virtual circuit i, it keeps the current

state of the virtual circuit (active or idle), the pre-defined number of buffer slots Si that have
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to be allocated when the virtual circuit becomes active, and Uithe number of unmarked cells

belonging to the ith virtual circuit currently in the buffer. Also, it keeps track of the total

number of unused slots in the buffer, K'. Unlike the previous scheme, when a source

wants to transmit, it does not go through a request/validation procedure. It simply starts

transmitting, having appropriately marked the start cell and the subsequent cells. When a

node recognizes the start cell, it verifies whether it can allocate the pre-defined number of

buffer slots or not. If the virtual circuit is in the idle state and Si>K', the start cell and the

subsequent cells in the burst are discarded. On the other hand, if the virtual circuit is in the

idle state and sige', the node accepts the burst. The state of the virtual circuit is changed to

active, a timer for that virtual circuit is set, and Si is deducted from K'. If Ui<Si, then Ui is

incremented by one. If Ui=Si, the cell is marked (i.e. its CLP bit is turned on) and it is

placed in the buffer. The timer is determined by the cell delay variation. If the timer expires

before a middle cell or the end cell arrives, the status of the virtual circuit is changed to idle.

We note that marking cells (i.e. set their CLP bit to on) permits the node to accept more

than Si cells from the ith virtual circuit. However, only Si buffer slots are dedicated to the

ith virtual circuit. That is, only Si cells can be unmarked. The remaining cells are marked,

and they can be dropped if new bursts from other virtual circuits arrive and the buffer

becomes full. This introduces a form of fair sharing of the buffer. The buffer reservation

mechanism can be equally applied to to CBR sources.

Let R be the peak rate of a virtual circuit, p be its average rate, and C the link's capacity.

Then, the buffer slots allocated to the virtual circuit are given by the expression:

si=fKRICl. When selecting a route for a new virtual circuit, it is necessary to make sure

that the new virtual circuit will be safely multiplexed with the already existing virtual

circuits. A call admission procedure is prescribed.

Doshi and Heffes (1991a) (1991b) proposed a fast buffer allocation scheme for long file

transfers. As in the above buffer allocation scheme, buffer slots in each node on the path

are allocated to a virtual circuit when it is ready to transmit a burst. (Since this proposal was

made for long file transfer, the implication is that the burst will be very long.) A reservation

packet is sent to the nodes on the path of the virtual circuit. In the reservation packet, a

buffer size at each node is requested, which is equal to the window size calculated by the

transmitter. This window size may well be equal to the number of cells transmitted in a

round trip delay. As the reservation packet traverses its path, each node calculates the

maximum buffer size it can assign to this virtual circuit based on the status of its buffer. If

the calculated value is smaller than the value indicated in the reservation packet, the node

11



modifies the reservation packet to include the smaller buffer size. The receiver thus obtains

the reservation packet with the minimum buffer allocation. This is announced to the

transmitter in the acknowledgement that is sent back, and the transmitter uses a window

equal to the specified buffer size. The buffer allocation is not changed until the virtual

circuit goes idle. At that moment its buffer allocation is cancelled. All virtual circuits in a

buffer are served in a round robin fashion.

Full window is granted during periods of light load. During a busy periods, however, a

smaller window is granted. This smaller window is calculated using a number of buffer

thresholds, and the current status of the buffer. Let us consider a buffer of size K. Let

Kl<K2<... <Kj =K be t different thresholds in the buffer, and Wl>W2>... >W t be t

feasible buffer allocations. Also, let 0=(nl,n2,...,n0 be the allocation state, where ni is the

number of virtual circuits that have been allocated a window of size Wi. A new reservation

which finds the buffer in state (n1,n2,...,n0 receives an allocation of size Wi if:

t t
.2: njWj + Wi-l >Ki-1 and .2: njWj + Wi ~ Ki .
J=l J=l

The reservation is denied if:

t
.2: njWj + W t >K t
J=l

2.5. Multi-paths

In an ATM network, it is assumed that all the cells belonging to the same virtual circuit

follow the same path through the network. In a multi-path protocol, for the same virtual

connection, several distinct paths through the network are established. The traffic

belonging to this virtual connection is then distributed over the different paths according to

an allocation rule. In view of this, a multi-path protocol can easily handle bursty sources

with high peak bit rates compared to the capacity of a link. Let us assume for instance that

successive cells are transmitted cyclically over the different paths. Then, the traffic

belonging to the same virtual circuit that one will see over each path will have a smaller

peak bit rate and it would be less burstier. Multi-path protocols require resequencing at the
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receiver's end. Existing multi-path schemes send traffic primarily on a single path, and the

alternative paths are used only when the primary path is heavily loaded.

Dejean, Dittman, and Lorenzen (1991) proposed a multi-path scheme which they referred

to as the string mode protocol. The principal idea behind this scheme is that each burst is

chopped into sub-bursts and each sub-burst is sent over a different virtual circuit. A sub

burst is referred to as a string. A string, therefore, is a succession of cells destined to the

same destination. The first cell (guide cell) bears self-routing information and a string

identifier (SI). The remaining cells have the same SI.

The string mode protocol is handled by network protocol units (NPUs). Though it was not

specified in the paper, it seems that these NPUs will be attached to various ATM nodes,

very much like the connectionless servers. A user sends its strings to the nearest NPU.

From there on, the strings are sent to the NPU which serves the destination over different

virtual paths. Obviously, this requires that all NPUs are interconnected through a number

of different virtual paths. A virtual path between two NPU s will carry different strings

belonging to different sources. The router in an NPU selects a free virtual path to the

destination NPU on the fly when it recognizes a guide cell. All the cells of the string are

then transmitted until the router recognizes the end cell. At that moment the router is free to

switch another string. Typically, the router will have to select a virtual path among a small

number of virtual paths using a discipline such as round robin. We note that it is not clear

how the capacity of the virtual paths interconnecting the NPUs will bedetermined.

Functionally, the string mode protocol consists of a) the chopper, b) the string router, and

c) the resequencer. The chopper creates the strings by chopping the data flow into groups

of cells and then inserting a guide cell in front of each group. The resequencer puts strings

in the order in which they were chopped. The string router is in the NPU. One way of

implementing a string mode protocol is to add an extra class to the AAL. The chopper and

resequencer will be carried out at the AAL, and the necessary signalling and controlling

information will be carried within the AAL payload. A simulation-based performance study

of the string mode protocol is reported in Lorenzen and Dittman (1993).

Suzuki and Tobagi (1992) propose a fast bandwidth reservation scheme ( see section 2..4)

over multi-links and multi-paths. They assume that each connection consists of multiple

paths. Burst-level allocation is carried out by allocating peak bandwidth. Each burst is sent

over a different path. The order of cells within a burst is maintained, but bursts may not
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arrive at the destination in the order in which they were transmitted. The authors propose

various schemes for path selection.

Finally, Krishman and Silvester (1993) discuss the advantages and disadvantages of multi

path protocols, and they demonstrate through a queueing model that multi-pathing can be

advantageous.

2.6. Time windows

Several connection admission algorithms have been based on the notion that a source is

only allowed to transmit up to a maximum number of bits (or cells) within a fixed period of

time. This fixed period of time is known by different names, such as frame and time

window. This notion is similar to the jumping window that has been proposed as a policing

algorithm.

Golestani (1991) proposed a mechanism whereby for each connection, the number of cells

transmitted on any link in the network is bounded. Thus, a smooth traffic flow is

maintained throughout the network. This is achieved using the notion of frame, which is

equal to a fixed period of time. The frame is not adjustable and it is the same for all links.

Each connection can only transmit on a link up to a fixed number of cells per frame. Thus,

the total number of cells transmitted by all connections on the same link is upper bounded.

On a given switch, time on each incoming and outgoing link is organized into frames.

Arriving frames over an incoming link are not synchronized with departing frames over an

outgoing switch. A mechanism is proposed so that for each connection, the number of cells

per frame transmitted on an outgoing link cannot exceed its upper bound. This mechanism

is non-conserving. However, a cell arriving at an input port in a given frame is guaranteed

that it would be transmitted out of the switch at the end of an adjacent frame. This scheme

requires buffering.

Vakil and Singh (1990) proposed a node to node flow-control mechanism. For each

connection, the transmitting node can only transmit up to a certain number of cells every

fixed time period. The number of cells it can transmit is specified by the receiving node.

This is done using credits. The receiver informs the transmitter how many credits it can use

for each connection per fixed period of time. If the credits for a particular connection are

exhausted before the time period ends, then no more cells from this connection can be

transmitted for the remaining of the time period. The receiver can dynamically modify the
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number of credits. This method requires buffering. For further reading, see Faber and

Landweber (1992).

2 .7. Other call admission algorithms

Dynamic bandwidth allocation has been investigated by Tedijanto and Glin (1993), Saito

and Shiomoto (1991), and Bolla, Danovaro, Davoli, and Marchese (1993). In this case,

bandwidth allocated to a connection is dynamically adjusted every fixed time period.

Related to dynamic bandwidth allocation are various reactive congestion control schemes

that have been proposed in the literature. Contrary to an initial negative reaction towards

these schemes, it has been shown that they can be effective in cases where the source has

an on period which is long compared to the round trip propagation delay, see for instance

Periyannan (1992). These schemes, though they were developed specifically for cell-level

congestion control, lend themselves to an approach for call admission control. See Gersht

and Lee (1991), Makrucki (1990) and (1992), and Jagannath and Viniotis (1992)

Call admission control can be formulated as an optimization problem, where a particular

reward function is optimized. See Olin, Kulkarni, and Narayanan (1994), Bovopoulos

(1992), and Evans (1990). Also, neural nets have been used for call admission control. See

Hiramatsu (1991), A. Farago (1993), E. Nordstrom (1993), and Gallmo, E. E.

Nordstrom, M. Gustafsson, and L. Asplund (1993).

Finally, call admission control schemes for virtual paths have been examined in Sato and

Sato (1992), and Sato, Ohta, and Tokizawa (1990). See also Yamamoto, Hirata, Ohta,

Tode (1993).
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3 . Table of symbols

K

N

c

ANA

MNA

VNA

D

R

r

b

P
o

B(z)

*z

Si

Ui

K'

capacity of a queue

number of superposed sources

equivalent bandwidth

Average number of cells that arrive during a fixed interval

Maximum number of cells that arrive in the same fixed interval

Variance of the number of cells that arrive during the fixed interval

maximum admissible delay in a buffer

rate of arrivals during the active period of an on/off source

peakrate of a source

fraction of time an on/off source is active

mean duration of the active period of an on/off source

average bit rate of a source

variance of bit rate of a source

probability generating matrix of a Markov modulated source

smallest root outside the unit circle of the determinant IzI-B(z)1

traffic intensity of a queue

Buffer slots to be allocated when a burst from virtual circuit i arrives

Number of unmarked cells form the ith virtual circuit currently in the buffer

Total number of unused slots in the buffer

Capacity of a link

ith threshold in a buffer

Number of thresholds

Feasible buffer allocation

Number of virtual circuits that have been allocated a window of size Wi
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