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Abstract

In this paper a new traffic control method called Ad-
vanced Round Robin (ARR) is presented. It is shown that
ARR can provide both worst case and statistical Quality of
Service guarantees without coupling cell loss and delay re-
quirements. A related Connection Admission Control algo-
rithm with performance study is also presented.

A comparative performance analysis of ARR using sim-
ulation was performed in different real scenarios. Results
are compared to a reference system and to the simple Round
Robin method.

Keywords: Call Admission Control, Scheduling meth-
ods, QoS, guaranteed services

1. Introduction

The continuous and rapid evolution of the telecommu-
nication networks was experienced in the last decade. A
number of new applications with diverse requirements have
been arising. Recent communication networks are intended
to provide Quality of Service guarantees for their users.
In the Internet world IP packets used to have TOS bits in
their header for QoS differentiation but the real pioneer in
the field of QoS support was the ATM. The recent devel-
opment of Internet technology yielded a number of possi-
bilities for QoS networks, e.g. Integrated or Differentiated
services with or without MPLS infrastructure. Specifically,
the emergence of applications with very different through-
put, loss or delay requirements calls for a network capable
of supporting different levels of services, as opposed to a
single, best-effort service which is the rule in today’s Inter-
net.

To support QoS we have two classical opportunities:
buffer management and scheduling [7]. The first one is
associated mainly with packet loss and the delay charac-
teristics of the flow mostly controlled by the latter, but the
limits are loose (e.g. if a flow has absolute priority over

all the others it does not need a large buffer to get zero
packet loss, and vice versa, the short buffer bounded the
delay of flows which use it). Both the buffer allocation and
the scheduling policies influence the total amount of buffer
space required in the system. Generally the impact of buffer
management and scheduling policy cannot be separated to
delay and packet loss. In some recent works the separation
was done for GPS schedulers fed by leaky bucket shaped
sources by Szab´o et al. e.g. in [14]. However, these solu-
tions yield overdimensioning of resources in practice.

In [5] Cruz presented a network scheduling algorithm.
Because ofaggregation of best effort and guaranteed traf-
fic, the method can provide only statistical packet loss guar-
antees. His method yields scalable provision of tight de-
terministic end-to-end delay bounds. However, aggregation
entails a sacrifice in the granularity of the delay bounds.

Using our previous work ([12]) as a starting point in
this paper we propose a simple and robust scheduling al-
gorithm. This scheduling method called Advanced Round
Robin (ARR) is a modified version of the well-known
Round Robin (RR) scheme and it can provide quality of
service for guaranteed traffic classes. We make the perfor-
mance analysis of the presented algorithm and formulate a
CAC function. The ARR method has the following advan-
tages: i) it is a CAC and an appropriate scheduling algo-
rithm together, which can support connections with quite
different QoS requirements, ii) both worst case and statis-
tical bounds can be guaranteed, iii) packet loss and delay
guarantees are decoupled, and iv) it is computationally fea-
sible.

The paper is organized as follows. In Section 2 we
present our model. Some basic assumptions are made here
to highlight the main results achieved previously. In Sec-
tion 3 our analytical investigations and the CAC function
are described. In Section 4 we overview the network and
traffic parameters and simulation results are presented with
comparison to other results. Finally we conclude our work
in Section 5.



2. Scheduling methods

In our previous work we proposed and analyzed a traffic
control algorithm which was able to support all the service
classes defined for ATM networks [12]. This method pro-
vides outstanding performance whilst all of the guaranteed
service classes meet their quality-of-service1 requirements.

The method is very flexible and adaptive. It can be
used with a wide-ranging scale of buffer management algo-
rithms, but in some cases it needs too much computational
time and because of the feedback of ABR flows this algo-
rithm cannot be easily analyzed.

It is an obvious thought to find other algorithms by which
the performance of our proposed method could be bounded
or estimated and which are easy to analyze and implement.
The simplest methods are static: the rules of scheduling are
not changed during the service. In other words: the server
knows immediately nothing about the QoS of the connec-
tions and description of traffic flows. The scheduling func-
tion of the reference system was described in detail previ-
ously in [12]. We call this a reference system, because it
works properly allowing high utilization.

To approximate the performance of our reference sys-
tem, and on the other hand to get a simple and practically
implementable scheme we have developed a RR-type algo-
rithm. RR is a well-known method to serve systems with
multiple queues. It has a considerable advantage: it is very
easy to give delay bounds for the applications. However,
this worst case delay bound can be too loose because of the
huge number of switched connections. This is the reason
that we modified the Round Robin scheme, such that some
flows could have access to a more frequent service.

In the literature there is a number of proposals for RR-
type algorithms. Katevenis et all. in [10] proposed a RR-
type algorithm for the scheduler of an ATM switch. Al-
though they also implemented it, the delay and jitter guar-
antees were weak because of the non-uniform distribution
of service of the individual flows. The reader can also find
in [6] a more ingenious algorithm which provides delay and
jitter bounds, but the building of the “scheduling tree” is
based only on the rate of the sources and disregards the de-
lay requirements.

To increase the service frequency we have constructured
the following Advanced Round Robin algorithm: we form
groups from the flows according to the required maximum
delay and decide how many times the server should serve
flows in a certain group during the service cycle. Theser-
vice cycle is the shortest time interval in which all flows get
at least once the opportunity to transmit a packet. Then the
flows of the group should be scheduled in a service cycle

1In the following part of this paper the most commonly used QoS pa-
rameters: cell/packet loss rate, average cell/packet delay, and cell/packet
delay variation are referred to as QoS.

according to the service preference order. Theservice pref-
erence order (referred to as “order” in the following) of flow
is the number of the opportunities that the flow could gain
service. The order of a group is the same as the order of
any flow in that group. The access periods of a group are
uniformly distributed during the service cycle.

The planned service sequence enumerates flows in that
order in which they can transmit packets. The scheduler
is a work conserving one [15], the length of a cycle in the
planned sequence is the upper bound of the length of a cycle
in the realized sequence (for notations see Table 1 in Section
3). Obviously the consecutive service cycles are not the
same. The flows are serviced only if they have at least one
packet in their buffer. This causes that the service periods
of a service group inside a service cycle can also differ. A
detailed analysis can be found in Section 3.

Buffer management is an essential part of the traffic con-
trol task. In our previous work, where the performance anal-
ysis of the reference system was presented [12] we dealt
with per-connection buffering. Complete buffer partition-
ing with a dedicated buffer for each connection is the most
secure way to provide quality of service and to protect the
services from each other. To control the cell loss it is obvi-
ous that we should keep the separate queues with different
lengths for the different classes. Moreover the delay guar-
antees which can be given using shared buffers are much
looser than using per-connection buffering.

3. Admission control based on the Advanced
Round Robin algorithm

In this section we propose a novel CAC algorithm based
on the ARR algorithm (see Section 2). Prior to the opera-
tion of buffer management, scheduling, and traffic shaping
the CAC functionality must be performed to provide QoS.
We should take the first step towards security of other con-
nections and congestion avoidance during the setup of the
new connection. In this paper we deal with delay analysis.
Buffer space required by the contracted packet loss ratio can
be determined from measurements and analytical and sim-
ulation results (see Section 4.3). We give worst case delay
bounds and average delay. Worst case bounds are used for
guaranteed services while average values are typically con-
sidered at transmission of best effort services. Based on the
delay bounds a Call Admission Control function is formu-
lated.

Table 1 contains the notations about the ARR algorithm.
For simplicity we assume a fixed packet length system,
e.g. ATM. We model the bursty traffic by an Interrupted
Bernoulli Process with traffic intensity�.

To support the characterization of the algorithm we de-
fine utilization (�) andavailability (�̂). The first one covers
the traditional meaning of utilization, while the second one



L maximum length of the service cycle in packets
G number of groups
Ni number of flows in theith group
ki the service preference order of groupi
Bi;j buffer length of thejth flow

in groupi in packets
Qi;j number of packets in the buffer ofjth flow in groupi
Qi;j average number of packets

in the buffer ofjth flow in groupi
�i;j arrival intensity of thejth flow

in groupi [packet/sec]
l length of a single packet inbits
C capacity of the server inbps
Di;j maximum delay of thejth flow in groupi [sec]
Di average delay of thejth flow in groupi [sec]
Ji;j maximum difference between successive packet

departures of thejth flow in groupi [sec]
Ji;j average difference between successive packet

departures of thejth flow in groupi [sec]

Table 1. Notations of the Advanced Round
Robin scheme

refers to the maximum permissible load of the scheduler
taking into account the requested delay of connectionj in
groupi (Di;j req):

� =

PG

i=1

PNi

j=1 �i;j

C=l
(1)

�̂ =

PG

i=1

PNi

j=1 Bi;j=Di;j req

C=l
(2)

3.1. Worst case guarantees

For calculating the worst case delay, first we should ex-
press the length of the service cycle from the other quan-
tities, then we proceed with the maximum delay of a flow.
The maximum difference between successive packet depar-
tures (Ji;j) is a jitter-like quantity, and can be easily for-
mulated assuming backlogged queue (the queue of flowj

in the ith group is not empty after the first departure). It is
important to note that the access periods of service groups
with an order 2 or more should be uniformly distributed in
the service cycle. The mathematical formulation is the fol-
lowing:

L =

GX
i=1

Niki (3)

Di;j =
LBi;j

ki

l

C
(4)

Ji;j =
L

ki

l

C
: (5)

However, this bound may be very loose in some cases,
e.g. if we had CBR flows. If buffering delay is not allowed2

2This means to allocate an amount of one packet for buffering.

for regular traffic (e.g. CBR) the bandwidth guaranteed by
the system is always greater then the arrival rate.

�i;j l � C
ki

L
(6)

The consequences of this criterion:

�i;j <
Bi;j

Di;j

�i;j < �̂i;j ; (7)

where�i;j and �̂i;j are the utilization and availability, re-
spectively, which are caused by connectionj in group i.
Note that (6) should hold only for services with guaranteed
delay and jitter. For this case the maximum delay is given
by

Di;j =
L

ki

l

C
; (8)

where flowj in the ith group is a CBR flow, which means
that it is enough to allocate an amount of memory of one
packet for buffering this type of traffic. A tighter delay
bound for other types of traffic can also be given, but this
is not discussed in this paper.

3.2. Average delay guarantees

Estimating average quantities we take the worst case
guarantees as a starting point. Two factors should be con-
sidered to capture average characteristics: i) the buffer of
a flow is not always full in general, which means thatB i;j

can be substituted byQi;j , and ii) the length of the realized
service cycle is lower thanL in general, which can be taken
into account by multiplyingL with �.

The estimation of the average difference between suc-
cessive departures (J i;j) goes in a similar way:

Di;j =
L�Qi;j

ki

l

C
(9)

J i;j =
L�

ki

l

C
: (10)

Qi;j can be approximated from the M/D/1 queue (see
e.g. [11]), i.e.:

Qi;j =
�i;j

2(1� �i;j)
: (11)

3.3. Call Admission Control algorithm

Previously we saw what service quality the ARR
scheduling algorithm could provide with a certain param-
eter set. Here a backward calculation should be done, the



QoS requirements are given and we want to know the pa-
rameter set of the scheduler.

The algorithm presented below describes how a new
applicant can be accepted to the system and how groups
should be reorganized if the new connection is accepted
such that all connections meet their QoS requirements.

There areG groups withNi (1 � i � G) flows in each
group. Groupi has the orderk i. Flow j in the ith group
(1 � j � Ni) has an arrival intensity�i;j , a maximum ac-
ceptable delayDi;j req and a buffer lengthBi;j . The server
capacity isC bps and the packet length isl bits.

The “newcomer” connection has an intensity�0 and
should have no more delay and packet loss rate thanD 0 req

andR0 req, respectively.

Step 1 Using per connection utilization value (�
0
) calcu-

late the buffer size (B0
) to satisfy the packet loss require-

ment. Each queue is approximated by the M/D/1 queueing
approximation [13].

B0 =

&
2�0D0 req +

q
4�2

0
D2

0 req � 8�0D0 req lnR0 req

4

'
;

where d: : :e is the ceiling function. The proof of the above
buffer calculation can be found in the Appendix.

Step 2 Calculate an order k0 for the new connection:

k0 =

�
L l

C

B0

D
0 req

�
:

Step 3 Calculate the new length of the service cycle:

L0 = k0 +

GX
i=1

Niki:

Step 4 Using (4) calculate the new delay guarantees (D i;j)
for every legal i; j pairs including the new flow. Compare
these to the requirements (Di;j req). If Di;j � Di;j req add
i; j pair to a list.

Step 5 If the list is empty then STOP, otherwise remove the
first flow from the list and calculate a new order for it: GO
TO Step 2.

3.4. Conditions of acceptance

During the steps of the ARR CAC algorithm we can for-
mulate the conditions of the acceptance of a new connection
based on the operations. With this theorem we can decide
whether it is possible to accept the new connection in the
appropriate group knowing its traffic parameters and QoS
requirements without hurting the service quality of other
flows.

Theorem 1 The new flow applying for service can be ac-
cepted if and only if the following conditions fulfilled:

M � B0 +

GX
i=1

NiX
j=1

Bi;j

C

l
� �0 +

GX
i=1

NiX
j=1

�i;j

C � l

�
B0

D0 req

+

GX
i=1

NiX
j=1

Bi;j

Di;j req

�
;

where M is the memory size available in the switch. 2

PROOF The first two conditions are associated with the
packet loss. The admission function should reject the new
call if there is not enough buffer space to achieve the re-
quired packet loss ratio or there is not enough server ca-
pacity to serve it. The proof of the third condition is the
following. From (4) we can write the relationship between
contracted maximum delay and the order of the flow:

Di;j req �
LBi;j

ki

l

C

Rearranging this we get:

ki �
L l

C

Bi;j

Di;j req

Summing this for allj (1 � j � Ni) then for all i (0 �
i � G) and taking into account that the length of the virtual
service cycle is the sum ofki’s the evaluated inequality is a
rearrangement of the third condition. �

According to the definitions of utilization and availabil-
ity the second and the third conditions of Theorem 1 are
stability criteria.

3.5. Performance evaluation of the CAC algorithm

The algorithm was modeled in Wolfram Research’s
Mathematica. Several types of applications applied for ser-
vice in two different scenarios. In the first case customers
can generate flows which use by themselves a considerable
amount of link capacity (e.g. 5%), while in the second case
only “narrowband” services are available. The establish-
ment of traffic parameters of flows was based on [4] and
the Quality of Service requirements were determined using
the ITU-T Recommendation I.356 [8]. Table 2 summarizes
parameters and requirements. The link capacity was 620
Mbps.

In the “broadband” scenario the ratio of the services is
1=6 except videophone (2=15) and video on demand (1=30).



Name � Dreq Rreq

video on demand 88542 6 � 10
�4

10
�7

videophone 5334 6 � 10
�4

10
�7

phone 167 6 � 10
�4

10
�7

data transfer 500 5 � 10
�2

10
�6

CD - music on demand 3675 5 � 10
�2

10
�6

network game 50 2 � 10
�2

10
�5

ftp 5334 10
�2

10
�5

Table 2. Traffic parameters and QoS require-
ments

Scenario Broadband case Narrowband case
Number of flows 250 400
Utilization 0.793586 0.724162
Availability 0.8979 0.988581
Length of virtual service cycle 1229 7877
Maximum orders 66 63
Number of flows with maximum orders 6 66
Maximum buffer size 145 145

Table 3. Results of the analysis of ARR CAC
algorithm

In the “narrowband” scenario video on demand was not al-
lowed, and the ratio of other connections was1=6. The re-
sults of the performance evaluation can be seen in Table 3.

The maximum orders are dedicated to the maximum re-
quirement set, i.e. the video on demand and the videophone
services in the broadband and in the narrowband scenar-
ios, respectively. Maximum buffer size is associated in both
cases with the CD-quality music on demand services.

The conditions of Theorem 1 describe the borderline
case of the CAC method. Obviously, the link capacity (C)
cannot be fully exhausted because the bursty character of
traffic may cause the accumulation of packets in the switch
memory. In the same way, if theavailability mentioned in
(2) is very close to 1, it not only endangers the service qual-
ity but also increases the complexity of the algorithm. As a
rule of thumb, we find that an availability over 0.95 slows
down the usage of the CAC algorithm so much that it is
better to refuse the new connection. Using the ARR algo-
rithm the limiting condition in most cases is theavailabil-
ity. Although the above presented CAC method can handle
hundreds of connections with different QoS requirements,
it works better, if i) the smallest required delay is at least a
hundred times greater then the service time of one packet
(l=C), ii) there are delay requirements assigned to not guar-
anteed services too, and iii) there are similar characteristics
and requirements, i.e. natural service classes can be estab-
lished.

4. Performance evaluation of the scheduling
method

In this section the ARR scheduling has been analyzed in
real scenarios by simulations. The performance of the ARR
is compared to the performance of our reference system (see
Section 2 and [12]) and to the performance of the RR. Note
that the simulation results of this section are related to a one
switch scenario.

4.1. Simulation scenarios

The traffic control task is based on relationships between
the three sets of parameters: description of traffic, network
resources and quality of service requirements. From CAC
to scheduling every network function should take into ac-
count these groups. For our traffic control framework we
have chosen the parameters in agreement with the standard-
isation work of ATM Forum [1] [2] and ITU-T [8] [9].

According to the goals of this paper the simulation re-
sults can be divided into two groups: i) first we show that
QoS can be provided with our ARR algorithm for traffic
flows which have applied for guaranteed service, and ii)
then we examine how much throughput degradation should
network endure or how should we increase the network ca-
pacities to give the flows the same service guarantees which
they had in the reference system presented in [12].

There are five service classes supported by ATM net-
works, which means that an exhaustive performance study
should have examined the dependence of the Quality of
Service on the load and burstiness changing of five traf-
fic classes. However, this work is not only immense but
also unnecessary. CBR is a very regular traffic, and the
impact of its load increase is calculable. ABR flows are
difficult to handle because of feedback rate control [3], but
this feature makes them resistant to the danger of network
congestion and packet loss. UBR can also be disregarded
because the QoS of guaranteed services must not depend on
the behaviour of UBR flows in the case of any appropriate
scheduling policies. The only thing to do with this class is
to show that it has no effect on the other classes. VBR flows
can change their rate during the connection. They are bursty
and they have no feedback, but they apply for service guar-
antees in connection set up. Most of our simulation results
deal with the real time VBR and non-real time VBR traffic.

The traffic parameters of the basic state can be seen in
Table 4. The rates are given in Mbps. We gave the bursti-
ness parameters of all services measured by the squared co-
efficient of variation of the interarrival time (i.e. thec2 pa-
rameter). Link capacity was considered to be 45 Mbps, and
the multiplexer had 5 input ports corresponding to the 5 ser-
vice classes.



PCR SCR MCR c2

CBR 1.5 - - 0
rtVBR 15.0 3.0 - 9.44
nrVBR 22.5 1.0 - 20.75
UBR 45.0 5.0 - 26.06
ABR 22.5 - 4.5 -

Table 4. Basic input traffic characteristics

Note that with the above link capacity a time slot in our
discrete time model corresponds to 9.422�s, which will be
used as the time unit in the CTD and CDV values below. Ta-
bles 5-6 display the QoS requirements of different services
and the buffer sizes available for different service classes.
Note that no delay or delay variation parameters are negoti-
ated for the nrVBR or the ABR service classes and no QoS
requirements are given for the UBR service. CTD and CDV
requirements are given in time unit.

CBR rtVBR nrVBR UBR ABR
CLRi 10

�5
10
�6

10
�7 - 10

�7

CTDi 3.0 5.0 - - -
CDVi 1.0 2.0 - - -

Table 5. The QoS requirements

Service class CBR rtVBR nrVBR UBR ABR
Buffersize 5 8 12 250 80

Table 6. Buffer sizes in cells

4.2. Performance results of different schedulers

In this subsection we show that the ARR is able to pro-
vide QoS. In our performance study we examined the im-
pact of the traffic load and traffic burstiness increase. Due to
the lack of space only the scenarios with rtVBR burstiness
increase are presented here. We consider only one perma-
nent connection from each traffic class in our simulation.
The traffic and network parameters of the basic state are
given above. In the following we will describe the differ-
ences in each situation.

In Fig. 1-9 the burstiness of rtVBR (measured by the
squared coefficient of variation of the rtVBR interarrival
time) goes from 5 up to 50. The sustainable cell rate of UBR
source is set to 18 Mbps and 15 Mbps in the reference sys-
tem and in the case of simplified algorithms, respectively,
and the load of rtVBR source is 3 Mbps; the other sources
and parameters are in basic state.

It can be seen in Fig. 1-3 that the weighting functions
handle the different services independent from each other.
Real-time VBR traffic with increasing burstiness is arriving
to the short buffer described in Table 6. The CLR of the

rtVBR has linear increase with the burstiness. This causes
a decrease in the CTD and CDV of the rtVBR, but for other
classes it seems to be neutral.

Fig. 4-6 show the performance of the RR algorithm. Our
expectations have been justified: the QoS of real time VBR
become worse with the increasing burstiness and there is
no important change in the QoS of other classes. This rule
make the service of different classes independent. While
curves are flat in the figures we can recognize that the re-
quirements listed above are not always fulfilled. Neither
the jitter of rtVBR nor the cell loss probability of VBR and
ABR flows are within the acceptance region. In the latter
case the increase of buffer space for VBR and ABR queues
improves quality, but jitter can be even worse.

A solution to this problem is, for example, our ARR al-
gorithm (see Fig. 7-9). In the this simulation study CBR and
VBR queues are scheduled twice in a service cycle. The
traffic pattern is the same as in the case of original Round
Robin algorithm. Comparing the figures the reader can ex-
perience an evident advance. Not only the stressed three ser-
vices have better QoS, but even the others should not suffer
any significant drawbacks. The average delay and the jit-
ter of rtVBR cells are hardly influenced by the increasing of
their burstiness measured on the input side of the switch and
the high cell loss probability of ABR traffic can be handled
by increasing the buffer space or by changing the parame-
ters of its rate control.

The impacts of increasing burstiness of non real time
VBR traffic can be demonstrated in similar way. The au-
thors examined also the impacts of increasing load of any
traffic type. These results can be not detailed here due to the
lack of space, but we should note that the ARR worked ac-
cording to the expectations. The performance was in some
cases even better than with the reference system. The main
reason for this is that the reference system does not give
any worst case guarantees, but only tries to do its best using
the available resources. The Advanced Round Robin algo-
rithm needs much more buffer space to achieve the same
cell loss compared to the reference system , but because of
the dedicated access right of a flow the different services are
separated, so the extraordinary behaviour of a flow does not
influence the service quality of other connections .

4.3. The price of simplicity

In this subsection we examine what is the degradation
of utilization using our simplified ARR algorithm and how
much extra buffer space is needed to achieve the quality of
service of the reference system.

Table 3 contains utilization information, however reader
can recognize, that using the ARR algorithm the limiting
condition in presented scenarios is theavailability. Max-
imum utilization of the ARR method can be increased by



using more information from the traffic description (for ex-
ample see the worst case delay of CBR flows in Section
3.1).

To explore the robustness of the modified RR algorithm
we made simulations with normal and more bursty nrVBR
traffic using RR and ARR sceduling algorithms. In the basic
state thec2 parameter of nrVBR flow was 20, while in the
bursty case it was 30, which is greater then any otherc2

parameter in the basic state. The increasing buffer space
caused no significant change in the delay and jitter of flows.
Only the jitter of the flow, whose queue length is extended
(i.e. nrVBR) increases slightly before it become constant.
The reason of this is that in the case of a small buffer the
cells in the tail of the long bursts exceed the queue length
and get lost. Using a larger buffer this bursts go through
to the network and the last cells of them get high jitter. In
Fig. 10 the packet loss ratio is depicted as a function of the
increasing buffer space. A doubled buffer space yields an
order of magnitude packet loss rate decrease.

Fig. 11 summarizes our results with the buffer space de-
pendency of packet loss. The difference between the per-
formances of the RR and the ARR algorithms is at least two
orders of magnitude. Readers can recognize two things: i)
in the case of lower burstiness the advantages of the ARR
scheme are more pronounced, and ii) the slope of the curves
of the ARR scheduling rule are greater, which means that
the improvement of packet loss per extra buffer space is bet-
ter.

5. Conclusions

In this paper a new scheduling method called Advanced
Round Robin has been proposed. Using the results of this
algorithm a new CAC function has been formulated and the
necessary conditions of the acceptance of a new connection
were given. Both worst case bounds and average values
were analytically derived for delay and jitter. The proposed
CAC was evaluated by numerical studies. The performance
evaluation of the ARR was carried out by simulations. Re-
sults were compared to a reference system and to the simple
RR.
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Appendix

The packet loss is approximated by the approximate
asymptotic complementary distribution function of the

queue length in the case of M/D/1 queue (using the nota-
tions of our paper) [13] by

Ri;j � e
�2

1��i;j

�i;j
Bi;j

:

Based on the packet loss rate (Ri;j) requirement we calcu-
late the length of the buffer:

Bi;j =

�
�i;j

2(1� �i; j)
lnRi;j

�
:

The utilization caused by connectionj in groupi is the ratio
of its intensity and the service rate guaranteed by the ARR
scheduler:

�i;j = �i;j
L l

ki C

In the above equation we useki, which can be calculated
with the full knowledge ofBi;j (seeStep 2 in Section 3.3).
Substitutingki we get

�i;j = �i;j
L l

C

C Di;j req

L lBi;j

= �i;j
Di;j req

Bi;j

:

Using this in the expression of the buffer length we get a
quadratic equation which has only one positive root. This
is used to calculate the necessary buffer space inStep 1 in
Section 3.3.
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Figure 1. Delay vs. rtVBR burstiness (refer-
ence system)
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Figure 2. Jitter vs. rtVBR burstiness (refer-
ence system)
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Figure 3. CLR vs. rtVBR burstiness (reference
system)
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Figure 4. Delay vs. rtVBR burstiness (RR)
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Figure 5. Jitter vs. rtVBR burstiness (RR)
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Figure 6. CLR vs. rtVBR burstiness (RR)
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Figure 7. Delay vs. rtVBR burstiness (ARR)
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Figure 8. Jitter vs. rtVBR burstiness (ARR)
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Figure 9. CLR vs. rtVBR burstiness (ARR)
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Figure 10. CLR vs. nrVBR queue length (ARR,
bursty nrVBR)
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