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Abstract— The problem of providing end-to-end delay guarantees for 

deterministic-delay services in multi-service packet networks is addressed 
through a combination of dynamic resource reservation and routing. Our 
model is based on using rate-controlled earliest-deadline-first (RC-EDF) 
for providing hard bounds on end-to-end delays. With RC-EDF a certain 
delay bound has to be allocated for a connection at each node in the 
selected path. The most commonly used resource reservation policy is 
uniform allocation which is based on dividing the end-to-end delay bound 
equally among the nodes in the selected path. This simple allocation policy 
could lead to non-uniform resource loading and subsequently lead to high 
blocking rates. Moreover, the most commonly used routing method is 
shortest-path first routing which is known to lead to network hotspots. We 
propose a set of dynamic non-uniform resource reservation policies and 
dynamic routing methods. One of the routing methods is the well-known 
widest-shortest path method and the other is a dynamic routing method 
that adaptively adjusts link costs and uses a similar algorithm to shortest-
path routing (e.g. Dijkstra’s algorithm). We show that for both uniform 
and non-uniform traffic loading of some example network topologies that 
the combination of the proposed resource reservation policies and 
dynamic routing can lead to significant reduction in the connection 
blocking ratio in all loading conditions except for excessively high loads.. 

 
Index Terms— Call admission control, deterministic delay 

bounds, quality of service routing, rate-controlled earliest-
deadline first scheduling, resource reservation. 

EDICS— �-QOSV Quality of Service, 5-BEEP Multimedia 
Traffic Management. 

 

I. INTRODUCTION 

igh-speed multi-services packet networks have created 
opportunities for many applications such as real-time 

distributed computation/simulation, scientific visualization, 
digital continuous media, and high-precision medical 
imaging. Such applications demand quality-of-service (QoS) 
guarantees on message delivery in terms of bounded delay or 
loss. These QoS guarantees are usually negotiated at the 
connection establishment time and (if connection is admitted 
to the network) must be adhered to by the network in the 
presence of background non-real-time traffic.  

Handling the variety in QoS requirements of different 
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applications requires the network to use a mechanism for 
serving packets from different applications according to their 
granted QoS level. For applications requesting deterministic 
bounds on end-to-end packet delay, many scheduling 
disciplines have been proposed in the literature to implement 
such mechanism (see, �[15], �[16], �[22]). Each scheduling 
discipline requires algorithms for performing call admission 
control (CAC) and resource reservation. These mechanisms 
have been originally proposed for ATM networks which are 
designed to support application-level guarantees. However, if 
IP were to be the universal protocol of choice for multi-
services packet networks, IP-based packet networks would be 
required to support such hard bounds on QoS for some 
services. We envision that in a large public network that with 
the IP differentiated services (DiffServ) framework �[4], an IP-
based network could provide such bounds to aggregated 
streams mapped to the DiffServ expedited forwarding (EF) 
class. Moreover, within a private IP-based network or at the 
edge of public networks, the integrated services (IntServ) 
framework �[4] along with RSVP signalling �[6] can still be 
used to support application-level QoS.  

A. Contributions of the Paper 

This paper addresses the generic problem of resource 
reservation and routing for connections requiring a 
deterministic bound on end-to-end delay where RC-EDF 
service discipline (as proposed in �[15]) is used. The 
aforementioned connections could be an aggregated flow (as 
in a DiffServ EF flow or ATM virtual path) or an application-
level flow or set of flows (as in an ATM virtual channel or 
RSVP-based IP network).  For sake of generality, we have 
intentionally used model-based traffic (rather than trace-based 
traffic) applied to some general network topologies to be able 
to reach general conclusions not specific to particular 
applications. The paper focuses on how to select an 
appropriate path for an incoming connection and how to map 
the end-to-end delay requirement of a connection into a local 
resource requirement to be reserved at each node along the 
connection’s path.   

A commonly used resource reservation policy is to equally 
divide the end-to-end delay requirement among the nodes 
serving the connection so that each node reserves the same 

A Framework for End-to-End Deterministic-
Delay Service Provisioning in Multiservice 

Packet Networks 

Khaled M. F. Elsayed, Senior Member, IEEE 

H



MM000319.R2 2

amount of resources regardless of its capacity (i.e. the speed 
of its outgoing inks or its loading state). Moreover, for such 
services, the commonly used shortest-path routing is usually 
not a good choice for meeting the requested quality of service. 
We propose a number of non-even reservation policies that 
take into consideration the selected nodes link capacities and 
loading state along the path. We also propose using widest-
shortest path or adaptive dynamic routing to enhance the 
performance of delay-bounded service by reducing the 
connection blocking rate (this occur by appropriately 
selecting a candidate path for a new connection over which it 
is more likely to be able to setup the connection). Since RC-
EDF is not a rate-based scheduling discipline, most of the 
work done for QOS-routing for rate-based disciplines �[20], �
[7] such as packet-by-packet generalized processor sharing 
(PGPS) does not directly apply. We would like to stress here 
the fact that our focus in this paper is to provide means for 
realistic resource reservation policies and routing algorithms. 
More theoretical treatment of the resource reservation policies 
for RC-EDF could be found in a related work �[2] in which the 
non-uniform RC-EDF resource reservation policies are first 
proposed and their performance is assessed. In this work, we 
show that the proposed resource reservation and routing 
algorithms increase the probability of accepting new 
connections significantly when compared with the uniform 
resource reservation and shortest-path routing for both 
uniform and non-uniform traffic under light to moderate 
network loading conditions. 

The rest of this paper is organized as follows: In section 2, 
we provide overview of related work. Section 3 presents the 
system model and details of the EDF scheduling discipline, 
CAC operation, and route selection methods. In section 3, we 
also provide overview of the proposed framework for 
deterministic end-to-end delay service provisioning including 
resource reservation policies for RC-EDF schedulers, 
dynamic routing and CAC. Section 4 presents simulation 
results illustrating the realized gains achievable by the 
methods. Section 5 concludes the paper. 

II. RELATED WORK 

There have been several attempts to handle the problem of 
resource reservation and call admission control for packet 
networks providing deterministic service. In an early work �
[24], it is shown that local deterministic delay bounds can be 
guaranteed over a link for bursty traffic even when the sum of 
the peak rates of all the connections is greater than the link 
speed. This allows a multi-fold increase in the number of 
admitted connections when the traffic is bursty. The results 
can be efficiently extended from a single switch to a network 
of arbitrary topology by using rate-controlled service 
disciplines at the switches.  

In �[21], development of a nodal metric defined as the 
“relative gain ratio” that predicts the relative performance of 
QoS allocation policies in a network setting is presented. 

Computation of the relative gain ratio and direct evaluation of 
allocation policy performance for two simple network models 
are done. It is found that applications which tolerate large 
packet loss or alternate QOS metrics, QOS allocation policies 
differ significantly in their performance.  

Ref. �[11] presents a general framework for admission 
control and resource reservation for multicast sessions. The 
problem of admission control is decomposed into several 
subproblems that include: the division of end-to-end QoS 
requirements into local QoS requirements, the mapping of 
local QoS requirements into resource requirements, and the 
reclaiming of the resources allocated in excess.  

Ref. �[19] considers optimal partitioning of QoS 
requirements for unicast paths and multicast trees. The 
problem is mapped to a constrained optimization problem and 
heuristics are used to find an approximate solution for the 
optimization problem. While the approach is very general, the 
problem with it is that the assumption of the existence of a 
cost function. The cost function is assumed to be known and 
is static in nature. This is not a realistic assumption since the 
cost function should depend on the current network loading 
state and the QoS objectives of the connections passing 
through a particular switch. 

This work is an extension of the work presented by the 
author and other collaborators in �[2]. In �[2], the non-uniform 
RC-EDF resource reservation policies are proposed and their 
performance is evaluated for simple network models with 
fixed or random routing. A mathematical expression is 
derived to express the achievable gain for a policy called the 
optimal static policy over the uniform allocation policy in a 
simple single path network of 1≥N  nodes. It is also shown 
that in general, there is much to be gained from using non-
uniform reservation policies. Also, Ref. �[9] studies the 
problem of resource allocation and CAC in a network with 
PGPS scheduling. Various non-uniform resource allocation 
policies were handled and their qualitative performance 
compared. 

Important contributions have also been made in the area of 
statistical bounds for end-to-end delay services. In �[17], a 
scheme called coordinated multihop scheduling (CMS) is 
proposed. This work is based on the thesis that when packets 
incur low delays at upstream nodes, downstream nodes can 
reduce their priority and schedule other packets first. 
Similarly, if packets are subject to heavy congestion at 
upstream nodes, downstream nodes can provide higher 
priority to the suffering packets. CMS is shown to provide 
tight statistical bounds for end-to-end delay and potential 
performance advantage over the PGPS, EDF, and FIFO 
disciplines. There is some resemblance between the CMS 
scheme and our proposed reservation policies since both 
works try to exploit inter-node dependencies and/or 
heterogeneity in node capacities to enhance the performance. 
However, there are fundamental differences between CMS 
and our proposed schemes. Firstly, our work is focused on 
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deterministic guarantees versus statistical bounds in CMS. 
Secondly, we use per-connection state in the network (i.e. all 
packets belonging to the same connection are treated 
similarly) while in CMS each packet contains its own state 
and priority information. Thirdly, we also include a routing 
perspective where we investigate the effect of various routing 
strategies on the performance. Work related to CMS include, 
coordinated-EDF �[1], generalized-EDF �[8], and core-jitter 
virtual clock �[23]. It is shown in �[17] that these schemes can 
be characterized as CMS disciplines. 

An overview of quality-of-service routing is provided in �
[7]. Several QOS routing algorithms were evaluated by �[20]. 
Due to the nature of the RC-EDF discipline, most of the well-
known QoS routing algorithms for delay-bounded service 
cannot be applied directly and constrained shortest-path 
routing should be used. However, constrained shortest-path 
routing is known to be an NP-hard problem �[7]. We use 
routing methods which add little overhead to the standard 
shortest-path routing while achieving orders of magnitude 
improvement in performance (as will be shown in Section 4). 

III. THE PROPOSED FRAMEWORK FOR RESOURCE 

RESERVATION POLICIES, ROUTE SELECTION AND CONNECTION 

ADMISSION 

We consider a network with arbitrary topology represented 
by a graph G=(S, E) where S is the set of network nodes 
containing the schedulers and E is the set of edges connecting 
these nodes. An edge Ee ∈ has an associated capacity Ce 
expressed in bits/sec. The network handles connections with 
arbitrary QoS requirements; however, we are only concerned 
with the class of delay-guaranteed connections requesting a 
deterministic end-to-end delay bound. Such connections are 
usually assigned a fixed portion of bandwidth. To optimize 
the resource usage, this reserved bandwidth may be shared 
with best-effort traffic when no packets from the class of 
delay-guaranteed connections exist. However, packets from 
delay-guaranteed connections can preempt other packets. 
Under these assumptions, we can isolate the delay-guaranteed 
connections from other connections and analyse them 
separately.  

Each connection j is shaped by a token bucket traffic 
shaper and its traffic is specified by either the (σj, ρj) 
descriptor or the (σj, ρj, cj) descriptor, where σj is the 
maximum burst size (in the appropriate units of bits or cells 
in ATM case), ρj is the sustained rate (in bits/sec or cells/sec), 
and cj is the peak rate (in bits/sec or cells/sec). For the (σ, ρ, 
c) model, we further define the parameter ca /σ= , which 
is the time period the traffic can burst with rate c. For the (σ, 
ρ) model, we have σ→→∞→ acac but,0, . 

We assume that the scheduler at each node has full 
information about the traffic descriptor of all passing 
connections. Because of the fact that after connection j passes 
through the first node, the traffic is no longer specified by (σj, 

ρj) or (σj, ρj, cj) after the first scheduler. We assume the 
schedulers at each node are rate-controlling schedulers, i.e. 
they reshape the traffic of a certain connection j to its original 
form. Since the schedulers use the EDF scheduling discipline 
and traffic re-shaping is performed at each node, we have a 
Rate-Controlled EDF scheduling discipline. 

The operation of an EDF scheduler is described as follows: 
a deadline is assigned to each newly arriving packet from 
connection j. The deadline is computed as the sum of the 
arrival time of the packet and the local delay bound reserved 
for connection j at this scheduler. The scheduler serves 
packets in the ascending order of their deadlines.  

Maintaining the delay guarantee made to connection j is 
equivalent to having all the packets belonging to it 
transmitted completely before their assigned deadlines. 
Consequently, all packets from connection j do not get 
delayed beyond the delay bound reserved for connection j at 
this scheduler. We denote the case in which a packet misses 
its deadline, i.e. not transmitted completely before its 
deadline, as a case of violation. 

The conditions under which a single EDF scheduler 
operates without violations are: 

1- The stability condition: This is a condition that must 
hold true for all work-conserving disciplines in general. If the 
condition does not hold true, a scheduler with finite buffers 
will always overflow and drop packets. For a scheduler k with 
capacity Ck (which is the data rate in bits/sec of the link 
following the scheduler that is reserved for delay-guaranteed 
connections), the stability condition is: 

�
=

≤
N

j

k
j C

1

ρ                  (1) 

where ρ j  is the average rate (in bits per second) of the traffic 

source of connection j and N is the number of connections 
that are being served by scheduler k. 

2- The schedulability condition: The schedulability 
condition guarantees that a scheduler will not make violations 
and will, therefore, honour the QoS commitment made during 
the connection set-up phase. The form of the schedulability 
condition differs, in general, for each scheduling discipline. If 
the schedulability condition is sufficient but not necessary, 
then there is a possibility of under-utilizing the scheduler 
since a violation of the sufficient conditions does not 
necessarily mean that a given set of connections is not 
schedulable. On the other hand, a schedulability condition 
that is both necessary and sufficient guarantees that there is 
no under-utilization of the scheduler’s resources. 

A. The EDF schedulability conditions for token-bucket 
shaped traffic 

Here, we use the results presented in �[12] which applies 
Theorem 1 in �[18] to deduce the schedulability conditions for 
token-bucket traffic models. The analysis in �[12] assumes the 
use of a preemptive EDF scheduler which is equivalent to the 
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use of negligible packet transmission time (which is typical in 
the case of networks with small packet size and high speed 
links, e.g. ATM networks). For negligible packet 
transmission time, �[12] defines the function F(t) as:  

�
∈

−−=
Nj

jj dtACttF )()( *           (2) 

where C is the data rate of the link serving the EDF scheduler 
in bits per second, N is the set of connections passing through 
the scheduler, dj is the delay bound reserved for connection j 

in seconds, and )(* tA j , in bits, is the traffic-constraint 

function on the traffic arrivals from connection j up to time t. 
In �[12], it is shown that the necessary and sufficient 
schedulability condition of an EDF scheduler is equivalent to 
verifying that: 

F(t) ≥ 0             ∀ t ≥ 0 (3)           (4) 

We will be dealing with the case in which )(* tAj represents 

token-bucket traffic models. For the (σ, ρ, c) model the 

function )(* tA is given by 
�
�
�

>−+
≤≤

=
atat

atct
tA

),(
0,

)(*

ρσ
, 

whereas for the (σ, ρ) model it is given by 

0,)(* ≥∀+= tttA ρσ , and for both models 

0,0)(* <∀= ttA . 

B. Details of the resource reservation, dynamic routing, 
and call admission schemes 

The scheme we propose provides a general framework for 
CAC, path selection and resource reservation. The path 
selection affects the overall performance of the CAC process. 
A routing protocol that chooses a longer path or a highly 
saturated path for an incoming connection can cause the 
likelihood of connection blocking. Since it is very complex to 
combine routing and CAC, our assumption is that a path is 
first selected by a routing algorithm and then the CAC is 
applied on the selected path. Herein, we describe the assumed 
CAC operation when accepting a new connection and then 
discuss the proposed resource reservation policies applied 
within the CAC and the proposed path selection algorithms. 

Connection j arrives at node n with traffic descriptor (σj, 
ρj, cj) or (σj, ρj), required end-to-end delay bound Dj, and 
destination nm ≠ . The routing algorithm selects a path Pj 
with Kj schedulers (or links) between n and m. The CAC 
process then decides in accordance with a certain reservation 
policy in place whether connection j can be admitted or not.  

For bounded delay service, the application of the CAC 
algorithm on a connection’s path requires the computation of 
the minimum delay that each scheduler along the path of the 
connection can guarantee to this new connection. This allows 
the CAC algorithm to determine the minimum achievable 
end-to-end delay bound for this connection, and thus to 
determine if the network can guarantee the requested delay 

bound or not. Define d i
j
*  as the minimum delay that a 

scheduler i that belongs to path Pj can guarantee to 

connection j and �
jK

i
jj dD i

1=

** =  as the minimum achievable 

end-to-end delay for connection j over path Pj. (The method 
for calculating the minimum delay that a scheduler can 
guarantee to a connection specified by the (σ, ρ , c), and (σ, 
ρ) traffic models is given in �[12].) 

The CAC operation proposed in �[11], �[12] assumes that the 
connection is established using a setup protocol such as RSVP 
or ATM Q.2931 signalling. The operation of this protocol 
proceeds as follows. the calling party wishing to establish a 
connection j, sends a SETUP message to the called party, 
including the connection’s traffic characteristics (σj, ρj, cj), 
and the required end-to-end delay bound Dj. This message 
travels over the Kj schedulers belonging to the path Pj selected 
for the connection by the routing algorithm in use. At each 
scheduler i on Pj, the minimum delay that the RC-EDF 

scheduler i can guarantee to connection j, d i
j
* , is computed 

and added to d j
* , which is the cumulative delay sum included 

in the setup message. If at some scheduler, the cumulative 

delay d j
* exceeds the required delay bound Dj, then the 

connection cannot be accepted and a RELEASE message is 
returned to the calling party. Otherwise, the setup message 

reaches the last scheduler which checks if *
jj DD ≥ .  If the 

condition is true, the connection is accepted, and a 
CONNECT message is then returned on the same path to the 

calling party, reserving a delay bound d k
j ≥ d k

j
*  to 

connection j at each scheduler k such that Dd j

K

i

i
j

j

≤�
=1

. The 

values of d k
j  are chosen according to one of the delay 

reservation policy proposed in section �1).  
We assume that only the last scheduler checks the validity 

of condition ( *
jj DD ≥ ) and makes the irreversible decision 

of accepting or rejecting the connection. 
1) The proposed RC-EDF resource reservation 

policies 
The most commonly used policy is to allocate equal delay 

deadlines to all the schedulers in the selected path of the 
connection. This policy is called the EVEN policy and it is a 
static policy that does not take into account the network 
loading state, link capacities, or differences in schedulers 
capacities.  

In �[2], it was shown that dynamic policies outperform this 
simple policy in many network configurations. However, the 
configurations used were confined to small networks, or (a 
possibly large) single path network with fixed or random 
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routing. The dynamic non-even policies proposed for the RC-
EDF schedulers, are based on the assumption that each 
scheduler initially reserves the tightest possible delay value 
for the incoming connection. Subsequent relaxation of this 
reservation by redistributing the excess end-to-end delay on 
the schedulers according to some criterion is then performed. 

Using the previous definitions of *
jD and Kj of a generic 

connection, we define the excess end-to-end delay as follows: 
*
jjj DDD −=  (5) 

We now show how the local delay bound is allocated in 
each of the proposed policies. 

Even Policy (EVEN): We use the even policy as a 
reference policy against which other policies may be 
compared. In the EVEN policy, all schedulers are required to 
reserve the same amount of delay, hence: 

},,1{, j
j

ji
j Ki

K

D
d �∈∀=  (6) 

Even distribution of excess delay (DYNEVEN): This 
policy is the one suggested in �[10]. The delay bound formula 
is given by: 

},,1{,
*

j
j

ji
j

i
j Ki

K

D
dd �∈∀+=   (7) 

Capacity proportional distribution of excess delay 
(DYNCP): In this policy, the excess delay is distributed in 
inverse proportion to the switch link capacity. Therefore, 
switch i, will be assigned a portion of the excess delay in 
proportion to inverse of its link capacity to the sum of inverse 
capacities of all switches in the path. The delay bound 
formula is given by: 

},,1{,

/1

/

1

*

jK

n

n

i
fi

j
i
j Ki

C

CD
dd

j
�∈∀+=

�
=

  (8) 

Remaining-delay proportional distribution of excess 
delay (DYNRDP): In this policy, the excess delay is 
proportional to the minimum delay bound that the scheduler 
can guarantee to the incoming connection. The delay bound 
formula is given by: 

},,1{,
**

* j
i
j

j

ji
j

i
j Kid

D

D
dd �∈∀+=   (9) 

� },,1{,*

*

j
j

ji
j

i
j Ki

D

D
dd �∈∀=  (10) 

2) Dynamic routing schemes 
The most commonly used routing protocol in data networks 

is shortest-path routing. Except for the case of lightly loaded 
networks, shortest-path routing is in general not suitable for 
QoS oriented multi-service networks. Moreover, it suffers 
from leading to hotspots and of being susceptible to 

inefficient load balancing in a given network �[3],�[14]. The 
problem of constrained routing (for example route selection 
subject to a maximum end-to-end delay as the problem 
addressed here) is NP-hard. Several heuristic algorithms exist 
for reducing the complexity of the route selection. However, 
to the best of our knowledge nothing specific has been 
devised to handle the case of networks with RC-EDF 
schedulers. Most of the work proposed for this area assumed 
the use of variants of the PGPS scheduling discipline (see �
[20] for example).  

In this work, we evaluate the performance of the proposed 
resource reservation policies using the following routing 
algorithms.  

Shortest Path First Routing (SP): The first routing 
method is the standard shortest-path first routing method, 
which is extensively used in protocols such as OSPF and RIP. 
We fix the link costs to 1, in which case shortest-path is 
equivalent to shortest-hop routing. We use the standard 
Dijkstra algorithm to implement the SP algorithm. 

Widest-Shortest Path Routing (WSP): Widest-shortest 
path routing �[24] is a popular method for quality-of-service 
routing. In WSP, when two paths with equal costs to a certain 
destination are found, the one with the highest available 
capacity is chosen. We modify the Dijkstra algorithm to keep 
track of the available capacity on each link in order to 
implement the WSP algorithm. In our version of WSP, the 
available capacity on a link is equal to the link capacity minus 
the sum of average rates of connections passing through the 
link. This information is readily kept on each link for the 
necessary book-keeping needed by the CAC process. 

Dynamic Routing (DR): In this method, we use the 
standard Dijkstra algorithm for shortest-path routing while 
setting the link cost adaptively. Let the utilization of link e be 

given by e
N

j
j

e CU
e

/
1
�

=

= ρ , where eN is number of 

connections passing though link e, we set the cost of link e to 

be )1/(1 eU− . Our early experimentation with this choice 

for link costs has proven to provide excellent load balancing 
capabilities and overcomes hot-spot problems that can be 
created with standard shortest-path routing. Also, using a 
similar piece-wise linear cost function has proven as a good 
choice to do traffic engineering in IP networks with 
traditional interior gateway routing protocols (OSPF) as 
reported in �[14].  

Note that for both WSP and DR, the update in the available 
capacity (for WSP) or link cost (in DR) happens only after a 
new connection is accepted to the network and when an 
existing connection is terminated. The two algorithms would 
need comparable signalling overhead. However, DR is based 
on executing the well-known Dijkstra algorithm, while WSP 
needs more modifications. 
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IV. PERFORMANCE EVALUATION 

Comparing the performance of the proposed reservation 
policies and routing schemes requires the definition of a 
performance metric against which the different policies may 
be compared. A suitable performance metric would be the 
connection blocking probability of the network. It is difficult 
to analytically obtain the connection blocking probability for 
general network topologies with different types of traffic 
being offered to the network. Therefore, simulation is used to 
compare the different policies for this study. We use the 
simpack �[13] package for discrete event simulation. 

A. Simulation details 

The overall connection arrival process to the network is 
generated according to a Poisson process with an average 
arrival rate of λ connections/sec. Connection duration is 
assumed to be exponentially distributed with a mean 1/µ 
seconds. The value ρ=λ /µ characterizes the offered traffic 
load (in Erlangs) at the network under consideration. We fix 
µ  to be one unit. The source and destination nodes for a 
newly arriving connection is chosen according to whether we 
have uniform or non-uniform traffic as will be discussed later. 
For each simulation, we generate a total of between 100,000 
and 1 million connections (depending on traffic load and 
network topology). Each experiment is repeated 5 times with 
different seeds to obtain confidence intervals (we do not show 
the confidence intervals in the results as they were generally 
very narrow except for blocking probability values less than 
1e-4). The blocking probability is computed as the number of 
blocked connections divided by the number of generated 
connections. 

The parameters of the simulation, most notably link 
capacities, end-to-end delays, and source descriptors; are 
carefully chosen to meet the following objectives where 
possible: 1- the delay requirements are as close as possible to 
the delay requirements of interactive voice or video 
connections over multi-service packet networks (e.g. ATM); 
2- traffic parameters are similar to the traffic characteristics 
of standard packetized voice and video encoders; and 3- the 
schedulability condition of a scheduler, rather than the 
stability condition, is the one that puts the limit on the 
maximum number of connections. This is done because the 
performance of several resource reservation policies can only 
be differentiated when the stability condition does not limit 
the number of connections.  

Our simulation supports both the (�, �) and the (�, �, c) 
models. However, the paper only presents the results of the 
(�, �) traffic model. Realistic values of traffic characteristics 
are used and are selected as follows �[12]: 
− Average rate � = 10m Kbps, m is uniformly distributed on 

[0, 3]. This gives a mean average rate of 144.62 Kbps 
− Burst size � = y * r kbits, y is uniformly distributed on 

[0.5, 1.3]. This gives a mean burst size of 130.16 Kbits 
− Delay bound = 50*10 s msec, s is uniformly distributed 

on [0, 1.52] 
The range of generated traffic patterns include a typical 

MPEG video source with average rate = 518.4 kbps, and burst 
size = 576 kbits. It also includes a typical packetized voice 
source with average rate = 10 kbps, and burst size = 8 kbits. 

We obtain results for two general networks used 
extensively in network performance studies. The first network 
topology is the COST239 network and the second one is the 
NSFNET topology (both of which are shown in Fig. 1). We 
evaluate the performance for two link configurations. The 
first configuration is when all links have the same capacity of 
34 Mbps (equal-capacity links).  (It should be noted that for 
the equal-capacity links case, the DYNEVEN and DYNCP 
policies are equivalent.) In the second configuration, link 
capacities are randomly chosen such that overall capacity in 
the network is identical to the equal-capacity links case.  

For the case of uniform (symmetric) traffic, the newly 
arriving connections are divided with equal probability 
among all possible source destination pairs in a given 
topology. For each topology and link configuration, we obtain 
the following graphs in the uniform traffic case: 1- a graph 
showing the blocking probability for the various policies 
(EVEN, DYNEVEN, DYNCP, DYNRDP) with shortest-path 
routing; 2- a graph showing the blocking probabilities for the 
best performing policy for each of the three used routing 
algorithms (SP, WSP, and DR). The best performing policy is 
found as described below; and 3- a graph showing the 
reduction in the blocking probability achieved by using WSP 
or DR with the corresponding best policy for each as 
compared to that obtained when SP is used in conjunction 
with best performing policy (gain1) and as compared when 
SP routing is used in conjunction with the EVEN policy 
(gain2). 

The best performing policy is obtained as follows. For each 
routing method, we find the minimum achievable blocking 
probability among the four policies for each value of the 
traffic load (minimum envelope). We then evaluate a policy 
distance metric, which is the root mean square of the 
differences between the blocking probability values of the 
policy and the minimum envelope. The policy with the 
smallest distance metric is the best performing policy. (In 
many cases, one policy completely defines the minimum 
envelope, and its metric is thus zero.) 
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Fig. 1.  Network topologies of the COST239 and NSFNET networks. 
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B. Results for the COST239 network 

 We change the input traffic from 2 upto 2048 Erlangs and 
obtain the blocking probability for the different resource 
reservation polices. The results for the equal-capacity and 
random link capacity allocation are shown in Fig. 2 (a, b, c) 
and (d, e, f) respectively. For both the equal-capacity and 
random links case with SP routing, we note that the dynamic 
policies outperform the EVEN policy especially for low 
values of traffic load. This is also true for WSP and DR as 
well. The best performing policy is always the DYNCP policy 
for all routing methods and link configurations. This is a 
good finding since link capacities are usually constant and in 
contrast to the DYNRDP policy, the signalling overhead 
needed for DYNCP would be much lower. By comparing the 
performance of this best-performing policy under the three 
routing methods, we see that DR and WSP routing offer 
significant reduction in blocking probability in moderate and 
high loading. Moreover, for the case of random link 
capacities, this reduction can be upto 50-60% which 
illustrates the need for this type of routing when there is 
unbalance in the network link capacities.  If we inspect the 
curves marked DR-gain2 and WSP-gain2 in Fig. 2(c) and (f), 
we see a remarkable improvement for DYNCP/DR and 
DYNCP/WSP over what could be achieved by using 
EVEN/SP (upto 78% reduction in the random links case). 

Comparing WSP and DR, we find that WSP seems to 
provide more resilient performance specially for the random 
links case with low values of traffic load. In medium to high 
traffic load conditions and in the case of equal-capacity links, 
DR usually offers superior performance. Our choice seems to 
prefer DR routing since its complexity is less the WSP 
routing.  

C. Results for the NSF network 

The NSF network topology has a lower connectivity than 
the COST239 network (as measured by number of 
links/node). Similar to what we have done in the COST239 
network, we obtain the results for the NSF topology with 
equal-capacity and random links case in Fig. 4(a, b, c) and (d, 
e, f) respectively. Similar behaviour is observed here as well 
(with higher blocking rates in general). The DYNCP is still 
the best performing policy for all routing methods and link 
configurations. By inspecting the results for the reduction in 
blocking probability, we see that only for the case of random 
links with low loading, that SP outperforms DR. However, 
WSP always achieves some reduction in blocking probability. 
In comparison with the EVEN/SP combination, we see a 
remarkable improvement by using DYNCP/DR or 
DYNCP/WSP.  

We highlight here that the choice between DR and WSP is 
a tradeoff between complexity and performance. DR has the 
advantage of being based on implementing a simple dynamic 
cost function while WSP is more complex to implement. Our 
choice seems to prefer DR routing. 

D. Results for non-uniform traffic loading 

We study the COST239 network topology under non-
uniform traffic loading. To generate non-uniform traffic, we 
first define the traffic non-uniformity factor as follows. We 
identify a set of hot source destination pairs. These hot pairs 
are assigned a portion � of the overall traffic. Thus, by 
varying the number of hot pairs and the portion of assigned 
traffic, we can create non-uniform traffic in the network. In 
the COST239 networks we assume that there are 11 hot 
source destination pairs of the overall 110 pairs and we vary � 
from 0 to 0.55. We study the effect of varying � for two 
values of the overall arrival rate: λ=8 connections/sec and 
λ=512 connections /sec for equal-capacity and random link 
capacities.  

The full set of results shows again (as in the uniform traffic 
case) that the DYNCP policy has superior performance over 
all other policies. We report the blocking probability as 
function of � for the two values of the arrival rate at Fig. 4 for 
the EVEN policy with shortest-path routing and the DYNCP 
policy with shortest-path, WSP, and DR routing. It is clear 
that, as in the case of uniform traffic, we have significant gain 
from using the dynamic resource reservation policies such as 
DYNCP with WSP and DR routing. In general as the non-
uniformity in traffic increases while fixing the arrival rate, 
the more blocking occurs and the more apparent the need for 
the proposed resource reservation policies and routing 
methods to reduce the blocking rates. 

V. CONCLUSIONS 

We proposed and evaluated the performance of dynamic 
resource reservation protocols and dynamic routing for multi-
service packet networks employing RC-EDF scheduling to 
provide deterministic end-to-end delay bounds. The 
performance evaluation was done on general network  
topologies and realistic traffic parameters covering packetized 
voice and video. Our results show that under uniform and 
non-uniform traffic, the DYNCP is the best performing policy 
for all cases considered. This is a good finding since link 
capacities do not change frequently and thus the signalling 
overhead needed for DYNCP would be much lower than the 
DYNRDP policy. Moreover, widest-shortest path and 
dynamic routing based on link cost adaptation provide 
significant reduction in blocking probabilities. The choice of 
DR or WSP is a tradeoff between complexity and 
performance. DR has the advantage of using a simple cost 
function while WSP is more complex to implement and more 
robust. 

It remains to be explored whether the same conclusions 
hold true and what performance levels could be achieved by 
rate-based disciplines such as PGPS. Also, a possible area of 
research is to extend this framework to the case of statistical 
delay guarantees. 
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Fig. 2.  Results for the COST239 network with uniform traffic and equal-capacity links (a,b,c) and with uniform traffic and random links (d,e,f). 
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Fig.  3.  Results for the NSFNET network with uniform traffic and equal-capacity links (a,b,c) and with uniform traffic and random links (d,e,f). 
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Fig. 4.  Effect of non-uniform traffic loading on the performance of the EDF policies and the  routing algorithms: COST239 network (a) arrival 
rate of 8 calls/sec and equal-capacity links, (b) arrival rate of 8 calls/se and random links case, (c) arrival rate of 512 calls/sec and equal-capacity 

links, and (d) arrival rate of 512 calls/sec and random links. 


