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Abstract
The previous Researchers during their early periods found, new 
applications needs more requirements have been developed and 
their requirements have are much helpful for us to know about 
Quality of Service, QoS. To provide QoS, many formulas have 
been studied. Among them, there are the call admission control 
algorithms and the usage parameters control algorithms. In 
networks that support QoS, The call admission control algorithm 
determines whether to allow t a new traffic flow can be admitted to 
the network or a new traffic to be avoided  such that the existing 
users in the networks will receive their performance. Likewise  
an algorithm is a key component of multi-service networks Since  
it can  identify  the extent to which network resources can be  
adopted  and whether the expected  QoS parameters are really 
delivered.
In this paper, a new lightweight algorithm, the newly implemented 
Two Tests algorithm, is presented. This presentation do not depend 
on neither usage of CPU to make decisions nor a complex traffic 
issues, as opposed to other well-known algorithms, such as the 
Equivalent Capacity algorithm. Evaluation has been performed 
through simulation by using the OMNET++ environment, and 
implementing the CBR traffic and VBR traffic based on multiple 
video traces. On a comparative study the well-known Equivalent 
Capacity algorithm, the Two Tests algorithm is more effective 
admission control, in a low computational cost.
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I. Introduction
During the previous researches, a new set of applications has 
been developed which need some network requirements that 
the traditional applications didn’t have. The current need in 
communications of continuous data in multimedia systems. These 
new requirements are reflected in what is denominated

A. Quality of Service
Quality of Service refers to the capability of a network to provide 
better service to selected network traffic over various technologies, 
including Frame Relay, Asynchronous Transfer Mode (ATM), 
Ethernet and 802.1 networks, SONET, and IP-routed networks 
that may use any or all of these underlying technologies. The 
primary goal of QoS is to provide priority including dedicated 
bandwidth, controlled jitter and latency (required by some real-
time and interactive traffic), and improved loss characteristics. Also 
important is making sure that providing priority for one or more 
flows does not make other flows fail. QoS technologies provide 
the elemental building blocks that will be used for future business 
applications in campus, WAN and service provider networks. This 
article outlines the features and benefits of the QoS provided by 
the Cisco IOS QoS. This term refers to the capacity of a service 
provider (a network operator) to support the requirements of user 
applications with regard to four parameters of service: bandwidth, 

latency, jitter or variation in the latency and data loss rate. These 
parameters reflect how the user perceives a network service. The 
network is responsible of maintaining the level of QoS expected 
by its users. To achieve this, some traffic control techniques have 
been developed.

B. Congestion Control Techniques
Congestion is an important issue that can arise in packet switched 
network. Congestion is a situation in Communication Networks 
in which too many packets are present in a part of the subnet, 
performance degrades. Congestion in a network may occur when 
the load on the network (i.e. the number of packets sent to the 
network) is greater than the capacity of the network (i.e. the 
number of packets a network can handle.)
It can be divided into two different groups: preventive Control 
and reactive control. The first one is preventive Control, includes 
mechanisms that prevent against the congestion occurrence. In 
the last one, reactive control, feedback information is used to 
recover from congestion.
Among the preventive traffic control schemes, admission control 
algorithms are used to allocate the necessary information in the 
intermediate routers/switches for each new connection that is 
being established. Call admission control deals with the question 
as to whether a router/switch can accept a new connection or not, 
based on
the availability of resources (buffer space, link bandwidth, etc) 
on the routers/switches of the path data must follow.
The objective of a admission control algorithm is to get a highly 
commentable multiplexing gain that allows us to maximized 
network throughput while guaranteeing the QoS requirements of 
the applications. One difficulty in designing a AC algorithm is that 
decisions must be made on the fly. Therefore they should not be CPU 
intensive. We can find in the literature a wide variety of statistical 
allocation algorithms. While reviewing such schemes is beyond 
the scope of this paper, we note that many of these approaches are 
built on queuing theories and complicated techniques which are 
not suitable for being implemented in a compact high-performance 
network switch. Note that these algorithms usually are run by a 
resource manager, which is typically a workstation attached to 
the switch. What we have in mind is a compact interconnection 
element, with an embedded resource manager. Thus, in this paper 
we will introduce a new lightweight AC algorithm, named “the 
Two Tests algorithm”, which only needs the average and peak 
packet rate of connections to decide whether a new connection is 
accepted or not. Evaluation results will show its ability to perform 
an effective admission control, keeping network load away from 
saturation, thus providing the applications with an adequate QoS 
while making an efficient use of link bandwidth. The remainder 
of this paper is organized as follows. First, we will describe how 
this new algorithm works, followed by an outline of the network 
model used in our study. Next, we will present some performance 
evaluation results, comparing the Two Tests algorithm with the 
well-known Equivalent Capacity algorithm, according to some 
parameters, such as injected load or discarded packets. And finally, 
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we will point out the conclusions obtained in our research.

II. The Two Tests Algorithm
As we said before, this algorithm is aimed at being implemented 
within simple and compact interconnection elements in the 
network. Thus, the design goals are that it requires neither a 
complex traffic characterization nor intense computations. This 
algorithm only needs the connection average and peak packet rate 
in order to make a decision. In our simulations, we have used two 
different traffic classes: Constant Bit Rate and Variable Bit Rate. 
For CBR sources, the peak and average packet rate are the same, 
because these sources generate packets at a constant bit rate. For 
VBR sources, implemented as multi video sequences, the average 
packet rate is the bandwidth required to transmit the average-
size frame of the sequence, and the peak packet rate refers to the 
bandwidth necessary to transmit the largest frame. As its name 
suggests, The Two Tests algorithm implies the application of two 
tests to decide whether a new connection is admitted or not. The 
first of those tests consists of adding the average bandwidth of 
the new connection to the sum of the average bandwidths of the 
connections already established in the output port of the switch. 
This includes both CBR and VBR connections. The result is 
compared with the link bandwidth, and if it is lower, the second 
test is applied. Otherwise, the connection is rejected. The second 
test takes into account peak bandwidth of the connections. Note 
that the peak bandwidth for CBR connections is the same as the 
average bandwidth. This test consists of adding peak bandwidth 
of the new connection. to the peak bandwidths of the connections 
that have already been accepted and checking if the sum exceeds 
a certain limit. In this case, as opposed to the previous test, the 
sum is compared to the link bandwidth multiplied by a new term 
called concurrence factor. The concurrence factor or CF is aimed at 
improving the use of the link bandwidth because it allows the sum 
of the connection peak bandwidths to exceed the link bandwidth. 
This is based on the assumption that connections will rarely reach 
simultaneously that peak bandwidth. However, this is more likely 
to happen as we increase the value of CF. we are reserving the peak 
bandwidth for each connection, thus the link bandwidth will be 
underused. This means a non statistic reservation. As we increase 
the value of CF we give less importance to the connection peak 
bandwidth because the connections will rarely reach that peak 
bandwidth at the same time, as it has been noted before. This 
implies that we can accept more connections and, by doing so, 
we make much more use of the link bandwidth, at the expense of 
increasing the probability that two peaks overlap in time and link 
becomes overloaded. Thus, the optimum value of CF is a trade-
off between link utilization and the guarantees of service given 
to the connections. Network is composed of peripheral nodes and 
switches. Each switch has a peripheral node connected to it. These 
switches have an internal organization called buffered crossbar the 
network is packet switched, and does not apply flow control at the 
link level. Nodes are arranged following irregular topologies. The 
peripheral nodes inject traffic into the network, and receive the 
traffic generated by other nodes and addressed to them. Besides, 
they also collect statistical data. Each peripheral node can create 
two different types of connections: Constant Bit Rate and Variable 
Bit .These sources inject a packet into the network at a constant 
rate, one packet every IAT (Inter-Arrival Time) seconds. To be 
able to evaluate the benefits obtained by this type of connections, 
and to check if they are really in agreement with the necessary 
guarantees for each type, in the simulations that involve CBR 
traffic, random mixtures of 3 different speed in Mbps are used 

of CBR connections have been use. In this way, we can analyze 
the benefits obtained by connections with low, medium and high 
bandwidth requirements.
The VBR traffic sources have been implemented as MPEG-2 [2] 
video sources. This is a typical example of multimedia traffic. In 
MPEG-2 video, a new image composed by a certain number of 
packets is injected into the network every 33 milliseconds (Frame 
Time, FT The statistical data collection process is also carried 
out in this model. Peripheral nodes wait until all the connections 
are working, before collecting statistical data. The switch model 
architecture that has been designed for this work combines input 
and output queues, being a queue for each couple an input port 
and an output port, . This queuing architecture has been chosen 
because of its good performance and low latencies. Also, it 
allows each input and out port port to work independently from 
the rest, which vastly simplifies the packet scheduling tasks. In 
general, this organization is similar to the CICQ organization. 
The routing algorithm used by our switches is top down. Thus, it 
is deterministic and cycle free.
The application of the AC algorithms takes place in the output 
port of our switches. They get all the required information 
from the source peripheral node through the connection request 
packets. Depending on the AC algorithm used, switches need 
different information, so source peripheral nodes must use a 
different connection request packet to provide switches with this 
information.
A link model has also been developed. This is a point-to-point 
error-free (because it’s a local area link) link model. Its bandwidth 
is 1 Gbps, with a propagation delay of 100 ns and transmission 
delay of 424μsec. The transmission delay comes from the link 
bandwidth, 1 Gbps, so a data packet, whose size is 53 bytes (424 
bits), will take 424μsec to be transmitted.  Multi packet formats 
have been developed, all of them with the same size, 53 bytes, 
like ATM. These packet formats are used to transmit connection 
data between peripheral nodes, and to provide switches with the 
information needed to apply the chosen AC algorithm.

A. Performance Evaluation  
We will evaluate the performance of the proposed AC algorithm, 
comparing the results obtained by implementing a network without 
AC, and a network with the popular Equivalent Capacity algorithm 
. Although there have been many recent contributions on the AC 
problem, based on quite different approaches (as an example, see), 
they all usually compare their performance to the one obtained 
with the Equivalent Capacity algorithm. This algorithm consists 
of a set of complex mathematical formulas which take several 
connection parameters to decide whether a new connection is 
accepted or not. This algorithm assumes that all sources are IFP 
(Interrupted Fluid Process). The connection parameters needed 
to make the decision are the peak rate R, the fraction of time that 
the source is active r, and the mean duration of the active period b. 
Apart from them, some other parameters are needed to make the 
decision, such as the capacity of the queue, K, or the packet loss 
probability. The effective bandwidth needed for one source, e, can 
be Obtained as follows: Once recalled the Equivalent Capacity 
algorithm, we will proceed with the performance evaluation. We 
will see how much load is introduced into the network when 
applying each CAC algorithm, and which performance each traffic 
class obtains in each case. Keep in mind that it is necessary to reach 
a trade-off among network utilization and traffic performance. 
To carry out this work, three topologies have been developed. 
Each one of them has eight peripheral nodes, and eight switches. 
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Connections between switches are arranged following irregular 
and random topologies. We have carried out simulations in all the 
topologies, varying all the parameters mentioned in this work, 
and we have obtained the final results by calculating the average 
of the results obtained in each of the topologies. The parameters 
that have been studied in our simulations are the AC algorithm, 
the switch buffer size  Kb and 32 Kb  and the requested load 
(CBR and VBR sources separately, 50% for each). Besides, for 
the Equivalent Capacity algorithm, we have varied the packet 
loss probability  (10−8 and 10−6 [12]), and for the Two Tests
algorithm, the concurrency factor CF (from 1 to 1.5, step 0.1). 
However, neither buffer size nor  significantly affect the results.
Thus, only plots for 32 Kb and  = 10−6 will be discussed here.
Also, in order to improve the readability of our plots, only results 
for CF =  1 and 1.5 will be depicted. We will only show the figures 
related to the HIGH CBR (55 Mbps) and VBR traffic classes, 
because they are the ones on which we can appreciate more 
interesting results. For a more detailed explanation. To make it 
easy to understand our results, our plots show load and throughput 
expressed as percentage of the link bandwidth. Discarded packets 
are expressed as percentage of the number of injected packets. 
First of all, we will study the injected load versus the requested 
load (Fig. 4). The requested load refers to the amount of data the 
peripheral nodes try to generate. It includes all the connection 
requests the nodes generate. The injected load is the amount of 
data the peripheral nodes effectively inject into the network, once 
the CAC algorithm has been applied. Obviously, the injected load 
is higher when there is no CAC algorithm running. In this case, 
no connection is rejected and there is no limit on the amount of 
packets injected into the network. When the Equivalent Capacity 
algorithm is applied, there is hardly any connection rejected, so 
the injected load is almost the same as for the simulations with 
no AC. On the other hand, the Two Tests algorithm rejects much 
more connections than the Equivalent Capacity algorithm. It might 
seem that this fact makes network utilization worse. However, 
as we will see later, the use of the Two Tests algorithm makes it 
possible for more packets to arrive to their destination, compared 
to the amount of packets injected into the network. Moreover, the 
service given by the network to those packets is more adequate. In 
other words, the use of the Equivalent Capacity algorithm admits 
more load into the network, thus increasing utilization, but at the 
cost of lower performance at the application level, since many 
packets are discarded, and many of the received packets do not 
fulfill their QoS requirements. Simulation results supporting these 
affirmations will follow. It can also be seen that the higher CF is, 
the more load is injected into the network, i.e., more connections 
are accepted because some overlapping of peak bandwidths is 
allowed. The buffer size has no influence in this statistic, not even 
for the simulations using the Equivalent Capacity algorithm.

B. Simulations
OMNeT++ is an extensible, modular, component-based C++ 
simulation library and framework, primarily for building network 
simulators. “Network” is meant in a broader sense that includes 
wired and wireless communication networks, on-chip networks, 
queuing networks, and so on. Domain-specific functionality 
such as support for sensor networks, wireless ad-hoc networks, 
Internet protocols, performance modeling, photonic networks, 
etc., is provided by model frameworks, developed as independent 
projects. OMNeT++ offers an Eclipse-based IDE, a graphical 
runtime environment, and a host of other tools. There are 
extensions for real-time simulation, network emulation, with no 

admission control and with the Equivalent Capacity algorithm 
returned similar results, i.e. a very low throughput. Having into 
account that many packets have been discarded, due to the fact 
that too many connections have been accepted. As opposed to 
them, the Two Tests algorithm throughput is quite similar to the 
injected load, which means that few packets have been discarded. 
The reason why this happens is that many connection requests have 
been rejected, and because of that, network load is kept controlled. 
Even though the maximum throughput obtained by the Equivalent 
Capacity algorithm is higher than the one obtained by the Two 
Tests algorithm, when we compare them with their injected loads 
we can see that the Two Tests algorithm performs better, as the 
gap between its injected load and throughput is smaller. This 
means that although the Equivalent Capacity algorithm offers 
greater throughput than the Two Tests algorithm finally the output 
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III. Conclusion
After close observations, we have obtained the following 
conclusions. When no Admission Control algorithm is running, the 
injected load and the network throughput are higher. The Two Tests 
algorithm controls the injected load by rejecting more connections 
than the Equivalent Capacity algorithm, for the parameters used 
in the simulations, and because of that, network performance is 
highly improved for the connections that have been accepted. 
The results using the Equivalent Capacity algorithm are similar 
to the ones with no AC, for all the studied values of its parameters 
because this algorithm rejects few connections, and thus, it fails 
at keeping the network load at reasonable levels. In the Two Tests 
algorithm, as we increase CF, both injected load and throughput 
are increased, at the expense of increasing the latencies and the 
discarded packets ratio, but keeping always better levels than 
when no AC algorithm is used, or when the Equivalent Capacity 
algorithm is been applied. And also when there is an algorithm that 
filters connections, although this causes a Strong degradation in 
the network performance as high latencies and discarded packets 
ratios.
The maximum throughput obtained by the Equivalent Capacity 
algorithm is higher than the one obtained by the Two Tests 
algorithm, but when we compare them with their injected loads 
we can see that the Two Tests algorithm performs better, as the gap 
between its injected load and throughput is smaller, which means 
that when this algorithm is running, most of the packets which 
have been injected into the network do reach their destination, as 
opposed to what happens when the Equivalent Capacity algorithm 
is applied. The algorithm which shows better threshold fulfillment 
degrees is the Two Tests algorithm. This is because it is able to 
effectively control the amount of load injected into the network, 
so that the accepted connections perform adequately. Please 
note that there is no use of admitting more load into the network 
(i.e., increase its utilization) when many more packets either 
are dropped or arrive too late to their destination, thus hurting 
application performance. Our goal is to keep network throughput 
as high as possible, but without menacing the QoS received by 
the accepted connections.
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