
© C. Delgado, C. Gutiérrez, R. Velázquez, H. Sossa (Eds.)               Received 23/01/11 

Advances in Computer Science and Electronic Systems               Accepted 20/02/11 

Research in Computing Science 52, 2011, pp. 155-168                             Final version 07/03/11 
 

 

 

 

A Bandwidth Sharing Method under �ode Autonomy 

and Short-Term Protection for QoS 

Alfredo P. Mateos-Papis (a). 

(a) Division of Sciences of Communication and Design. Universidad Autónoma Metropoli-

tana. Cuajimalpa. Mexico DF. 

amateos@correo.cua.uam.mx 

Abstract. This paper proposes a method to share bandwidth between intersect-

ing routes in networks subject to per-route distributed admission processes. 

With this method the current bandwidth share of a flow is guaranteed in the 

short-term against a possible bandwidth decrease caused by flows recently ad-

mitted in intersecting routes. However, this share-protection is decreased slowly 

such that, in the long term, bandwidth is distributed according to the intersect-

ing route’s observed requirements. With this method every node takes its own 

decisions, having an impact on the bandwidth sharing between routes and at-

taining, with this, global behaviors in the network. This method is expected to 

help preserve the Quality of Service in the routes while, because of its simplici-

ty, allowing a simple bandwidth management in the network and possibly per-

mitting its implementation in bigger-sized networks. The method proposed is 

termed: the Short Term Protection (STP) method. 

Keywords. Quality of Service (QoS); Bandwidth Sharing; Distributed Traffic 

Control. 

1. Introduction. 

This article addresses in a novel way the problem bandwidth-sharing for the long-

time studied QoS-aware-networks having per-route distributed admission processes, 

using a novel uncomplicated method where the nodes operate autonomously offering 

the possibility to attain global behaviors. 

In bandwidth-limited data networks which offer Quality of Service (QoS), a flow-

admission-process is used to foresee if the traffic increase caused by the entrance new 

flows to the network will originate an unacceptable deterioration of the QoS offered. 

An admission process to a network can be centralized or distributed. In the centra-

lized approach a single entity (like a bandwidth broker) makes admission decisions 

based on its global view of the network. This global-view requirement makes this ap-

proach less scalable compared with that of the distributed admission approach where-

in there is an admission entity for each one of different parts of a network. The admis-

sion to each part is done based on a partial view of the network, with the potential risk 

that an admission decision could inadvertently cause an unacceptable deterioration of 

the QoS in other parts of the network. 

The bandwidth sharing method introduced in this paper, which is called Short-

Term Protection method (STP method), is aimed at networks with per-route distri-
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buted admission processes, as those proposed in [1] [2], where there is no bandwidth 

reservation considered for any route. This method is intended to protect routes against 

bandwidth exhaustion derived from sudden increments in traffic in intersecting routes 

while still allowing the network to have a simple distributed management scheme 

which adjusts in accordance to the bandwidth necessities of the routes. With this me-

thod each node acts autonomously and there is no central admission authority consi-

dered. The nodes are aware neither of the existence of routes nor of the existence of 

flows in the network. Fig. 1(a) is a schematic representation of a network with two 

routes that intersect at node x (more specifically at its output interface) and share the 

bandwidth of the node’s output link. In this paper these routes are called intersecting 

routes and node x is called an intersection node. 

An intersection node has, at every one of its output interfaces, one queue for every 

one of its input interfaces. As an example, Fig. 1(b) represents a node with three input 

interfaces: A, B and C, from where three routes converge at the node and leave the 

node through the output interface D which has three queues. 

Inspired by the Weighted Fair Queuing1 (WFQ) scheduling algorithm [3], the STP 

method gives each queue a weight, however, each weight may change slowly accord-

ing to an updating algorithm that is periodically evaluated. In this paper the STP me-

thod uses a WFQ scheduler, but the scheduler could be other kind of work-conserving 

scheduler [4] which could adequately operate with changing weights. 

In the STP method traffic coming from the different input interfaces competes for 

bandwidth in a special way: the weights change slowly in favor of the queues which 

have bigger average lengths. For example, a route could lose up 20% of its weight in 

a 30-minute interval, against an intersecting route, if its queue length were constantly 

smaller –within this interval– compared to that of the intersecting route. 

The STP method offers a simple and novel option for data networks to offer scala-

ble QoS in comparison with the DiffServ model, studied since 13 years ago, which is 

oriented for scalability and flexibility in bandwidth-sharing (see section 2) but which 

poses a native difficulty in the evaluation of the traffic conditions in the networks. 

2. Background and Related Works. 

The STP method has been motivated by some characteristics of the nodes used in 

the DiffServ2 model [5] [6], and in the network conditions proposed in [1] which 

deals with networks with per-route distributed admission where the admission deci-

sions are taken at the edge of the routes. In DiffServ the packets are classified when 

entering to the so-called DiffServ domain (so its admission is per-class oriented in-

stead of per-flow oriented), and the central nodes (also called core nodes) of that do-

main follow a specific behavior when treating the packets of a specific class. 

It is reasonable to consider that the behaviors provided by a node are implemented 

at its output interfaces [7]. Typically, an output interface of a node keeps one queue 

(buffer) for every one of the classes to attend, which share the total bandwidth of the 

output interface. Any output interface with more than one queue in operation needs a  

                                                           
1 Also called PGPS (Packet-by-Packet Generalized Processor Sharing). 

2 See technical report Rep-Tec-4-Arquitectura DS.pdf at http://ccd.cua.uam.mx/~amateos/. 
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(a) Routes s1→d1 and s2→d2 in a network intersect at the output interface of node x. 

 

 
(b) Representation of an intersection node with three input interfaces, A, B, and C, and one out-

put interface, D, in which the incoming traffic converges. 

Fig. 1. The concepts of two intersecting routes (subfigure a), and the concept of an intersection 

node (subfigure b). 

scheduler to choose the next packet to be dispatched over the output interface, thus 

creating a bandwidth sharing process between classes. 

There are methods for optimization of a global indicator in a network by obtaining 

the most effective bandwidth-share between classes. For example [8] presents a 

bandwidth-sharing method described as proactive (in contrast with reactive algo-

rithms) which uses a central bandwidth manager. Another bandwidth-sharing method 

between classes [9] adaptively adjusts the weights of a weighted round robin schedu-

ler in every core node and does not depend on a central bandwidth manager. It looks 

like the nodes can effectively operate autonomously and cooperate to obtain an ex-

pected end-to-end QoS indicator. 

Centikaya et al [1] [2] propose a method of admission to a network that has prede-

fined routes. This method is defined as distributed since the admissions are made per-

route, not per-flow oriented, without a central management, where a route can cause a 
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negative impact in intersecting routes when admitting a flow. The main research goal 

of the paper is the admission process, not the route-intersection problem. 

The STP method is oriented towards handling the negative interaction between in-

tersecting routes with per-route admission but it is not aware of any admission 

process. 

In [10] a Coordinated-Schedulers method is presented to provide delay-bounds in a 

network, which is not per-flow oriented. In it, the core nodes modify each arriving-

packet’s priority index depending on whether the packet was serviced late or early at 

the upstream node as a consequence of cross-traffic. The method provides natural 

coordination between nodes but each node operates autonomously. This method can 

work in the context of a single class and it seems that it could have the benefit of pro-

tecting a route against intersecting routes. The STP method is simpler although it is 

not in the scope of this paper to study if it can attain the benefits of the method pre-

sented by [10]. 

3. The STP Method. 

3.1 Remarks. 

The STP method was conceived to operate within one class of traffic in a network, 

so this paper considers traffic in a single class. The possible interaction of a class us-

ing the STP method with schemes doing bandwidth provisioning between classes, to 

optimize a global indicator in a network, is out of the scope of this paper. 

The evaluation of the STP method is made with the results obtained from simula-

tions with traffic generated using a mixture of constant bit rate and Pareto sources. 

This traffic does not represent the diversity of traffic that might exist in a network; 

nevertheless these results are presented as a starting point for the evaluation of this 

method. In the simulations a change in the amount of traffic is made through the 

change of the number of sources. 

The evaluation of the method is limited to a single direction in the routes as it is 

considered that the traffic in one direction is independent of the traffic in the opposite 

direction. 

The topology used for the simulations is rather small. It has one central node (see 

section 2). The STP method is used in just the central node as this paper is aimed to 

compare the results in a network when a single central node uses the STP method 

with the results when that central node is a normal node, that is, the node uses a single 

output queue for each output interface. The author has made simulations with two 

nodes capable of using the STP method, which will be presented in a subsequent pa-

per. 

3.2 Condensed Explanation of the STP Method. 

The QoS parameter of interest in this paper is the delay. This paper evaluates the 

STP method based on the end-to-end delay in the routes. This delay depends on sev-

eral factors, including the queuing delay in the intersection nodes which will be the 
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factor of interest in this paper. This paper defines the term delay-limit as the maxi-

mum permissible delay that a packet can experiment while traversing a route. 

Consider an output interface of a node working with the STP method, where there 

are 8 queues being attended by the scheduler (so there are 8 routes intersecting at that 

interface). The weight of each queue should tend to be proportional to its relative av-

erage length compared with the sum of the lengths of the queues. The rate of weight-

change should be slow, that is, the bandwidth required to satisfy a bandwidth-greedy 

route should be released slowly in order to protect, temporarily, the routes which 

would loose bandwidth. 

The method starts at time t0 where the all the weighs have the same value. At the 

ending of every time-interval of durationτ, the method computes an indicator for 

every queue of the output interface, to compare the current weight of the queue with 

its current relative length with regard to the lengths of the other queues. The indicator 

is represented with I∆ in equation (1). This time-interval should be sufficiently big as 

to be able to observe several arrivals and departures of packets (in this paper  τ = 1s). 

After computing this indicator the method computes the new weights of the queues 

and substitutes those in operation. All this computation should take place in a time 

much smaller than τ. In (1), the computation of this indicator is made at time t0 + 

(r + 1)τ for queue i, where r is an integer such that r ≥ 0, ( )0

Act

i
t rφ τ+  represents the 

weight of queue i, which has been valid from t0 + rτ  to (t0 + (r + 1)τ)
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If, from equation (1), the indicator results negative for queue i, then this queue 

should lose weight so that the result of its new weight, ( )( )0
1

Act

i
t rφ τ+ + , minus its 

weight in operation, ( )0

Act

i
t rφ τ+ , should reflect a negative increment (or a decre-

ment). Equation (2) proposes a form of calculation for this negative increment, which 
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The two important parameters of (2) are P and T. Parameter P is called the loss 

factor, which is a positive constant much smaller than 1 (with values near to 0.1). 

When P is very small then ( )ln 1 P− −  ≈ P. The parameter T represents a time span 

and it might be on the order of 1200s. The ratio T / τ should be a big integer called K. 
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From (2) it can be seen that, as τ is much smaller than T, the decrement of the queue, 

from one interval to the next one, should be very small. 

It can be shown that if queue i decreased its weight for K consecutive intervals of 

size τ within time-span T, then the ratio of its initial and ending weights, with regard 

to that time span, would be equal to (1– P), that is: 1 – P = ( )( )0 1
Act

i t l Tφ + +  / 

( )0

Act

i t lTφ + . This formula can be written as: ( )( )0 1
Act

i t l Tφ + +  – ( )0

Act

i t lTφ +  

= –P ( )0

Act

i t lTφ + . With this it can be stated that with this method the maximum 

weight deterioration for a queue in a time T is P%.  This result is demonstrated using 

the fact, which can be obtained from (1) and (2), that ( )( )0

Act

i
t m Kφ τ+ +  = 

( ) ( ) ( )( )0
1

Act

i

T
t m f P T

τ
φ τ τ+ − . The variables l and m represent integers greater 

than, or equal to 0, and ( )f P  = ( )ln 1 P− − . Because of the limitation of space of 

this paper, all the details of this method are not developed here3. 

The STP method also proposes a calculation for the weight of every queue that 

should not decrease its weight, as indicated by (1), after every interval of duration τ, 

in such a way that the sum of the weights of all queues be always equal to 1. 

Following the method proposed in [11], the average length Qi of queue i is com-

puted as ( )1
i q i q i

Q w Q w q= − + , where wq is the averaging parameter and qi is the in-

stantaneous queue-length. This equation acts as a low-pass filter. In this equation, the 

smallest the value of wq the smoother the output will be. The value for wq is set to 

0.002, to cope with the possibly burst behavior of the instantaneous queue-lengths. 

4. Experimental Results 

The performance evaluation of the STP method was done through a series of simu-

lations which uses the topology shown in Fig. 2, a bounded network (or domain) with 

one central node, c1, and three edge nodes: e1, e2 and e3. Outside the network boun-

daries there are three source nodes: s1, s2, s3, and three destination nodes: d1, d2 and 

d3. Inside the network there are three routes: Route1, Route2, Route3. See that node 

c1 acts as an exit node for Route2. Links inside the network have a bandwidth of 

3Mb/s, for the operating Class. The links connecting the bounded network with the 

outside nodes have a bandwidth of 100Mb/s. The propagation delay of the links is 

0.05ms. Route1 and Route3 intersect at the output interface of c1 (going to e2). 

Route2 intersects with Route1 at the exit interface of e1 (going to c1). Route1, then, 

suffers from two intersections which puts it in disadvantage against Route3 which is 

not affected by Route2. In the experiments the situation is that Route3 increases its 

traffic so that Route1 is affected with this increase. 

Node e1 was selected to be a normal node in every experiment, and node c1, in a 

group of experiments uses the STP method and in other group of experiments it does 

not, as it is explained in the next paragraphs (remember that this paper is aimed at 

                                                           
3  See technical report Rep-Tec-2-Equations-STP-Method.pdf at 

http://ccd.cua.uam.mx/~amateos/. 
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evaluating the effect of the STP method in just one node in the network). With the 

STP method Route1-traffic passes through one queue and Route3-traffic passes 

through the other queue of the output interface of c1 going to e2. For the sake of sim-

plicity-of-explanation the first queue of c1 can be referred to as the queue for Route1 

and the second queue as the queue for Route3. 

The results of these experiments are compared to evaluate the STP method. Be-

cause of the random nature of experiments the results are taken from the mean values 

of 40 to 60 experiments, for each result. 

4.1. Experimental Setting 

The experiments were carried out with the ns-2 simulator [12], version 2.33, also 

using the DS tools included in the simulator [13]. In the STP method these tools were 

modified to add the WFQ packet-scheduling operation, with the implementation pro-

posed in [14], which uses the WFQ scheduler [3]. Additional modifications were 

made to incorporate the possibility to change the weights of the scheduler in a dynam-

ic form, in accordance with the STP method4. 
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Fig. 2. The topology for the experiments has two routes: Route1 traversing nodes s1–e1–c1–

e2–d1, and Route3 traversing nodes s3–e3–c1–e2–d3. The routes intersect at the output inter-

face of node c1 and separate at node e2. Route1 and Route2 intersect at the output interface of 

node e1. 

The Pareto sources are On/Off with 250ms on/off duration, with 68 Kb/s during On 

periods and 95-byte packets [15]5 with Pareto shape parameter of 1.7 (infinite va-

riance). The CBR sources have 1500-byte packets with 256Kb/s6. It should be clear 

that these rates are small compared with those actually used in the Internet, but they 

                                                           
4 See technical report Rep-Tec-3-WFQ-Changing-Weights.pdf at 

http://ccd.cua.uam.mx/~amateos/. 
5 A voice packet can have 67 bytes which would make a 95-byte IP packet adding 8 bytes of 

UDP header and 20 bytes of IP header. A reasonable voice mean-rate of 3.0 Kbytes/s in one 

direction makes a traffic mean rate of 34Kb/s (3 Kbyte/s x 8 bits/byte x 95 / 67 = 34 Kb/s –

considering the headers' overhead), making 68 Kb/s during the On period of On/Off sources. 
6  The rate value is taken from information from [16]. 
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are used for the purpose of the evaluation of the STP method, within the scope of this 

article, as indicated in section 3.1.  

It is supposed that for a long time before the beginning of each experiment the 

routes have had the same traffic. At the beginning of every experiment Route3 in-

creases its number of sources (without knowing about the possible deterioration of the 

QoS inflicted on Route1). 

Three different groups of experiments were carried out, depending on the buffer 

used in the output interface of c1. In the first group, called “case q1”, there is just one 

queue at the output interface of node c1 (going to e2), which handles the traffic of the 

two routes. The second group, called “case q2”, uses the STP method and utilizes two 

queues at the output interface of node c1, one corresponding to each one of Route1 

and Route3. The parameters employed for case q2 are: T = 1200s, P = 0.25. The time 

τ is 1s. The last groput, called “case q2f”, also utilizes two queues at the output inter-

face of node c1, one corresponding to each one of the routes, but the weight of each 

queue is fixed throughout the duration of the experiment. 

For a P parameter value greater than 0, a q2 case with parameter T being close to 0 

should offer results similar to those of the q1 case. A q2 case with parameter T being 

close to infinite should offer results similar to those of a q2f case. All the other queues 

in all the nodes are Droptail. The queue lengths are big enough such that the total ob-

served packet loss rate is always less than 2% in every experiment. In every experi-

ment Route1 and Route2 have almost the same number of sources. Route1 has 3 CBR 

sources + 17 Pareto sources, and Route2 has 3 CBR sources + 16 Pareto sources. 

These numbers of sources are big enough to cause average packet-delays near to 3ms 

at the exit interface of node e1, without causing packet congestion losses. 

Route3 initiates each experiment with 3 CBR sources + 8 Pareto sources. The ini-

tial traffic-share of Route1 and Route3, at the exit of node c1, is: 0.5641 and 0.4359, 

respectively. These values are also the initial weights used for the queues of c1 going 

to e2, for the q2 case, which correspond respectively to Route1 and Rotue3. Remem-

ber that the weights given by the STP method to intersecting routes in an output inter-

face of a node (node c1 in this case) tend to be the same as the bandwidth proportion 

that the routes take at that interface, in the long term. For the q2f case these values are 

taken as the fixed weights for the two queues of c1 going to e2. 

Each row of Table 1 shows the number of sources of Route1 and Route3, their 

rates and the bandwidth percentage share at the exit interface of node c1 going e2 for 

every experiment. +PAR means the number of Pareto sources increased in Route3 at 

the beginning of the experiment, for example, in the second row the total number of 

Pareto sources of Route3 is 8 + 1 = 9). The heading –%R1 indicates, for a given row, 

the bandwidth percentage deterioration of Route1 with regard to that which this route 

has in the first row. The queue-weight deterioration for a route with the STP method 

can not be bigger than the traffic-share deterioration of that route within a time-

duration T). For example in the second row %R1 = 55.62 so that 1–55.62/56.41 = 

0.01405 (1.41%). The maximum traffic-share deterioration for Route1 shown in the 

table is 13.55%. 
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Table 1. Number of sources of Route1 and Route3, their rates and the bandwidth-percentage 

share at the exit interface of node c1, going to e2, for every experiment. 

CBR CBR PAR PAR +PAR Kb/s Kb/s Kb/s % % –% 

R1 R3 R1 R3 R3 R1 R3 R3+R1 R3 R1 R1 

3 3 17 8 0 1346 1040 2386 43.59 56.41 0.00 

3 3 17 9 1 1346 1074 2420 44.38 55.62 1.41 

3 3 17 10 2 1346 1108 2454 45.15 54.85 2.77 

.. .. .. ..        

3 3 17 16 8 1346 1312 2658 49.36 50.64 10.23 

3 3 17 17 9 1346 1346 2692 50.00 50.00 11.37 

3 3 17 18 10 1346 1380 2726 50.62 49.38 12.47 

3 3 17 19 11 1346 1414 2760 51.23 48.77 13.55 

4.2. Initial Results. 

Fig. 3 presents the weight values for the q2 case of the output interface in node c1, 

for four different values of P, through a period of time T = 1200s in a special group of 

experiments where the traffic of Route3 is bigger than that of Route17. 

In the case of P = 0.05, at t = T = 1200 the weight of the queue attending Route1 

should be 0.564 * 0.95 = 0.5358, and the experiments offered a weight value of 

0.5291. For P = 0.15 this weight should be of 0.564 * 0.85 = 0.4794, and the experi-

ments offered a weight value of 0.4661. For P = 0.25 the weight obtained should be 

0.564 * 0.75 = 0.4230 and the experiments offered a weight value of 0.41. All these 

results are close to the projected ones. 

 

4.3 Gain Results. 

In order to assess the benefits of the STP method, this paper uses a figure of merit 

which consists of an overall gain for each route, for each experiment. This gain re-

wards with one point for every packet that traverses its route within the delay-limit of 

the route, and penalizes with ten points otherwise. 

The first scenario considers experiments of short duration, 120s, for cases q1 and 

q2f, and a delay limit is 18ms. The reason to make this scenario is to observe the be-

havior of these two cases to compare their results with those of the q2 case, made in 

the next scenario. The left side of Fig. 4 shows the gains obtained for Route1 and 

Route3 (Gain1 and Gain3) as a function of the number of sources added to Route3. 

Every point in the figure shows the gain obtained in each 120s-experiment. The upper 

abscissa axis shows the number of sources added to Route3 in the experiment, and the 

lower abscissa axis shows the resulting rate in Route3. The gain in each experiment is 

normalized dividing it by the duration of the experiment in the simulation. 

                                                           
7 Route3 augments 30 Pareto sources at the beginning of the experiment time. Regarding Table 

1, Route1 has 40% of the traffic and Route3 has 60% (only for this experiments the band-

width of c1-e2 is 4[Mb/s]). 
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Fig. 3. Experimental results of weight-functions for the q2 case, with different values of P pa-

rameter. Label “Wght A (R1) P=0.15 T=1200” stands for weight of Route1 for the q2 case with 

parameters P=0.15 and T=1200. 

 

 

Fig. 4. The left side of the figure shows the gains of routes against number of sources added in 

Route3, for cases q1, and q2f with a delay limits of 18ms. Label “G3-q1” stands for Gain3 in 

the q1 case, and label “P1-q2f” stands for stands for number of packets for Route1 for the q2f 

case. The meaning of the other labels is similar. The right side of the figure shows the gains and 

the delays (in s) of the routes for the q1 case. 
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For the q1 case Gain3 has a maximum value at 9, decreasing afterwards. The ad-

mission process of Route3 should avoid allowing an increase of more than 9 sources. 

Gain1 deteriorates with the increase of sources in Route3. For the q2f case it is also 

clear that the admission process of Route3 should neither allow more than 9 sources. 

From 0 to 9 sources, for the q1 case, Gain1 goes from 704 a 537 points, representing 

a loss of (704-537) / 704 = 27.7%. For the q2f case Gain1 goes from 825 to 742 

points, representing a loss of (825 – 742) / 825 = 10%. It is clear that the q2f case pro-

tects Route1. It is observed that the q1 case is a good option when the available 

bandwidth is big compared to the traffic in the routes8. 

The right side of Fig. 4 shows the gains and the delays of the routes for the q1 case 

(the delays of the q2f case are not shown because of space limitations in this paper). 

The delays are computed as the 98
th

 percentile of the delay observed by the packets 

traversing their corresponding route. In other words, the delay of the route is the time 

exceeded by the delay of only the 2% most delayed packets. The q2f case is not ap-

propriate for networks where the traffic can change in the routes and where there is no 

reason to give fixed protection to routes. 

The second scenario is one using the q2 case with P = 0.25 and T = 1200s, with 

experiments of 1200s duration, where it is supposed that the change in traffic at 

Route3 is at t = 0s of the experiment, with no further change in traffic during those 

1200s. 

It is also supposed that the traffic of the routes has been the same for a long time 

before time 0s of the experiments, so that as the STP method tends to give to the 

weight of each queue the same value as its relative traffic-share, then the initial traf-

fic-share values of Route1 and Route3 are reflected in the initial values of the weights 

of the queues of c1, which are: 0.5641 and 0.4359, for Route1 and Route3 respective-

ly. The gains are evaluated at the ending part of each subsequent interval of 120s du-

ration (that is the gain at time 1200s is evaluated from 1080 to 1200s). 

The left side of Fig. 5 shows how the delay in the q2 case augments with time in 

every experiment for Route1 (and decreases for Route3). The right side shows how 

the Gain1 and Gain3 of q2 case tend to be equal to case q1 at the ending of each ex-

periment (at 1200s) and tend to be equal to q2f case at the beginning of each experi-

ment (at 120s). With this, it can be seen that in the first part of each experiment the q2 

case protects Route1 as case q2f does, and at the ending part of each experiment the 

q2 case tend to protect Route1 as case q1 does. 

It can also be shown, from graphics not presented in this paper, that the total gain, 

that is the sum of gains (Gain1 + Gain3), is approximately the same for the three cas-

es. The reason for this is that the schedulers for q2 and q2f cases are work conserving, 

that is, the schedulers serve at full transmission rate whenever there is data to be 

served, ideally having a service, for the q2 and q2f cases, as big as that of the q1 case. 

This is clear as the STP method is not intended to maximize the total gain indicator. 

The result of other experiments for q2 scenarios with parameter T = 120s (instead 

of 1200s), not shown in this paper, show that the gains and delays behave very similar 

to that of Fig. 5, but they change 10 times faster. This results could give an insight of 

how to select the parameter T, which could be on the order of the mean time between  

                                                           
8 The standard deviation obtained for the gain was big (for most cases of increased-sources it 

was bigger than the mean value times 0.5. The reason of this is that the sources are of Pareto 

type. 
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Fig. 5. The left side of the figure shows the delays of routes for q2 case, throughout the expe-

riment time. Label “R1-q2-04” stands for delay of Route3 for 4 sources added in Route3. The 

right side of the figure shows the gains of routes for the q2 case. Label “G1-q2 120 s” stands 

for Gain1 of q2 case at 120s of experiment. The other labels have similar meanings. 
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admission of flows, or the mean time of the life (duration) of the flows, in the net-

work. 

An example of a possible disadvantage of the q2 case is, if at a certain moment 

Route3 had a big weight and suddenly it decreased its traffic allowing for Route1 to 

increase its traffic, and then, before Route3 began to lose, substantially, its weight-

share, it increased again its traffic, then Route1 could suffer from this increase, even 

more than what it would do in a similar situation with a q1 case. 

5    Conclusions and Future Work. 

This article addresses the mature problem bandwidth-sharing for QoS-aware net-

works with per-route distributed admission processes proposing a method which 

should help the network administrators to have confidence, at least within a time-

window, about the amount of bandwidth they count with. 

The method allows the nodes to operate autonomously, offering the possibility to 

attain global behaviors and being scalable. The objectives of the method are: 1- To 

protect, in the short term, the routes against traffic increments in intersecting routes, 

and 2- To dynamically assign, in the long term, a bandwidth share proportional to the 

average measured demands of the routes traversing congested links. As its scheduler 

is work-conserving this method should not impose a decrease of the transmission ca-

pacity in the network. The method’s computations are separated by relatively long in-

tervals of time (1s) so it should not cause noticeable performance-degradation in ac-

tual routers. 

Under situation of little traffic the method is not better than the case of using sin-

gle-queue configurations as there is no need to protect flows against each other. 

Bandwidth reservation is still an appreciated form of service which can be a source 

of important economic compensations; however its overall performance depends 

heavily on the proper weight assignments which have to be setup by a central authori-

ty. On the contrary, the STP method is a simple method that dynamically adapts to the 

changing network conditions without the need of a central administration. 

An analysis about how the STP parameters affect its performance is an important 

line of research. 
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