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Abstract 

If the Internet is to become a network supporting differentiated application and transfer services, advanced 

architectures must be deployed to efficiently support hard Quality of Service (QoS) and usage-based charging. In this 

paper we present a novel pricing scheme for IP services with guaranteed quality. Our approach is built on the basis of 

the virtual delay, which is a novel, simple and effective QoS index that describes an advanced IP service. We propose 

a model to compute the virtual delay from a purely technical point of view, taking into account not only guaranteed 

performance, but also traffic and system parameters. We then analyze the sensitivity of both the virtual delay and the 

tariff towards the involved parameters, taking into account both the users' benefit and the operators' income. We also 

extend the pricing model to make it dependent on service demand. Finally, we also present an economic analysis, the 

aim of which is to establish a model to set the QoS level and the relevant price, taking into account revenue, social 

fairness, and service availability. 

 

 

Keywords: QoS index, usage-based charging, service demand, adaptive system, price setting. 

 
Suggested running header: To charge for IP services with QoS support 

 



 3

1. INTRODUCTION 

The role of network service charging in IP-based networks is not yet clear. As regards the Internet, the most common 

charging method is based on the flat-rate model, i.e., subscribers pay a fee to access the network, independent of their 

effective use of the service. A number of pricing models have been proposed in literature (see [1,2,3,4] for an 

overview) for both elastic applications (typically TCP-based), which tolerate frequent variations of the transmission 

rate [5], and inelastic applications (typically UDP-based), which require a network support with strict guarantees in 

terms of throughput, delay, and packet losses [5]. Pricing issues have also been widely investigated recently within 

the framework of international research projects (e.g., INDEX [6], CA$MAN [7], CATI [8], Internet Next Generation 

[9], WHYLESS.COM [10], MOBIVAS [11]) and IETF and IRTF working groups (AAAARCH WG and AAA WG). 

If the Internet is to become a network which supports differentiated application and transfer services, the flat-rate 

model might be considered inefficient from an economic point of view, since it does not enable charges to be made 

according to the type and to the quality level of the transfer service [12]. From this point of view, flat-rate pricing may 

be considered inadequate for networks supporting Quality of Service (QoS), whose management entails expensive 

investments to support service differentiation. In this respect, it is well known (e.g., see [12]) that the need to 

implement admission control mechanisms and resource reservation protocols has become urgent. In fact, the 

accomplishment of these tasks can avoid degradation of network services under network congestion, differentiate 

network services, and satisfactorily support real time applications (e.g., audio and video services) with hard QoS 

guarantees. Thus, usage-based tariffs can guarantee network service providers an additional income [12]. This clearly 

implies a large number of issues in the field of network management. Advanced architectures to efficiently support 

not only QoS, but also pricing, charging, billing, and accounting must be deployed [12]. More specifically (see Fig. 

1), (i) accounting is the act of collecting data concerning resource consumption [1,13,14,15], (ii) pricing is the process 

which determines the tariff model to be adopted [1,2,3,4], (iii) charging is the function which computes the cost in 

monetary units from accounting and pricing data, and (iv) billing is the act of preparing and sending invoices to users 

[11].  

In this work, we focus especially on aspects of intra-domain pricing, and in particular on the definition of a tariff 

model to charge for QoS-enabled network services supporting inelastic applications. The proposed tariff model is 

based on the concept of virtual delay, which is a novel, simple, flexible and effective QoS index, that describes an 
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advanced edge-to-edge IP service provided by a single administrative domain. The virtual delay was introduced 

qualitatively in [16,17], whereas the model to compute it was briefly sketched in [18]. The virtual delay is the input to 

set the charges in terms of price per unit-of-volume and unit-of-time in the usage-based tariff model presented in [16] 

to charge for intra-domain added-value IP services 1. 
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Fig. 1 – Usage-based charging: main functions. 

In this paper, our objectives are: 

1. to investigate the sensitivity of the overall pricing system to model parameters (traffic descriptors, QoS 

parameters, system capacity) and to extend and refine the preliminary quantitative results presented in [18], by 

providing a more detailed, theoretical analysis, which also includes an evaluation of the sensitivity of the model to 

variation in traffic parameters;  

2. to extend the virtual delay computation to make the tariff dependent on the status of resource availability; 

3. to present an economic analysis, the aim of which is establish a model to identify the most appropriate QoS level 

and the relevant price to be charged. Our objective is to maximize the total income, while taking into account 

some constraints such as social fairness and service availability (i.e., blocking probability due to lack of network 

resources). We assume that the operator is able to estimate the user service demand. We provide a numerical 

results in a realistic working environment.  

The paper is organized as follows. The motivations of our research activity are illustrated in the following section. In 

section 3, we recall the main concepts related to the virtual delay based pricing approach, with the aim of giving a 

complete overview of the overall system. Section 4 presents the model to calculate the virtual delay. The results 

obtained from a theoretical analysis are described in section 5. In section 6, we extend the tariff model to take into 

                                                           
1 We are aware that a traffic flow may pass through a number of different domains and a model to build the end-to-end tariff is needed. A number of models have 
been presented in literature: the edge pricing model [19], RNAP protocol [20], and brokering-based procedures [16,17,21]. Also, issues relevant to QoS-and-price 
based inter-domain routing are very challenging [17,21,22]. In this regard, the virtual delay could also be the basis of minimum price inter-domain routing 
algorithms [17,21], and it should be a standard (and not proprietary) measure of the QoS level of a service transmission, since the perspective is moved from a 
local intra-domain to an inter-domain scope. However, these aspects are beyond the scope of this work, in which we propose and analyze a model to compute the 
virtual delay commencing with per domain technical issues. 
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account also the current service demand. Section 7 reports a model to set the final price and numerical results relevant 

to a specific application scenario. In section 8, we provide the reader with considerations on the applicability of the 

proposed pricing model. The paper ends with some conclusive remarks.  

2. RELATED WORKS AND RESEARCH MOTIVATIONS 

Some pricing models, such as, e.g., priority pricing [23], Paris metro pricing [24], expected capacity pricing [25], 

cumulus pricing scheme [26] based on the current use of network resources, have been proposed in literature so far. 

They have a common characteristic: they do not claim to exploit a network architecture supporting hard QoS 

guarantees. In fact, the models aim to provide privileged treatment (soft QoS guarantees) to those customers who pay 

more, but they do not in any way guarantee a pre-defined network performance. We believe that usage-based charging 

is correct whenever a service differentiation is provided. On the other hand, we also believe that the approaches 

described above do not completely support the development of a multi-service Internet, and therefore it would not be 

convenient in the long-term for a network operator to create expensive accounting mechanisms to support them. 

However, they could represent an intermediate solution towards a platform which fully supports hard QoS. The 

interested reader should refer to [1,2,3,4] for an overview of these pricing models according to network, economic, 

market, and social criteria. 

In this paper our goal is to investigate intra-domain pricing issues regarding IP guaranteed services. The idea is that 

network operators provide users with best effort services for a periodical flat-rate fee, and with IP guaranteed services 

to support special application services at per-time and/or per-volume tariffs on a per-call basis. One could argue that 

usage-based charges may discourage the use of the Internet. Nevertheless, some studies [6] show that customers are 

willing to pay an additional per-usage charge in order to improve network performance. 

An important need for both customers and operators has emerged for the identification of a clear, objective and 

convincing pricing criterion to charge for value-added network services supporting real-time applications. Although 

there are, as yet, no standard criteria, some pricing models, based on those network resources that are actually 

consumed and reserved, have been proposed [27,28,29]. These approaches propose to charge the effective bandwidth 

[30,31], which is a measure of the resource allocation within the network to obtain a given performance level. 

Charging network services on the basis of the effective bandwidth is reasonable, since operators charge users in 

proportion to the amount of resources consumed by their traffic. In addition, the computation of the effective 
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bandwidth addresses a number of parameters (traffic parameters, QoS parameters, network resources) from well-

established technical models. 

The concept of effective bandwidth for pricing purposes was first used in [27], where the Authors present a pricing 

law per-unit of effective bandwidth, so that the user is charged a fixed price per-packet plus an amount based on the 

burstiness of the flow. In [28], the Authors assume a linear tariff charge depending on time (T) and volume (V) equal 

to a0 T + a1 V, where a0 and a1 are functions of traffic contract parameters and the operating point of the network 

(known a priori), including the user-declared value of the mean rate X=V/T. The model is such that it charges lower 

tariffs if users declare an accurate estimate of X at set-up. This is also advantageous for the network, since users are 

encouraged to behave fairly, and resources can be efficiently allocated. This model develops the general pricing 

approach proposed in [29], according to which the user is charged for a previously calculated bandwidth value α(X), 

which is a linear function tangent to the effective bandwidth curve f(X) typical of the flow. Such a model assumes a 

knowledge of the characteristics of multiplexed traffic and link resources. 

However, in our opinion, the effective bandwidth pricing strategy fails as regards the following points: 

1. it is strongly dependent on the allocation policy and management capability of the operator, whereas (i) operators 

would like to charge not only on the basis of the amount of allocated resources, but also mainly on the basis of the 

cost to provide customers with QoS guarantees (e.g., buffer space may be cheaper than bandwidth, so that packet 

loss may be cheaper than delay jitter); (ii) end users would like to be charged with respect to the perceived QoS; 

2. the effective bandwidth does not address all QoS parameters (e.g., propagation delay, transmission time, 

processing time), but only the queuing delay and packet loss probability. Note that in some cases the missing 

parameters affect the QoS level more than delay jitter and packet loss (e.g., in satellite communications); 

3. the effective bandwidth is not flexible in the sense that the relative weights of the two QoS parameters (queuing 

delay and packet loss) cannot be regulated. A tuning operation is necessary in order to: (i) reflect the actual 

relative cost of the two parameters (operators' side), as explained in point 1 above; (ii) give an objective QoS 

index, the computation of which may depend on the type of application to be supported (users' side). 

To overcome these drawbacks, we define the concept of virtual delay, that is to say a novel QoS index which includes 

all negotiable QoS parameters (maximum transfer delay, maximum delay jitter, and packet loss probability) in a 

flexible way. Since we are dealing with flows supporting inelastic applications, it is worth noting that the virtual delay 

is computed with respect to a specific traffic profile described by dual leaky bucket parameters (peak rate, PS, 
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sustainable rate, rS, and burst tolerance, BTS) [30,31]. For this reason we do not explicitly consider the throughput as a 

QoS parameter. 

The choice of defining the virtual delay, which is expressed in the time domain, is due to the following reasons: 

- all QoS parameters to be taken into account in our model, with the exception of packet loss, are delays. Thus, in 

the computation of the virtual delay our effort focused mainly on the definition of a model for mapping the packet 

loss probability into a delay component. Such a model is based on consistent, technical considerations at IP level. 

As a result, if all contributions are mapped in the time domain, they can be managed easily and flexibly through a 

linear combination. In fact, the different contributions can be weighted to provide the network operator with a 

degree of freedom to take into account its needs, as described in points 1 and 3 above; 

- any network service characterized by a given quality level can be mapped into a "virtual delay" value. This 

quantity, expressed in seconds, is likely to give an easy and pertinent understanding of the quality of the 

corresponding network service. 

3. NETWORK COMMODITY AND PRICING LAW 

In this section, we briefly recall the concept of the "commoditization" of the network service and the relevant pricing 

law used to charge for IP guaranteed services [16,17] provided within a single domain.  

3.1. Basic assumptions of the model 
We start from the following assumptions for a single administrative domain: 

− flows entering the domain are regulated by dual leaky bucket devices [30,31]. The traffic descriptors are: peak 

rate, PS, sustainable rate, rS, and burst tolerance, BTS, according to the fluid traffic model. Remember that we are 

dealing with traffic associated with inelastic applications which cannot tolerate variations of the transmission 

rate/profile. These traffic descriptors have been standardized for IP networks supporting QoS guarantees [32]. A 

flow is a set of packets traversing an administrative domain, all of which belong to the same application session 

(also referred to as a call in the remainder of the paper) running between two hosts and receive the same QoS 

treatment [33]. The packetized model used in IETF documents includes a set of parameters named Tspec [32]; 

beyond BTS, rS, and PS, there are other two parameters: m, the minimum-policed unit, and M, the maximum 

datagram size. The value of these parameters depends on the packetization of the information emitted by the 

information sources. In this respect, we have not made any hypothesis. Nevertheless, we make use of the traffic 
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fluid model, since the effect of discretization of information into bits (the information unit) is totally negligible on 

our pricing model; 

− an admission control function is implemented, as suggested in [12]. We consider the administrative domain as a 

black box, in the sense that we are not interested in the QoS architecture, nor in the specific admission control and 

resource reservation strategies implemented within its network. We only assume that a single domain is able to 

control traffic congestion (i.e., the number of admitted calls within the network) so as to guarantee the QoS level 

of the service, which is described by a set of QoS parameters (see next point) that cannot be violated. Our 

approach is compliant with both per-flow and per-aggregate traffic management within the core network, and 

therefore with both the Integrated Services (IntServ) architecture [33] and the Differentiated Services (DiffServ) 

model [34], respectively. The set of network services offered is strictly dependent on the policies of the domain; 

− for the reasons illustrated in the previous section, we assume that the QoS of the port-to-port IP network service 

provided to the specific flow is described by the following service parameters: the maximum transfer delay, Dmax, 

the maximum delay jitter, Djitter, and the loss probability, Ploss, due to buffer overflow. We assume that these 

parameters may be negotiated between network service providers and network users. Other QoS parameters, such 

as channel reliability, resilience and call set-up time (network parameters), characterize the intrinsic quality of the 

network, do not depend on the specific flow, and cannot be negotiated. 

3.2. Network commoditization  
The administrative domain offers a guaranteed service and it is clearly interested in getting revenue from the market. 

We identify the network commodity offered by network operators as the transfer of information units from a node A 

to a node B in the network. It is mainly described by the service parameters (which can be negotiated by users), which 

can be summarized by the virtual delay, 0≥d . This quantity is a comprehensive and all-inclusive appraisal of the 

transfer delay, delay jitter and loss probability, and characterizes an edge-to-edge service offered by a network service 

provider. A network service is modeled by the virtual delay, which gives a measure of the perceived QoS level (the 

computation of the virtual delay is reported in section 4): the higher the level of service, the lower the value of d. 

Moreover, we consider a monotonic, non-increasing function of the virtual delay, f(d), which associates the port-to-

port transfer of an information unit (i.e., a bit) with a measure expressed in commodity units. We define the price of 

the transfer of an information unit as the quantity )()()( dfdfdP βγα == , where α is the price per commodity unit 
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and γ is a price variation factor that accounts for market fluctuations (in section 6 we make it depend on service 

demand). Thus, αγβ =  is the market commodity price (i.e., the price per commodity unit). 

The choice of f(d) is really strategic, since its dependence on d indicates how, and how much, the operator wants to 

differentiate the tariff according to the QoS level. To do this, the network operator should consider both the benefits 

perceived by users and their willingness to pay. 

In this respect, an important concept, widely used in literature, is the utility function. We assume that the utility 

function gives a measure of the user’s preferences in terms of sensitivity to the perceived QoS level. This 

understanding of utility function is quite common in the literature (e.g., see [3] and references therein). It is strictly 

related to the users’ willingness to pay (demand curve) [3], )(dU , expressed in terms of currency units per time-unit 

or per volume-unit. )(dU  may be assumed as an average value known from a specific market analysis which is 

beyond the scope of this work. In our proposal, the function f(d) ranges between 0 and 1 and is proportional to )(dU . 

In other words, given two QoS levels, d1 and d2, )(/)()(/)( 2121 dfdfdUdU = . Thus, the basic assumption of our 

scheme is that, in principle, the higher the benefit a user perceives, the higher the amount of money he/she is willing 

to pay, and the higher the price charged by the operator.  

Thus, we assume that f(d) is the utility function associated with the application service (e.g., voice over IP); the 

application service is associated with a specific d value, which means that it must be supported by a specific network 

delivery service to be charged. Thus, once the d value is established, the relevant value of f(d) is related to the 

willingness of users to pay for receiving that network service, that is the QoS level represented by the virtual delay d. 

Such values are then converted into prices by the factor β (P(d)=βf(d)). It is worth noting that the choice of the market 

commodity price β has to take into account the dynamics of the market (see the relevant analysis in section 7). 

Since we are dealing with inelastic applications, utility rapidly decreases when the amount of network resources 

allocated (and thus the QoS level) falls below a given threshold. For this reason, the utility function associated with 

inelastic applications is commonly assumed to be a sigmoidal-like function [5,35,36]. An increasing function g(x) is 

sigmoidal-like if it has one inflection point xo, and 0/)( 22 >∂∂ xxg for x <xo and 0/)( 22 <∂∂ xxg  for x>xo. A 

frequently used sigmoidal-like function is )1/(1)( )( axbexg −−+=  (b>0). 
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Since the virtual delay value decreases when the QoS level improves, we assume )1/(1)( )( adbedf −+=  (with a,b≥0), 

which is a sigmoidal-like function reflected in the line d=a, with values in the range from 0 to 1 (Fig. 2). 

d=a
Virtual delay

U
til

ity

b low
b medium
b large

 

Fig. 2 – An example of function f(d). 

3.3. Tariff model 

Below, we assume that both the value of β and the QoS level are constant throughout the duration of a call. 

Let T be the duration of a session and t0 its starting time. The tariff applied to charge for the service offered to a flow 

entering the domain with an instantaneous bandwidth equal to )(tBist  is [16] (see Fig. 3(a)) 

TBdfdtBtBdfQ res

Tt

t resist )(]0,)(max[)( 0

0

ββ +−= ∫
+

,      (1) 

where Bres is the bandwidth value that a domain charges on a per-time basis; thus Bres T is the traffic volume charged 

independently of the resources actually used by the flow. Note that extra-usage of bandwidth (beyond Bres) is charged 

on a per-volume basis; that is to say, when Bist(t)>Bres, the tariff charges according to the resources actually used. 

Thus, as highlighted in Fig. 3(a), the tariff consists of a component depending on the duration time of the call 

(allocation charge) and a component depending on the amount of traffic volume exchanged (effective usage charge). 

The weights of the two components can be arbitrarily set, by varying Bres, which, from this point of view, may be 

regarded as a tunable knob. In principle, the value of Bres may range from zero to the peak rate of flow. Note that if the 

value of Bres increases, the price charged to users also increases, unless tBtB resist   ,)( ∀≥  (in this case the tariff would 

remain unchanged). 

Each network operator is obviously free to choose the value of Bres, according to its own pricing policy from an 

economic and market analysis. From the technical point of view, the quantity Bres may be accurately selected as being 
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equal to the effective bandwidth associated with the flow (e.g., see [30,31]), which ranges within [rS,PS]. In packet 

networks, the effective bandwidth is the value of the bandwidth typically used for admission control purposes; it is 

dependent on traffic characteristics, amount of network resources, and requested performance. In our opinion, the 

choice to set Bres as equal to the effective bandwidth is reasonable, since, in this way, operators charge users in 

proportion to the reserved resources, and protect themselves against unfair behavior by users, who are encouraged to 

correctly describe the service they really need. The concept of effective bandwidth will be further discussed for the 

computation of the virtual delay in the following section. 

From Eq. (1), it is possible to express the tariff Q as 

TdaVdaQ TV )(~)( += ,          (2) 

where V~  is the amount of traffic volume charged on a per volume-unit basis, and aV(d) and aT(d) are the per volume-

unit charge and the per time-unit charge, respectively. It is clear that the tariff strongly depends on the instantaneous 

bandwidth of the flow entering the domain (note that we are assuming that the accounting devices operate at the 

ingress of the domain). If rS is the average transmission rate of the flow, we can identify two extreme cases compliant 

with the dual leaky bucket operation: constant rate and “extremal” ON/OFF [37]. Correspondingly, it is possible to 

identify the extreme tariffs (note that resVT Baa = ):  

- the minimum tariff (associated with the constant rate case) is 

( )min

       if 
max 0,

    if 
V S res S

V res V S res
V res res S

a r T B r
Q a B T a r B T

a B T B r
<

= + − =  ≥
;     (3) 

- the maximum tariff (associated with the extremal ON/OFF case) is 

max ( ) res S S S res S
V res V S res on V

p S

B P P r B rTQ a B T a P B T a T
T P

+ −
= + − = .    (4) 

The latter is relevant to an extremal ON/OFF flow (see Fig. 3(b)), so that the amount of volume V~  is maximized. Ton 

is the duration of the ON state in which the source transmits at the peak rate and it is equal to )/( SSTSon rPBT −= , Toff 

is the duration of the OFF state and it is equal to STSoff rBT /= , and Tp is the duration of the period, equal to the sum 

of Ton and Toff. It is correct to say that the highest tariff corresponds to the maximum burstiness of the transmission 

rate; in fact, bursty flows (in particular “extremal” ON/OFF flows) stress network resources more than flows with a 

smoothed rate [30,31]. 
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Fig. 3 – Tariff model (a) for a generic transmission rate (b) for an extremal ON/OFF flow. 

Finally, under the realistic assumption that Bres ≥ rS, we can rewrite Eqs. (3) and (4) as follows: 

( )( )[ ] )(/1max dfrPrBTQ SSSres +−= β ;        (5) 

)(][min dfBTQ resβ= .          (6) 

The quantities in square brackets in Eqs. (5) and (6) represent the price per-commodity unit per-time unit. 

4. COMPUTATION OF THE VIRTUAL DELAY 

The virtual delay must take into account in a simple, flexible way not only all the QoS parameters, but also the cost of 

deploying various QoS features and the actually perceived QoS level. Below, we show how to compute the value of 

the virtual delay that characterizes an edge-to-edge service, from technical considerations at the IP layer. 

As mentioned above, the service parameters that we use (negotiable between a network user and the administrator of 

the network service provider) are the maximum edge-to-edge delay, Dmax, the maximum delay jitter, Djitter, and the 

loss probability, Ploss. We recall that the selection of this set of parameters is due to our view of the network service 

within the specific framework described in section 2. This does not prevent the introduction of other parameters if 

they are deemed necessary and are compliant with the approach of the virtual delay by the network service provider. 

In our case, the total edge-to-edge delay includes transmission time at the source, propagation delay, processing and 

transmission time, and queuing delay at network nodes. Since queuing in nodes mainly causes delay jitter, it is 

possible to assume that Djitter is a component of the maximum transfer delay. In other words, the maximum queuing 

delay is equal to the magnitude of the maximum delay jitter. Similarly, in an equivalent “virtual” model, it is possible 

to compensate the packet loss probability due to buffer overflow in nodes by increasing the amount of buffer allocated 

to the flow. From this point of view, loss probability may be traded for queuing delay, and therefore it may be 

represented as a contribution to the virtual delay evaluation. 

Now our goal is to find the component of the virtual delay related to the loss probability, DP. Once this law has been 
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found, the value of virtual delay is given by 

)(),( maxmax lossPloss PDDPDd += .        (7) 

With reference to Fig. 4, we associate a port-to-port service described by (Dmax, Djitter, Ploss) with an equivalent node 

that introduces an (almost) constant delay DC=Dmax-Djitter, (which is a comprehensive, all-inclusive appraisal of all the 

constant components of delay along the network, e.g., processing time, transmission time, propagation delay), a 

maximum queuing delay equal to Djitter, and a loss probability equal to Ploss. We call C the amount of capacity from 

the input port to the output port dedicated to the specific service, and consequently B=CDjitter is the buffer space of the 

equivalent node. 

C
input
port

output
port

DC
C

B
),,( max lossjitter PDD







=
−=

loss

jitter

jitterC

P
CDB

DDD max

 

Fig. 4 - Definition of the equivalent node to represent a port-to-port network service. 

The effective bandwidth associated with a given flow is a measure of its resource occupation within a network 

element to obtain a given performance level ([30,31]). Below, we evaluate the effective bandwidth on the equivalent 

node, which is an abstraction of the network domain. The final goal is exclusively to define a model to map a loss 

probability to the time domain, and not to evaluate the effective bandwidth used by the operator for admission control 

within the network. 

In [30], the Authors have shown that the maximum buffer occupancy of a single flow, characterized by a set of dual 

leaky bucket traffic descriptors (PS0, rS0, BTS0), which feeds a buffer of unlimited size, served at a transmission 

capacity c (≤PS0), is given by: 

( )0000 /)( SSSTS rPcPBb −−= .         (8) 

For given source parameters, Eq. (8) specifies the equation of a straight line, which is the lower envelope of the set of 

(b,c) pairs which guarantee zero loss. 

In addition, if we set the maximum queuing delay of an information unit as CBD jitter /= , then the following 

additional equation applies: 
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CBcb // = .           (9) 

This equation provides another infinite set of pairs (b,c). The intersection of Eqs. (8) and (9) determines the pair 

(b0,c0) to be assigned to each flow at the equivalent node in order to guarantee a service characterized by a maximum 

queuing delay equal to Djitter and no packet losses. It results that 

( )000000 )(/ TSSSjitterTSS BrPDBPc +−= ,        (10) 

jitterDcb 00 = .           (11) 

Then, let cp0 be the value of effective bandwidth and let bp0 be the effective buffer corresponding to a service 

characterized by a value of queuing delay equal to Djitter and by a value of loss probability equal to Ploss. We calculate 

(cp0,bp0) by using the approach illustrated in [31] (see also the Appendix).  

Our goal is to associate the network service with losses with a virtual service without losses, by (virtually) increasing 

the effective buffer space allocated to the flow. From Eq. (8), once the amount of bandwidth cp0(Ploss) assigned to the 

flow has been determined, the amount of buffer needed to avoid losses is equal to  

)/())(()( 000000 SSlosspSTSlossp rPPcPBPb −−= .       (12) 

This means that the buffer allocated to the flow should be increased by a value equal to 00 pp bb − . This would imply 

an additional virtual queuing delay associated with the loss probability equal to 

000 /)()( ppplossP cbbPD −= .         (13) 

This leads to the final equation of the virtual delay: 

)(
)(

)(),(
0

0

00

00
max

lossp

TS

SS

losspS
ClossPjitterCloss Pc

B
rP
PcP

DPDDDPDd 







−

−
+=++= .   (14) 

Therefore, this parameter can be considered as an index describing the QoS level of the service. 

Note that it is possible to assign different weights to the different contributions (DC, Djitter, DP), according to the 

pricing policy of the domain, the type of application service to be supported by the network and the cost for the 

operator according to the various delay contributions. For simplicity’s sake and so as not to make application any less 

general, in the following we assume that all weights are set at 1, as highlighted in Eq. (14). 

5. ANALYSIS OF THE VIRTUAL DELAY BASED TARIFF MODEL 

In this section, our goal is to provide numerical results from a theoretical analysis of the pricing approach which 
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focuses on the sensitivity of the model to system parameters. In our analysis, we make the following assumptions: 

- the quantity Bres in the tariff expression is assumed to be equal to the effective bandwidth, cp, associated with the 

flow described by the traffic parameters (PS, rS, BTS) and computed for pricing purposes on the equivalent node. 

As mentioned above, the choice to set Bres as equal to the effective bandwidth is reasonable, since, in this way, 

operators charge users in proportion to the reserved resources, and protect themselves against unfair behavior by 

users, who are encouraged to correctly describe the service they really need;  

- the function f(d), which maps virtual delay values in a number of commodity units, is assumed to be equal to 

( ))(1/1)( adbedf −+=  with a,b≥0. The rationale of this choice is explained in section 3;  

- as illustrated in detail in the previous section, the virtual delay, computed from Eq. (14), identifies the QoS level 

of the network service starting from (i) a set of nominal traffic descriptors (PS0, rS0, BTS0) representative of a given 

service class to support a specific application (e.g., voice over IP); (ii) a set of QoS parameters (Dmax, Djitter, Ploss) 

known a priori, i.e., negotiated by the user and the operator at the connection set-up. In other words, it is not 

necessary to measure the perceived QoS on a per-call basis. It is worth noting that it is the task of the admission 

control procedure on the operator’s side not to violate the negotiated level of QoS (i.e., not to admit too high a 

number of calls within the network). This clearly means that the virtual delay (and thus the tariff) associated with 

a call is computed before the beginning of data transmission. 

From Eqs. (5) and (6), the minimum and maximum tariffs charged for a T-seconds call are 

( )( )[ ] )( /1max dfrPrcTQ SSSp +−= β ,        (15) 

[ ] )( min dfcTQ pβ= .          (16) 

The value of parameter b of function f(d) must be set in order to tune the influence of the QoS level (i.e., virtual 

delay) on the tariff charged to network users. In other words, b has to be increased or decreased to either sharpen or 

smooth the price difference between different network services with values of d at approximately the value of a (i.e., 

the abscissa of the inflection point of f(d)). Note that the dependence of the tariff on the QoS level is also taken into 

account by cp; a better service implies a higher value of cp and therefore a higher tariff. 

To sum up, the tariff may be considered to depend on two factors: the first can be tuned to the virtual delay, whereas 

the second depends on the effective bandwidth. This implies that the former is strictly related to the performance level 

and the latter takes into account the amount of network resources allocated. Consequently, two different flows 
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requesting the same amount of resources to be allocated (i.e., cp), but with a different QoS level (i.e., different d 

values), may be charged different costs, and vice versa. 

Now, let us proceed with the analysis of the tariff as regards the system parameters. To do so, we consider a voice 

over IP service. We assume the following nominal dual leaky bucket parameters, compliant with the G.726 codec 

with rate equal to 32 Kbps and silence suppression [38]: PS0=32 Kbps, rS0=13.6 Kbps, and BTS0=5300 bytes. 

The target performance level of the guaranteed transfer service is specified as follows: Dmax=150÷200 ms, (DC=140 

ms and Djitter=10÷60 ms), and Ploss≤10-3. These parameters describe the performance level to satisfactorily support a 

voice over IP service (see [38] and references therein). 

The minimum system edge-to-edge capacity is set at 2.048 Mbps. In addition, the value of a and b in f(d) has been set 

at 1.85 and 10, respectively. These values are inputs to our pricing model and come from a market analysis, as 

discussed in section 3.2. Also, the price per-commodity unit is β=α=2.8·10-5 $ (here we assume γ constant and equal 

to 1), where $ is a generic currency unit. Please note that at this stage the value of market commodity price is 

arbitrarily set (we only want to obtain realistic values of the tariff charged versus different quality levels of the 

service), since our first goal is to analyze the tariff model from a strictly technical viewpoint. The analysis to properly 

set the market commodity price is presented in section 7. 

Fig. 5 illustrates a possible service classification based on the perceived service identified by d (on the abscissa). On 

the basis of the QoS parameters describing the network service to support a voice over IP service, we have divided 

services into three classes: premium service (Ploss=10-5÷10-4, Dmax=0.15 s), good service (Ploss=10-4, Dmax=0.15÷0.2 s), 

basic service (Ploss=10-4÷10-3, Dmax=0.2 s). The ordinate of Fig. 5(a) shows the function f(d) and the ordinate of Fig. 

5(b) represents the per-second tariffs, in both the best and the worst case. As expected, a better service in terms of 

QoS is charged at a higher price. 

We remark that the validity of the analysis illustrated below is quite general. The peculiarities of the pricing system 

remain unchanged for other values of traffic parameters, QoS parameters, and utility function (the estimation of which 

is beyond the scope of this paper). 
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Fig. 5 – (a) Function f(d) and (b) Tariffs versus virtual delay. 

5.1. Performance level variations 
In Fig. 6(a), we show the virtual delay as a function of Ploss, with the maximum delay, Dmax, set as a parameter. As 

expected, a better service in terms of lower values of packet loss probability is mapped into a smaller value of d. 

Since f(d) decreases with d, and the effective bandwidth clearly increases when the packet loss probability decreases, 

the result is that improved performance (i.e., low values of loss probability) has a higher price. In Fig. 6(b), the per-

time charge in both the best and the worst case is plotted as a function of the packet loss probability with Dmax set as a 

parameter. The tariff corresponding to the extremal ON/OFF profile (worst case) is higher than the one corresponding 

to the transmission rate remaining  below the effective bandwidth (best case). 
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Fig. 6: (a) Virtual delay as a function of loss probability; (b) Per-second charge as a function of loss probability. 

5.2. System resource variations 

When the transmission capacity C between two edge nodes varies, we have to analyze the effects of system scaling on 

applied tariffs. In Fig. 7(a), from Eq. (14), we obtain the behavior of the virtual delay as a function of C ranging from 
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256 to 2048 Kbps, with maximum delay jitter fixed at 10, 35 and 60 ms, and packet loss set to 10-3. It is evident that 

the virtual delay is a function which increases with the value of the system capacity.  

In Fig. 7(b), while maintaining the same settings, we obtain the equivalent per-second charge ($/s) as a function of the 

capacity, C, in both the best and the worst case tariffs/emission patterns. The result is compliant with the previous 

figure, i.e., the tariffs decrease with the value of C. 

To explain these results, let us consider that increasing the system capacity means increasing the statistical 

multiplexing gain. In other words, the effective bandwidth associated with a flow decreases with the system scale 

(e.g., see [30,39]). The effect of this phenomenon is evident in both the virtual delay, which increases when the 

effective bandwidth decreases (see Eq. (14)), and in the per-commodity unit per-time unit expressions (see Eqs. (15) 

and (16)), which decrease with C. Therefore, an operator which owns a high availability of transmission resources can 

lower the tariff. This is consistent with the concept of "economies of scale" (from an economic point of view), and 

with the fact that the statistical multiplexing gain increases with the system size (from a technical point of view) [39]. 
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Fig. 7: (a) Virtual delay as a function of the system capacity; (b) Per-second charges as functions of the system 

capacity. 

5.3. Traffic descriptor variations 
It is worth remarking that the network operator might allow users to negotiate traffic descriptors at the beginning of 

the communication session. In this sub-section, we analyze the sensitivity of the tariff to variations in traffic 

descriptors (PS, rS, BTS) relative to the nominal values (PS0, rS0, BTS0). We stress that the nominal values are always 

used to evaluate the virtual delay value as a QoS index associated with a given traffic class. Thus, the sensitivity of 

the tariff is simply due to variations of the effective bandwidth in the expression of the price per-commodity unit per-
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time unit (βf(d)Bres=βf(d)cp). Thus, the higher the values of rS, PS, and BTS, the higher the value of cp [30,31], and 

therefore the higher the tariff (see Eq. (1)). Consequently, users are strongly encouraged to behave fairly (i.e., to give 

a correct description of their traffic), and resources can be efficiently allocated within the network. 

Fig. 8 shows the per-second minimum and maximum tariffs (relevant to both the best and the worst case 

tariffs/emission patterns, respectively) as a function of the peak rate, sustainable rate, and burst tolerance, with 

maximum delay jitter set at 10, 35 and 60 ms, and the same packet loss equal to 10-3. The dependence of the tariff on 

the peak rate and the sustainable rate is heavy, whereas the burst tolerance slightly affects the price charged due to the 

effect of statistical multiplexing [30,31]. 

 

 (a) (b) (c) 
Fig. 8 - Per-second charge as a function of (a) the peak rate PS, (b) the sustainable rate rS, (c) the burst tolerance BTS. 

6. EXTENSION OF THE TARIFF MODEL TO ACCOUNT FOR SERVICE DEMAND 

We are dealing with the subset of network services designed to offer hard QoS guarantees to satisfactorily support 

inelastic applications, which cannot adapt the transmission rate to either varying network conditions or users’ 

willingness to pay. Then, from the tariff model described in the previous sections, we assume that the network 

administrator charges each call according to the edge-to-edge QoS level negotiated between users and the network 

service provider. Such a QoS level must be maintained throughout the duration of the call. In order to make the 

pricing scheme and its implementation simple, we also assume that the price charged is constant throughout the 

duration of the call and is established at call set-up. In our opinion, this model simplifies the tasks of users and makes 

the entire pricing system more transparent to them. In fact, users would immediately perceive both the quality of the 

service they will be given and the relevant price they will be charged with. We thus limit the price and QoS 

negotiation phase to the beginning of the communication session only. The assumption of constant price during call 

lifetime is due to its intrinsic transparency and simplicity.  
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We also want to make the price increase according to the amount of traffic present in the network, i.e., according to 

the current amount of service demand. Please note that this approach differs from "congestion pricing"2, since 

congestion in our model is avoided a priori by an admission control scheme. 

The next step in the development of the model is the introduction in the tariff of a dynamic factor (i.e., γ), which takes 

into account current service demand. 

For this purpose, let us consider the model used to compute the value of virtual delay. As shown in sub-section 5.2, 

the virtual delay increases with the amount of total capacity C of the equivalent node through the effective bandwidth 

(which decreases with C). Consequently, if we compute the value of virtual delay each time using the amount of 

capacity currently available, Cava(t), instead of the total capacity C, the tariff charged would then increase together 

with the bandwidth demand. From now on we will refer to the effective bandwidth computed from C as cp0, and to the 

effective bandwidth computed from Cava(t) as *
0pc . Therefore, the new equation to compute the value of the modified 

virtual delay, d*, is 

( ) ( )( )*
000

*
000max

* /),( pSSpSTSCPjitterCloss crPcPBDDDDPDd −−+=++=     (17) 

We make the market factor γ (see section 3.2) depend on d*, by means of an exponential negative function, that is 

*
)( * mded −=γ , and consequently 

*mde−= αβ . Thus, the market price of a commodity unit depends on the amount of 

service demand. Recalling that the number of commodity units associated with the service unit (i.e., the transmission 

of an information unit) is given by f(d), then, the market price of the service unit is equal to )()( * dfdαγ  and depends 

on the QoS level through the function f(d) and on the amount of service demand through the function γ(d*). We 

remark that our choice of the exponential function for γ(d*) makes sense since: 

- it is a monotonic, positive, non-increasing function with d, so that the lower the values of the virtual delay (i.e., 

the higher service demand), the higher the tariff; 

- it is easily configurable, since it depends on a single parameter (m); 

- its codomain is finite, so that any value of virtual delay is associated with a finite value (i.e., a finite price); 

                                                           
2 Congestion pricing is commonly adopted in literature to charge for elastic applications (e.g., see [40,41]), and it is a very effective tool to control network 
congestion [42]. In response to price variations, users adapt their sending rates with the aim of maximizing their utility, so that a efficient, fair sharing of network 
resources is reached. In addition, congestion pricing can be applied on both a per-packet and per-call basis, and therefore the tariff applied to deliver a packet or to 
support a call may be strongly dynamic, even throughout the call itself. Thus, users have to be continuously informed about the price charged by the network 
according to the degree of congestion encountered by the packets along the path, in order to be able to react to price changes and to possibly renegotiate the QoS 
level and the tariff. A simpler application of congestion pricing is the well-known time of day pricing. Studies of its effectiveness can be found in [43,44]. 
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- it has the remarkable property that *)(*/*)( dmdd γγ −=∂∂ . This means that small variations of d* from a value 

dx* imply price variations which are proportional (through m) to the value γ(dx*). In other words, the higher the 

service demand (i.e., the lower the available resources), the higher the incremental price to add to the tariff to 

charge for an incoming call. In other words, service demand pricing becomes more aggressive when the amount 

of available resources decreases. 

Below, we refer to the pricing scheme which accounts for service demand as “dynamic pricing”. 

To obtain quantitative results, we consider an administrative domain which offers an edge-to-edge transfer service 

(voice over IP) characterized by the following QoS service parameters: Dmax=175 ms, (DC=140 ms and Djitter=35 ms), 

and Ploss=10-3. Flows are assumed to be homogeneous and described by the same traffic descriptors defined in the 

previous section (PS0=32 Kbps, rS0=13.6 Kbps, and BTS0=5300 bytes). The transfer capacity associated with the port-

to-port service is equal to 2.048 Mbps. Note that the value of virtual delay associated with this setting is equal to 

d=1.91 s. Thus, assuming the same price parameters adopted in the previous theoretical analysis (i.e., a=1.85 and 

b=10 in the function f(d), and α=2.8·10-5 $), and introducing the price variation factor, γ(d*), then the market price of 

the service unit is now equal to 
*510 mde−−  $, with m variable and d* computed from Eq. (17). In addition, we assume 

that the amount of bandwidth charged on a per-time basis is equal to the effective bandwidth computed on the 

equivalent node, i.e., 12.18=resB Kbps. In the following, we carry out the analysis relevant only to Qmin, the 

expression of which is shown in Eq. (16), corresponding to a per-second charge equal to res
md Be

*510 −−  $/s. It is 

straightforward to extend the work to the maximum tariff Qmax.  

In general, the number of flows supported by the port-to-port service depends on the (proprietary) admission control 

policies deployed by the network operator within its domain. Without loss of generality, we have chosen Nmax as equal 

to  resBC / =113, so that the maximum value of utilization factor is 75039.0/0maxmax == CrN Sρ . 

The virtual delay d(t) associated with the service requested by a flow at the time t is computed considering the amount 

of bandwidth currently available Cava, which is equal to )/)(1()( maxNtNCtCava −= , where N(t) is the number of 

active flows at the time t.  

Finally, according to the assumptions described above, the per-second tariff QN(t) set by the network operator for a 

service request at time t depends on the number { }max,...,2,1,0)( NtN ∈  of currently active flows. This is due to the fact 

that d*(t) depends on Cava(t). Fig. 9(a) shows d* as a function of the number of active flows. As expected, the virtual 
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delay decreases with the number of active flows up to the value of active flows equal to Nt=103. From this value on, 

the virtual delay remains constant. This is due to the fact that when the amount of network resources Cava(t) decreases, 

the statistical multiplexing gain then also decreases. In other words, the value of *
0pc  increases up to the maximum 

value c0, which corresponds to the effective bandwidth in the case with no losses, given by Eq. (10). Since the virtual 

delay depends on the amount of network resources through *
0pc , then, once the maximum value c0 is reached, d* 

reaches its minimum value and remains constant, with N higher than the threshold value Nt. The constant value of the 

modified virtual delay is jitterC DDd +=*
min  and, consequently, 0=PD . Note also that the value of d*(t) for N(t) = 

Nmax cannot be computed, since Cava is zero. However, we extend the function d*(t) up to Nmax with the value *
mind . 

Clearly, the per-second tariff increases with N up to Nt, and then it remains constant, as shown in Fig. 9(b), where m is 

a variable parameter. The higher the parameter m, the lower the per-second tariff charged. Furthermore, the 

dependence of the tariff on the virtual delay increases with the parameter m. The problem of setting the price 

parameter m will be further discussed in section 7. 
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Fig. 9: (a) Virtual delay d* and (b) Per-second tariff as a function of the number of active flows. 

7. PRICE SETTING IN AN APPLICATION SCENARIO 

So far, we have analyzed the tariff model from a strictly technical point of view. In this section, our goal is to give 

some hints for pricing purposes, and to indicate practical implications and tradeoffs for network operators. In more 

detail, we present an approach to define a model to identify the most appropriate QoS level (i.e., d value) and the 

relevant price to be charged. Our objective is to maximize the total income, while taking into account some 

constraints, such as the social fairness and the service availability. The basic assumption is that the user service 
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demand is a-priori estimated by the network operator. We then investigate the effectiveness of the proposed pricing 

approach and provide a numerical analysis in a specific application scenario.  

7.1. Performance metrics 
As regards user service demand relevant to a specific service with a given QoS level, we make the following 

assumptions. Calls are generated according to a Poisson arrival process with parameter λ, and their duration is 

modeled as an exponentially distributed, random variable with mean value equal to µ/1 . As regards users' 

willingness to pay U (expressed in currency units per-second, $/s), we model this as a random variable with a 

probability density function PU(u). Also, we are assuming that the operator charge a price depending on the current 

network status (i.e., the number of active calls, N(t)). 

The structure of the system model that we consider is depicted in  

Fig. 10. 

Under the above assumptions, our system can then be modeled as an M/M/Nmax queue with discouraged arrivals, and 

therefore as a Markov chain characterized by a number of states equal to Nmax+1, Poisson arrivals, and exponentially 

distributed holding times. In turn, each state i is characterized by an arrival rate equal to 

∫
+∞

=⋅=
iQ Uii duuPg )(λλλ ,       i=0,1,2,…,Nmax       (18) 

and by a call departure rate equal to 

µµ ii = ,       i=1,2,…,Nmax.         (19) 

λ: call arrival rate CallsCalls filteringfiltering
basedbased on price on price 

acceptanceacceptance

Current price depending on N(t)

λave
CAC & PRICINGCAC & PRICINGCAC & PRICING

U: willingness to pay µ: call departure rate

 

Fig. 10 - System model. 

Note that ∫
∞

=
iQ Ui duuPg )(  is the probability that a user will accept the price charged by the network operator when 

the system is in state i (i.e., when i flows are active). Such a model is similar to the discouraged arrivals queue system 

described in [45].  
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As is well known, the probability, Pi, of having a number i of active flows in the system is [45]: 
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The traffic load offered to the system can be identified by the average call arrival rate equal to i

N

i
iave P∑

=

=
max

0

λλ  (i.e., the 

arrival rate of calls that overcome only price acceptance control). The average number, Nave, of active flows is equal to 

µ
λ

µ
λλ 11)( *

0
maxmax

max

aveNNave

N

i
iave PiPN =−== ∑

=

, where *
aveλ  is the average rate of call arrivals that actually enter the 

system (i.e., those that overcome both price acceptance control and subsequent admission control). Thus, the average 

utilization factor of capacity is given by: 

CrN Saveave /0=ρ .          (21) 

The call blocking probability due to the lack of resources, res
blockP , which is a measure of service availability, is equal 

to 

aveNN
res

block PP λλ /
maxmax

= ,           (22) 

whereas the call blocking probability due to too high a price, price
blockP , which is a measure of social fairness3 of the 

tariff, is equal to 

∑
=

−=
max

0

)1(
N

i
ii

price
block gPP .          (23) 

In addition, the average total revenue obtained by the network operator in a given time period TO is given by the 

following equation in the steady-state condition: 

avecallTT QNQ
OO ,= ,          (24) 

where NTo is the number of flows that are served in the period TO (equal to OaveT
*λ , if TO is long enough), and Qcall,ave 

is the average revenue per call, which is equal to 

                                                           
3 In accordance with [2], we consider tariffs to be socially fair if access to the network is not determined by users’ wealth. 
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iQP  being the probability that an incoming call is charged with the per-second tariff that characterizes the state i, Qi 

$/s. Such a probability is given by [45]: 
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where A(t,t+∆t) is the event that an arrival occurs in the interval (t, t+∆t). 

Also, from Eqs. (24), (25), and (26), the total revenue can be rewritten as 

∑
−
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=
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µ
.          (27) 

Consequently, the average per-second revenue is equal to 

∑
−

=

=
1

0

max1 N

i
iiis PQQ λ

µ
          (28) 

Finally, the average customer surplus (i.e., the average difference between the willingness of a user to pay for a given 

service and the amount he/she is charged for), Save, which can be viewed as a measure of customer satisfaction from 

the negotiation, is equal to 

( )∑ ∫
−

=

∞
−=

1

0
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N

i
Q UiQave

i
i

duuPQuPS .        (29) 

Note that we have set the customer surplus to 0 when a call is not accepted due to either lack of resources or excessive 

price. A more meaningful parameter is the average customer surplus normalized to the average willingness of users to 

pay, USave / . 

7.2. Network scenario 
In order to show the application of our proposals in a realistic scenario, we consider a network operator offering the 

VoIP service, charged according to dynamic prices, depending on the current network status, as illustrated in section 

6. The traffic parameters and the system capacity are those already used in previous sections. The range of QoS the 

operator is able to offer is the one depicted in the abscissa of Fig. 5 (d∈[1.4362  1.94]). We assume that Nmax is equal 

to  resBC / , where Bres is equal to the effective bandwidth computed on the equivalent node, strictly dependent on 

the QoS level. Once the operator has defined the appropriate QoS level to offer, the maximum number of supported 
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flows Nmax follows. In this case Nmax can range between 100 (corresponding to d=1.436) and 114 (corresponding to 

d=1.94). Clearly, a lower quality level allows increasing the maximum number of supported flows. 

The average call duration is set at 240 s (µ=1/240 s-1), whereas the call arrival rate λ is a variable parameter. This 

model is typically used for voice services [45]. 

We assume that the network operator can preliminarily estimate the willingness of users to pay, thus the distribution 

of the random variable U(d), which depends on the QoS level of the service. This is beyond the scope of this work, 

and even though we are conscious of the complexity of modeling users' demand, for the sake of simplicity and 

without loss of generality of the analysis presented in the previous sub-section, we assume that: 

− the willingness of a user to pay for a given value d is a random variable, uniformly distributed between Umin(d) 

and Umax(d). We recall that the values a and b (a=1.85 and b=10) characterizing the function f(d) are obtained 

from the behavior of the average willingness to pay )(dU  (i.e., )(
)(

)(
)(
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2

1

df
df

dU
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= ), as discussed in section 3.2; 
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=== . For instance, for d=1.91 s, Umin=0.06 $/s and Umax=0.2 $/s.  

7.3. Numerical results 

In the previous two sub-sections, we have defined the performance metrics and illustrated the reference network 

scenario. Here, our goal is to set both the QoS level (i.e., d) and price parameters (i.e., α and m) relevant to a VoIP 

service. Clearly, in principle, the objectives of the optimization problem are up to operator that is possibly willing to 

put the service into the marketplace. In this work, our choice is to maximize the operator’s revenue while considering 

constraints in terms of price blocking probabilities. 

We start solving the following optimization problem: 

smddd
Q

0,0],,[ maxmin

max
≥≥∈ α

          (30) 

In other words, our goal is to maximize the total per-second income of the operator, without any special constraint. 

The problem has been solved numerically for different values of the offered load (in erlangs). The offered load varies 

in the range from 90 to 100 erlangs, since, with respect to the possible values of Nmax (depending on the QoS level, d), 

it represents a normalized load in the range from 0.79 to 1, which is typical in operation. 

Table I reports the optimal QoS level, d, and the optimal price parameters (m and α) values which maximize the per-



 27

second revenue of the operator, Qs. We also report the other performance metrics: the call blocking probability due to 

too high a price, price
blockP , call blocking probability due to the lack of resources, res

blockP , resource utilization, aveρ , and 

normalized customer surplus, USave / . 

Optimization variables Performance metrics 
Offered 

Load d (s) α  ($) m Qs ($/s) price
blockP  

res
blockP  ρave Save/U  

90 1.4362 1.34*10-5 0.01 17.2146 0.2867 7.05*10-6 0.426303 0.27397 

95 1.4362 1.34*10-5 0.01 18.1702 0.28728 4.45*10-5 0.45 0.273529 

100 1.4362 1.34*10-5 0.01 19.1232 0.2878 2.13*10-4 0.472809 0.27309 

Table I: solution of the optimization problem (Eq. (30)) with dynamic pricing scheme. 

The main comment is that the variables which identify the optimum are constant with the offered load. Clearly, the 

higher the load, the higher the operator’s revenue, the utilization coefficient, and the call blocking probabilities. It is 

worth noting that the coefficient m is very small; this means that the variabiliy of the price is very low. Also, the QoS 

to be offered on the marketplace is the highest (i.e., the lowest d value). 

However, from the results in Table I, the high value (about 28%) of the blocking probability, due to users’ inability to 

pay, leaps to the eye. This results in a pricing scheme which is not socially fair, and the operator may like to take into 

account this aspect. In fact, the choices of the operator should be governed by the following considerations. If it is 

assumed that the user behavior is not influenced by previous experience (stateless user model), then the operator 

could maximize the revenue without accounting for the call blocking probability due to very high prices if compared 

to the willingness of users to pay. This could happen when the operator exercises a monopoly, and also when users (or 

a user agent [46] or a broker [16,17] on their behalf) mechanically scan all network offers and choose the one that 

currently maximizes their benefit, without considering previous failed/successful price negotiations. On the other 

hand, if it is assumed that the users’ behavior is influenced by previous experience (stateful user model), then the 

network operator could also sacrifice part of current potential revenues in order to guarantee service provisioning, and 

consequently to safeguard future revenues. 

For this reason, we modify the optimization problem by including a constraint on the maximum value of the price
blockP , 

thus obtaining the problem: 



 28

price
block

price
block

smddd

PP

Q

≤

≥≥∈ 0,0],,[ maxmin

max
α           (31) 

For instance, if we set this constraint to %5=price
blockP , Table II reports the results of the optimization problem. 

Optimization variables Performance metrics 
Offered 

Load d (s) α  ($) m Qs ($/s) price
blockP  

res
blockP  ρave Save/U  

90 1.4362 9.18*10-6 0.14 15.1421 0.0498 1.25*10-2 0.560796 0.4863 

95 1.4362 9.39*10-6 0.29 15.747 0.0499 2.68*10-2 0.583 0.486447 

100 1.4722 9.8*10-6 0.51 16.181 0.04997 4.25*10-2 0.604058 0.48696 

Table II: solution of the optimization problem (Eq. (31)) with dynamic pricing scheme. 

As expected, this constraint decreases the operator’s revenue. In addition, we remark that the value of m is more 

meaningful than in the previous case, thus resulting in both a higher price dynamics and an increased normalized 

customer surplus. The increasing of USave /  is also due to less rejected calls.  

The operator may be also interested in offering a service characterized by a low call blocking probability value due to 

lack of resources (i.e., when the system is full). This implies that the service availability is high, which may be a 

desirable feature to obtain customer fidelity and to attract new ones, and thus to safeguard future revenues. For this 

reason, we introduce in the optimization problem another constraint on the maximum value of the res
blockP , thus 

obtaining the problem: 
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          (32) 

For obtaining numerical results we have set this constraint to %5.0=res
blockP . Table III reports the outcome of the 

optimization problem. 

Optimization variables Performance metrics 
Offered 

Load d (s) α ($) m Qs ($/s) price
blockP  

res
blockP  ρave Save/U  

90 1.54421 1.07*10-5 0.57 14.6179 0.04975 4.84*10-3 0.565168 0.49341 

95 1.68823 1.26*10-5 0.98 12.9247 0.0499 4.76*10-3 0.596 0.5148 

100 1.86826 1.23*10-5 0.48 7.67512 0.04995 4.87*10-3 0.627823 0.49710 

Table III: solution of the optimization problem (Eq. (32)) with dynamic pricing scheme. 
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As expected, the second constraint further decreases the optimal operator’s income. Also, such an income decreases 

with the offered load. This effect is due to the presence of the two constraints on blocking probabilities. In fact, 

introducing an upper bound on price
blockP  means decreasing the price and thus increasing aveλ  (i.e., the number of calls 

overcoming the price acceptance control and being subject to the CAC, see Fig. 10). If aveλ  increases and there is a 

bound on res
blockP , in order to satisfy the two constraints, the operator has to decrease the QoS level (i.e., to increase d). 

In fact, lowering the QoS level means increasing the maximum number of admissible flows. Also, note that the values 

of m are large and, as expected, USave /  slightly increases with respect to the previous case.  

We have also solved the optimization problem assuming a static pricing scheme (i.e., m=0). In this case the operator 

charges a constant price independent of the current network status. Table IV reports the results of the optimization 

problem. 

Optimization variables Performance metrics 
Offered 

Load d (s) α ($) Qs ($/s) price
blockP  

res
blockP  ρave Save/U  

90 1.65223 9.42*10-6 13.6232 0.0492 4.08*10-3 0.565932 0.48678 

95 1.83226 9.87*10-6 8.90786 0.0492 4.24*10-3 0.597 0.4867 

100 No solution found - - - - - 

Table IV: solution of the optimization problem (Eq. (32)) with static pricing scheme (m=0). 

The first comment is that the operator’s revenue is reduced with respect to the cases of dynamic prices. In fact, a price 

depending on the current network status allows tracking the dynamics of the service demand. In other words, the price 

parameter m introduces an additional degree of freedom to adapt performance metrics, thus enlarging the space of 

solutions of the optimization problem. In fact, when the system is very stressed (i.e., a high value of offered load and 

hard constraints on blocking probabilities), the static pricing scheme does not offer a viable solution. The decrease of 

revenue is around 7%, 31%, and 100%, for the three offered loads, respectively. It is also important to note that the 

dynamic pricing scheme guarantees higher values of normalized customer surplus. 

All the optimization problems above are non linear and can be solved by using a number of methods (e.g., see [47]). 

In order to verify the tolerance of the worst-case computational burden to find the optimum, we have used an 

exhaustive search with a very dense search grid. For all the optimization problems analyzed, we have found the 

solution by six minutes, using a standard PC. Since this computation must be done once at the beginning of each 
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market activity, the relevant time is not a problem.  

8. IMPLEMENTATION ISSUES 

Some considerations have to be made regarding the applicability of the proposed pricing model in real networks. 

The first is that our model foresees a strong QoS support at IP level, and, at this stage, this proves to be an 

impediment, since neither IntServ nor DiffServ have not been widely deployed yet though implemented in many high 

level commercial routers and layer-3 switches. However, in principle, our pricing model is compliant with both 

approaches. All we need is for the administrative domain to be able to provide a number of classes of network service 

characterized by specific QoS parameters and tailored to support a specific application service. In this work, we have 

especially dealt with voice over IP service, but the analysis is general and could also be used for other services (i.e., 

video services). The QoS level of a class of service is guaranteed a priori, since the network operator is able to control 

the amount of traffic. The differentiation of the service level is mapped to different prices through the virtual-delay, 

which is a technical estimation of the QoS level. We stress that in the considered scenario, the virtual delay does not 

have to be measured for each call, but it is evaluated a priori on the basis of the service guarantees associated with the 

considered class of service. 

Another important implementation issue concerns the accounting aspects to collect resource consumption data to 

support usage-based charging. To accomplish an accounting management architecture within each administrative 

domain, three main entities are identified in [13]: network devices, accounting servers, and billing servers. Network 

devices collect measurement data and send them by means of an accounting protocol (e.g., RADIUS, TACACS+ or 

SNMP) to accounting servers that generate the session records, in which accounting information is stored [14]. 

Network devices and accounting servers are logically separated but can be implemented in the same device. Session 

records are then sent to the billing server (which may or may not be a centralized entity), the aim of which is to 

compute the charge and generate invoices to users. The rules for generating, transporting and storing accounting data 

are known as accounting policies [15]. Our pricing model foresees traffic measurement on a per-call basis at the 

ingress nodes only. This means that accounting procedures are limited to the edge part of the network and that core 

nodes are not interested in them. Each edge router stores a record for each customer, and accounting data are stored in 

this record. Accounting devices at the ingress nodes are correctly configured during the call set-up phase, i.e., before 

data transmission commences.  
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As regards the price setting accomplished in the previous section for a specific network scenario, it is worth noting 

that assumptions on the service demand made to perform the analysis enabled us to obtain quantitative results from a 

theoretical analysis. Nevertheless, both the general applicability and the qualitative behavior of the system model are 

preserved under different assumptions, and the quantitative analysis can be performed nonetheless from a theoretical 

(when possible) or simulative analysis. As regards the estimation of user service demand, we remark that the results 

presented in this paper may be exploited as a potential building block of an all-encompassing vision of future, 

personalized and easy-to-use services, pursued within the framework of the Simplicity (http://www.ist-simplicity.org) 

and Primo (http://primo.ismb.it) projects. The objective is to provide each user with a personalized profile, stored in a 

portable device. Ideally, by plugging this device (e.g., a JAVA card or a USB stick) into the terminal, each user will 

personalize both terminal and services alike. The charging approach is clearly an important component from this point 

of view. Furthermore, the availability of users’ profiles and preferences offers an interesting implementation venue for 

the concepts described in this paper, since it could help the network operator to retrieve user information for 

management purposes, e.g., to promptly estimate user service demand.  

9. CONCLUSIONS AND FUTURE WORK 

In this paper, we have addressed the ever-increasing problem in the evolution of the Internet of defining a clear, 

objective and convincing pricing criterion to charge for value-added network services to support inelastic 

applications. We have described a novel criterion, based on the concept of the so-called virtual delay, to identify the 

quality of the edge-to-edge service provided by an administrative domain. We have illustrated how to determine this 

QoS index from a purely technical point of view. The virtual delay is able to take into account in a simple, flexible 

way not only QoS parameters and the cost of deploying various QoS features, but also the actually perceived QoS 

level. We have presented an analysis of the virtual delay, and consequent tariff, when system parameters vary. This 

analysis confirms the consistency of the approach.  

Furthermore, we have extended the concept of virtual delay, by making it dependent on the status of resource 

availability. As regards QoS-enabled networks, admission control should avoid network congestion. However, this 

does not hinder a network operator from taking important decisions under competitive conditions. In fact, suitable 

pricing policies might be applied to control the traffic offered. The difficult decision is to determine both the QoS 

level of the service to put into the market and the relevant price settings. In this way, it is possible to maximize profits 
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while preserving social fairness and guaranteeing service availability. However, in principle, the choice of the 

performance objective is up to the operator, and the quantitative analysis can be repeated accordingly. In the proposed 

tariff model, the price can vary dynamically according to the amount of service demand and is an additional, effective 

network control tool, which allows an operator to finely tune performance metrics. Once the QoS level of a service 

has been fixed and the relevant demand has been estimated, the operator has only to configure a few initial pricing 

parameters on the basis of the performance desired. Our results offer a tool to simplify this task. After this initial 

configuration, the ongoing price value is automatically obtained according to the current network status. 

Finally, we have discussed a number of challenges related to the implementation of our pricing model in real 

networks, and in particular, issues related to QoS, accounting, and pricing configuration. The main comment is that 

our approach is feasible in real networks, and that the real impediment to its deployment is the implementation of QoS 

mechanisms, which is a basic assumption for our work, since, at this stage, the objective of our tariff model is to 

charge for network services supporting inelastic application with strong QoS guarantees.  

In this respect, future work will investigate the possibility of extending the proposed pricing model to charge for 

traffic supporting elastic applications, for which the throughput is a fundamental QoS requirement to be taken into 

account in the model. Moreover, another future objective is to investigate the potentiality of the Simplicity approach 

to retrieve useful user information to help the operator calculate a dynamic pricing configuration. 
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APPENDIX 
In this Appendix, our goal is to provide readers with more details about the model used in this paper to compute the 

values of effective bandwidth and buffer when a small amount of packet losses may be tolerated within a network 

node with capacity C and buffer B (B/C= Djitter). 

We undertake to calculate the effective bandwidth and buffer pair (cp0,bp0) by using the approach illustrated in [31], in 

particular with the small buffer approximation ([31], section III). In more detail, having defined  
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following the result of [48], the Authors show that the effective bandwidth is the solution of the equation: 

)log(/)(/)( 0000 losspppp PcBCccCc −=⋅+⋅ βα        (31) 

Thus, cp0= cp0(Ploss) and bp0(Ploss)= Djitter· cp0(Ploss). The maximum number of flows N that can be allocated in the node 

(B,C) while guaranteeing the performance (Djitter, Ploss) is equal to N=C/cp0= B/bp0. 
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