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Abstract 

Due to the proliferation of the diversity in user behaviors 

and traffic demands, traffic engineering mechanisms have 

become an inevitable task in data networks. Nowadays, 

most commonly used algorithm in end hosts is the popular 

TCP and its variants (such as MulTCP). These are loss 

based schemes therefore exhibit oscillatory behavior which 

reduces network performance. Moreover, since the price for 

all sessions is normally based on the aggregate throughput, 

losses that are caused by TCP may affect other sessions as 

well and aggressively reduce their throughput and also 

have a drastic effect on the overall throughput /goodput of 

the network. In this paper a novel traffic engineering 

mechanism in the form of the selective pricing is proposed 

in which different prices are imposed on the network 

resources for different users. The proposed mechanism not 

only reduces the packet loss ratio, but also increases the 

goodput performance of the non-TCP elastic sessions such 

as Proportional or Minimum Potential Delay schemes. 

Stability property of the algorithms are investigated and 

some numerical analysis is presented to validate the 

results1
. 

Keywords: Rate Allocation, WRR, MulTCP, Differen-

tiated Pricing, Active Queue Management. 

1. INTRODUCTION 

ATE control is one of the important tasks of end 

hosts in avoiding congestion in data networks. 

The most prevalent algorithm implemented in 

operating systems nowadays is variations of TCP. 

Improvement to this algorithm has long been of major 

consideration by research groups and as a result new 

improved substitutions are proposed, as we will 

discuss in the paper. 

But the compatibility of new algorithms with the 

conventional ones should be studied. It is shown that 

in the conventional environments of usual Active 

Queue Management (AQM) used in intermediate 

nodes, the competition between the TCP and other 

rate allocation methods would decrease the overall 

performance. Other variants of TCP algorithm are 
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XCP [1], Fast TCP [2] and MulTCP [3]. 

Two different methods exist for accomplishing 

congestion control in the data networks. One is 

window-based method in which the number of 

outstanding packets in the network is regulated by 

adjusting the size of a congestion window to a 

reference value [4-5]. In the rate-based method, we 

look at the network traffics as fluid flows and 

algorithms such as the Kelly’s method are used in 

order to achieve some fairness criteria in rate 

allocation [6]. 

There are different fairness criteria such as max-min, 

proportional and minimum potential delay fairness 

[7]. Selecting a fairness criterion depends on the 

network’s designer strategy.   

For example in the max-min criterion, the focus is on 

the users with lowest rates whereas in proportional 

criterion the objective is to maximize the sum of the 

logarithms of the user rates and penalize more the 

users who use long routes in the network. In minimum 

potential delay criterion, L. Massoulié et al. define a 

delay measure in terms of the user rates and try to 

minimize that [7].    

In this paper we assume that the network traffic can 

adapt itself to the network conditions. In other words, 

we use the term ‘elastic’ for the traffic as it was 

introduced by S. Shenker in [8] and used in the 

Kelly’s paper [6]. Examples of such traffic type are 

TCP traffic in the current Internet and ABR traffic in 

the ATM networks. 

 As it is known, large networks such as the Internet 

have been designed to be decentralized and depend on 

the well-defined behavior from end-hosts. The 

increasing complexity and size of these networks 

make centralized rate allocation impractical. Without 

a centralized control, the network users have a great 

deal of freedom in sharing the available bandwidth in 

the network.  

To achieve the flow control, congestion avoidance 

and bandwidth allocation, the researchers have 

proposed different rate allocation algorithms to be 

implemented at the end-hosts in a decentralized 

manner [9], [10], [11] and [12]. 

The most widely used flow control/congestion 
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avoidance mechanism in the current Internet is TCP, 

which is a window-based mechanism. TCP, however, 

does not necessarily lead to a fair or efficient rate 

allocation of the available bandwidth [4].  

Kelly et al. have proposed an algorithm that results in 

proportional fairness criterion and they used a 

Lyapunov function approach for stability analysis of 

their rate allocation method [6].   

Mo and Walrand [4] have proposed and studied 

another fair window-based end-to-end congestion 

control mechanism, which is similar to TCP Vegas 

[13] but has a more sophisticated window-updating 

rule. They have shown that the proportional fairness 

can be achieved by their (Ω,1)-proportionally fair 

algorithm and max-min fairness can be achieved as a 

limit of (Ω, α)-proportionally fair
2
 algorithm as α 

goes to infinity. 

In [14], Shakkottai et al. examined how transit and 

customer prices are set in a network consisting of 

multiple Internet Service Providers (ISPs). They show 

that some ISPs may be geographically co-located so 

that they compete for the same set of end users. The 

authors examined the existence of equilibrium price 

strategies in this situation and showed how positive 

profit can be achieved using threat strategies. 

In [15], Hande et al. introduce a framework to 

quantify the precise trade-off in the distribution of 

benefits among ISPs, content-providers, and end-

users. 

Their proposed framework generalizes the well-

known utility maximization based rate allocation 

model, which has been extensively studied as an 

interplay between the ISP and the end-users, to 

incorporate pricing of content-providers. They derived 

the resulting equilibrium prices and data rates in 

different ISP market conditions. 

In [16] Hande et al. propose a distributed rate 

allocation strategy which can be used for 

inelastic(real-time) flows. They consider non-concave 

utility functions, which turn utility maximization into 

difficult, nonconvex optimization problems. Finally 

they present conditions under which the standard 

price-based distributed algorithm can still converge to 

the globally optimal rate allocation despite 

nonconcavity of utility functions.  

Bui et al. [17] extend recent results on fair and stable 

resource allocation in wireless networks to include 

multicast sessions, in particular multi-rate multicast. 

Their solution for multi-rate multicast is based on 

scheduling virtual (shadow)‘‘traffic” that ‘‘moves’’ in 

reverse direction from destinations to sources.  The 

mentioned shadow scheduling algorithm can also be 

used to control delays in wireless networks.  

Xue et al. [18] propose a new price-based resource 
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allocation framework in wireless ad hoc networks to 

achieve optimal resource utilization and fairness 

among competing end-to-end flows. The authors build 

their pricing framework on the notion of maximal 

cliques in wireless ad hoc networks, as compared to 

individual links in traditional wide-area wire line 

networks. Based on such a price-based theoretical 

framework, they present a two-tier iterative algorithm. 

Distributed across wireless nodes, their proposed 

algorithm converges to a global network optimum 

with respect to resource allocations.  

It is clear that fairness is a desirable feature of a rate 

allocation algorithm. Users’ preferences can be 

captured by appropriate utility functions. Due to the 

various requirements of different applications, it is 

likely that the users will have different utility 

functions [8]. For example, suppose that a user is 

transferring a file. The per-transfer delay is inversely 

proportional to the rate it receives. Hence, the delay 

might be modeled as the utility function of the user 

which is a function of its rate.  This reveals this fact 

that although fairness is a desirable property, fairness 

by itself may not be sufficient. A good rate allocation 

mechanism should not only be fair, but also should 

allocate the available bandwidth in such a way that 

the overall utility of the end-users is maximized [19]. 

In the current work, using a new differentiated pricing 

scheme as an AQM algorithm for intermediate nodes 

the overall performance of non-TCP users would be 

improved. This improvement is in terms of the 

reduced packet loss ratio and increase goodput for 

elastic sessions. 

By definition, goodput of a session is the effective 

part of the throughput or gross transmitted packet rate 

of the session. For example, in the case of packet loss 

in TCP, some parts of the previously transmitted 

packets are retransmitted and are received by the 

receiver more than once and so, are redundant.    

The presented work is similar to [14] and [15] in the 

fact that, it is shown that the mentioned pricing 

strategy is stable and the network will reach 

eventually to equilibrium prices. The main 

contribution of the current work and its difference 

with similar approaches such as [14], [15] etc. is the 

fact that in the current work, the pricing is done per-

session (in contrast to the aggregate pricing in [14], 

[15] and similar works) and the network operator 

(ISP) can provide enhanced service levels for an 

specific user based on an increased price level which 

is imposed on that user. 

The rest of the paper is organized as follows. In the 

Section 2, a mathematical formulation the discrete 

time versions of MulTCP and (Ω, α)-fair models has 

been presented. Then in section 3, the differentiated 

pricing framework would be introduced and its 

stability property would be investigated. Section 4 is 

devoted to the performance analysis of the proposed 



traffic engineering technique and the performance of 

the proposed method has been investigated for two 

different traffic models. Finally, in the last Section, 

some concluding remarks have presented and some 

research highlights for the future works have 

described. 

2. Background 

In the following parts, two popular (Ω,α)-fair (non-

TCP) and MulTCP models have been introduced. 

 

2.1. (ΩΩΩΩ,αααα)-Fair Model 

Consider a network with a set J of resources or links 

and a set ℜ of users and let Cj denotes the finite 

capacity of link j∈J. Each user r has a fixed route Rr, 

which is a nonempty subset of J. When the allocated 

rate to the user r is xr, user r receives utility Ur(xr). 

The utility Ur(xr) is an increasing, strictly concave and 

continuously differentiable function of xr over the 

range xr≥0. Furthermore, assume that the utilities are 

additive so that the aggregate utility of rate allocation 

X= (xr , r∈ℜ) is: Σr∈ℜ Ur(xr). This is a reasonable 

assumption since these utilities are those of 

independent network users. Finally, let the utility and 

capacity vectors to be U=(Ur(.), r∈ℜ) and C=(Cj , 

j∈J) respectively .  

The Kelly’s discrete time algorithm for reaching to 

the optimal solution of proportional-fair is as follows 

[6]: 
+
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Parameter kr controls the speed of convergence in 

equation (1). pj(y) is the amount that link j penalizes 

its aggregate traffic y, price per unit rate µj [20], and is 

a non-negative, continuous increasing function (see 

Fig.1).  

One of the interpretations is that using (1), the system 

tries to equalize ωr with xr[n]. ∑
∈

r
Rj

j nµ ][  by adjusting 

xr[n] [21]. 

In [6] it is shown that the unique, optimal and 

proportionally-fair equilibrium point of the equations 

(1)-(2) is:  
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Fig.1- A sample penalty function 

 

It is necessary to mention that as Kelly et al. have 

discussed in [6], we may use the following form of 

the link penalty function: 

pj(y)=(y-cj+ε)+/ε2
    , ε→0   , j∈J             (4)                                  

 

Where, cj is the capacity of j-th link and ε>0 is a small 

positive constant. 

Finally, we consider the more general (Ω,α)-fair rate 

allocation algorithm (the Kelly’s algorithm or 

proportional fairness is the special case with α = 1 

and the minimum potential delay fair algorithms is 

another special case with α = 2). The discrete time 

version of this algorithm would be [8]: 
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is the aggregate price.  

 

2.2. MulTCP Model 

Another algorithm which we use in our simulation is 

the general MulTCP model (which usual TCP is the 

special case with m=1). The fluid flow model for 

MulTCP is [7]: 
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Where the
rλ is the aggregate price, Tr is the round trip 

time (RTT) of the flow r and mr is a natural number. 

The discrete time version of Equation (7) which will 

be used in practical implementations would be: 
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In other words, as proposed by Crowcroft et al. in [3], 

MulTCP aims at proportional multiple flowshares 

along a congested link by assigning a weight m to the 

aggregate. AIMD
3
(m; 1/(2m) ) is used in MulTCP, 

instead of AIMD(1; 1/2) in the standard TCP, for 

emulating the behavior of m concurrent TCP 
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connections using the same congestion window loop. 

The rationales behind AIMD(m; 1/(2m)) are [22]: 

• Increase parameter a = m. The congestion window 

size of a single TCP flow is increased by one packet 

per RTT in the standard TCP. Accordingly, the 

congestion window size of m virtual TCP flows is 

increased by m packets per RTT in MulTCP. 

• Decrease parameter b = 1/(2m) . If one packet is 

lost, only one of the m TCP flows halves its 

congestion window size W. Accordingly, the 

congestion window size becomes (m -1)W + W/2 

=(1-1/(2m))mW in MulTCP. 

3. Differentiated Pricing Framework 

In the following subsections, we have introduced 

the differentiated pricing mechanism and in the 

sequel, stability analysis has been accomplished to 

prove the stability properties of the distributed 

algorithms. 

3.1. Differentiated pricing 

In flat pricing scheme, a form of penalty function 

such as that used in Eq.4 can be used but in 

differentiated pricing, a form of tangential biased 

pricing function such as the following equation will 

be used [23]: 

pjr(y)= εjr. tan (π.y/(2cj))   ,  j∈J and r∈ℜ          (9)                                      

 

The incurred price is completely link and flow 

dependent and the amount of link price can be 

controlled by parameter εjr>0. The greater parameter 

εjr will result in more penalized user traffic and more 

starvation in the dedicated network resources. 

It must be mentioned that the choice of the 

tangential biased pricing mechanism in Eq.9 is 

completely optional. As discussed in Section 2 and 

Fig.1, the penalty function P(y)  must have some 

fundamental properties (nonnegative form, continuity 

and monotonically increasing property with respect to 

its argument “y”) and these properties can be 

independent from its mathematical formulation [6]. 

Any mathematical form may be selected for 

representing the penalty function if and only if the 

selected form satisfies the mentioned properties. We 

have selected the biased tangential form in Eq.9 

because of its ease of mathematical tractability.  

The important difference between the proposed 

pricing method and traditional aggregate-rate pricing 

presented in Eq.4 is the fact that, the pricing 

mechanism in Eq.9 is selective for each user (works in 

a per-session basis) and can be intelligently controlled 

by the network provider based on a pre-established 

service level agreement (SLA) between the network 

operator (ISP) and the individual users.  

3.2. Stability Analysis 

In reality, for practical implementation purposes, 

the window-based versions of the rate allocation 

algorithms in Eqs. 10 and 11 must be used. 

If we assume that receivers' congestion window 

sizes are set to unity and sender congestion window 

size in (Ω,α)-fair and MulTCP models are updated 

according to relations (9) and (12) respectively [24-

27]. 
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Where: 

rrr dnTnd −= ][][                        (12)                                               

 

is an approximation for the aggregate price 

][nλr
and rd is the flow r's propagation delay and its 

round trip time is Tr. Also, cwnd and CWND are the 

so-called congestion-window [26] of the senders in 

the  (Ω,α)-fair and MulTCP models respectively. 

In [24] and references therein, it is shown that by 

exploiting the following Lyapunov function, the 

stability property of Eq. (11) can be derived.  
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The stability properties of the window-based (Ω,α)-

fair model in Eq.10 can be proved after defining some 

preliminary terms. 

Assume that for simplicity we represent the 

congestion window of flow r in Eq.10 by wr. Also 

assume that we have the following two definitions: 
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minimizing V(.) is the stable point of the system to 

which all of the trajectories converge. 

 

Proof: The window-based Eq.10 can be transformed 

to its continuous time equivalent as follows: 

))(( rr

r

r
rrr

r dT
T

w
ωTk

dt

dw
−








−=

α

      (13) 

Based on the previous definitions, the Eq.13 can be 

simplified as: 
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By differentiating V(.) we have: 
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Based on the definition of sr and some mathematical 

computations, it can be easily shown that we have: 
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Also, from definitions of Xr and sr we can write: 
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Finally, based on the Eqs. 14-17 it can be shown that: 
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As, kr, Xr, Tr, α  and rr dT − all are non-negative 

terms, we have: 
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Consequently, V(w) is a Lyapunov function and 

vector w
*
 =(wr

*
), r=1,…,M (M is the number (Ω,α)-

fair flows) is a stable point of the system to which all 

of the trajectories converge.                                  � 

 

Note: 

It must be mentioned that in the equilibrium point of 

the system (10) we have: 
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Hence we can write from (20): 
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 is the so-called total backlog [4]. 

4. Performance Analysis 

 

The numerical analysis section is composed of two 

parts. In part one, a macroscopic fluid-flow model [6] 

has been adopted for modeling the network traffic and 

in part two, we have used more practical microscopic 

window-based traffic model as those in [4] ,[9]. 

4.1. Fluid-flow traffic model 

 

Assume that a simple network topology with one 

bottleneck common link exists (Fig.2) and its 

resources are shared by N different elastic (MulTCP 

and non-TCP) flows.  

 
Fig. 2 Network topology 1 

 

Assume that N=5 and the bottleneck link (with 

capacity of 20 Kbps) is shared by a TCP (m=1), two 

MulTCP with parameters m=2 and m=3, a 

proportionally fair scheme (α = 1) and a minimum 

potential delay fair (α = 2) flows.  

In the sequel, we describe two different pricing 

scenarios which are the traditional flat pricing and the 

proposed differentiated pricing ones and compare 

their performances. 

In first pricing method, we just simulate these 

algorithms in a simple usual environment without 

discriminating between these flows i.e. we have used 

the flat pricing as in Eq.4 with ε=0.0001. The 

allocated rates to these sessions and the overall 

throughput are derived based on discrete-time Eq.5 

and Eq.8 and are depicted in the Fig.3. 

In this figure, the acronyms (P) and (MPD) stand 

for (Proportional) and (Minimum Potential Delay) 

fairness criteria, respectively. Also the unit for bit-rate 

is selected to be Kbps.  

As it can be verified in this figure, there exist 8 loss 

events (we calculate a loss events if the overall 

throughput exceeds the capacity). 

The oscillatory behavior is inevitable since it is 

intrinsic to TCP. But the overall throughput can be 

improved as we will see in the next pricing method.  

We have summarized the statistics related to this 

scenario in the Table 1.  

In the second pricing method, using the proposed 

differentiated pricing scheme, which uses a new 

tangential biased pricing scheme (Eq.9) for all 

sessions, the loss rate reduced to zero and we can 

observe some improvement in the mean overall 

utilization of the network (Fig. 4 and Table 2).  

Table 1 Simulation results in the flat pricing 

Mean Overall throughput  9.591578 

Loss numbers 8 

Mean TCP throughput  1.398346 

Mean MulTC P(m=2) throughput  2.796692 

Mean MulTCP(m=3) throughput  4.195038 

Mean Proportional throughput 0.66269 

Mean Minimum Potential Delay throughput 0.670258 

 

As it can be verified in the Fig.4, the mean 

allocated rates to P and MPD flows have been 



increased but the allocated rates to non-TCP flows do 

not change significantly with respect to the previous 

flat pricing case (Fig.3) and this fact leads to the 

improved overall network performance. 

In this case, we have paid more attention to P and 

MPD flows in price of more penalizing other MulTCP 

and TCP flows. In other words, we assign higher εjr 

values which are equal to 0.0001 for MulTCP and 

TCP flows and lower εjr values which are selected to 

be 0.00003 for P and MPD flows.  

The simulation statistics about this case are listed in 

the Table 2. The simulation results in this table show 

that the mean throughput of P and MPD methods are 

improved by a factor of 3 in this case. 

Table 2 Simulation results in the differentiated pricing 

Mean Overall throughput  10.949508 

Loss numbers  0 

Mean TCP throughput  1.084936 

Mean MulTCP (m=2) throughput  2.16987 

Mean MulTCP (m=3) throughput  3.254806 

Mean Proportional throughput  2.520894 

Mean Minimum Potential Delay throughput  2.05156 

 

Fig. 3 Rates achieved by sessions in flat pricing 

 

 
Fig. 4 Rates achieved by sessions in differentiated pricing 

 

4.2. Window-based traffic model 

 

In this part, a similar approach such as that of 

Walrand [4] and Başar [25] has been adopted for 

simulating the rates allocated to the users with 

specific propagation delays. We have used the 

OPNET discrete-event simulator [28]. Window-based 

Eqs.10 and 11 have been used for resource 

assignment to the (Ω,α)-fair and MulTCP flows 

respectively. We have used the more general network 

topology in Fig.5 with multiple bottleneck links 

(bottleneck links are shown in red in this figure).  The 

links’ propagation delays are set to 5 ms. We have 

assumed that sources have data for sending at all 

times (greedy sources). The links’ buffer sizes are set 

to 30 packets and so packet loss may occur in the 

network. We have used kr= 0.0003 for all r in Eq.10. 

We assume traffic consists of point to point 

transfers of individual documents of finite size 

arriving according to a Poisson process [29]. 

We have used go back n method for re-sending the 

packets that are double acknowledged.  

For implementing the traffic engineering or 

differentiated pricing in this scenario, links’ 

scheduling disciplines are selected to be of Weighted 

Round Robin (WRR) type with greater weights for 

flows with more priority (non-TCP flows in this 

work). In another work, the flows are penalized more 

by assigning less share of bandwidth or less weight in 

the implemented WRR service discipline.  

As in TCP, slow-start method is used for 

initializing the rate allocation for implementing the 

Eq.10 [26]. 

As equations (10) and (11) use only the RTT and 

propagation delay of the connection, they can be 

implemented in an end-to-end manner even in the 

current Internet. 

The topology of Fig.5 is composed of 41 elastic 

users and 116 links. It is assumed that each user’s 

traffic composed of two non-TCP (P and MPD) flows 

and one TCP flow. 

The utility function parameters associated with the 

non-TCP flows are listed in the Table 3. 

Table 3 Non-TCP flows’ utility function parameters 

user ω user ω user ω 

1 0.5 2 0. 3 3 0. 4 
4 0. 5 5 0.3 6 0.7 
7 0.3 8 0. 4 9 0. 25 

10 0. 3 11 0.7 12 0.3 
13 0.4 14 0. 25 15 0. 2 
16 0. 7 17 0. 3 18 0.5 
19 0.3 20 0.2 21 0. 3 
22 0. 3 23 0. 4 24 0.5 
25 0.3 26 0.7 27 0. 5 



28 0. 4 29 0. 25 30 0.3 
31 0.7 32 0.3 33 0. 3 
34 0. 25 35 0. 2 36 0.4 
37 0. 3 38 0.5 39 0. 7 
40 0.2 41 0. 3   

  

Bottleneck link capacities are selected to be 

150Kbps and other link capacities are selected to be 

10Mbps. 

The WRR algorithm which is implemented in each 

node uses the weights listed in Table 4 for each packet 

type. 

Table 4 Associated weights in each node for each packet type 

Type 
MulTCP Non-TCP 

M=1 M=2 M=3 P MPD 

Weight 0.1 0.1 0.1 0.35 0.35 

 

 
Fig. 5 Network topology 2 

 

In Figs. 6 and 7, the aggregate rates of the P and 

MPD (non-TCP) flows traversing the bottleneck links 

86 and 93 are compared with the aggregate rate of 

TCP flows. As it can be verified, the allocated rates to 

non-TCP flows behave in more stable manner with 

respect to the TCP one. Also, the allocated rates to 

non-TCP flows have TCP-friendly characteristics.  

 

 
Fig. 6 Flow performances in bottleneck link 86 

 
Fig. 7 Flow performances in bottleneck link 93 

 

 
Fig. 8 Flow performances in bottleneck link 48 

 

 
Fig. 9 Flow performances in bottleneck link 107 

 

 

In Fig.8 and Fig.9, the aggregate rate of the 

bottleneck links 48 and 107 are compared between 

TCP method, window-based version of MulTCP with 

parameters m=3, m=4 and m=5 (cf. Eq.11), a 

proportionally (P) fair scheme (α = 1) and a minimum 

potential delay (MPD) fair (α = 2) flows. As can be 

verified in this figure, MulTCPs have a comparable 

average rate in comparison with the TCP. It can be 

verified from the Figs. 8 and 9 that increasing the m 



value increases the oscillatory behavior in the 

aggregate allocated rate. As described in Section 2.2, 

this may be due to the fact that by increasing m, the 

percent of rate reduction in confrontation with a loss 

effect reduces by the factor of m.  

In Fig. 10, the packet loss rates of the P and MPD 

(non-TCP) flows and TCP flows (simple TCP and 

MulTCP with m=10) are depicted versus the number 

of elastic users. It can be verified in this figure that 

non-TCP flows benefit from lower mean packet loss 

levels with respect to TCP ones. Also it can be 

concluded that MulTCP has a lower average loss rate 

in comparison with the TCP. The rationale behind this 

lower loss rate is the design philosophy of the 

MulTCP which is directed to reduce the loss 

phenomenon [22]. 

 

 
Fig. 10 Packet loss performance comparison 

 
Fig. 11 Goodput performance comparison 

 

In Fig. 11, the goodput (efficient throughput) of the 

P and MPD (non-TCP) flows and TCP flows (simple 

TCP and MulTCP with m=3) are depicted versus the 

number of elastic users. It can be verified in this 

figure that non-TCP flows have approximately higher 

mean rates than their TCP counterparts but behave in 

a TCP-friendly manner. Again, it can be concluded 

that the mean goodput performance of the MulTCP is 

superior to that of TCP and is comparable to nonTCP 

P and MPD flows.   
 

5. Conclusions  

Using a new traffic engineering mechanism in the 

form of differentiated pricing scheme, we showed that 

the overall throughput of the network could be 

increased without significant decrease in TCP 

sessions throughput. Also it is shown that by 

incorporating intelligent pricing mechanisms, the 

packet loss performance of the network can also be 

improved. The reason can be the fact that we achieved 

this goal by decreasing the unnecessary packet drops 

caused by TCP using the proposed differentiated 

pricing scheme, therefore avoiding unnecessary 

reductions and oscillations of other sessions. The 

stability properties of the algorithms are investigated 

and their performances are compared via simulation 

in two different scenarios considering two different 

traffic models. Considering this type of pricing for 

non-elastic or real-time traffic for improving the 

performance of such traffic types and their associated 

stability analysis can be considered for future 

research.  
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