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Abstract 

 
It is expected that, in near future, the multi-class 

traffic previously in Public Switched Telephone network 
(PSTN), cable television network and IP network will be 
multiplexed at backbone and carried by the converged 
Next-Generation Network (NGN). A pragmatic 
challenge in facilitating NGN is how to schedule traffic 
and allocate bandwidth among the triple-play services, 
namely voice (VoIP), video (IPTV) and data. Different 
from traditional strict-priority based scheduling 
intensively used in industry, in this paper, we try to 
discuss this issue from the objective of Network Utility 
Maximization (NUM). We first investigate the 
characteristics of most existing traffic classes and 
explicitly formulate their utilities to be the function of 
occupied bandwidth. After that, a novel scheduling 
scheme to achieve NUM is derived using Lagrange 
method with KKT conditions. Numerical results under 
two network scenarios are calculated. Both of them 
reveal the unique nature of this scheduling, compared 
with strict-priority scheduling, still highest priority is 
provided for VoIP traffic, however, no strict priority 
should be given to IPTV traffic since it will conflict with 
NUM objective. We hope our results will shed lights on 
the evolvement towards the converged network. 

  
1. Introduction 
 

The Internet has been evolving in recent years to 
adapt with emerging abundant applications. Specifically, 
in near future, the voice, video and data traffic (herein 
named triple-play services), which are previously 
forwarded separately by networks such as PSTN, cable 
television network and original Internet, will be carried 
on a single converged network, i.e. the Next Generation 
Network (NGN). NGN must natively support 
triple-plays, which means that all traffic classes of voice, 
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video and data should be managed to meet their 
particular Quality of Service (QoS) requirements, such 
as strict packet delay, jitter and loss guarantees. It is 
believed that the deployment of NGN and the 
provisioning of triple-play services will eventually not 
only benefit the Internet users with richer contents, but 
also increase Internet Service Providers’ (ISP) revenues 
by acquiring much higher per-subscriber profit. 

While several ISPs have proposed their architecture 
and detailed specifications to support triple-plays in 
NGN, they all have to deal with a critical issue: how to 
schedule traffic and allocate bandwidth for triple-play 
services at both backbone and access links. Moreover, 
due to the efficiency consideration, NGN can not just 
rely on over-provisioning technique to avoid network 
congestion, more advanced congestion-phase traffic 
scheduling algorithms are essentially advocated which 
must compromise among the benefit of all the traffic 
classes. Designing such a scheduling (bandwidth 
allocation) algorithm is exactly the premier issue this 
paper tries to settle. Meanwhile, since NGN should deal 
with challenges from the ultra-high backbone/access 
line speed up to 10Gbps or even higher, such scheduling 
algorithm should also be fast enough to execute on-line. 

Prior to the study presented here, numerous related 
works have been published on this issue. In industry 
designing NGN [13][14], the strict-priority scheduling 
is mostly adopted in carrying out bandwidth allocation. 
However, this solution rigidly favors the voice and 
video traffic without flexibility, thus can only be 
deemed as a conservative method applied when no 
obvious better one is available. 

On the other hand, researches in academia mainly 
concentrated on utility-based solutions. Shenker [1] for 
the first time discussed traffic classifications in IP 
network from the viewpoint of user utility. He further 
investigated the characteristics of several well-known 
traffic classes, including TCP elastic traffic, UDP hard 
real-time traffic, delay-adaptive traffic, as well as 
rate-adaptive traffic. However, no explicit expression of 
utility function was given. Later, Kelly et al. presented 
some first works [5][6] applying utility-based methods 
in economics to the area of scheduling and bandwidth 
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allocation in the objective of Network Utility 
Maximization (NUM). Significantly she showed that 
both centralized and decentralized pricing algorithms 
were capable to achieve NUM. In [2], Dharwadkar et al. 
studied the utility functions from the point of their 
shapes. They categorized the utility functions into three 
general types: step, linear and concave, and based on 
these features proposed a heuristic scheduling algorithm 
that executed dynamic bandwidth allocation and 
achieved NUM. Zimmermann et al. argued in [3] that 
the utility function stands for the user’s preference of 
bandwidth, which can be modeled as an increasing, 
strictly concave, and continuously differentiable 
function, perfectly fitted by a logarithm function. The 
utility function of HTTP-like traffic class was studied in 
[4] by Chang et al. They derived a close-form 
expression for the utility function of HTTP traffic from 
the behavior of HTTP connections and underlying TCP 
application. Harks et al. [7] proposed scheduling 
algorithms under the “utility fair” assumption, where 
bandwidth is allocated such that each user is offered 
with equalized utility to guarantee fairness. Massoulié et 
al. [8] generalized three objectives for bandwidth 
allocation in network links: max-min fairness, 
proportional fairness and minimum potential delay. 
They developed corresponding scheduling algorithms 
for each of them respectively. 

Although previous works contribute a lot in building 
up the basic theory of utility-based scheduling and 
bandwidth allocation, as well as the concerning pricing 
strategy, at this time, no single work has emphasized on 
the practical issue of scheduling triple-play services 
under the background of NGN. Motivated by the desire 
to bridge such a gap between theory and reality, we 
work through this issue with the well-know NUM 
objective. By classifying NGN traffic into five 
categories according to their diversified utility functions, 
we explicitly translate this issue into a nonlinear 
maximization problem with inequality constraints, 
which can be solved completely by adopting Lagrange 
Multiplier method with KKT conditions. The theoretical 
way to compute bandwidth allocation results is then 
proposed conforming to NUM under most possible 
traffic patterns. Furthermore, we calculate numerical 
results with the help of nonlinear programming software. 
Two network scenarios are considered: one is the 
data-dominated network which is modeled as current 
Internet circumstance; the other is the IPTV-dominated 
network expected to appear in near future. 

Our results reveal that: 1) In both network scenarios, 
the utilities of VoIP and other low-throughput real-time 
UDP traffic are well guaranteed regardless of the 
congestion degree, since they are the most cost-effective 

traffic for bandwidth allocation; 2) the IPTV traffic 
gives up bandwidth linearly at initial period when 
congestion degree increases, however, drops to zero 
throughput as soon as the congestion degree exceeds a 
turning point; 3) the TCP elastic and HTTP traffic lose 
their bandwidth exponentially as the network becomes 
congested, but will retrieve some utilities after IPTV’s 
turning point; 4) in IPTV-dominated network, the 
turning point appears earlier than in data-dominated 
network. 5) When maximal utilities of different traffic 
classes are in-equalized, i.e., IPTV traffic possesses 
larger per-user utility, the turning point of IPTV will be 
put off a lot. It shows that to guarantee IPTV traffic in 
highly congested networks while not conflicting with 
NUM, a method is to let IPTV traffic hold larger 
per-user utility, meaning that we should charge IPTV 
more, especially in IPTV-dominated NGN scenarios. 

Compared with the strict-priority scheduling 
deployed extensively in industry, our results 
demonstrate that while offering highest strict priority for 
VoIP traffic is indeed the best choice, assigning IPTV 
traffic the second-highest strict priority actually does 
not accord well with the objective of NUM. In highly 
congested networks, the utility gain in allocating 
bandwidth to IPTV traffic is rather limited since IPTV 
traffic has a considerably high bandwidth threshold to 
be well provisioned. 

The rest of this paper is organized as below. In 
Section 2, we present our NGN traffic classifications 
and utility functions for each class. In Section 3, we 
derive the bandwidth allocation results conforming to 
NUM. In Section 4, we compute numerical results based 
on our solution in Section 3. Section 5 compares our 
solution with the strict-priority scheduling and discusses 
possible impact of our results on network pricing. 
Finally, Section 6 concludes the paper. 
 

2. NGN traffic classifications and their 
utility functions 

 
Due to remarkable distinction of QoS requirements in 

NGN, it is necessary to treat traffic of each class 
differently. In this paper, we classify NGN traffic into 
five categories. They are Voice over Internet Protocol 
(VoIP) traffic rerouted from traditional PSTN, the 
emerging Internet Protocol Television (IPTV) traffic, 
TCP elastic traffic, mostly introduced by file downloads, 
HTTP traffic generated by web services, and the 
remaining UDP traffic. 

To measure network performance and user 
satisfaction degree, for each traffic class, the concept of 
user utility function is introduced, as shown in Fig. 1. 
The Y-coordinate of the function is the user utility, 
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which is collaboratively determined by the QoS metrics 
received in the user end, including packet delay, jitter 
and loss rate. The X-coordinate of the function is the 
equivalent bandwidth [9] for each user, since the above 
QoS metrics and user utility can be calculated directly 
from allocated bandwidth in most cases. 

In the following part of this section, we illustrate the 
utility function of each traffic class in NGN, according 
to detailed traffic investigations and several previous 
studies in this area. These utility functions build up a 
fundamental knowledge for further NUM solution. 
 
2.1. VoIP traffic 
 

Since VoIP application is extremely sensitive to 
packet delay and loss caused by bandwidth 
insufficiency, its utility function falls into the category 
of hard real-time kind [1][2][10], with a minimal 
bandwidth requirement of Bmin1. When allocated 
bandwidth is less than Bmin1, user utility will drop to 
zero. There Bmin1 can be set to 64Kbps, which is the 
standard of voice encoding rate in most wired phone 
communications. 

To express the user utility in a close formula, a 
normalization method is introduced, which quantifies 
the user utility of different traffic classes with unified 
measures. When maximal utilities of different traffic 
classes are equalized, we set all of them as 1. Moreover, 
a parameter Vscale which stands for the biased maximal 
utility of each traffic class is also adopted to in-equalize 
maximal utilities, considering the diversity of traffic 
importance judged by ISP and user benefits. In this 
paper, we define the Vscale of the five traffic classes as V1, 
V2, V3, V4 and V5. The utility function of VoIP traffic is 
shown in Fig. 1(a), and can be written as: 

1 min1
1 1 1 1

sgn( ) 1
( ) ( 0)

2

b B
u b V b

− += ⋅ ≥     (1) 

There b1 denotes the actual bandwidth allocated to 
each VoIP application. 
 
 

2.2. IPTV traffic 
 
As real-time applications, IPTV’s utility function is 

similar to VoIP’s. The difference is, with adaptive 

coding and jitter control technologies, IPTV application 
can considerably tolerate occasional delay-bound 
violations and packet drops [1], which is called 
“delay-adaptive” capability. However, since IPTV’s 
minimal encoding rate, denoted as Bmin2, is independent 
of network congestion, a hard bandwidth requirement of 
Bmin2 must be satisfied, otherwise the user utility will 
drop to nearly zero. IPTV traffic also has a maximal 
bandwidth requirement, denoted as Bmax2, which is also 
IPTV’s intrinsic encoding rate. When beyond Bmax2 
IPTV user will gain nearly no more utility. The shape of 
IPTV traffic’s utility function is shown in Fig. 1(b). We 
model it as the “Logistic Model” [16], which reflects an 
S-type curve. The expression in (2) is used to represent 
IPTV traffic’s utility function. (For detailed derivations, 
refer to part 1 in Appendix) 

2 22 2 2 2 max2

1
( ) (0 )

1 (1/ 1) r b
u b V b B

eε −= ⋅ ≤ ≤
+ −

  (2) 

2 max 22ln(1/ 1) /r Bε= −       (3) 

There b2 denotes the actual bandwidth allocated to 
each IPTV application. ε is the utility IPTV traffic user 
gains when allocated bandwidth is Bmin2. It determines to 
what extent IPTV traffic is close to the hard real-time 
traffic. The less ε is, the more IPTV traffic is close to the 
hard real-time traffic. 

According to latest IPTV encoding format, such as 
MPEG-2 and MPEG-4/H.264, the bandwidth 
requirement is far more than other NGN traffic classes, 
normally at multi-megabits per second, In MPEG-2, it is 
regulated to 5-15Mbps, and in MPEG-4/H.264, much 
wider feasible bandwidth provision is granted, varying 
from multi-hundreds Kbps to multi-hundreds Mbps. 
There we take a typical setting of Bmin2 =100Kbps and 
Bmax2 =10Mbps. We set ε to a typical value of 0.001. 
 
2.3. TCP elastic traffic 
 

TCP elastic traffic refers to the one generated by 
delay-tolerant TCP applications such as file transfer, 
e-mail, etc. The utility function of TCP elastic traffic 
features an increasing, strictly concave and continuously 
differentiable curve [3]. It has decreasing marginal 
increment as bandwidth increases [1]. Its detailed 
characteristics have been intensively studied by Kelly et 

 
(a)     (b)      (c)      (d) 

Fig. 1. Utility function of: (a) VoIP traffic. (b) IPTV traffic. (c) TCP elastic traffic. (d) HTTP traffic. 
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al. [6] and other researchers [11][12]. They apply the 
logarithm function to represent it, as given in Fig. 1(c), 
where Bmax3 denotes the maximal bandwidth 
requirement of TCP elastic traffic. 

The utility function of TCP elastic traffic is 
formularized as 

3
3 3 3 3 max3

max3

log( 1)
( ) (0 )

log( 1)

b
u b V b B

B

+= ⋅ ≤ ≤
+

   (4) 

There b3 denotes the actual bandwidth allocated to 
each TCP elastic application. We set Bmax3 to be a 
typical value of 10Mbps, which is user’s raw 
transmitting bandwidth. 

 
2.4. HTTP traffic 

 
This kind of traffic refers to the TCP traffic which 

concerns packet delay. It mainly contains the HTTP 
traffic generated by web services, and other traffic for 
remote services such as telnet. Since the former one 
dominates the traffic volume, we name this class the 
“HTTP traffic” as a whole. As a matter of fact, at the 
time when web user requests an Internet page, he will 
be impatient at waiting long time before retrieving the 
information. In worst case when the delay is unbearable, 
he will even shut off the browser and never try again. 
Subsequently, the utility function of HTTP traffic, 
different from TCP elastic traffic, has a minimum 
tolerable bandwidth Bmin4, below which the utility drops 
directly to zero. 

We depict HTTP traffic’s utility function in Fig. 1(d) 
and derive its expression as (5). 

4 min 4 4 min 4
4 4 4 4 max 4

max 4 min 4

log( / ) sgn( ) 1
( ) (0 )

log( / ) 2

b B b B
u b V b B

B B

− += ⋅ ≤ ≤ (5) 

There b4 denotes the actual bandwidth allocated to 
each HTTP application. Bmax4 denotes the maximal 
bandwidth requirement, beyond which web user will 
gain little utility increment. We take a typical setting of 
Bmin4 =24Kbps and Bmax4 =10Mbps. 

 
2.5. Other UDP traffic 

 
Domain Name System (DNS) packets, other 

streaming media traffic as well as on-line gaming traffic 
all belong to this class. Featuring its delay-sensitive 
characteristic, UDP traffic’s utility function resembles 
that of IPTV traffic, with an intrinsic bandwidth and a 
minimal bandwidth requirement. However, UDP 
traffic’s bandwidth requirements are far less than IPTV 
traffic. For streaming media applications its intrinsic 
bandwidth is about multi-hundred Kbps to multi-Mbps. 
For on-line gaming applications, many surveys [17][18] 
indicate that a bandwidth of tens of Kbps is capable 
enough to guarantee a smooth running of most games. 
Knowing that every application type in this class has a 

utility function similar to IPTV traffic, as given in (2), 
we can derive UDP traffic’s expected utility function. 
Assume that there are n types of applications in UDP 
traffic and their proportions are p51,…p5i,…p5n 
(1 )i n≤ ≤ , which satisfy 

51
1

n

ii
p

=
=∑ . Meanwhile, we 

denote their intrinsic bandwidth as 
Bmax5,…Bmax5i,…Bmax5n (1 )i n≤ ≤ , respectively. Then 

UDP traffic’s utility function is calculated as below (For 
detailed derivations, please refer to part 2 in Appendix), 
whose shape resembles Fig. 1(b). 

5 55 5 5 5 max5

1
( ) (0 )

1 (1/ 1) r bu b V b B
eε −= ⋅ ≤ ≤

+ −
  (6) 

5 max 52ln(1/ 1) / (1 )i ir B i nε= − ≤ ≤     (7) 

5 5 51
1/ ( / )

n

i ii
r p r

=
= ∑        (8) 

max 5 5 5 max 51
2ln(1/ 1) /

n

i ii
B r p Bε

=
= − =∑    (9) 

There b5 denotes the average bandwidth allocated to 
each UDP application. Bmax5 denotes the intrinsic 
bandwidth required by each UDP application on 
average. We can see that UDP traffic’s expected utility 
function still holds the same format with (2). Generally 
speaking, Bmax5 is always about hundreds of Kbps and 
here we set it to a typical value of 500Kbps. ε has the 
same significance with that of IPTV traffic and we set it 
to a typical value of 0.001. 
 

3. Network utility maximization 
 

Based on NGN traffic’s utility functions, we can 
solve the congestion-phased bandwidth allocation issue 
while conforming to NUM. Consider a single link with 
a total bandwidth of C, and denote the number of NGN 
users utilizing this link as N and the proportions of the 
five traffics classes as p1, p2, p3, p4, p5, corresponding to 
VoIP, IPTV, TCP elastic, HTTP and other UDP traffic, 
respectively. They satisfy 

1 2 3 4 5 1p p p p p+ + + + = . We 

also assume that users in the same traffic class will be 
provided with equal utilities and bandwidth since their 
payments are nearly the same. Therefore, the total utility 
of traffic class i can be written as ( )i i i iU Np u b= . 

Then, the total utility gained on this link is: 

1 1 1 2 2 2 3 3 3 4 4 4 5 5 5( ( ) ( ) ( ) ( ) ( ))U N p u b p u b p u b p u b p u b= + + + +  (10) 

While the bandwidth allocation is restricted by: 

1 1 2 2 3 3 4 4 5 5Np b Np b Np b Np b Np b C+ + + + ≤   (11) 

To solve this nonlinear programming problem of (10), 
we apply the Lagrange Multiplier method with KKT 
(Karush-Kuhn-Tucker) conditions named as KKT 
method: 

KKT Method: The nonlinear optimization to 
maximize 

1 2( , ,..., )nf x x x  subjecting 
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to
1 2( , ,..., ) 0i ng x x x ≤  and 

1 2( , ,..., ) 0j nh x x x =  can be 

equalized to solve: 
* * * * * * * * *
1 2 1 2 1 2

1 1

( , ,..., ) ( , ,..., ) ( , ,..., ) 0
m l

n i i n j j n
i j

f x x x g x x x h x x xλ µ υ
= =

∇ + ∇ + ∇ =∑ ∑
(12) 

* * *
1 2( , ,..., ) 0 ( 1,2,..., )i i ng x x x i mµ = =  ( ∇ : gradient) (13) 

Each * * *
1 2( , ,..., )nx x x  satisfying (12) and (13) is a 

local solution for the maximization of 
1 2( , ,..., )nf x x x . 

There 0λ ≤ , and 0( 1,2... )i i mµ ≥ = . 

1 2( , ,..., ) 0i ng x x x ≤  (1 )i m≤ ≤ are the inequality 

constraints and 
1 2( , ,..., ) 0 (0 )j nh x x x j l= ≤ ≤  are the 

equality constraints, while m and l are the numbers of 
these constraints, respectively. The objective function 
( : nf R R→ ) and the constraint functions ( : n

ig R R→ ) 

and ( : n
jh R R→ ) should be continuously differentiable 

at the maximization point * * *
1 2( , ,..., )nx x x .   ■ 

KKT method is very useful in solving nonlinear 
programming as well as the NUM problem. However, 
accurate and comprehensive solution requires 
substantial complicated computations. There we only 
adopt a simplified form of KKT method which is 
enough to ravel out the NUM problem for triple-plays. 
Effectively, our results cover nearly all possible 
situations in congestion-phased scheduling of NGN. We 
illustrate our solution as below. 

By observing NGN traffic’s utility functions, we can 
see that compared to TCP elastic/HTTP traffic, 
VoIP/IPTV/other UDP traffic’s utility functions are 
relatively smoother around the beginning of the 
functions, while experiencing expeditious increase 
around the Bmax (Bmin for VoIP). Therefore, we can 
deduce that when the network is over-congested at some 
very large user number Nt, it is not cost-effective to 
allocate bandwidth to VoIP/IPTV/other UDP traffic 
since even letting them stuff the link will not boom the 
utility. This fact leads to the method of starving these 
bandwidth-hog traffic and reassigns their bandwidths to 
other bandwidth-friendly TCP elastic/HTTP traffic. We 
call this user number Nt or the corresponding bandwidth 
requirement the “Turning Point” (TP) in bandwidth 
allocation. For VoIP, IPTV and other UDP traffic class, 
generally they have different TP values, due to different 
bandwidth requirements. Below we provide an 
algorithm based on Lagrange Multipliers method to find 
the TP. We take IPTV for example, and TP of other 
traffic classes can be derived similarly. 

First we assume that when bandwidth allocation 
reaches IPTV’s TP, IPTV’s bandwidth drops from Bt 
directly to zero. Before IPTV traffic is discarded, other 
traffic’s bandwidth is surely beyond zero. Since 

VoIP/other UDP traffic has rather small bandwidth 
requirement compared to IPTV traffic, and TCP 
elastic/HTTP traffic will gain considerable utility even 
when bandwidth allocation is very small, we further set 
the bandwidth of VoIP and other UDP traffic to nearly 
the maximal one before IPTV’s TP. Based on these 
assumptions, we derive (14) and corresponding 
algorithm for approximately calculating the TP of IPTV. 
(Detailed derivations are presented in part 3 of 
Appendix) 

3 32 2

2

* * 1
3 4 3 4log( ) log( )

1 (1/ 1) t

a aa a
r B

a
b b b b

eε −= +
+ −

  (14) 

Where: 
1 1 min1 5 max5/C C N p B p B= − −  

2 1 min1 5 max5 2/ tC C N p B p B p B= − − −  

1 2 2a V p=  3 3
2

max3log( 1)

V p
a

B
=

+
 4 4

3
max 4 min 4log( / )

V p
a

B B
=  

2 1
3

2 3 3

a C
b

a a p
=

+
3 1

4
2 3 4

a C
b

a a p
=

+
* 2 2
3

2 3 3

a C
b

a a p
=

+
* 3 2
4

2 3 4

a C
b

a a p
=

+
 

In (14), under a certain value of Bt we can find 
corresponding N by iterations. When we linearly 
decrease Bt from some initial value, say Bmax2, 
corresponding N will keep increasing until Bt reaches its 
actual value and N reaches Nt. This is because as Bt 
decreases, more applications can be allocated bandwidth. 
Thus we can get the approximate values of Bt and Nt, 
otherwise it indicates that the TP of IPTV traffic is 
behind that of VoIP and other UDP traffic. This 
algorithm is shown in Fig. 2. 

In Fig. 2, 
B∆  is the step of linearly decreasing Bt. 

tol  is the tolerance which is to measure the difference 
of the left and right side of expression in (14). 

tol∆  is 

the step of increasing tol . 
N∆  is the step of 

increasing N. epslilon is the beginning value of tol, 
which can be set to a small value. 

1 2 1 2

max 2

1 2

1 2

2

1 2

1 2

1 2

1

; ; ; ; ; ; ; ; ; ;

;

{

; ; ;

; , ;

(; 0; ){

1; ; , 0;

(; & & 0 & & 0; ){

, ;

B tol N U

t

t t B

U

tol

U N

N N tol epsilon U U

B B

do

B B N N tol epsilon

C C negative

for C

N tol tol C C

for tol C C N N

calculate C C

U the left side of ex

∆ ∆ ∆ ∆
←

← − ∆ ← ←
∆ ← +∞ ←

<
← ← + ∆ ←

∆ ≥ ≥ ≥ ← + ∆

←

2

1 2 2

2 1

(14);

(14);

; ;

}}} ( )
U

pression in

U the right side of expression in

U U N N

while N N

←
∆ ← − ←

>
Fig. 2. Algorithm for finding the TP of IPTV 
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For VoIP/other UDP traffic, we can also find their TP 
similarly. However, generally speaking, since IPTV 
traffic requires much larger bandwidth than VoIP and 
other UDP traffic, its TP usually appears much earlier. 

After finding the TP, we can apply the Lagrange 
Multipliers method without KKT conditions to solve the 
NUM problem in (10), since bandwidth allocation 
before TP are very normal without discontinuous point. 

 Lagrange Multipliers method without KKT 
conditions: The nonlinear optimization to maximize 

1 2( , ,..., )nf x x x  subjecting to  
1 2( , ,..., ) 0j nh x x x =  can 

be equalized to solve: 

* * * * * *
1 2 1 2

1

( , ,..., ) ( , ,..., ) 0
m

n i i n
i

f x x x h x x xλ
=

∇ + ∇ =∑   (15) 

Each * * *
1 2( , ,..., )nx x x  satisfying (15) is a local solution 

for the maximization of 
1 2( , ,..., )nf x x x . 

There 
1 2( , ,..., ) 0 (0 )j nh x x x j l= ≤ ≤  are the 

equality constraints, while l is the number of these 
constraints. ( : nf R R→ ) and ( : n

jh R R→ ) are 

functions with continuous first partial derivatives and 

1 2( , ,..., ) 0 (0 )j nh x x x j l∇ ≠ ≤ ≤  on the curve.  ■ 

Because there is a discontinuous point in VoIP 
traffic’s utility function, we can first exclude it and 
apply Lagrange Multipliers method to other four traffic 
classes to obtain: 

3 3 5 52 2 4 4

2 3 4 5 2 3 4 5

( ) ( )( ) ( ) 1 1 1 1
: : : : : :

du b du bdu b du b

db db db db V V V V
=  (16) 

With
1 1 2 2 3 3 4 4 5 5Np b Np b Np b Np b Np b C+ + + + = , there 

are totally four equations. Apparently for VoIP traffic, 
its bandwidth is zero or Bmin1, while any other values do 
not make sense. So we can respectively discuss when 
VoIP traffic’s allocated bandwidth is zero and Bmin1. By 
solving (16), we finally obtain the bandwidth allocation 
result for all NGN traffic. 

 

4. Numeric results and analysis 
 
In this section, we implement the method given in 

Section 3 to compute the numeric results of the 
bandwidth allocation. For comparison, results calculated 
by nonlinear programming software (LINGO) are also 
presented. After detailed illustration of these results, we 
further compare them with the strict-priority scheduling 
and discuss their impacts on the pricing strategy. 

We mainly investigate bandwidth allocation under 
two network scenarios. The first one is current Internet, 
where HTTP and TCP elastic traffic still dominate the 
volume; the other is the prospective NGN, where the 
emerging services, especially the IPTV traffic, will 
dominate the network. 

Moreover, for each network we respectively calculate 
results in two situations: 1) when the maximal utilities 
among different traffic classes are the same, namely 
Maximal Utility Equalization (MUE). The Vscale 
(formerly referred as V1~V5) of each traffic is set to 1 
fixedly; 2) when the maximal utilities for each traffic 
class are not equalized, namely Maximal Utility 
In-equalization (MUI). The Vscale of each class are 
differed and determined by specific traffic requirements 
and importance for users and ISP. Since IPTV traffic 
demands the largest bandwidth on average than all other 
traffic classes, we set V2 to 9 according to its average 
bandwidth demand. Although VoIP traffic’s bandwidth 
requirement is relatively rather small, considering its 
importance, we set V1 to 1. For other traffic classes, we 
set V3, V4, V5 to 1, 1.5, and 2, respectively. 

Later bandwidth allocation will be carried out in a 
bottlenecked link with a raw bandwidth of C=10Gbps. 
 
4.1 Data-dominated Network 

 
Recent trace observation [15] reveals that in current 

IP network 60%-90% traffic in bytes are TCP traffic 
(including TCP elastic traffic and HTTP traffic) and the 
remaining 10%-40% are UDP traffic. According to such 
traffic pattern, we typically set traffic proportions in our 
concerned data-dominated network to 10%, 10%, 10%, 
50% and 20% for VoIP, IPTV, TCP elastic, HTTP and 
other UDP traffic. 

The bandwidth allocation results when congestion 
degree increases under MUE assumption is depicted in 
Fig. 3, (a) for results using theoretical computation 
whose method is given in Section 3, and (b) for results 
computed by LINGO. There congestion degree is 
defined as the proportion of total bandwidth 
requirements of all users to the actual raw bandwidth C, 
and bandwidth allocation result of each class is given by 
the provisioning proportion of actual allocated 
bandwidth to the maximal required bandwidth. The two 
categories of results are nearly the same, which reflects 
the correctness of our theoretical solution. From these 
figures, we can see that as congestion degree grows, 
IPTV traffic’s bandwidth decreases slowly at first to 
about 60%, then after the TP at congestion degree of 7, 
suddenly drops to zero. Meanwhile, bandwidth of TCP 
elastic and HTTP traffic decrease fast as the link 
becomes congested. When congestion degree is 2, they 
only acquire 23% and 4% of their maximal bandwidth. 
However, after IPTV’s TP, these two traffic classes 
retrieve some bandwidth from what is dropped by IPTV. 
Contrastively, VoIP and other UDP traffic are 
guaranteed of nearly the maximal bandwidth. Especially.
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(a)          (b) 

Fig. 3. Bandwidth allocation results of multi-class traffic in data-dominated network under MUE assumption: 
(a) use Lagrange Multiplier method. (b) use LINGO. 
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Fig. 4. Bandwidth allocation results of multi-class traffic in data-dominated network under MUI assumption: 
(a) use Lagrange Multiplier method. (b) use LINGO. 

 

for VoIP traffic, no bandwidth degradation is observed 
even when congestion degree increases beyond 10. 

For the case under MUI assumption, we depict the 
bandwidth allocation results in Fig. 4(a) and Fig. 4(b). 
The bandwidth variation in this case is in similar trends 
with that under MUE. However, a significant difference 
is that the TP of IPTV traffic is forwarded from 
congestion degree 7 to 12, which means that IPTV 
traffic is guaranteed of bandwidth even under heavier 
traffic loads. From this we can deduce that assigning 
IPTV with higher maximal utility will provide it with 
better QoS guarantees. This is easy to understand since 
more important traffic should be better served from the 
point of NUM. 

 
4.2. IPTV-dominated network 
 

In prospective NGN, IPTV applications may occupy 
a large share in traffic volume. For such 
IPTV-dominated network, we typically set traffic 
proportions to 10%, 50%, 10%, 20% and 10% for VoIP, 
IPTV, TCP elastic, HTTP and other UDP traffic 
respectively. 

Bandwidth allocation results under MUE assumption 
is depicted in Fig. 5, (a) for results using theoretical 
computation, and (b) for results obtained by LINGO. 
Similarly to data-dominated network, as congestion 
degree increases IPTV traffic’s bandwidth decreases 
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(a)         (b) 

Fig. 5. Bandwidth allocation results of multi-class traffic in IPTV-dominated network under MUE assumption: 
(a) use Lagrange Multiplier method. (b) use LINGO. 
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Fig. 6. Bandwidth allocation results of multi-class traffic in IPTV-dominated network under MUI assumption: 
(a) use Lagrange Multiplier method. (b) use LINGO. 

 

slowly at first to about 50%. Then after the TP at 
congestion degree of 3.5, it suddenly drops to zero. At 
the same time, bandwidth of TCP elastic and HTTP 
traffic decrease fast. At congestion degree of 2, they 
only acquire 8% and 15% of their maximal bandwidths. 
After IPTV’s TP, bandwidths of these two traffic 
classes experience a great advance by retrieving the 
bandwidth reallocated from IPTV traffic. Meanwhile, 
bandwidths of VoIP and other UDP traffic retain at their 
maximal bandwidth requirements most of the time. 

For the case under MUI assumption, the results are 
depicted in Fig. 6. Compared to the results under MUE 
shown in Fig. 5, the TP of IPTV traffic is forwarded 
from congestion degree 3.5 to 6, which resembles the 

difference between Fig. 3 and Fig. 4. 
Summarizing the numerical results in both scenarios, 

we can generalize some conclusions as below. 
a) In both data-dominated and IPTV-dominated 

networks, no matter under MUE or MUI, VoIP traffic is 
always guaranteed of maximal bandwidth. This is 
because compared with other traffic its bandwidth 
requirement is rather small, only about 64Kbps, making 
VoIP the most cost-effective traffic even when network 
is severely congested. 

b) In both network scenarios, before IPTV traffic’s 
TP, its bandwidth decreases nearly linearly, slower than 
that of TCP elastic and HTTP traffic. However, once the 
congestion degree exceeds its TP, IPTV’s bandwidth 
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drops to zero directly. 
c) Under most cases, bandwidth allocated to other 

UDP traffic is stable, always about 500Kbps, which is 
UDP’s maximal bandwidth requirement. This is because 
its TP is much later than that of IPTV. 

d) When network is under utilized, TCP elastic and 
HTTP traffic can be guaranteed of abundant bandwidth. 
However, as network congestion grows, their 
bandwidths decrease almost exponentially. 

e) IPTV’s TP will change if its traffic proportion or 
maximal utility varies. Either lowering the traffic 
proportion of IPTV or assigning it with larger maximal 
utility value will cause the TP to postpone, and 
subsequently offer IPTV traffic with better bandwidth 
guarantee. 

Apart from these, our numeric results also prove that 
the theoretical method proposed in Section 3 is valid 
and accurate to execute bandwidth allocation since the 
nonlinear maximization using LINGO presents nearly 
the same results. 
 

5. Discussion 
 

Previous bandwidth allocation schemes for triple-play 
services mostly adopt the strict-priority scheduling, 
which assigns highest priority to VoIP traffic, second 
highest priority to IPTV and lowest priority to other 
data traffic. Comparing with our results, we find that 
while the VoIP traffic can still be scheduled with 
highest priority, assigning IPTV traffic with 
second-highest priority is not well supported from the 
objective of NUM. At highly congested networks, the 
utility gain in allocating bandwidth to IPTV traffic is 
rather limited since it has a considerably high bandwidth 
threshold to be well provisioned. 

From our results in Section 4, when the maximal 
utility of IPTV traffic is elevated, its bandwidth 
guarantee is also improved. However, this elevation is 
unfair to other traffic classes. A method to figure that is 
to charge IPTV user more than the other users. Future 
works will be carried out to calculate how maximal 
utility is set and how much price is charged if ISP wants 
to guarantee IPTV service without affecting global 
welfare (NUM). This problem will be much more 
complicated if the gaming between ISP and users is also 
involved. 
 

6. Conclusion 
 

In this paper, we studied the problem of scheduling 
and bandwidth allocation for triple-play services in the 
objective of NUM. Through generalizing the utility 
functions of five traffic classes inside NGN, we 

explicitly solve the equivalent nonlinear optimization 
problem and present theoretical method to compute 
bandwidth allocation results. Both this method and 
nonlinear programming software toolkit are applied to 
derive numerical results under two network scenarios. 
Our results indicate several features of such bandwidth 
allocations: (1) VoIP and other low-throughput UDP 
traffic can always be guaranteed of sufficient bandwidth; 
(2) As congestion becomes severer, IPTV’s bandwidth 
decreasing encounters a quickly deteriorating point, 
which is quite concerned with IPTV traffic’s proportion 
in the network and the utility differentiation among 
traffic classes; (3) The TCP elastic and HTTP traffic 
experience exponential bandwidth degradations when 
congestion degree increases. 
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8. Appendix 
 

8.1. Derivations of IPTV’s utility function 
 

We use Logistic model to represent IPTV traffic’s 
utility function, which can be written as: 

2
2 2( ) 1/(1 ) ( , 0)qbu b pe p q−= + >     (17) 

There b2 denotes the actual bandwidth allocated to 
each IPTV application, u2 denotes the corresponding 
utility. p and q are parameters which are to be solved. 

When bandwidth allocated to IPTV application is 
Bmin2 the utility gained is a small value which is nearly 
zero, say ε, and when bandwidth is Bmax2 the utility is a 
value which is nearly 1, say 1-ε. Then we have: 

min 22 2

1
( )

1 qB
u b

pe
ε−= =

+
, 

max 22 2

1
( ) 1

1 qB
u b

pe
ε−= = −

+
 

By solving these two equations we obtain: 
max 2 min 2

max 2 min 2(1/ 1)
B B

B Bp ε
+
−= −   

max 2 min 22ln(1/ 1) /( )q B Bε= − −  

Because Bmin2 is rather small compared to Bmax2, p and 
q can be approximately written as: 

(1/ 1)p ε= −          
max 22ln(1/ 1) /q Bε= −  

Considering V2, which is the Vscale of IPTV traffic, 
IPTV’s utility function can at last be written as (2). 
 
8.2. Derivations of other UDP’s utility function 

 

Suppose the total utility and total bandwidth of other 
UDP traffic respectively are U5 and B5, and the number 
of UDP applications is N5. Since each UDP application 
shares equal utility which is

5 5 5( ) /U B N , we have: 

1
5 5 5 5 5 5 51

( ) ( ( ) / )
n

i ii
N p u U B N B−

=
=∑  

Where u5i is the utility function of the i application 
type in other UDP traffic. Then we get: 

1 1
5 5 5 5 5 5 51
( ) ( ) ( )

n

i ii
U B N N p u B− −

=
= ∑     (18) 

By calculating the reverse function of u5i we get: 
15

5 5 5 5 5 5 51
5 5

11 1
( ) ( ( ( ) ln( ))( )) ( )

1/ 1

n i
i ii

i i

u
U B N N p u B

r uε
−

=

−= −
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Since each UDP application shares equal utility, we 
have 

51 52 53 54 55u u u u u u= = = = = , then: 

15 5
5 5 5 51

5

1 1
( ) ( ( ln( ))( )) ( )
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n i
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U B N u B
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−

=
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Again by calculating the reverse function, we have: 

5 5

5
5 5( )

1 (1/ 1) r b

N
U B

eε −=
+ −

     (19) 

Where 
5 5 51

1/ ( / )
n

i ii
r p r

=
= ∑  and 

5 5 5( / )b B N=  

Considering V5, which is the Vscale of other UDP 
traffic, its expected utility function can be written as (6). 
 
8.3. Derivations of Expression in (14) 

 

For bandwidth of VoIP, HTTP and other UDP traffic 
we have assumptions that: 

1 min1b B=   
4 min 4b B≥   

5 max 5b B=  

Restriction for total bandwidth is: 

1 min1 2 2 3 3 4 4 5 max5Np B Np b Np b Np b Np B C+ + + + ≤  

The global utility of the link can be written as: 

2 2

3 32 2
3
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4 4 4 4 min 4
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Set that: 

1 2 2a V p=  3 3
2
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V p
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+
 4 4

3
max 4 min 4log( / )

V p
a

B B
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Then we have: 
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Since at IPTV’s TP its bandwidth drops from Bt to 
zero, and the maximal global network utility must be 
equal when IPTV’s bandwidth is zero and when it is Bt, 
there are 

32
1 3 4 4 2(log( ) ) ( 0)aaU N b b a when b= + =

3 3 4 4 1 min1 5 max5/p b p b C N p B p B+ ≤ − −  

32

2
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tr B

a
U N b b a when b B
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+ −

 

3 3 4 4 1 min1 5 max5 2/ tp b p b C N p B p B p B+ ≤ − − −  

Because maximal U1 and U2 are equal, we have: 

3 32 2

2

* * 1
3 4 3 4log( ) log( )

1 (1/ 1) t

a aa a
r B

a
b b b b

eε −= +
+ −

  (20) 

Where:
3 3 4 4 1 min1 5 max5/p b p b C N p B p B+ ≤ − −   (21) 
* *

3 3 4 4 1 min1 5 max5 2/ tp b p b C N p B p B p B+ ≤ − − −  (22) 

By maximizing both sides of (20) under (21) and (22), 
we finally get the value of b3, b4, *

3b and *
4b , and 

expressions for calculating IPTV’s TP shown in (14). 
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