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We have designed and investigated a new congestion 
control scheme, called optimal and fully explicit (OFEX) 
controller. Different from existing relatively explicit 
controllers, this new scheme can provide not only optimal 
bandwidth allocation but also a fully explicit congestion 
signal to sources. It uses the congestion signal from the 
most congested link instead of the cumulative signal from 
the flow path. In this way, it overcomes the drawback of 
relatively explicit controllers exhibiting bias toward multi-
bottlenecked users and significantly improves their 
convergence speed and source throughput performance. 
Furthermore, our OFEX-controller design considers a 
dynamic model by proposing a remedial measure against 
the unpredictable bandwidth changes in contention-based 
multi-access networks. Compared with former 
works/controllers, this remedy also effectively reduces the 
instantaneous queue size in a router and thus significantly 
improves queuing delay and packet loss performance. We 
have evaluated the effectiveness of the OFEX controller in 
OPNET. The experimental comparison with the existing 
relatively explicit controllers verifies the superiority of our 
new scheme. 
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I. Introduction 

Since the seminal work laid by Kelly [1], network utility 
maximization (NUM) has emerged as a promising framework 
in network congestion control protocol design and received 
wide investigation. Many literatures, for example, [2]–[8], have 
been published since. There are also books or tutorials on the 
theory of NUM; for example, [9]–[10].  

Based on the two categories of existing congestion control 
algorithms (that is, primal and dual) generalized in [7] and [11], 
our investigation showed that dual algorithms should be 
classified more carefully into “relatively explicit algorithms” 
and “fully explicit algorithms” because this would help to 
expose the shortcomings of the existing NUM-based dual 
algorithms, all of which are relatively explicit protocols to the 
best of our knowledge. This sub-classification provides the 
reasons of our research and therefore motivates us to propose 
remedies, which form the basis of our study. 

The primal algorithms, as defined in [7] and [11], broadly 
correspond to implicit congestion control mechanisms where 
noisy feedback from the network is averaged at sources using 
increase/decrease rules, which are commonly found in 
transmission control protocol (TCP) and TCP + random early 
detection/marking approaches [12]. 

For relatively explicit algorithms, they broadly correspond to 
congestion control approaches where sources can adjust their 
sending rates according to certain algorithms (for example, 
end-user control equations or demand functions) in response to 
the congestion information fed back by links. We consider the 
congestion signals in these types of algorithms to be relatively 
explicit because the links do not directly feed the allowed 
sending rate or rate changes back to sources. Instead, it is the 
duty of the sources to derive the sending rate according to their 
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own algorithms. In the relatively explicit algorithms, the 
Lagrangian multiplier used in optimizations is often 
economically interpreted by revenue management as the total 
price that a source has to pay for a network [13]. 

The fully explicit algorithms broadly correspond to the 
explicit congestion control protocols where the links directly 
allocate their capacities to the passing flows (according to some 
averaging mechanism) by feeding back the allowed sending 
rate (hence fully explicit signal) back to sources.  

A primal rate and a dual rate control protocol based on utility 
functions has been proposed [1], in which each user s, has a 
utility Us(xs) (by assuming the sending rate of user s is xs). The 
objective is to maximize the aggregate utility of all users based 
on a series of network capacity constraints. Each user 
implements an additive increase and multiplicative decrease of 
its data rate based on feedback information cumulated from 
links [14]; consequently, network-wise proportional fairness is 
achieved among the users. A method similar to [1] was used to 
solve the utility function–based problem using different 
marking implementations of the algorithm [2]. They proved the 
convergence of the algorithm in both synchronous and 
asynchronous conditions. Specifically, each link updates its 
congestion signal based on the received rates. Then, the 
relatively explicit congestion signals from all links along the 
path are summed up and fed back to the sources, which use 
demand functions to compute new sending rates. 

Based on implicit congestion information, as in TCP, a 
pricing mechanism [15] modeled with NUM was introduced to 
not only guarantee fairness but to also maximize the overall 
utility of users. The algorithm can adjust the congestion prices 
(that is, the relatively explicit congestion signal) that users will 
use to regulate their window size so as to achieve a system 
optimum. Further, the equilibrium prices are such that the 
system optimum can achieve a weighted proportional fairness. 

In contrast to solving the congestion control problem for 
single-path routing with NUM, the utility function method for 
multi-path routing networks has been applied [6] where a 
distributed algorithm was developed and analyzed to solve a 
NUM problem. Specifically, a “dual-update algorithm” 
computes the relatively explicit congestion signals attached to 
the dual variables, and a “primal update algorithm” computes 
the source sending rate for different paths given the congestion 
signals. 

To understand the connection between existing network 
congestion control algorithms and optimal control theory, 
utility functionals that can be maximized by existing 
algorithms have been investigated [16], and results have shown 
that there exist meaningful utility functionals whose 
maximization can lead to the celebrated primal, dual, and 
primal-dual algorithms. 

More dual traffic control algorithms can be found in [17]–
[20]. However, our investigation reveals that they all share the 
following issues: 

1)  The algorithms can “bias” multi-bottlenecked flows in 
terms of their source sending rates (or throughput) and their 
convergence performance, due to the fact that their source is 
adjusting the sending rates according to cumulative congestion 
signals. The more bottlenecks a flow passes through, the more 
“bias” it encounters. Such an issue is unavoidable in these kind 
of duality models because of their network-wise proportional 
fairness mechanism [21]. As a matter of fact, such an issue has 
already been considered in TCP/IP networks, and the 
correcting measures have been discussed in [22] accordingly. 
In this paper, our research for explicit congestion control 
algorithms is based on the same consideration. That is, there is 
no compelling reason for long flows passing through multiple 
bottlenecks to suffer from low throughput [22]. 

2)  Most of the algorithms take on a fixed link bandwidth 
assumption that can make contention-based networks 
ineffective (such as, the multi-access Ethernet or IEEE 802.11) 
because deterministic link capacity is usually unavailable in 
such networks. Furthermore, there is no easy way to predict the 
contentions/interferences that can happen anytime in the highly 
dynamic networks; therefore, estimations to link bandwidth are 
quite often inaccurate (due to conservative or over-estimation) 
or simply wrong; these have resulted in stability issues [23], 
[24]. There are some NUM-based works that have considered 
varying link capacity. For example, stability/sensitivity issues 
were studied in a network with varying link capacity (for 
example, in [5]), but no remedial measure against bandwidth 
variations was proposed. Others (for example, [25]-[27]) have 
only modeled the link capacity as a function of the battery 
power of a node in wireless ad hoc networks and as such, these 
models are not applicable to wired networks. 

3) The methods to match the incoming traffic rate to the link 
capacity in these algorithms may incur long queuing delays or 
even cause packet loss after an overload. For example, a 
sudden influx of data can cause the incoming traffic rate to 
become greater than the link capacity. If this overload persists, 
the queue will quickly build up and even overflow the buffer. 
The queue can never dissipate even if the incoming traffic 
matches (remains equal to but not less than) the link capacity 
afterwards. We have noticed that the traditional controllers, 
explicit control protocol (XCP) [28] and rate control protocol 
(RCP) [29], relax such an issue by considering persistent or 
instantaneous queue size in their models under a fixed link 
capacity. However, both of them are based on the classical 
linear time-invariant control models and not NUM-based 
models [30]. 

We also note that, so far, many works have only considered a 
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bandwidth of less than 150 Mbps, which is not representative 
of today’s high-speed networks, for example, see [5], [6], [15], 
and [31]. There are works that consider a high link bandwidth, 
as in [32], but they are not fully explicit. 

In view of the aforementioned shortcomings of the current 
NUM-based relatively explicit protocols, we are motivated to 
propose a new scheme to address these issues. The general 
objective of this work is to design a fully explicit congestion 
controller that is superior to existing relatively explicit 
controllers so as to allow for the design of a fair, stable, zero-
loss, low-delay, and high-utilization network. Specifically, we 
would like to do the following: adapt the existing NUM 
approach to obtain an optimal and fully explicit rate-allocation 
mechanism that is capable of feeding congestion signals back 
from the most congested link, change the application domain 
of proportional fairness to fit the new scheme, model our 
scheme so that it is adaptable to time-varying network 
conditions, and simulate and evaluate our fully explicit 
congestion controller in high-bandwidth scenarios using the 
packet-based OPNET modeler [33]. 

To model the fully explicit controller as categorized above, 
we shall consider social welfare1) instead of end-user utility (as 
in the existing works). To do so, we formulate our problem 
based on the links of a network because they manage how 
much resource (that is, bandwidth) each end user should obtain, 
just as in the distribution of wellbeing by governments. 
However, the fundamental difference of our work is that our 
algorithm is based on the optimization for each link rather than 
the global optimization of all users and all links together as 
done in other existing works [4], [6] and [8]. This allows for a 
distributed algorithm where each link along a data path can 
desire a source sending rate, which means that we can design 
our new scheme with the congestion signal fed back from the 
most congested link (which results in network-wise and max-
min fairness) instead of the cumulative congestion signal over 
the flow path. In this way, we avoid a centralized global 
optimization and reduce the traffic required to broadcast the 
link prices in the existing works. On the other hand, applying 
proportional fairness across the network in our new scheme 
will be impractical, and we will rethink its application in our 
scheme.  

Theoretically, we will formulate and solve our problem with 
a convex optimization approach. Based on the duality 
technique, the scheme can be converted into a dual problem so 
that we can economically interpret the Lagrangian multiplier as 
“a unit bandwidth price” that a router uses to “sell” its link 
bandwidth. Then, we employ the resource management (RM) 

                                                               

1) Social welfare originally means the provision of a minimal level of wellbeing and social 

support for all citizens from government or organizations [34]. 

theory from economics [35] to interpret such a “price” under 
various traffic conditions, just like plane ticket prices fluctuate 
according to travel seasons. To rectify the unpractical and static 
assumption of link bandwidth in former works, we would like 
to include the time-varying feature of networks to allow our 
controller to take on more general applications. To this regard, 
we will incorporate the queue size q(t) into our controller 
model as a remedial measure since queue size is always able to 
reflect traffic or bandwidth dynamics upon congestion. In the 
meantime, we hope such a remedial measure can also 
encompass an ability to overcome the big queuing delay and 
potential packet loss problems of existing algorithms. 

We shall verify the effectiveness of our fully explicit traffic 
controller using the OPNET Modeler [33], which is capable of 
providing configurations and implementations close to real-
world internet practices. 

The contributions of our work lie in: identifying a new class 
of NUM-based algorithms, called fully explicit congestion 
control protocol, for the proper formulation of an optimized 
traffic congestion controller; extending the NUM approach to 
formulate a distributed OFEX congestion controller, which 
exercises link-wise proportional fairness to achieve network-
wise max-min fairness, thus overcoming the drawback of 
existing relatively explicit congestion controllers “biasing” 
multi-bottlenecked users; and proposing the use of q(t) as a 
remedial measure against time-varying link capacities, thus 
making the OFEX controller applicable in general networks. 
Furthermore, with the remedial measure, the queue size can be 
kept at a low level upon congestion, thus improving queuing 
delay performance and reducing packet-loss probability. To the 
best of our knowledge, no other NUM-based controllers 
consider queue size in their design. 

II. Network Operation, Modeling, and Assumptions 

1. Network Layout and Operation Principle  

In a heterogeneous network topology, hosts are attached to 
access routers which cooperate with core routers to enable end-
to-end communications. Using a graph model description, we 
represent such a network by G = (S, L), where S = {s1, s2, s3 

…} represents the set of hosts and L = {l1, l2, l3 …} represents 
the set of links in all routers of a network. For simplicity later 
on, we may omit the subscript of an element in the set S or L to 
use it to denote any element in the set. For example, we may 
use l to represent any link in the set L. 

Congestion occurs when many flows traverse and overload a 
link, thus causing a bottleneck effect. Along an end-to-end data 
path, one or more links may be bottlenecks. Therefore, we 
need to implement some control schemes in routers to prevent 
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internet congestion. Below is the general operation principle of 
our OFEX controller, in which sources adjust their sending 
rates according to the most congested link on their flow path. 

To support the new algorithm to be given later, two new 
fields are needed in a packet header. One field is the flow 
weight s  that each source ( )ls S t  uses to embed a 
“price” they are willing to pay for the network. The other field 
is Req. rate in the packet header, and this is used to record the 
permissible sending rate of a router. Each router along the data 
path will use the new algorithm to compute a permissible 
source transmission rate with a link-wise proportional fairness 
and compare it with the rate already recorded in the Req. rate 
field. If the former is smaller than the latter, the Req. rate field 
in the packet header will be updated; otherwise it remains 
unchanged. After the packet arrives at its destination, the value 
of the Req. rate field reflects the permissible rate from the most 
congested router along the path. The receiver then sends this 
value (fully explicit congestion signal) back to the source via 
the acknowledgement (ACK) packet, and the source then 
updates its sending rate accordingly. In this way, our scheme 
actually exercises network-wise max-min fairness. One can 
see that the local optimization in each link, to support the 
fully explicit signaling and the distributed nature of our 
OFEX controller, are what distinguishes our work from 
existing works—that is, the relatively explicit controllers, 
where they model the problem with an integrated 
optimization for all users and links and exercise the network-
wise proportional fairness. 

2. Link Optimization Model 

Of the several outgoing links possible at a router, we focus 
on all traffic queuing on one outgoing link. A link l, Ll  , in a 
router has a bandwidth capacity cl with a set of passing flows 
originated from the set of sources ( )lS t , ( )lS t S . Each 
source ( )ls S t carries a weight s to link l so that it can 
obtain a proportion of the bandwidth with which to transmit 
data at a rate of l

sx  (that is, Req. rate). We define “revenue” as 
the total income the resource owner may collect. The 
bandwidth sharing algorithm in link l can thus be formulated as 
an optimization problem, called PP below 

PP: 

max         
( )

( ),
l

l
s s

s S t

U x



                    

(1.1) 

subject to
( )

( )
l

l
s l

s S t

x c q t


  , ,l L              (1.2) 

where    0l
sx  , ( )ls S t .

                   
(1.3) 

Equation (1.1) is the objective function of link l to obtain the 
maximum “revenue” from forwarding traffic for all passing  

 

Fig. 1. Example router model. 
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flows. The function ( )l

sU x  is a social welfare function2) and 
is increasing strictly concave and twice continuously 
differentiable over l

sx . The weight s can be regarded as a 
“payment” of source s. The bandwidth is allocated by link l 
according to the “payment” (from lowest to highest) from the 
sources; just like the ranking of social states. The parameter cl 
is the nominal bandwidth (or say, face value of the bandwidth) 
of an outgoing link, which is predefined in a router. The actual 
link bandwidth, however, can be more than or less than cl [36].  

The variable q(t) is the instantaneous queue size, which can 
be accurately measured and monitored. The constant  ( >0) 
is a threshold parameter for q(t). Equation (1.2) is a constraint 

stipulating that the total incoming data rate 
( )l

l
s

s S t

x

  to link l, 

,l L   cannot exceed the link bandwidth cl when the 
instantaneous queue is emptied. 

Finally, equation and constraint (1.3) stipulates that source 
data rates are always positive, which means that once a flow is 
admitted to use a link l it is always allotted a portion of 
bandwidth. The total number of flows in link l is represented 
by |Sl(t)|. We define 1 2 ( )[ , , , ]

lS t  ψ   as the weight 
vector and define 

( )1 2[ , , , , , ]
S tl

l l l l
sx x x xlx    as the data-

rate vector of passing flows in link l, Ll  . We let Xl be the 
domain of xl, that is, the region where x satisfies (1.2) and (1.3). 

With such modeling and formulation we hope the readers 
can better understand the contributions of our work mentioned 
in section I. 

Figure 1 depicts an example to illustrate our example router 
model in which link l has three incoming flows and the total 
link capacity is cl. The controller formulated in (1.1)–(1.3) can 
assign optimal sending rates to each flow according to the 
weight i , i = 1, 2, 3 (see details in section III).  

III. OFEX Controller Design 

We would like to choose ( ) log( )l l
s sU x x  as the social 

welfare function for link l because it will give a convex 
                                                               

2) In economics, a social welfare function is a real-valued function that ranks conceivable 

social states (alternative complete descriptions of the society) from lowest to highest [37]. We 

borrow this terminology to draw the analogy between the ranking of social states and the way 

the sending rate of end users in the OFEX controller is determined. 
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objective function and is intimately associated with the 
concept of proportional fairness [38]. However, our modeling 
approach mandates that the proportional fairness in the OFEX 
controller has to be link-wise instead of network-wise as in the 
relatively explicit protocols. This is crucial for the OFEX 
controller to feed back the congestion signal from the most 
congested link as a fully explicit signal. 

PP is a primal problem [39]. We are going to solve it with its 
duality so that we can obtain and interpret the Lagrange 
multiplier as a unit bandwidth price. Then, we apply one of the 
Karuch-Kuhn-Tucher (KKT) optimality conditions3) to obtain 
the optimal data rate for all passing flows. 

To convert PP to a Lagrange dual problem, we need to apply 
Lagrangian relaxation by associating a Lagrange multiplier 

0l  , l L  , to constraint (1.2). Then, we use it to 
augment the objective function. The Lagrangian of PP is 

( ) ( )

( , ) log( ) ( ( ))
l l

l l
l s s l s l

s S t s S t

x x x c q t    
 

     .   (2) 

Note that the total “revenue” of link l now includes two parts. 
In addition to the revenue

 ( )

log( )
l

l
s s

s S t

x

  inherited from the 

objective function, it now has a congestion cost 

( )

( ( ))
l

l
l s l

s S t

x c q t 


  . If we assume l  is the congestion 

cost per unit bandwidth, then when 
( )l

l
s l

s S t

x c


 —that is, 

congestion is occurring because the aggregate incoming rate is 
greater than the link capacity—link l has to pay an additional 
cost to deal with the congestion, for example, using its queue 
buffer (that is, q(t) > 0) to temporarily accommodate for 
redundant data. Therefore, to avoid congestion, maintaining the 
congestion cost 

( )

( )
l

l
l s l

s S t

x c


 to be less than or equal to 

zero is ideal. We shall visit this issue later on in “Comment 2”. 
 Rearranging (2), we have 

( ) ( )

( )

( , ) log( ) ( ( ))

( log( ) ) ( ( )).

l l

l

l l
l l s s l s l l

s S t s S t

l l
s s l s l l

s S t

x x x c q t

x x c q t

     

   
 



   

   

 


  (3) 

Hence, the Lagrangian dual problem is 
DP: 

      min ( ),l
                           

(4.1) 

 0l  , l L  ,                    (4.2) 

where ( )l  is the dual function given by 

( )

( ) max[ ( log( ) )] ( ( )).
l
s

l

l l
l s s l s l l

x s S t

x x c q t    


      (5) 

                                                               

3) KKT optimality conditions [P244, 38] here refer to the series of constraints attached to 

the primal and dual problems of a convex optimization problem. 

Lemma 1 and Comment 1 below will justify the legitimacy 
of our transformation from problem PP to DP. 

Lemma 1: Strong duality holds between the primal problem 
PP in (1.1)–(1.3) and the Lagrangian dual problem DP in 
(4.1)–(4.2), that is, they have zero duality gap. 

Proof: For a convex optimization problem, if Slater’s 
condition [39] holds, the primal and the dual problem would 
have a zero duality gap. To see so, we need to check constraints 
(1.2) and (1.3) to see whether they meet Slater’s condition. 
Since the constraint (1.3) is of the form y = ax + b, it is an affine 
function; therefore, it automatically meets Slater’s condition 
(more precisely, (1.3) is the refined Slater condition). On the 
other hand, the constraint (1.2) is not affine. However, if there  

exists l
sx  so that (1.2) holds under 

( )

( )
l

s l
s S t

x c q t


  , then  

Slater’s condition can also be met. By checking (1.2), one sees 

that there indeed exists a strictly feasible point, for example, 
l
sx  0.5(cl – q(t))/|Sl(t)|, ( ),ls S t  where cl  > 0. Therefore, 

Slater’s condition holds and the proof follows.            ■ 

Comment 1 [39]: The establishment of lemma 1 enables us 
to solve the problem PP (1.1)–(1.3) by solving the problem DP 
(4.1)–(4.2), which is brought about by Lagrangian relaxation. 

Theorem 1: The problem DP in (4.1)–(4.2) can be solved 
by the gradient descent method guided by 

( 1) ( )

( )

[ ( ( ))]
l

k k l
l l s l

s S t

x c q t    



     ,      (6) 

where [ ] max(0, ),a a   and  is a constant step size with 
0  .  

Proof: Standard gradient descent method [39] allows us to 
write 

( 1) ( ) ( )k k
l l l       .

            
(7) 

From (6), we can obtain 

( )

( )
( ) ( ( )).

l

ll
l s l

s S tl

d
x c q t

d


 

 

     
     

(8) 

Therefore 
( 1) ( )

( )

( ( )).
l

k k l
l l s l

s S t

x c q t   



           (9) 

Consider (4.2), and use [a]+ to force l  in (9) to take on 

only non-negative values, and (6) follows.               ■ 
Comment 2: Equation (6) allows us to interpret how the link 

bandwidth can be managed from an economical perspective 
using RM.  

When congestion is taking place, that is, when
( )l

s l
s S t

x c


  

and q(t) > 0,
 l  increases in each iteration because 

( )

( )
l

l
s l

s S t

x c q t


   is positive. Otherwise (that is, when 
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( )l

s l
s S t

x c


  and q(t) = 0),
 l decreases. Economically, one 

may interpret l  as “a unit link bandwidth price.” Depending 

on the traffic loads, a link l, l L  , would adjust its l ; just as 

the way plane fares are adjusted by each airline company 
according to high or low travelling seasons. The parameter l  

stays unchanged when
( )l

l
s l

s S t

x c


  (Note: a very small q(t) is 

allowed in this case, as seen in our simulation later), which 
means l  has converged to its optimum *

l . In such a case, 

we say that the traffic demand (that is, the aggregate incoming 
traffic) and the bandwidth cl of link l, l L  , have struck a 
balance. 

Upon a sudden shrinkage of cl when the link is already fully 

utilized, q(t) must build up due to the decreased link output 

capability. Equation (6) stipulates that l  must increase to 

reflect the shortage of link bandwidth so that the sources can 

adjust their sending rate accordingly (see theorem 2 below). 

Note that the constant cl in the controller remains the same all 

the time. The physical bandwidth shrinkage can be caused by 

interference, a contention, or the joining-in of some 

uncontrolled traffics, such as user datagram protocol (UDP) 

flows. In contrast, recall that the relatively explicit controllers 

were designed without considering q(t) in their models; thus, 

they have no ability to detect the bandwidth dynamics which 

subsequently degrade their application. 
Theorem 2: The optimal data rate that each passing flow is 

allocated by link l, l L  , is simply 

*
*

l s
s

l

x



 .                 (10) 

Proof: For optimization, we set the gradient 

( , ) / 0l
l l sx x     from (4) 

* *
* *

( , )
0 .ll l s s

l sl l
s s l

x
x

x x

   





    


     (11) 

Thus, the unique optimal data rate *l
sx in (11) follows when 

l  converges to *
l with (6).                        ■ 

Due to space limit, the convergence and time-delayed 
stability analyses are not shown here.  

IV. Performance Evaluation 

We shall evaluate the performance and capability of our 
OFEX controller through a series of experiments.  

1. Simulated Networks 

We use OPNET modeler [33] to verify the effectiveness of  

 

Fig. 2. Network simulation topology: (a) single-bottleneck 
network and (b) multi-bottleneck network. 
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our new control scheme. With reference to the simulated 
network topologies in Fig. 2, we shall first study the single-
bottleneck network, which is a special case of multi-bottleneck 
networks and which has been the subject of many analyses, for 
example, [28], [29], and [40]–[42]. Therefore, we shall use it as 
a reference and for comparison with other relatively explicit 
controllers later. 

A. Single-Bottleneck Network 

Figure 2(a) shows a single-bottleneck network with multiple 
controlled source subnets (or say, groups) si (i = 1, 2, … , N) 
and destination subnets rj (j = 1, 2, … , M). The source or 
destination nodes with the same number are the subnet pairs, 
which form the source-receiver data flows in the network. The 
receivers in the destination subnets produce the reverse traffic 
by piggybacking ACK information to the sources. To 
investigate the controller behavior in the most congested router 
we choose Router 1 as the only bottleneck in Fig. 2(a), whereas 
Router 2 is configured to have sufficiently high service rate so 
that congestion will never happen there.  

We shall use M = N = 11 for subnets that can run various 
internet applications such as long-lived ftp, short-lived http, or 
unresponsive UDP-like flows (also called uncontrolled ftp 
[41]). At any instance, some sources are active and send traffic 
to their corresponding destinations. Since the link bandwidth 
we would like to simulate has a magnitude of Gigabits per 
second to produce congestion, we use 20 flows in each subnet 
to generate enough traffic.  
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Table 1. Source characteristics in single-bottleneck network. 

Subnet ID Source ID Flow No. RTPD (ms) 

1 1 – 20 ftp 1 – 20 80 

2 21 – 40 ftp 21 – 40 120 

3 41 – 60 ftp 41 – 60 160 

4 61 – 80 ftp 61 – 80 200 

5 81 – 100 ftp 81 – 100 240 

6 101 – 120 http 1 – 20 80 

7 121 – 140 http 21 – 40 120 

8 141 – 160 http 41 – 60 160 

9 161 – 180 http 61 – 80 200 

10 181 – 200 http 81 – 100 240 

11 201 UDP 1 160 

 

 
The flow configuration is summarized in Table 1. There are 

five ftp subnets and five http subnets. There is also one UDP 
flow that will require some dedicated but constant bandwidth 
when running. The round-trip propagation delay (RTPD) 
includes the forward-path propagation delay and the feedback 
propagation delay but does not include the queuing delay, 
which depends on the instantaneous queue size in the 
experiments. As seen, the RTPD takes on different values in 
different groups.  

The buffer capacity B in Router 1 and Router 2 is 
approximately equal to the bandwidth-delay product (BDP). 
So, B may be different in the different experiments below. All 
ftp packets have the same size of 1,024 bytes [41], while the 
http packet size is uniformly distributed in [800, 1,300] bytes 
[43].  

To show the robustness of the OFEX controller, our 
experiments mainly focus on the testing of long-lived ftp 
sources, unless otherwise stated. The sporadic short-lived http- 
flows just act as the disturbance of the ftp traffic, and their 
transfer size follows real web-traffic scenarios by using a 
Pareto distribution [44] with an average of 30 packets [28]. The 
arrivals of http flows follow a think time [44], which is 
uniformly distributed in [0.1, 30] seconds.  

B. Multi-bottleneck Network 

Figure 2(b) illustrates a multi-bottleneck network with four 
routers. As with Fig. 2(a), the numbers marked on the nodes 
designate the source or destination subnets attached to each 
router. For example, the ftp flows in source subnet 16 will go 
through Routers 1, 2, and 3 before they reach their 
corresponding receivers in destination subnet 16. Note that we 
do not number the subnets consecutively (that is, all the  

Table 2. Source characteristics in multi-bottleneck network. 

Subnet ID Source ID Flow No. RTPD (ms) 

0 1 – 20 ftp 1 – 20 52 

1 21 – 40 ftp 21 – 40 80 

2 41 – 60 ftp 41 – 60 96 

3 61 – 80 UDP 1 – 20 75 

10 1 – 20 ftp 1 – 20 180 

11 21 – 40 ftp 21 – 40 160 

12 41 – 60 http 1 – 20 150 

13 61 – 80 UDP 1 – 20 200 

14 1 – 20 http 1 – 20 100 

15 21 – 40 ftp 1 – 20 50 

16 41 – 60 ftp 21 – 40 170 

17 61 – 80 ftp 41 – 60 80 

18 81 – 100 ftp 61 – 80 110 

19 101 – 120 ftp 81 – 100 290 

20 1 – 20 ftp 1 – 20 180 

21 21 – 40 ftp 21 – 40 166 

22 41 – 60 UDP 1 – 20 95 

 

 
way from 1 to 22) in Fig. 2(b) to allow for future network 
extension. 

The link bandwidth from Router 1 to Router 4 is 1.52 Gbps, 
3.02 Gbps, 2.14 Gbps, and 1.86 Gbps, respectively. As seen, 
we did not set the link bandwidth from Router 1 to Router 4 in 
a monotonically increasing or decreasing manner, thus making 
it much less artificial. With such a bandwidth configuration, 
some routers may become a bottleneck. For example, Router 3 
may encounter congestion because upstream Router 2 has a 
bigger link bandwidth, allowing more traffic to pass through; 
thus, making Router 3 congested. 

Table 2 tabulates the source characteristics in the multi-
bottleneck network. Other settings, such as packet size, have 
the same values as discussed for the single-bottleneck network. 

Since the behavior and performance of the sources within 
each subnet are quite similar, we shall show the results of one 
source from each group in the following experiments for 
reasons of brevity.   

2. Robustness against Bandwidth Dynamics 

As discussed before, the existing NUM-based relatively 
explicit controllers have no way to tackle the link bandwidth 
dynamics (for example, as inside a contention-based multi-
access network). The OFEX controller introduces the 
instantaneous queue size q(t) in the system model as a remedial  
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Fig. 3. Source dynamics. 
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measure to detect such occurrences. The purpose of this 
experiment is to show that the OFEX controller has a better 
performance than the relatively explicit controllers in the 
presence of dynamic link bandwidth. 

We set up a 1 Gbps-link in Router 1 of Fig. 2(a). To produce 
the bandwidth dynamics, the link capacity is reduced to    
880 Mbps at t = 40 s and 675 Mbps at t = 60 s. This is one 
common scenario in contention-based networks, for example, 
when some UDP traffic swarms in. Finally, the bandwidth will 
recover to 1 Gbps at t = 80 s. 

The parameters of the OFEX controller are 0.05  , 
(0) 20l  , 1  , and B = 24,000 packets. The weights s  

in the flows from ftp groups 1 to 5 are 12,207.03, 4,882.81, 
9,765.62, 7,324.22, and 2,441.4, respectively. The relatively 
explicit controller uses the same parameters and configuration 
as with the OFEX controller except for the parameter because 
it does not have such a parameter. 

Figure 3 demonstrates the source-sending-rate dynamics of 
the two controllers upon changes of link bandwidth. For the 
source behavior of the relatively explicit controller, after the 
transient in the first three seconds, its source sending rate 
stabilizes at 13.1 Mbps. When the bandwidth decreases at     
t = 40 s, its sending rate decreases and stabilizes at 10.2 Mbps. 
However, the second bandwidth reduction at t = 60 s makes the 
relatively explicit controller render unstable behavior in that its 
sending rate starts to oscillate. When the link bandwidth goes 
back to the original value of 1 Gbps at t = 80 s, its sending rate 
recovers but still has some small fluctuations. 

Note that the controller can stabilize in the first two 
occasions but not thereafter. The reason could be due to the 
queue buildup in the relatively explicit controller. As seen in 
Fig. 4 below, the relatively explicit controller has no queue-
control measure, and its queue size builds up quickly after the 
first link bandwidth reduction at t = 40 s. After the second 
bandwidth reduction at t = 60 s, its queue size has become 
unstable; so has the queuing delay. As known, the queuing 
delay is part of the round-trip time (RTT), and an unstable RTT 
could make source sending rates oscillate. 

 

Fig. 4. Instantaneous queue size q(t). 
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In contrast, the OFEX controller as shown in Fig. 3 is stable 

at all stages irrespective of bandwidth dynamics. That is, when 
the bandwidth shrinks at t = 40 s and 60 s, or when the 
bandwidth recovers at t = 80 s, the source sending rate hardly 
fluctuates. This verifies that the introduction of q(t) in the 
OFEX controller model greatly improves the system’s stability 
performance against link bandwidth dynamics. 

Figure 4 shows the q(t) for the two controllers. The relatively 
explicit controller has a queue length of 1,300 packets after the 
router is started. When the bandwidth undergoes the first 
reduction at t = 40 s, its queue size sharply increases to the full 
capacity of the buffer, (that is, 24,000 packets) and there it 
remains with some oscillations. The packet loss becomes 
unavoidable thereafter. The buffer is kept overflowed through 
the second bandwidth reduction from t = 60 s. Only after the 
bandwidth goes back to the original value at t = 80 s, does the 
queue size of the relatively explicit controller begin to decrease 
and eventually settle at 2,300 packets. 

In contrast, the queue size of the OFEX controller depicted 
in Fig. 4 shows better performance than that of the relatively 
explicit controller. As seen, the OFEX controller renders a near-
zero queue size (around 30 packets) after the router is started in 
the first eight seconds. Upon the first bandwidth shrink at     
t = 40 s, the queue size of the OFEX controller rises to a level 
of 2,000 packets. The second bandwidth shrink at t = 60 s, 
elevates the queue size to around 4,000 packets, which is only 
one-sixth of the buffer size, so there is no packet loss at all. 
When the bandwidth recovers to its original capacity, the queue 
size of the OFEX controller goes back to its smooth, near-zero 
level accordingly.  

In summary, along with other experiments whose results 
are not shown here due to space limitation, the OFEX 
controller shows much better performance in its queue size 
due to the introduction of the instantaneous queue size q(t) in 
its model, and significantly improves the queuing-delay 
performance and system stability in the contention-based 
networks. 
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3. Performance Improvement of Multi-bottleneck Users 

The purpose of this experiment is to verify the superiority of 
the OFEX controller over the relatively explicit controller in 
improving the throughput and convergence speed of the multi-
bottlenecked users. The comparison of the q(t) of the two 
controllers is omitted here due to space limitations. 

The comparison of the two controllers is conducted with the 
multi-bottleneck network settings described in section IV, 1B, 
where 0.05   and (0) 20l   in all the routers. We also 
use the same source weight vector s  in the two controllers. 
For example, sources in subnet 0 pay a “price” of 7,324.20 in 
both controllers, and sources in subnet 20 pay a “price” of 
2,441.40 in both controllers. For brevity, we skip enumerating 
the “prices” paid by other sources. In addition, upon light traffic 
the routers request a minimum payment of 0.001, which is set 
close to zero. Two of the multi-bottlenecked flows will be used 
to compare the performances of the two controllers. They are 
called Flow A and Flow B and represent flows that pass 
through three bottlenecks and four bottlenecks, respectively. 

Figure 5 demonstrates the instantaneous sending rate of 
Flow A from subnet 10. The flows in subnet 10 pass through 
three routers; that is, Routers 2, 3, and 4. As seen, the 
convergence time of the OFEX controller is nine seconds and 
its steady state sending rate is 24.13 Mbps. In comparison, the 
convergence time and the steady state sending rate of the 
relatively explicit controller are fourteen seconds and    
21.87 Mbps, respectively. Hence, the OFEX controller shows a 
faster convergence speed of five seconds and higher 
throughput of 2.26 Mbps, which means an improvement of 
35.71% and 10.33%, respectively over the relatively explicit 
controller. 

Figure 6 shows the instantaneous source sending rate of 
Flow B from subnet 19, where the flows have 4 bottlenecks; 
that is, from Routers 1 to 4. As with Fig. 5, the same trend can 
be observed. The sources with the OFEX controller have 
higher sending rates and shorter convergence times than those 
with the relatively explicit controller. In particular, as shown in 
Fig. 6, the OFEX controller converges 1.7 s faster (that is, an 
improvement of 35.42%) than the relatively explicit controller 
in that the former spends 3.1 s and the latter spends 4.8 s 
converging to the steady state. 

Upon comparing the Flow B throughput between the two 
controllers in Fig. 6, the OFEX controller shows much better 
performance than the three-bottlenecked flows observed in  
Fig. 5. Specifically, Fig. 6 shows that the sending rate of the 
flows with the OFEX controller is 3.17 Mbps, and the sending 
rate with the relatively explicit controller is about 2.01 Mbps. 
The difference between them is 1.16 Mbps, which means the 
OFEX controller achieves a throughput improvement of 57.71%. 

 

Fig. 5. Source sending rate in subnet 10. 
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Fig. 6. Source sending rate in subnet 19. 

0

2

4

6

0 20 40 60 80 100 120

Time (seconds) 

S
ou

rc
e 

th
ro

ug
hp

ut
 (

M
bp

s)
 

OFEX
Relatively explicit controller 

 
 

Summarizing the comparisons in Figs. 5 and 6, the OFEX 
controller conspicuously improves the source throughput and 
convergence speed of the multi-bottlenecked users. In 
particular, the more bottlenecks a flow passes, the better 
throughput performance the OFEX controller shows; for 
example, Flow B illustrated above. 

V. Conclusion 

We have formulated and investigated an optimal and fully-
explicit congestion controller (called the OFEX controller) that 
has a natural economic interpretation. In contrast to the existing 
relatively explicit NUM–based dual algorithms, the OFEX 
controller not only provides optimal solutions but also fully-
explicit congestion signals to sources. The new scheme 
overcomes the drawback of the relatively explicit controllers in 
biasing against multi-bottlenecked users. Furthermore, the 
time-varying feature of the OFEX controller significantly 
improves the queuing performance and system stability against 
link bandwidth dynamics. The OPNET simulations have 
verified the effectiveness and superiority of the OFEX 
controller. 
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