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A Framework for Providing User Level Quality of
Service Guarantees
in Multi-Class Rate Adaptive Systems

Abstract: The problem of channel sharing by rate adaptive streams belonging to
various classes is considered. Rate adaptation provides the opportunity for
accepting more connections by adapting the bandwidth of connections that are
already in the system. However, bandwidth adaptation must be employed in a
careful manner in order to ensure that a) bandwidth is allocated to various classes
in a fair manner (system perspective) and b) bandwidth adaptation does not affect
adversely the perceived user quality of the connection (user quality). The system
perspective aspect has been studied earlier. This paper focuses on the equally
important user perspective. It is proposed to quantify user Quality of Service
through measures capturing short and long term bandwidth fluctuations that can
be implemented with the mechanisms of traffic regulators, widely used in
networking for the purpose of controlling the traffic entering or exiting a network
node. Furthermore, it is indicated how to integrate the user perspective metrics
with the optimal algorithms for system performance metrics developed earlier by
the authors. Simulation results illustrate the effectiveness of the proposed
framework.
Keywords: Bandwidth Sharing, Rate-adaptive Streams, User Quality of Service,
Traffic Regulator, Leaky bucket, Video performance metrics.

1. Introduction
As technology evolves, multimedia applications are getting more and
more sophisticated. Despite their stringent Quality of Service (QoS) requirements
(packet delay, delay jitter and throughput), their capability to adapt to changing
network conditions, in combination with a proper admission control scheme,
provides a promising means for using network bandwidth efficiently, thereby
guaranteeing acceptable user QoS and achieving large system utilization.
In this paper we consider a communication channel, wired or wireless,
whose bandwidth is shared by randomly arriving connections belonging to a
number of classes. Connection bandwidth may be adapted within a given range,
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hence giving the opportunity for bandwidth management in order to improve
connection admission rate in overload situations. More specifically, when the
number of active users is small, applications are admitted by the system with their
maximum requested rate, while as the system load increases the application
transmission rate is reduced, while still remaining within acceptable levels, so that
more connections can be admitted. This process is facilitated by the existence of
controllers (headend in HFC networks [1] and base stations in wireless cellular
networks) that can convey feedback to the already running applications through
the downstream channel, in order to reduce their rate accordingly. The adaptation
can be achieved by various coding techniques such as layered coding [2], [3] and
adaptation of compression parameters [4], [5], [6] as well as bandwidth smoothing
[4], etc. Depending on the technique, rate adaptation can take one of a number of
discrete values, or it can take any value within a specific range [7], [8]. Wavelet
coding [5] is particularly well suited for continuous rate adaptation.
Several works addressed the problem of bandwidth adaptation
management under various assumptions on channel characteristics and the
bandwidth adaptation policies. In general, the design of bandwidth adaptation
policies must take into account both system and user QoS requirements. As [9]
explains in detail, by specifying an adaptation policy for all active streams the
user perspective seeks to maximize each user's individual Quality of Service
(QoS), while system perspective seeks to maximize a performance metric that is
based an average QoS. While the system average QoS is very important, user QoS
must also be taken into account, otherwise the system performance optimization
leads to reduction of the user QoS for many streams in the system.
Most of the work up to now has focused on the design of policies based
mainly on system QoS perspective [10], [11], [12], [13], [14], [15], [16], [17],
[18], [19]. The introduction of time-average user metrics in many of them cannot
provide a complete characterization of user performance, and only helps to study
the effect on user perception of various policies oriented towards optimizing
system-wide objectives. A work where individual user QoS is taken into account
is [20], where a simple user QoS criterion is discussed referring to the minimum
time-interval between two successive bandwidth changes.
User quality is an active research topic in multimedia evolution, mainly
approached by two popular methods: subjective and objective quality assessment.
While the subjective analysis [21] involves playing a sample audiovisual clip to a
number of participants and taking their individual perception into account, the
objective analysis [22], [23], [24], on the other side attempts to provide automated
procedures without relying to human judgment. The problem with subjective
quality assessment techniques is that they are based on individual perception
which can vary significantly between a given set of individuals, while objective
quality assessment techniques may not necessarily reflect the actual end-user
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experience. There have been studies [25] that show that when objective and
subjective quality assessment are performed simultaneously, the results are
comparable. In the last two decades, a great deal of effort has been made to
develop objective image and video quality assessment methods, which
incorporate perceptual quality measures by considering Human Visual System
(HVS) characteristics [26], [27], [28]. Advances in vision research have provided
crucial information on the structure and the working mechanism of the human
vision system, which have been adopted to design quality metrics [29], [30], [31].
Most current psychovisual quality metrics share the commonality of being based
on multichannel vision models [32]. The current VQEG activities represent
international standardization efforts towards an objective video quality metric,
with delegations from ITU-T Study Groups 9 and 12 and ITU-R Study Group 11
[33]. However, there are still many issues to resolve and image and video quality
assessment is an active research area.
In this paper we propose a framework for channel bandwidth management
where both user QoS and system performance metrics are systematically taken
into account. Specifically, it is proposed to quantify user QoS performance
through metrics capturing short and long term individual user bandwidth
fluctuations that can be implemented with the mechanisms of traffic regulators
used for congestion control in networks. The proposed quantification is general
and flexible enough to incorporate various user perception requirements that may
arise from future research. Furthermore, it is indicated how to integrate the user
perspective metrics with optimal algorithms for system performance metrics
developed in [19] for multi-class systems.
The rest of the paper is organized as follows. In Section 2, the multi-class
system model is presented. In Section 3, the performance metrics under
consideration are described. Specifically, general user QoS metrics are introduced
in Section 3.1 and the manner by which these metrics can be monitored is
presented in Section 3.1.2; system performance metrics are introduced in Section
3.2. Section 4 presents a bandwidth adaptation policy that extends the policy
proposed in [19] so that both user and system performance metrics are taken into
consideration. Simulation results indicating the effectiveness of the approach are
presented in Section 5. The main conclusions of the work are summarized in
Section 6.

2. System model and Notation
Consider a communication channel of bandwidth B bps. Connection i
arrives for transmission over the channel at time ai and (provided that it is
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accepted by the system) departs at time di > ai . The connection holding time is
defined as hi = di − ai > 0 .
Connections belong to one of the classes in a set C . Denote by ci the class
to which connection i belongs. Through appropriate compression techniques,
transmission of connection i belonging to class c may take place at rates
belonging to a set Bc ⊆ ⎡⎣ B c , B c ⎤⎦ where B c and B c are respectively the

minimum and maximum bandwidth levels that connections in class c may take.
Transmission rates of connection i may be adapted over time, but must belong to
Bc for acceptable reception quality. Note that Bc may be a strict subset of

⎡⎣ B c , B c ⎤⎦ , e.g., may consist of only a discrete number of acceptable bandwidth
levels.
Let Ac (t ) be the set of class c connections that arrived and have been
accepted by the system up to time t . Let also N c (t ) be the set of class c
connections that are present in the system at time t . Define also,
A (t ) = ∪c∈C Ac (t ) and N (t ) = ∪c∈C N c (t ), that is, A (t ) is the total number of
connections accepted by the system and N (t ) is the total number of ongoing
connections.
Let ci be the class to which connection i belongs. According to the
previous definitions, if bi (t ) is the bandwidth allocated to connection i at time t ,
ai ≤ t < di , it must hold for any time t ,
(2.1)
∑ bi (t ) ≤ B,
i∈ N ( t )

bi (t ) ∈ Bci , for all i ∈ N (t ).
(2.2)
Inequality (2.1) expresses the fact that the total bandwidth allocated to the
connections at any time t cannot exceed the bandwidth of the channel, while
conditions (2.2) express the fact that each connection may adjust its rates within
the allowable bounds of the class to which the connection belongs.
In order to operate the system, two policies must be defined: the
Connection Admission Policy and the Bandwidth Adaptation Policy. The
Connection Admission Policy decides whether to accept or reject a newly arriving
connection, while the Bandwidth Adaptation Policy adjusts at any time t the
bandwidth of the connections that are currently in the system. Hence, the
Connection Admission Policy affects mainly the connection blocking probability,
while the Bandwidth Adaptation Policy is responsible for allocating the channel
bandwidth so that fairness is maintained among classes, while user Quality of
Service is maintained.
In order to describe the proposed Connection Admission and Bandwidth
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Adaptation policies, we need to discuss first the relevant metrics that capture
system performance and user Quality of Service satisfaction.

3. Performance metrics
This work concentrates on metrics that are related to the way the system
allocates bandwidth to various connections. We can distinguish the performance
metrics in two broad classes:
1) Metrics that express in detail the manner in which bandwidth is allocated
to each connection. These metrics are directly related to user perception as
regards the manner in which bandwidth is allocated to the particular
connection. These metrics are referred to as User QoS metrics.
2) Metrics that describe the average manner in which bandwidth is allocated
to the connections belonging to a given class. These metrics are referred to as
System Performance metrics. Based on the System Performance metrics,
optimization problems related to fair allocation of bandwidth among classes
can be defined.

3.1. User QoS Metrics
The main quantity of interest for our purposes is the manner by which the
bandwidth allocated to connection i , bi (t ), varies over time within its allowable
boundaries. An appropriate metric that gives an overall - but coarse - indication of
this variation is the Scaled Mean Connection Bandwidth, [9], [16], [17]. The
scaled mean bandwidth allocated to connection i when a given Bandwidth
Adaptation policy is employed, is defined as
di
$bi = ∫ ai bi ( s )ds ,
(3.1)
Vi
where Vi = hi B ci and is called the application's volume. This measure is the
average bandwidth allocated to the connection throughout its holding time, scaled
by the best possible bandwidth the connection could achieve. This particular
scaling is not crucial for the development that follows. Other scaling may be
adopted, including no scaling at all, i.e., B ci may be set to 1 (one) for all
connections.
The scaled mean bandwidth by itself does not give information on the
small-scale variations of the bandwidth allocated to a connection, which might be
important for user perception of quality of received information. In this respect, it
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is of interest to define measures that indicate how these variations take place. In
general, bi ( t ) is a step function, see Figure 1. Define for ai < t < di , the jumps
of the connection bandwidth when bandwidth adaptation occurs,
∆ i ( t ) = bi ( t ) − bi ( t − ) ,
where bi ( t − )

lim s

t

bi ( s ) . Then a general metric of the bandwidth variation

that occurs at time t is of the form

g ( ∆i ( t ) ) ,
where g ( x ) is a general cost function with g ( x ) > 0 . Denote also as
g ( ∆ i ( t ) ) , its average value over the connection's holding time hi ,

∑ kK=i 1g ( ∆ i ( tk ) )
(3.2)
,
g ( ∆i ( t ) ) =
hi
< di , k = 1,..., K i are the times where the jumps of bi ( t )

where tk , ai < tk < tk +1
occur.
Appropriate choices of g ( x ) give various meaningful measures. Some of them
are listed below:
• If
⎧1 x ≠ 0
g( x) = ⎨
,
(3.3)
⎩0 x = 0
then g ( ∆ i ( t ) ) indicates that a unit cost incurs during any bandwidth change.
In this case the quantity g ( ∆ i ( t ) ) expresses the average number of
bandwidth changes during the connection's holding time. In case
⎧1 x < 0
g( x) = ⎨
,
⎩0 x ≥ 0
then g ( ∆ i ( t ) ) indicates that a unit cost incurs only when a bandwidth
reduction occurs. As results in [34] demonstrate, frequent changes in
connection bandwidth may have a deleterious effect in the user perception of
quality of received information. This is also supported by results in by [35],
[36], where for layered encoded video it is shown that the quality is influenced
by the frequency of layer variations.
• When g ( x ) = x , then g ( ∆ i ( t ) ) indicates that a cost equal to the
magnitude of bandwidth adaptation incurs. Hence the quantity g ( ∆ i ( t ) )
expresses the average size of bandwidth adaptations during a connection's
holding time. In the special case when
⎧ x x<0
g( x) = ⎨
(3.4)
x≥0
⎩0
9

then g ( ∆ i ( t ) ) indicates that a cost incurs only when a bandwidth reduction
occurs, and this cost is equal to the magnitude of bandwidth adaptation.
2
• The choice g ( x ) = x can be used if one needs to express the fact that
large fluctuations are more detrimental than small ones.
Other reasonable forms of the function g ( x ) can be given. It is expected that the
form of the function is correlated with the end-user perception of reception
quality. Also, it is quite possible that a combination of more than one of these
functions might be appropriate. Since as was stated in the introduction the
question of how user perception is related to various objective measures is still a
largely unresolved issue, the specification is left in this generality. The framework
to be proposed in the following sections can be applied with any choice of
function, or even a combination of a number of these.
We note that in the recent work [16], [18], Weber and de Veciana studied
the manner in which averages of some of these metrics in the form of (3.2)
behave, under policies that operate based on optimizing system performance
metrics and for single class systems. However, as far as end-user perception is
concerned, short term variations in addition to averages should also be of
importance. This issue is addressed in Sections 3.1.1 and 3.1.2.

3.1.1.

Characterization of Bandwidth Fluctuation

As discussed in Section 3.1, from the point of view of this work the
bandwidth variation of a connection at a given time t is characterized by
g ( ∆ i ( t ) ) . The function g ( x ) was left unspecified so that the framework can be
general enough to incorporate specific metrics that may arise from studies related
to user perception quality of received information. While for the moment no
specific measure has been adopted in the literature, it is reasonable to expect that
fluctuation of g ( ∆ i ( t ) ) over time affects user perception. The simplest such
measure is the average fluctuation described by the average in (3.2). However,
this measure is a gross fluctuation indicator. A more detailed description that
incorporates both short and long term fluctuations and is flexible enough to
incorporate several details regarding the manner in which fluctuations occur si
described below.
The main idea is to employ the concept of traffic regulator that has been
used successfully in network design to shape the traffic entering and exiting from
a network node [37], [38], [39]. From the point of view of current investigation, a
traffic regulator can be thought of as a device that accepts as input a quantity
I ( t ) , which may be arbitrary, and provides an output G ( t ) whose fluctuations
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are guaranteed to be constrained in a specific manner. As applied to networks,
I ( t ) represents information flow (in bits or packets) that arrives to the regulator
up to time t , and G ( t ) represents the information flow that is allowed to exit
from the regulator. However, this does not need to be the case, and it will not be
in the framework to which the concept is applied in the current work.
To be more specific, let a function f ( τ ) ≥ 0, τ ≥ 0 be given. For
technical reasons f ( τ ) can be assumed to be subadditive (i.e.,
f ( s ) + f ( t ) ≥ f ( s + t ) for all s, t ≥ 0 , see [38]). This function represents the
desirable upper bound on the fluctuations of the quantity G ( t ) exiting the
regulator in the following sense.
A function G ( t ) is called f − constrained if for all t ≥ 0,
G ( t ) − G ( s ) ≤ f ( t − s ),0 ≤ s ≤ t
(3.5)
A regulator whose output G ( t ) is f -constrained is called f -constraining
regulator.
According to this definition, a regulator that is f − constraining ensures
that at any time interval [ s, t ] the fluctuation of the quantity G ( t ) exiting from
the regulator does not exceed f ( t − s ) . The best known such regulator is the one
called Leaky Bucket, corresponding to the case where
f ( τ ) = σ + ρτ , τ ≥ 0.
The Leaky Bucket is characterized by the parameters ( σ , ρ ) where σ ≥ 0
represents a bound on the short-term fluctuations and is called burstiness, while
ρ > 0 represents an upper bound on the long term average of the quantity G ( t ) .
There are well known methods to implement leaky buckets [40], [41], [42].
Moreover, it is well known that by combining leaky buckets in series or in
parallel, more general regulators can be obtained with piecewise-linear
constraining functions of the form
f ( τ ) = min {σ 1 + ρ1τ , σ 2 + ρ 2τ , ...., σ L + ρ Lτ } .
Thus in general, leaky buckets can be used to enforce piecewise linear,
concave constraining functions as Figure 2 shows.
In the framework under consideration, for a given connection i , Gi ( t )
represents a metric of the total bandwidth fluctuation of the connection up to time
t and is meaningful only during the connection's holding time, i.e., in the interval
[ai , di ] . More specifically, recall that tk , ai < tk < tk +1 < di , k = 1,..., K i are the
times where the jumps of connection i bandwidth occur. Then define for
ai ≤ t ≤ di , Gi ( ai ) = 0,
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Gi ( t ) = ∑g ( ∆ i ( tk ) ) .
tk ≤ t

The constraining function fi ( τ ) for the connection is prespecified and it is
required that the system operate so that Gi ( t ) satisfies (3.5).

3.1.2.

Satisfaction of User Quality of Service

In order to guarantee the user Quality of Service satisfaction, for each connection
i , the following actions are taken.
• One or more metrics gi( l ) ( x ) , 1 ≤ l ≤ Li , are specified for the connection
bandwidth fluctuation x = ∆ i ( t ) .

•

•

Constraining functions fi ( l ) ( τ ) , 1 ≤ l ≤ Li , for each of the metrics are
specified. These functions may be specific to the class to which the
connection belongs.
Every time tn when the possibility for bandwidth adaptation for
connection i exists (to be determined by the adaptive algorithm described
in Section 4.2), the system must ensure that all Gi( l ) ( t ) , 1 ≤ Li satisfy
(3.5). This can be easily implemented by employing fi (l ) − constraining
regulators with the following provisions. a) The input to the regulator is
assumed infinite (i.e., there is always the possibility for bandwidth
adaptation), b) the regulator outputs a bandwidth adaptation only at the
times tn and c) the system checks that the value of the new bandwidth is
within the allowable rates Bci and if necessary accepts a modified value
for the new connection bandwidth. This last part will be discussed in more
detail in Section 4.2. The following example clarifies the manner in which
the user QoS is guaranteed.

Example. For simplicity in the notation the connection index i is neglected in this example. Let
g ( x ) be the metric used and let an ( σ , ρ ) Leaky Bucket regulator be used as a constraining
function for the bandwidth fluctuations of a connection. This can be viewed as token bucket of
size σ , where tokens are accumulated at rate ρ , as long as the amount of tokens is smaller than

σ

(tokens generated when the bucket is full are discarded). If at time tn the possibility for

bandwidth adaptation exists, the content of the bucket is observed. The amount of the tokens at tn

determines the largest amount of adaptation g ( ∆ ( tn

))

that may occur. The system may pick

any amount smaller than or equal to the amount specified by the tokens in the bucket (in order to
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ensure that the resulting rates are in Bci and possibly satisfy other optimization objectives - see
Section 4.2). Next, the system updates appropriately the amount of tokens in the bucket in order to
ensure that only as many as necessary are taken.

To clarify the previous discussion, consider two options for the regulations. In the
first option, a single Leaky Bucket controls the frequency of rate adaptation, while
in the second two Leaky Buckets are employed, one controlling the rate of
adaptation and the other the bandwidth reduction rate.

•

A single Leaky Bucket controlling the frequency of rate adaptation

Assume that L = 1 , g (1) ( x ) = 1 if x ≠ 1 and g (1) ( 0 ) = 0 . If the content of the
bucket is smaller than 1 at time tn , then no bandwidth adaptation for the
connection will be allowed. If the content of the bucket is larger that 1, then it
is allowable to change the bandwidth of the connection. However, it is up to
the Bandwidth Adaptation Policy to decide (based on system-wide
optimization) whether this adaptation will actually occur. If the adaptation
does occur, then the content of the bucket is reduced by 1 .

•

Two Leaky Buckets, one controlling the frequency of rate adaptation and
the other the bandwidth variation rate.

Assume now that L = 2, g (1) ( x ) is as defined before, and g (2) ( x ) = x if
x < 0 and g (2) ( x ) = 0 otherwise. There are now two Leaky Buckets ( σ 1 , ρ1 )
and ( σ 2 , ρ 2 ) . At time tn the system operates as follows, see Figure 3.

1. If the content of the ( σ 1 , ρ1 ) bucket is smaller than one, no bandwidth
adaptation for the connection is allowed.
2. If the content of the ( σ 1 , ρ1 ) bucket is larger than one, then a bandwidth
adaptation may be allowed. The content of the ( σ 2 , ρ 2 ) bucket indicates the
magnitude of this adaptation. Let the content of the ( σ 2 , ρ 2 ) bucket be α .
Then because of the form of g (2) ( x ) , the bandwidth of the connection cannot
become smaller than b(tn ) − α , but can be increased by as much as possible.
3. To decide the actual bandwidth allocated to the connections, the Bandwidth
Adaptation policy will take into account the minimum possible bandwidth
adaptation b(tn ) − α for the connection. However, the Bandwidth Adaptation
Policy may decide to decrease b(tn ) by only β , where 0 < β < α . In this
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case, the content of the ( σ1, ρ1 ) bucket will be reduced by 1, while the content
of the ( σ2, ρ2 ) bucket will be reduced by β . Note that if instead the
bandwidth of the connection was increased by an amount γ > 0 , then the
content of the ( σ2 , ρ2 ) bucket will not be reduced; this is so, since in this case
∆ ( tn ) > 0 and hence g (2) ( ∆ ( tn ) ) = 0 .

3.2. System Performance Metrics
The overall performance of a class should express the average bandwidth
that has been allocated to connections of this class. Hence, an appropriate measure
l c , defined as
to consider is the Class Average Scaled Bandwidth B
bi
∑i ∈Ac (t )
l
,
Bc = lim
t →∞
Ac (t )
where Ac ( t )  Ac (t ) is the number of class c connections that have been
l c as high
accepted by the system by time t . Of course, one would like to have B
as possible. However, in the model under consideration there are several classes
l c simultaneously high for all classes may not be
in the system and making B
possible. Hence the issue of fair bandwidth allocation among classes arises. A
good overview of system design based on optimization problems related to
fairness is given in [43]. In general, in this case one attempts to maximize a
reward function of the form
l =
B
(3.6)
∑φc ( Bl c ),
i ∈C

where φc ( x ) are concave functions expressing the satisfaction, reward or utility
for obtaining average scaled bandwidth x . Various choices of φc ( x ) provide
various fairness criteria. Some of the most common ones are described below.
• Linear utilities. In this case, φc ( x ) = rc x .
• Proportional Fairness. In this case, φc ( x ) = log ( x ) . This allocation has
several important properties discussed in [43]. Intuitively, since the
log ( x ) function increases very slowly for large x , this type of utilities
express the fact that the satisfaction received by a given increase in
bandwidth is higher if the already allocated bandwidth is smaller.
• Max-min Fairness. Intuitively here one attempts to maximize the
bandwidth of the classes with the minimal allocated bandwidth, while
splitting evenly whatever bandwidth remains to the rest of the classes.
While this problem cannot be directly translated in the form (3.6) it can be
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well approximated by choosing
φc ( x ) = c − g ( x )m ,
where c and m are constants and g(x ) is a differentiable, decreasing, convex
and positive function.
Another important performance metric is the System Blocking Probability, that is,
the percentage of arriving connections that cannot be accepted by the system. One
would like to keep the system blocking probability as low as possible. The
Connection Admission policy attempts to keep blocking probability within
acceptable levels.
In [17] a general algorithm for optimizing performance metrics of the form (3.6)
is presented, under a given Connection Admission policy and without taking into
account user QoS metrics. As will be described in Section 4.1, in this case the
System Blocking Probability can be made independent of the Bandwidth
Adaptation policy. However, when user QoS metrics are also taken into account,
the blocking probability will also depend on the Bandwidth Adaptation policy.
Hence in the current study we will examine the dependence of blocking
probability on user QoS metrics.

4. Bandwidth Adaptation Policy
In this section a Bandwidth Adaptation Policy designed to incorporate
both system performance objectives and user specific QoS requirements is
proposed. The Bandwidth Adaptation Policy proposed in [19] does not account
for user-specific QoS requirements. As will be seen however, this policy can be
appropriately modified in order to incorporate such requirements. Section 4.1
outlines for ease of reference the main steps of the policy proposed in [19], while
Section 4.2 indicates how to incorporate user-specific QoS requirements in the
policy.

4.1. A Policy for System Performance Optimization
In this section the policy developed in [19] is outlined. This policy will be
extended in Section 4.2 to incorporate both user and system performance metrics.
There is an extensive literature on the design of Connection Admission
policies when the connection bandwidth requirements are fixed. A good reference
is [44], where a nice collection of several Connection Admission Policies and
their analysis can be found, along with a large number of other references. In the
current investigation connection bandwidths can be adapted. The class of
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Connection Admission policies adopted in [19] operate based on the minimum
acceptable bandwidth levels ( B i ). More specifically, the following general
Connection Admission Policy is adopted.
Acceptable Connection Admission Policy. Any policy π designed for connections with
fixed bandwidth requirements may be employed. Whenever a new connection arrives to the
system, the policy π admits or rejects the connection using as connection bandwidths the
minimum acceptable connection bandwidth levels B i .

Hence, under an acceptable Connection Admission policy the decision to
accept or reject a new connection depends only on the minimal bandwidth that can
be allocated to all the connections (including the newly arrived one). Note that
this does not mean that all the connections will necessarily receive the minimal
bandwidth. It is the task of the Bandwidth Allocation Policy to distribute
appropriately the available channel bandwidth to the connections. However, since
acceptance of rejection of a newly arriving connection depends only on the
minimal bandwidths that can be allocated, it can be seen that the number of
connections admitted in the system (and hence the blocking probability) is
independent of the Bandwidth Adaptation Policy.
Given the Connection Admission Policy described above, the Bandwidth
Adaptation Policy is designed to optimize system performance objectives of the
type (3.6). For the description below, φc ( x ) , c ∈ C are given reward functions.
In order to describe the policy it is useful to extend somewhat the notion of scaled
mean connection bandwidth defined in Section 2. Specifically, this definition is
extended for all times t ≥ 0 , as follows.
⎧⎪
0
t < ai
⎪⎪
⎪
t

b i (t ) = ⎪⎨ h 1B ∫ a bi (s )ds ai ≤ t < di .
(4.1)
⎪⎪ i i i
⎪⎪

bi
t ≥ di
⎪⎩
Next, the performance of class c at time t is defined as the average of the
performance measures of all connections that have been admitted by the system
up to time t, that is,

b (t )
l c (t ) = ∑i ∈Ac (t ) i .
(4.2)
B
Ac (t )
For simplicity in the description of the Bandwidth Adaptation policy it is assumed
that the Connection Admission policy is Complete Sharing, that is, the policy
accepts a new connection if and only if the sum of minimal acceptable bandwidth
levels of all connections in the system, if the new connection is accepted, does not
exceed the channel bandwidth. Any other acceptable Connection Admission
policy may be employed under the provision that additional constraints are
included in the optimization problem (4.4) below - see [19].
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Each time tn a new connection arrives or a connection already in the
system departs, perform the following.
• Compute the derivatives
d φ (b)
(4.3)
rc (tn ) = c
.
db b =Blc (tn ))
•

Allocate to connection i ∈ N (tn ) bandwidth bi (tn ) = bi∗, where bi∗ is the
solution to the following optimization problem.
⎧
⎪
⎪
bi tn ⎫
⎪
max ⎪
⎨ ∑ ∑ rc (tn )
⎬
⎪
V
A
t
(
)
i c n ⎪
⎪ c ∈C (tn )i ∈ Nc (tn )
⎪
⎩
⎭
(4.4)
∑ ∑ bi ≤ B
c ∈C (tn )i ∈ Nc (tn )

bi ∈ Bci , i ∈ N ( tn ) .

Note that the policy does not rely on system statistics and that (4.4)
represents a Linear Programming (LP) optimization problem which can be solved
very efficiently if Bc is the whole interval [ B c , B c ] [16], [19].
For easy reference, the combination of the two policies described above
(Connection Admission and Bandwidth Adaptation) is referred to as the System
Performance Oriented (SPO) policy.
Notes:
1. In practice, in order for the system to adapt easier to statistical parameter
changes, it will be appropriate to replace the average in (4.2) with a weighted
average, or an average over a finite window. The same holds for the quantities
tn / Ac ( tn ), which are in effect time averages representing 1/ λc , the inverse
of the class arrival rates.
2. In case the connection holding times hi are random variables with mean
H i = E [ hi ] and their exact values are unknown to the system, an operational
policy is obtained by setting Vi = H i B i in the optimization problem (4.4).
l c (t ) can be appropriately updated by taking into account
Also, the quantities B
the fact that the connection holding times are known upon connection
departure. These modifications result in policies that perform fairly well with
respect to the optimal when the connection holding times are known [19].

4.2. A Policy Satisfying
Performance Objectives

both

User

and

System
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As was discussed in Section 3.1.2 in order to satisfy the user QoS
objectives, each connection is associated with (at least one) metric gi ( x ) and
constraining function fi ( x ) . Combined, these functions determine at each time the
amount by which the bandwidth of a connection may change relative to the value
it currently has. Hence the bandwidth that connection i may take at decision
instant tn does not necessarily belong to the whole set Bci any more, but to a
subset Bi ( tn ) ⊆ Bci ; in particular, if Bi ( tn ) contains only one element, then no
bandwidth adaptation of connection i is allowed at time tn . Let B i ( tn ) be the
minimal of the bandwidths in the set Bi ( tn ) .
The rule to incorporate in order to take into account both user and system
performance objectives in the design is simple: the Connection Admission and
Bandwidth Adaptation policies operate as in Section 4.1 after replacing Bci and
B i with Bi ( tn ) , B i ( tn ) respectively. Specifically, the Connection Admission
policy bases its decisions on the minimal connection bandwidths that can be
allocated at time tn , B i ( tn ) , while the Bandwidth Adaptation Policy determines

the bandwidths that are allocated to the connections as solution to the following
optimization problem.
⎧
⎫
⎪
bi tn ⎪
⎪
max ⎪
⎨ ∑ ∑ rc (tn )
⎬
⎪
⎪
(
)
V
A
t
i
c
n
⎪ c ∈C (tn )i ∈ Nc (tn )
⎪
⎩
⎭
(4.5)
∑ ∑ bi ≤ B,
c ∈C (tn )i ∈ Nc (tn )

bi ∈ Bi ( tn ), i ∈ N ( tn ),

where rc ( tn ) is given by (4.3). Note that after the solution {bi∗ }i ∈ N ( tn ) of the
optimization problem (4.5) is determined, the actual bandwidth adaptation for
each connection can be computed. As discussed in Section 3.1.2 (see the example
in that section) this in turn determines the actual amount of regulator output
needed for the update and hence the exact amount of tokens is taken out of the
bucket.
The steps taken at decision instant tn are described by the following
Algorithm. The steps are also described pictorially in Figure 4.
1) If a time tn a new connection j arrives, set Bj ( tn ) = Bc j ,
B j = B j ( tn ) . For a connection i that is already in the system determine
based on the connection regulator(s) the set Bi ( tn ) and B i ( tn ) .
2) (Connection Admission Policy) If at tn a new connection arrives, decide to
accept the connection based on the acceptable policy π that operates with
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connection bandwidths B i ( tn ) .
3) (Bandwidth Adaptation Policy) Determine the bandwidth {bi∗ }i ∈ N ( t )
allocated to the connections as solutions to Linear Program (4.5).
4) Update the connection regulators based on the actual bandwidth adaptation
that takes place for each connection.
Note that since B i ( tn ) depends now on the manner in which bandwidth
adaptation has taken place earlier, the number of connections admitted by the
system through (4.5) is dependent on these bandwidth adaptations. This is in
contrast to the case where the Bandwidth Adaptation Policy was designed to
optimize only system performance objectives.

5. Simulation Results
Simulations to investigate the performance of the proposed policy as well
as the influence of the regulator constraints on system performance were
performed. The simulation setup is as follows. It is assumed that applications
belong to four classes, C = 4 . Class c is characterized by four parameters
{[Bc , Bc ], fc , gc ( x ), (σc , rc )} where:
•

•

[B c , Bc ] denotes the bandwidth requirements of class c connections, in
Mbps. A connection in class c may be transmitted at any rate in the
interval [Bc , B c ] . Define the bandwidth range as BRc = B c − B c . A
connection may take any value within this range.
fc is the probability distribution of class c connection holding times

whose average value is Hc . For the simulations we chose the triangular
distribution:
c
⎧⎪ hc −Hc +aH
H c − aH c ≤ hc < H c
⎪⎪ (aHc )2
⎪ Hc +aHc −hc
fct ( hc ) = ⎪⎨ (aH )2
H c ≤ hc ≤ H c + aH c
c
⎪⎪
⎪⎪
0
otherwise
⎪⎪⎩
where a = 0.3. For these distributions the connection holding times are
concentrated around their mean. This is a reasonable assumption since the
definition of a class implies often that connections in the class have similar
characteristics. The connection holding times can be known (streaming
stored multimedia content), or unknown random variables where the
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system knows only their mean value (teleconferencing, video telephony
etc.). In the following tests it is assumed that the holding times are
unknown (see note 2 at the end of Section 4.1).
• gc ( x ) is the adaptation function chosen in order to control a specific user
performance metric. Experiments with two values for the bandwidth
adaptation function were performed. In the first set of experiments, the
function has the form of (3.4) that is, the amount of bandwidth decrease is
controlled. In the second set of experiments, the function has the form of
(3.3) that is, the frequency of bandwidth adaptation is controlled.
• ( σc , ρc ) is the leaky bucket adopted as constraining function for gc ( x ) .
The channel capacity is L = 500 Mb and the system runs for N = 10000
connection requests. The total connection arrival rate λ is varying between
(λmin , λmax ) = ( 0.198, 0.271 ) arrivals/sec. This set of rates is chosen so that the
system operates with acceptable blocking probability (less that 0.01) when no user
QoS is required (and hence the SPO policy is applied). An arriving connection has
equal probability of belonging to any of the four classes, i.e., the connection
arrival rate for class c is λc = λ / 4 .
The values chosen for the experiments are shown in the following table 1.
We also experimented with two types of system performance functions (3.6),
linear and a concave (proportionally fair) utility function:
⎧⎪ rc B
l cπ (t )
linear with rc = 1
⎪
π
l c (t ) ) = ⎪
.
ϕ (B
⎨
⎪⎪ log ( B
l cπ (t ) ) concave
⎪⎩
All simulations are implemented using the OMNET++ discrete event simulation
system [45].

5.1. Control of Bandwidth Decrease
In this section it is assumed that it is desirable to control the connection
bandwidth decrease. In order to implement this requirement, experiments were
performed with the following values for the leaky buckets.
σc ( k ) ∈ {σc ( 1 ), σc ( 2 ), σc ( 3 )} =
{1.1 ∗ BRc ,1.3 ∗ BRc ,2.35 ∗ BRc }, Mb
ρc ( k ) = ρ = 2 Mb/sec,

where k is a scaling parameter used to denote the strictness of the user constraints
in a decreasing order. For two leaky buckets with the same bound ρ on the longterm average rate, the one with the larger value of σc ( k ) allows larger short-term
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fluctuations of the connection bandwidth function and is therefore less strict. This
should have implications on system performance; the simulations intend to
quantify these implications.
The charts show curves for different values of the scaling parameter k
(leaky bucket controls only the bandwidth decrease with burstiness σc ( k ) ) in
comparison to the SPO policy.
System performance is expressed by the system reward function and the
blocking probability. Figure 5(a) and Figure 5(b) show the results for the linear
case. From Figure 5(a), it is seen that the leaky bucket constraints may have a
significant effect on the blocking probability. When the constraint is strictest (
k = 1 ), then the degradation in blocking probability is large for large values of
λ . However, as the constraints become looser, the blocking probability quickly
comes close to the one obtained by the SPO policy. This shows the importance of
introducing the burstiness parameter σc : this parameter should be set to the
maximum possible value allowed by user-perception considerations. On the other
hand, from Figure 5(b), it is seen that the use of leaky buckets introduces a small
increase, larger for k = 1 , on the system reward function relative to the SPO
policy. Since the SPO policy optimizes the system performance metric when no
QoS constraints are imposed, this may seem unexpected at first. However, it
should be taken into account that the SPO policy is optimal among all Bandwidth
Adaptation policies under a given Connection Admission policy that operates
based on the minimal allocatable connection bandwidths B i . Introducing user
QoS constraints enforces the Connection Admission policy to operate based on
the time-varying bandwidths B i ( tn ) and hence more connections may be
rejected. As a result the connections accepted by the system have more bandwidth
available to share and hence the system performance metric increases. Similar
conclusions are drawn form Figure 5(c) and Figure 5(d) for the case of concave
system reward function.
The charts in Figure 5(e) and Figure 5(f) show the maximum connection
bandwidth increase and decrease, when the system operates under the SPO policy
(Figure 5(e)), and under the policy that operates with leaky bucket parameter
corresponding to k = 1 (Figure 5(f) ). The system performance in these figures is
based on the linear rewards function with rc = 1 and the total arrival rate is λmax .
In these charts, the x axis represents the connection order number, after the
connections are sorted in increasing order, according to their average volume,
Hc B c . Hence, all class 1 connections have lower index than class 2 connections,
all connections from class 2 have lower index than class 3 connections etc.
Connections that don't incur any adaptations during their duration in the system
have a zero footprint at the x axis. In Figure 5(e) where the SPO policy is used
and hence no user QoS constraints are taken into account, we see that the
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connections can decrease their bandwidth to any value within their range. On the
other hand, in Figure 5(f) we see that the bandwidth decrease is effectively
controlled due to the use of the leaky buckets. Note that bandwidth increases in
the two figures are similar. As explained in Section 3.1if it is desirable to also
control bandwidth increases, this can be done by the use of appropriate functions
gc ( x ) . Another interesting observation from these figures is that applications
with smaller volume incur more adaptations. This is due to the choice of system
performance metric. Indeed, it can be seen from the solution to (4.5) that under
the chosen metric, applications with smaller volume are the first candidates for
bandwidth adaptation provided that the arrival rates to all classes are the same and
rc (tn ) = 1 . Of course, this behavior may be altered if so desired, by changing the
scaling factors in Vi . Similar conclusions are drawn form Figure 5(g), Figure 5(h)
for the case of the convex policy.

5.2. Control of Frequency of Rate Adaptation
In this section it is assumed that it is desirable to control the frequency of rate
adaptation of a connection. In order to implement this requirement, experiments
were performed with the following values for the leaky buckets.
σc ( k ) ∈ {σc ( 1 ), σc ( 2 ), σc ( 3 )} =
{12.5,15,18.8}, adaptations
ρ = 0.075 adapt/sec
where k is the scaling parameter. Now the leaky bucket size σ ( k ) shows the
maximum number of adaptations in a short interval, while the leaky bucket rate ρ
shows the maximum on the average rate of adaptations. The conclusions are quite
similar to the case that the adaptation function gc ( x ) represents the bandwidth
decrease.
System performance is similarly expressed by the system reward function
and the blocking probability. Figure 6(a) and Figure 6(b) show the results for the
linear rewards, and Figure 6(c) and Figure 6(d) for the convex rewards. Similar
conclusions as in Section 5.1 hold.
Figure 6(e) and Figure 6(f) show the average frequency of rate adaptation
per connection, when the system operates under the SPO policy (Figure 6(e) ),
and under the policy that operates with leaky bucket parameter corresponding to
k = 1 (Figure 6(f) ). The system performance in these figures is based on the
linear rewards function and the total arrival rate is λmax . As in Section 5.1 the x
axis represents the connection order number, after the connections are sorted in
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increasing order, according to their average volume. We see again that the user
QoS constraints are effectively controlled by the use of leaky buckets.
Similar conclusions are drawn form Figure 6(g) and Figure 6(h) for the
case of the convex policy.

6. Conclusions
The problem of channel sharing by rate-adaptive multi-class streams with
user specific Quality of Service constraints was considered. In order to control the
quality of end user perception of received information, the concept of constraining
appropriately chosen bandwidth adaptation functions was considered. It was
showed how this concept can be combined with earlier work in [19] to provide a
policy that is oriented towards optimizing system performance, without violating
user QoS requirements. Simulation results showed the usefulness and efficiency
of the proposed framework.
The bandwidth adaptation regulators required by the framework are very
general. Moreover, more than one of them can be used to control the quality of
each connection. Regarding the computational cost of implementing the proposed
framework, it consists of two parts: a) the cost of implementing the regulators per
connection and b) the cost of solving the Linear Programming optimization
problem (4.5). In the context of network traffic control, efficient methods for
implementing regulators of the Leaky Bucket type have been proposed and can
also be used in the current framework. The Linear Programming optimization can
be solved very efficiently if the connection bandwidths can be varied in a
continuous manner. The complexity increases if the connection bandwidths may
take discrete values, in which case reliance to approximate optimization
algorithms may be appropriate. Whether the implementation complexity is
acceptable or not depends on the anticipated rate of connection arrivals and the
computational power of the system. The exploration of algorithms that achieve
good tradeoffs between performance and complexity may be worthwhile.
The issue of which combination of regulators is the appropriate one for
effecting acceptable user perception is an open problem. The proper answer to this
question requires extensive experimentation regarding the relation of user
perception to bandwidth adaptation regulators. However, it seems reasonable that
user perception is affected by both the frequency of rate of bandwidth adaptation
and the amount of bandwidth change that occurs during an adaptation. The
proposed framework is general enough to control both of these parameters.
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table 1: Simulation Data
class 1

class 2

class 3

class 4

240

300

360

(2, 20)

(4, 30)

(6, 40)

(8, 50)

18

26

34

42

Arrival rate (conn/sec) λc

0.25 ∗ λ

0.25 ∗ λ

0.25 ∗ λ

0.25 ∗ λ

Application volume Vc

4000

7200

12000

18000

Average holding time
Bandwidth

H c (sec) 200

( Bc , Bc ) (Mb)

Bandwidth range

BRc
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