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SUMMARY

An important means to guarantee an acceptable quality of service in networks with real-time
communication requirements is the reservation of resources at connection setup time. However,
such reserved resources, e.g. transmission bandwidth, may be unused as a consequence of the
variations in the actual resource demands. Therefore, a more efficient resource utilization is possible
if communicating stations or end-users dynamically hand over some of the free resources temporarily
to the other communication partners, e.g. of a “broadcast network”.

This paper concentrates on two fundamental problems of such a demand-based sharing of resources:
on the one hand, estimation of the current resource requirement on the basis of load measurements is
investigated and, on the other hand, we elaborate efficient algorithms for resource sharing respecting
real-time requirements. The algorithms proposed for load estimation and for resource sharing are
evaluated analytically with respect to their efficiency for worst-case, average-case and realistic
load scenarios. Our approach suggested for resource and traffic management allows one to achieve
significantly better utilization of network resources. Copyright © 2000 John Wiley & Sons, Ltd.

KEY WORDS: Quality of Service (QoS), Resource Management, Traffic Management, Real-Time
Communications, Perfomance Evaluation

1. INTRODUCTION

The trend towards distributed multimedia communications via local-area networks has led
to the requirement to transmit continuous media streams, such as audio and video streams,
with sufficiently good quality. Basically, two common possibilities exist in order to guarantee
a certain QoS as required by the users of a network: either, one can use resource reservation
or, alternatively, one could rely on priorization combined with admission control, cf. [1]. In
the context of the Internet, the resource reservation approach is reflected e.g. by the IntServ
proposal [2] and the priorization approach is inherent to the DiffServ proposal [3].
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In this paper, which is a revised and extended version of [4], we focus on the resource
reservation approach and its usage in local broadcast networks, especially networks with
wireless or common bus communication infrastructure. In particular, we study ways of how
communication resources which are already reserved and allocated to communicating end-
users or end-systems can be dynamically handed over to other end-users or end-systems in
case that they are not needed by their original "owner” for some time. Our interests center
around methods which make resources given back sufficiently quickly, if they are needed again
by their owner, in order to make sure that real-time requirements are not neglected.

The approach we suggest assumes that the problem of reserving and statically allocating
resources to communicating entities has already been solved [5]. We also suppose that the
resource reservation has been established for a rather long-term time interval, e.g. duration
of an audio/video stream, typically in the order of minutes. In our approach, each owner of
resources determines whether its communication load, i.e. the amount of time critical data
waiting for transmission at the owner, justifies the continued reservation of all the resources as
allocated to the owner. If a sufficiently large amount of resources is observed to be temporarily
free, the owner of the resources will pass some of these resources to its "neighbors”, i.e. the other
end-systems of the broadcast LAN. In order to respect real-time requirements for its data to be
sent each owner will continue to observe the arrivals to its transmission queue. If its local load is
increasing again, the owner informs its neighbors that they are no longer allowed to make use of
the resources which were offered for public access at an earlier instant. The freeing of resources
and their reclaiming could lead to oscillations in the resource redistribution. Therefore, our
approach for making resource allocation, depending on the actual communication load, is
based on load estimators, which produce some kind of smoothed estimates for the load as it
is generated locally over time. Moreover, we introduce systems of load thresholds which, only
when being crossed by the load estimates of an owner of resources, leads to a broadcast of
messages for freeing or reclaiming resources.

The remainder of the paper is organized as follows: Section 2 gives a survey of the state of the
art in load estimation, scheduling resource allocations and dynamic redistribution of resource
reservations in the context of QoS management. Section 3 presents and analyzes the behavior
of a set of functions for estimating the actually generated load at a LAN station, based on
geometric or on arithmetic weighting of measured utilization samples. In Section 4 we introduce
several threshold systems which differ in their responsiveness to observed load changes and in
their overhead, in terms of number of messages, for sending resource redistribution messages.
Section 5 investigates, by means of mathematical models, how load estimators can be combined
with threshold systems by a single station if it has to respect real-time requirements for sending
data. The main lessons learned are summarized in Section 6.

2. RELATED WORK

Reservation of resources is an important means to achieve quality of service guarantees in
computer and communication networks. In continuous media communications with real-time
requirements, such as audio/video communications, it is typical to reserve the resources (as
they are expected to be required later on) during connection setup of a stream, cf. IntServ
[2]. Some real-time protocols and services, such as CMTP/CMTS [6], allow that resources
may be re-allocated by means of setting up a new stream dynamically with different, in
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particular less strict, resource reservations. Other approaches assume that variations of load
within single stations are smoothed out to a great extent by means of multiplexing a larger
number of streams and doing the reservation for the complete overlay of those streams [7].
Up to now, only few proposals exist which - as in our approach - advocate for a dynamic
freeing and recalling of bandwidth between stations, cf. [8] and [9]; but these earlier proposals
do not provide a redistribution of the unused prioritized bandwidth to the other nodes in
the LAN. Thus, these solutions satisfy strict real-time bounds for transmission delays, but at
the cost of a worst case reservation. Bandwidth reservation has already been studied in the
literature. The various contributions include centralized and distributed approaches. Within
the Integrated Services over Specific Link Layer (ISSLL) group at IETF, Yavatkar, et al. [10]
proposes a centralized architecture for subnet bandwidth (SB) management using a centralized
algorithm. A single SB manager (SBM) acts as a designated SBM and is responsible for
admission control over the resource reservation requests originating from the source hosts.
However, this approach depends highly on the Resource Reservation Protocol (RSVP) [11]
and does not deal explicitly with best effort traffic related issues. Ghanwani, et al. [12] discuss
methods for supporting RSVP in LAN environments. It introduces a bandwidth allocator (BA)
responsible for performing admission control and maintaining resource allocation states in the
subnet. End systems request services such as bandwidth reservation that are processed by the
BA. BAP [13] represents a method to manage the dynamic bandwidth allocation; it can be
used in arbitrary shared transport media. Bandwidth is allocated in discrete portions, that
can be allocated and de-allocated at any point during the connection. The Controlled Load
Ethernet Protocol (CLEP) described in [14] is an implementation of the Controlled Load
service over Ethernet as defined by Wroclawski in [15]. It provides the client data flow with a
quality of service approximating the QoS this flow would receive on an unloaded network. This
distributed service is obtained by incorporating an access controller on the outgoing interfaces
of the nodes.

Estimation of load, as a fundamental problem of our approach, has been an important
topic, e.g., in adaptive routing and in load-balancing since more than a decade [16, 17].
Besides the idea of basing load estimation directly on the utilizations observed [18] it has
also been suggested to observe arrival times, thus estimating arrival rate, and service-time
requirements, thus estimating mean service-times, directly. However, in scenarios relevant to
our paper service-time requirements of data transfer requests typically would not vary to
a sufficient extent in order to justify the additional expenditure by roughly duplicating the
measurement efforts (estimation of two parameters instead of one). Still, as an alternative to
observing utilization one could observe the current backlog and base resource redistribution
on this estimate.

Regarding the weighting functions needed for calculating load estimates, geometric weighting
[19] seems to be the dominating approach. This can be explained by the easy and straight-
forward way to execute the calculations for geometric weighting and also by the fact it has been
used successfully in the context of TCP [20]. In load sampling besides the periodic sampling
which we suggest for simplicity, a more complex measurement procedure based on so-called
random sampling has been suggested just recently [21]. Measurements, as required in our
paper, refer to observations of primary load rather than of secondary load in the sense of [22].

In order to reduce the fluctuations of load at the source besides using methods of traffic
shaping, e.g. based on rate-based flow control such as [23], one could also apply techniques
for smoothing the traffic generated at the source [24]. Our use of threshold-systems to reduce
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Figure 1. Redistribution of bandwidth: the depicted example scenario illustrates the freeing of Ad’ by
station STAq and recalling of Ad” by STA,

the number of control messages to be exchanged has been inspired again by similar techniques
which have been successfully applied in practice in adaptive routing protocols [25].

As an alternative to provisioning deterministic QoS guarantees, as we strive for in our
approach, stochastic QoS guarantees are possible [5]. Then, evidently, no longer a reservation
for the worst case would be required but QoS requirements could become violated temporarily,
unless applications have the capability to adapt to network changes [26]. For applications
tolerating transient fluctuations in the QoS, different approaches for resource management
exist, in particular, in the context of wireless networks [27, 28].

3. ESTIMATION OF ACTUAL NODE UTILIZATIONS BASED ON WEIGHT
FUNCTIONS

In the following we present the basic proceeding which we suppose throughout this paper for
resource reservation and redistribution between the stations of a broadcast network.

8.1. Assumptions and underlying model for resource redistribution

e Resource reservation: We assume:

— n + 1 stations STAy,...,STA, communicating via a local broadcast network
(Ethernet, WLAN;,. .. [29])

— communication load of the stations consisting of time-critical transmissions and
non-time-critical data transfers, cf. the real-time (RT_Q) and non-real-time queues
(nRT_Q) in Figure 1

— in each station with real-time communication requirements there exists at least
one owner of resources, where reserved data rate (allocated “bandwidth”) is the
resource considered by way of example; scenarios could be that the owner reflects
the complete station or an owner could model a single end-user

— resources are supposed to be reserved before starting a new stream with real-time
requirements and are available to its owner until it releases connection after end
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of the stream; the amount of bandwidth reserved is such that the owner’s QoS
requirements can be guaranteed.

e Temporary resource redistribution:
We assume that an owner of resources can pass resources to other stations temporarily,
whenever these resources are not required locally for some time. We introduce a message
of type

— FREE.BW (STA,Ad) with which a station STA hands over a bandwidth
(respectively data rate) of Ad bit/s to other stations, and
— RECALL_BW (STA, Ad) to recall bandwidth Ad.

With receipt of a RECALL_BW message the recalled bandwidth has to be released
immediately. The question of how to distribute free bandwidth among stations — though
it represents a very important topic, too — is out of the scope of this paper; an elementary
solution could be, that all neighboring stations get equal shares. A more advanced
approach to distribute free bandwidth efficiently is proposed in [8].

e Approach to estimate the level of load resulting from time-critical transmission requests:
We assume periodic measurements available at instants ¢; := to + i - At, for ¢ > 1,
where the measured samples p; characterize the load of time-critical transmission requests
which have been generated by the source during the interval T; := [t;_1,¢;). Evidently,
pi :=d;/(r - At), where d; denotes the amount of time-critical data generated during T;
and r denotes the data rate as it was allocated to its owner at connection setup time.
This sequence of samples (p;) may be used at each instant ¢; to calculate an estimate
p(t;) of the actual level of load.

The traffic load generated by the communicating users of a station must be estimated in
order to be able to adjust the allocated capacity to the actual requirement. If the capacity, in
terms of transmission bandwidth, allocated is too high, only a poor level of utilization for the
network can be achieved. Some flows may have more reserved capacity than what they really
use. This capacity is lost for all the nodes of the network. On the other hand, if the reserved
capacity is too low in comparison to the flow activity, a situation of congestion occurs and
the general QoS of the flow will be degraded. It is important to find out good estimators to
allow the algorithm controlling the bandwidth to react in an appropriate manner. Evidently,
different estimators can be chosen for different streams and different demands on the expected
QoS.

The estimator must take into account some kinds of fluctuations in order to enable adequate
node reactions. Major changes in data rates for a complex source of traffic must be detected
quickly. This is an important condition for flows with a required level of QoS. If the reaction
is too slow, a QoS degradation is viewed by these flows, whereas a minor change in data rates
within single streams may be ignored in order to get a certain form of smoothness over time.
This constraint is to avoid an overreaction with respect to the observed fluctuation of offered
load within a station.

3.2. Geometric and arithmetic weighting of utilization estimates
The methods proposed and investigated by us for load estimation are based on geometric and

arithmetic weighting.
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Here, geometric weighting is defined as follows:
pti) = api+ (1 —a)-p(ti1), i=1

where a € (0, 1] and p(to) to be initialized, e.g. 5(to) := 0. The « factor indicates how fast the
estimator changes with a strongly different new sample. The geometric weighting is also known
as the exponential weighted moving average (EWMA) [19]. As an abbreviation we denote by
G, geometric weighting with parameter « € (0, 1].

The arithmetic weighting estimator is defined as:

w—1 .
o w—7 .
) — . = Ja >
p(tz) OO Z w Pi—j, 1= 17
Jj=0
where w € {1,2,...} and py to be initialized for all 2 —w < k < 0. Cy = ﬁ_l denotes a

normalization constant. This estimator is equivalent to a sliding window with window size w
and weights increasing in a linear way when the samples are more recent. Arithmetic weighting
uses 5 as weights, where k is the position in the window of size w with the most recent sample
taking the position & = w. The size of w indicates how many past samples including the
present sample must be kept to estimate the current load. As an abbreviation, A,, denotes

arithmetic weighting with a window size of w € N.

8.8. Impact of weight functions on worst case backlog of load and on delays

In this section we discuss the impact of the weight functions and their parameterization on
estimation of p(t). In particular, we analyze how much backlog (BL) is possible if the “worst
case” occurs and determine how much “delay” is induced at most by the BL. It has been
demonstrated previously [30] that all measured data (offered load) is taken into account once
and only once by both of our estimators.

We constitute that the throughput available for each interval T; (with boundaries [t;_1,t;))
is identical to p(t;—1) - r - At, except that lowering throughput from one interval to the next
is not admitted if backlog exists in the sending queue. Here we disregard the time required
to claim back transmission capacity, as we assume that control messages are exchanged with
high priority and, moreover, in local networks we can neglect propagation delays. As mentioned
previously, within the scope of these studies we presume that the amount of data d; generated
in each sample interval does not exceed r- At. Hence p; does not exceed 1. Such behavior could
be realized, e.g., by a “leaky bucket” component, which could establish some rate-based flow
control [23].

The normalized “Backlog of workload” (BL) is defined in the following as the quotient of
the amount of data which has to be stored temporarily due to missing transmission capacity
and the amount of data that can be sent with full transmission capacity during one sample
interval of length At. This means that BL = 1 corresponds to the amount of data r - At.

(a) Analysis of “worst case” load scenario
A “worst case” scenario occurs, e.g., when

0 fori =0
pi:{1 for i > 1 (1)
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e Using geometric weighting, the estimator at instant ¢;, initialized with p(¢g) :=
0, for ¢ > 0 is given by

pt) = Sal-a)pr P1-(1-a)
k=0

Hence, as normalized backlog BL() which accumulates in just one sample interval,
we obtain for each interval T; with ¢ > 1 the difference between actual level of load
pi and the estimated level of load p(t;—1) at the beginning of the interval:

BL(i) = p; — p(ti—1) = (1 — )1

which gives us the following expression for the overall backlog BL; having
accumulated up to time instant ¢;:

—(1-a)

: 1
BL; =Y BL(j) = Vi>1 (2)
j=1

«

The total size of generated (offered) load to be buffered, expressed in multiples of
r - At, is therefore for all a € (0, 1] limited by
1—(1—a)

BL; < BLy = lim —:l Vi>1

k—oo « (0%
Ezxamples:
a = 1: Since, at each instant ¢;, p; is the only value used for estimation (5(¢;) = p;),
as a maximum the amount of data received during the last interval T; has to
be queued in RT_Q for future transmission. Therefore the amount of data to be
buffered can not exceed 1-r - At, i.e. BL,qr = 1.
a = 0.5: The maximum amount of data accumulating in the worst case is
BLpar = 2.

e Using arithmetic weighting, and taking into account Equation (1), the estimator
at instant ¢; is given by

i—1
2 w—j _ 2witi—i® g <<y,
pey = { et 0505 ®)

1 1> w.

Again we obtain the maximum backlog for each interval T; as difference between
actual and estimated load

1 _ (=1)-Quw—it2) for1 <i<w

BL(i) = { . (wiDw

for i > w

which leads to the maximum backlog at instant ¢; with 1 < <w

(1— (J'—l)'(in—jH)) (4)

BLi = Z (w+1)w

i
Jj=1
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and BL; = BL,, for i > w. The total size of generated (offered) load to be buffered
is limited by BL,,, i.e.

w B .
-1 Qw-j+2)
BL; < BLy,= (1-
- v Z( (w+ 1w )
Jj=1
2
_ % Vw>1,i>1

Examples:

w = 1: With w = 1 the maximum backlog is BL,,, = 1 as the amount of data
received within 7; has to be queued in the worst case, but is completely served
during T541.

w = 4: Maximum backlog results to BL 4. = 2.

(b) Analysis of maximum backlog delay
Now we determine how much backlog delay at most is induced by the data being
stored temporarily. The backlog delay is the time elapsing between receiving data and
being ready to send it and its maximum for each interval T; is denoted with 7;. The
data is processed with throughput p(t;—1) - r - At within each interval T; following the
FIFO-principle. As mentioned previously, we constitute in our study that the available
throughput is not lowered while further backlog is present. Nevertheless, the generated
load might decrease at any instant whereby the remaining backlogged data would be
sent with a data rate less than the maximum, possibly resulting in higher delay. Hence,
considering the highest increase of generated load, which is described by Equation (1),
it follows that the maximum delay is upper bounded by
BLi -r- At

T, = max7; = max —
TS T p(ty) -

e Using geometric weighting, the maximum backlog delay is given by

BL;-r-At
Tmax = MaX;>1 [)(tir)Ar
(_) ﬁ(ii)~r<At 1 A (5)
= maX;>1 W = t.

e Using arithmetic weighting, the maximum backlog delay is given by

B BL; -r- At
e TR ()
1.2 : 2 2
2t —(w+1)i4+w 2w+ =
@e 3 ( +. )i+ w* + 2w + 3 At
1<i<w —i+ 2w+ 1
Since the above fraction is monotonically decreasing (with 1 < i < w,w > 1) it
follows
BLl w —|— 1
= AL = - At. 6
T ) 2 )
Copyright (© 2000 John Wiley & Sons, Ltd. Int. J. Commun. Syst. 2000; 00:1-6
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Figure 2. Estimators in the worst case

From the equations above an upper bound for 7,4, can be computed, which allows us to
determine the acceptable range of values which can be chosen for a or for w, if a given delay
bound 79,5 and a sampling interval size At have to be respected. Table I shows the maximum
backlog delay for different estimators. As we will show in Section 5.2 upper bounds for 7,4z
for estimators combined with threshold systems can be computed using a recursive approach
leading to significantly better bounds than the closed-form expression as derived in [30].

8.4. Responsiveness of different load estimators

Besides requiring appropriate throughput, applications with real-time requirements need
guarantees for upper limits of delay. In order to keep these limits, the parameters, in particular
At and « or w respectively, have to be chosen carefully.

For large At values the efforts for measuring and calculating the actual load are reduced.
Furthermore the measurements are smoothed in a stronger way. The less smoothed the
measurements are the more data rate has to be reserved in advance to be able to guarantee
small delays and p; < 1. In contrast, in order that the system can react within an appropiate
response time, At has to be small. As can be seen from Equations (5) and (6) an upper
bound for At is defined depending on the delay limit from the application and on the
deployed weighting estimator and its parameter o or w respectively. The choice of the system’s
parameters depends — of course — on the real-time flow. Concerning video streams, in particular
with 25 frames per second, At = 40ms seems to be a good choice since each measurement
interval consists of the data for one frame while the responsiveness is well enough for typical
video applications.

Figure 2 compares the reactivity of four estimators, two estimators for either arithmetic and
geometric weighting, again assuming the worst case load scenario being the one showing the
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highest possible fluctuation after the estimator has taken its lowest value (cf. Equation (1)).

We observe that functions Ay and Gy 3 are more reactive than functions Asg and Gy 1. This
results from the fact that parameterization with « values near to 1 using geometric weighting
or small w values using arithmetic weighting leads to the advantage, that an increase of load
is taken into account rather quickly and thus the past (“history”) is “faded out” fast as well.
But with this also quite high variations in function j(t) come along.

We also observe that Gy 3 is more reactive than Ao during the first samples (it yields the
highest estimates during 8 samples) but Gy 3 takes much longer than Ajg to estimate the
traffic as being approximately 100% (4 more samples). This means that G 3 reacts faster to
traffic fluctuations, but it needs more time to converge.

4. SYSTEM OF LOAD THRESHOLDS TO CONTROL DISTRIBUTION OF
BANDWIDTH

In this section we initially introduce a system of load thresholds, which determines when to
free or claim back bandwidth based on current load estimation as discussed in the preceding
section. The main tasks of such a system are on the one hand to assure real-time requirements
to be respected and secondly to avert oscillations caused by small variations of the estimator’s
value. After giving the definition, including the introduction of reasonable constraints, we
present three sample parameterizations used to illustrate as well their representation by state
models as their analysis concerning potential increase of network utilization.

Definition 1. We define an n-state threshold system as tuple T'S(S,9). The n-tuple
S = (51,82,...,5,) C [0,1]", with S; < S; for all 1 < i < j < n, denotes the set of
states while the state-transitions are defined by the n x (n — 1)-matrix

P19 o Uin

¥ = S : c (0,1]™ x (0,1]" !
1977,,2 ﬁn,n

with i < j =V, <Vi; Vk. With given state S; and estimated load p the next state is given
by

r(Si, p) == Sjega_)_cn}{ﬂq:,jﬁﬁv 1}

Interpretation of ¢:

e Up-thresholds: For ¢ < j, each entry ¥; ;, determines the up-threshold which has to be
crossed upwards (or at least reached) by the estimator p, in order to change the system’s
state from S; to S;.

e Down-thresholds: For i > j, each entry ¥; ;, determines the down-threshold which has

to be crossed downwards by the estimator p, in order to change the system’s state from
Si to Sj_l.

If neither any up-threshold nor any down-threshold is crossed, the system remains in the
current state. Transitions are passed through periodically after each multiple of At. Figure 3

Copyright (© 2000 John Wiley & Sons, Ltd. Int. J. Commun. Syst. 2000; 00:1-6
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U32 < p <33

p<V32 \@/ p>v13
/ AN

V13> p>V12

Figure 3. A general 3-state threshold system (left picture) and M2, an example 4-state threshold
system; states and transitions of M2 are labeled in percent.

shows a general 3-state (left picture) and a specific, i.e. actually parameterized, 4-state
threshold system by way of example.

Definition 1 is kept little restrictive in order not to limit its universality. Nevertheless,
concerning our study we assume reasonable constraints for the rest of the paper:

C1 S, =1 (or 100%), otherwise full capacity can not be reached

C2 down-thresholds in S; are strictly less than up-thresholds to Sj,
formally Vi, k 1 <k<i=1v;; <V,

C3 up-thresholds in S; are greater than up-thresholds to S;,
formally 1 <k <i =911 > Vi

C4 down-thresholds in S; are less than down-thresholds to S;,
formally n > k>i+1=9;; <911

Nota bene: The control messages FREE_BW and RECALL_BW are sent if a transition S; — 5
occurs with ¢ > j or ¢ < j respectively.

4.1. Potential increase of overall network utilization: worst case study

Let us consider resource reservation and static allocation to communicating entities. Hence, if
just a small part of the reserved data rate is used, the remainder is lost for the overall network
— in the worst case this sacrifice can reach 100% of the initially reserved bandwidth, obviously,
if no real-time data is transmitted at all. Unlike static allocation, our approach is focused
on methods to reduce such sacrifice even if quality of service guarantees are provided. So it
is interesting to investigate, for different boundary conditions, how much capacity is made
available using the presented threshold system. In section 4.1 we want to calculate the amount
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of bandwidth which is made available to other stations even in the case that the stream with
real-time requirements shows the most unfavourable behaviour possible at all.

So, let us consider how much network capacity can, in the worst case, be reserved but remain
unused by a station though a system for sharing bandwidth using our proposal was employed.
This sacrificed capacity, in multiples of the total reserved data rate r, can not exceed the
maximum difference between the estimated load p and its associated state. As mentioned in
Section 3.3 the entire load measured in each sample interval is considered adequately in the
long run by the presented estimators. Therefore, it is acceptable to consider the estimated
load p instead of the actual load in order to assess the utilized and the provided capacity
respectively.

Thus, if we apply an arbitrary n-state threshold system, the bandwidth ¢,,,, being lost in
the worst case is given by

Omag = 7 - max | Sy, max (S; —9;,)
2<i<n

or, equivalently, a utilization of 1 — 0y,,4, /7 can be achieved in the network even in the worst
case. To give an example, we obtain o,q, = 7+ (S2 — ¥22) = r - 40% for the 4-state threshold
system (M2) of Figure 3.

4.2. Potential increase of overall network utilization: average case study

With the worst case assessment above, we can derive hard boundaries. In this section our
objective is to estimate the potential increase of overall network utilization, in form of upper
bounds of sacrifice, for an average case. We do not assume further restrictions on the sending
behavior of the communicating stations. Therefore, for this evaluation we presume p(t;) as
being uniformly distributed in the interval [0,1].

To analyze the overall sacrifice, we determine sacrified capacity o for ranges of possible
values for p(t;). Since the station’s state is not necessarily determined uniquely, we derive two
values, namely o, and oy, respectively, which correspond to the optimistic (or pessimistic)
assumptions that the station’s state is the most favorable (or most unfavorable) one all along.

First, we consider the optimistic assumption. The most favorable state, regarding used
capacity, is the one with the highest value. Each state is the most favorable in the range
between its highest down-threshold and the highest down-threshold of the next higher state
or 1 respectively. Below this range, the state would have changed in consequence of crossing
a threshold and above it another (more favorable) could be possible. Since we presume j(t;)
as being uniformly distributed in the interval [0,1], for each state we calculate its sacrifice by
the difference between its stated transmission capacity and the mean of the described range,
multiplied by its share. Thus, presuming C1-C4, with optimistic assumptions we derive

n
0o = Z(ﬂi,iﬂ - 191—1,1) : (Si -

i=1

Vi1 + Vi1,

5 )

with d¢,; := 0 and ¥, 5,1 := 1. Analogically, with pessimistic assumptions we derive

3 191 7 + 19ii
Op = 2(19¢+1,i+1 — i) (Si — %)

i=1

with 19171 :=0 and ﬂn+1,n+1 =1.
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IMPROVING NODE BEHAVIOR BY MEANS OF RESOURCE REDISTRIBUTIONS 13

Sample parameterizations are given below with their individual assessments, cf. Table II.
As we will see in Section 5, they meet well reality.

4.83. Sample parameterizations of threshold systems

We present and discuss three parameterized threshold systems which illustrate as well their
representation by state models as their analysis concerning potential increase of network
utilization. We define three models M1, M2, and M3 as 2-state, 4-state, and 9-state threshold
system respectively. M2 is shown in the right picture of Figure 3 by way of example.

0.20 045 0.70
0.10 0.45 0.70
0.10 0.35 0.70
0.10 0.35 0.60

M1=TS ((0.5, 1); ( 8'2(5) >) M2 =TS | (0.25,0.5,0.75,1);

0.15 025 035 045 055 0.65 0.75 0.85
0.10 025 0.35 045 0.55 0.65 0.75 0.85
M3 =75 | (02,03,...,09,1); | 010 020 035 0.45 055 0.65 0.75 0.85

0.10 0.20 0.30 0.40 0.50 0.60 0.70 0.80

These models exemplify different parameterizations for the decisions how much bandwidth
to be allocated to a specific node depending on its momentary traffic estimation. By taking
care of recalling bandwidth before the level of utilization is reached, real-time requirements
can be respected. The three sample models were assorted considering the following principles:
In this study we analyze equidistant upper and lower thresholds. Since perception of load
variations is delayed as a consequence of the discrete sample interval size, the actual available
bandwidth should always exceed the estimate, e.g. by at least 5%. Furthermore, to effectively
avoid oscillations it is essential that upper and lower threshold have sufficient distance. We
use a minimum difference of 10%. As mentioned previously, we presume that any host will
distribute transmission capacity only in the case that no local backlog exists.

The fundamental differences between the state models are their granularities. State model
M1 consists of two states, state model M2 consists of four states, and model M3 is composed
of nine states. Intuitively, more states will be more efficient in terms of local loss, but globally,
more states will cause more signaling and this will not necessarily be more efficient from a
network’s point of view. Evidently, different stations can use different threshold systems as
well as different load estimators depending on their application. Both granularity and levels
of thresholds can be customized to individual needs.

Using the proposed models M1, M2, or M3, respectively, at least 30%, 60%, or 80% of the a-
priori reserved capacity is utilized or placed at other stations’ disposal. These values regarding
the worst case result from the difference between reserved data rate and maximum sacrificed
capacity.

So, the minimum utilized or freed capacity can be enhanced by increasing the number
of states of the model. Evidently, communication overhead used for signaling increases as a
consequence. We neglect this overhead, depending on individual implementations, for all of
the analysis within Section 4. As results from Section 5 will show, this simplification can be
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Model Oo Op used/lent out
M1 27.5% 35% 65-72.5%
M2 | 16.25% | 23.75% | 76.25-83.75%
M3 10% 14% 86-90%

Table II. Average case: Estimated sacrifice o, and o, as well as estimated overall utilization of
bandwidth

acceptable in real load scenarios, particularly if the user data rate is quite high as for typical
video applications.

It is worth mentioning that already a very simple 4-state model such as Model M2 is, in
any case, able to make sure that at least 60% of the available real-time bandwidth is utilized
by the communicating stations — assuming that the offered load, e.g. in terms of best effort
traffic, is sufficiently high.

Concluding, Table II shows the average case assessments under optimistic and pessimistic
assumptions as well as the estimated utilization of the reserved data rate for the proposed
threshold systems. The estimated values let us expect significant enhancements for real-
time communications within broadcast networks. In Section 5 we will check those potential
enhancements under realistic load scenarios — and show that the derived assessments meet well
reality.

5. NODE BEHAVIOR BASED ON LOAD ESTIMATOR AND THRESHOLD
ALLOCATION SYSTEM

5.1. Investigation to study the responsiveness of capacity allocation

The main goal of this section is to evaluate how well applications’ real-time constraints can
be guaranteed by using our proposed threshold system in combination with different load
estimation functions. In particular, we evaluate the time until transmission capacity is called
back from other stations when it is needed again by its owner. We verify that resources are
called back sufficiently quickly in order to ensure that real-time requirements are met — that
is as a rule within 100ms, but depends on the relevant application.

First, we investigate the worst case, that is a situation when the offered load increases to its
maximum after a node has redistributed all of its capacity to the other nodes in the network,
cf. Equation (1).In Section 3.4 we discussed the responsiveness of different estimators and now
we evaluate how fast the up-thresholds are crossed. Our concern is to get back full capacity as
soon as possible. Therefore, the reactivity of each model corresponds to the number of intervals
needed to get back full capacity.

Using G 3, full capacity is reached within only 2 sampling intervals using state model M1.
That is faster than in the case of state model M2 which needs 4 sampling intervals and faster
than in the case of state model M3 (6 sampling intervals). This is due to the fact that an
estimator p greater than 45% in model M1, 70% in model M2, and greater than 85% in model
M3 is needed to get back full capacity. In other words, a high value of the estimator is needed
to reach an allocated value of 100% in the case of model M3. Moreover, G 3’s slope decreases
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significantly when 80% of the capacity is reached; therefore, in this case model M2 is more
reactive than model M3.

From a networking point of view, the gain obtained using model M1 is even greater since
each threshold crossing is accompanied by signaling information and thus more signaling is
needed if model M2 or model M3 is used.

5.2. Maximum delay induced due to threshold systems

In Section 3 we analytically derived upper bounds for the maximum backlog delay which
resulted from the estimators’ underestimations of the actual load and from the time lag
between load appearance and its measurement. In the following we discuss the impact of
the threshold systems combined with weight functions as introduced previously. In particular,
we upper-bound the maximum delay 7; that can occur for data received during interval T;.

For this we determine that instant ¢ € T; at which data is delayed longestly. The delay is
computed then as difference between the instant ¢t”, that is the instant when all data waiting
in the sending queue at instant ¢’ has just been sent, and ¢'.

The backlog delay within T; is maximal for the instant ¢ :=t;_1 + %,At =t;_1+ p; - At.
Assuming the worst case that data is generated with the maximum possible data rate r during
the first part of the interval, ¢’ is the instant when the last data unit within T} has been added
to the sending buffer. In order to determine ¢, with S; denoting the portion of r allocated
during T; by the threshold system, let B; denote the amount of backlogged data buffered after
interval T;:

B, = IHELX(O7 B, 1+ (pz — Sz) ST At) fori >0

Algorithm 1 DELAY(x, 1)
Require: Amount of data x and index ¢ of interval; S; denotes portion of r allocated within

T;.
Ensure: Time needed to send amount of data x starting at interval T7;

Tp—x— S -r-At /* data not sent during T} */
if z,, > 0 then

return 1 + DELAY(z,,1 + 1) /* start sending remainder in T4 */
else

return g /* time to send z in T} */
end if

Furthermore, we introduce DELAY(z, i), described by Algorithm 1, computing the maximum
time needed to send the amount of data x where sending starts at the beginning of interval
T;. With

t = ti—1+ DELAY(Bi_l +pir- At, Z)
it follows
7 < ' —t = DELAY(Bi_l +pi-r- At, 7,) — pPi- At.

Applying the load scenario given by Equation (1), the maximum delays shown by Table I1T

can be computed. It can be seen that even hard real-time requirements can be solved by

selecting adequate estimators and models. To give an example, by using a geometric estimator
with « = 0.3 combined with Model M1, the maximum backlog delay does not exceed At.
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Go1 Goz A Ag
Model M1 3 1 1.5 3

Model M2 | 5.25 1.75 2.5 4.75
Model M3 | 6.7 2.2 3.1 5.5

Table III. Maximum backlog delay in multiples of At in the load scenario given by Equation (1) for
different threshold systems.

Bandwidth [%)]

0 . . . . . ,
605 610 615 620 625 630 635
Interval

Figure 4. Jurassic Park/Mr Bean trace — different estimators

5.8. Dynamic behavior of utilization for realistic load situations within a station

We evaluate now our scheme in a realistic situation. We studied the behavior of the dynamic
resource management for several different real-time streams represented by real traces. As
representatives for real-time streams with in fact variable bit rates, which we consider in this
paper, we investigated video streams. We studied traces generated from MPEG-2 and MPEG-
4 streams as well as video sequences coded according to the ITU Standard H.263. For the
latter some of the resource redistribution‘s possible impacts on the perceived video quality are
pointed out in [31]. In this section we single out one typical example.

The input MPEG-4 trace chosen is a mix of the two MPEG-4 traces obtained from [32].
The traces are that of the movies “Jurassic Park” and “Mr. Bean” which we superimpose.
We study the reactivity of each transition model using arithmetic and geometric estimators
with different weights with this typical stream of total size 573.8 M B, lasting 59.37 minutes.
The size of the sample intervals is At = 40 ms (corresponding to 25 frames per sec.) with
maximum measured data within one interval of d,q, = 178.41 kbit which induces an a-priori
reserved capacity of r = 4.4 Mbit/s in order to fulfill the precondition p; < 1 Vi.

Figure 4 shows a clipping from the trace and its corresponding estimator values. We have
selected sampling intervals during which many fluctuations can be observed in the input trace
in order to see how reactive the models are. As mentioned previously, in all cases, Gg.3 is
the most reactive of the traffic estimators compared. The bandwidth allocated by each of
the models M1-M3 with estimators Gg3 and Ajg are represented in Figure 5. This figure
describes how the different state models realize the bandwidth allocation in the case of real
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Figure 5. Jurrassic Parc/Mr Bean trace — Go.3 (left picture) and Ai9 combined with models M1-M3
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Figure 6. Video mix sent with r = 4.4 Mbit/s using different combinations of estimators and threshold
systems: left diagram: overall bandwidth available for usage within the network and mean message rate
for signaling purposes; right diagram: maximum and mean delay (including 95% confidence intervals)

traffic fluctuations.

Figure 6 shows the network capacity put at other stations’ disposal and the number of
FREE/RECALL messages exchanged by the system (left chart) as well as the maximum and
mean time the transmission of data was delayed for. Mentionable, we neglect the signaling
communication overhead needed for controling the sharing of bandwidth; the actual gained
capacity depends on the details of individual implementations.

Previously, we have chosen the data rate r so that it is never exceeded by the stream.
Since we can not always act on this presumption of excessive over-reservation, we start further
experiments with the trace. The data rate is set to r = 125 kbit/40 ms, whereby the video mix
uses 42.2% of the bandwidth (instead of 29.6%) which appears more pragmatical. Figure 7
shows the results of the run without prior smoothing, tolerating p > 1.

Contrary to the worst case, in all experiments transition model M3 achieves the minimal
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Figure 7. Video mix sent with » = 3.1 Mbit/s using different combinations of estimators and threshold
systems: left diagram: overall bandwidth available for usage within the network and mean message rate
for signaling purposes; right diagram: maximum and mean delay (including 95% confidence intervals)

capacity loss. This is due to the fact that real traces often produce variations which are
less radical than the worst case, whereas more detailed models can better adapt the resource
allocation to the actual requirements. However, the allocated bandwidth of M3 is often smaller
than the value required by the input trace. M2 fits this requirement better since it is very rarely
smaller than the bandwidth required by the trace. Therefore, a more detailed model achieves
better performance in terms of lost bandwidth, but also introduces more delay if the trace
fluctuations are rapid and also more communication overhead is generated.

It can be seen, that significant enhancements under realistic load scenarios are achieved by
the threshold systems. It is also worth mentioning that the derived assessments from Section 4.2
meet well the realistic traces we tested, cf. Table II. Further experiments, in particular with
smoothed traces, show similar results. Though offered load sometimes exceeds the presumed
upper bound of p; < 1, neither mean nor maximum delay differ significantly, although the
number of exchanged messages rises.

An overall interpretation of the results obtained in our various series of experiments, covering
traces obtained from a variety of different video codecs, leads to the following insights:

e As to be expected, the gained bandwidth G increases starting with model M1
via M2 towards M3 and this holds independently of the weighting function used
(Go.1,Go.3, A10, Agp). Evidently, the advantages of more refined threshold models become
much more significant if one reduces the amount of resources (bandwidth) as reserved
during connection-setup-time.

e Some direct dependency between the results regarding buffer occupancy B and additional
backlog delay 7 exists as a direct consequence of Little’s Law [33].

e The mean backlog delay 7, in all cases, remains below 20 ms, which is encouraging and
seems to be fully acceptable for a large variety of multimedia applications with real-time
requirements. The maximum backlog delay 7,42, too, remains pleasingly small, at least
for cases where the weight function Gg 3 or Ajg is used.

e The number of control messages to be exchanged remain practicable even in the worst
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case as the control messages have a rather small size. So we conclude that the overhead
of control messages to be broadcasted seems to be perfectly acceptable, too. And this
holds even for network configurations where a relatively large number of stations (e.g.
50 to 100) with real-time communication requirements is present in each one of possibly
many interconnected broadcast networks.

In existing LANs the signalling could be directly based on UDP using the following
formats by way of example: A signalling message could be encoded using 16 byte (it
contains the protocol version, some flags, and the table entries (see below) used to run
the algorithm). Therefore, once encapsulated in UDP, IP, and Ethernet, a message is
512 bit long. Assume each node is sending 2.5 messages per second when it sends high
priority traffic (the signalling overhead represents 1280 bit/s) and one message every
five seconds otherwise (102.4 bit/s). Assuming that each stream, e.g., reserves about 150
kbit/s and that nearly all of the network’s bandwidth is reserved statically, leads to the
total signalling overhead of about 0.8% for high priority traffic and less than 0.1% in case
of low priority traffic, independent from the number of communicating nodes. Actually,
in [34], the simulation scenarios chosen demonstrate an overhead of the order of 0.5% of
the network capacity. Therefore, we conclude that our proposal scales well in broadcast
LANs.

A possible implementation of our proposal is described in [34]. This implementation relies on
the DiffServ paradigm and implements two service classes (BE and EF) that are classified
according to the content of the DS field in the IP header. Since BE traffic must limit its rate
to spare bandwidth for real-time EF flows, we use a dynamic shaper, tuned by our algorithm,
at the outgoing interface of nodes. Real-time traffic is thus isolated by reserving allocated
bandwidth resulting from the threshold system and by sharing the remainder among BE flows.
Each node must be aware of real-time load in the network to reserve that quantity, and of
current demands of each flow. This is implemented with the help of a table representing the
usage of bandwidth in the overall network. An entry in the table comprises the node address,
the bandwidth allocated to EF flows of this node, and the estimated BE rate. To keep tables
synchronized, signalling messages are broadcasted within the LAN. A timer, representing the
last broadcast from a corresponding host is associated to each entry. The entry is removed from
the table if the aging interval expires. On receiving a signalling message, the entry is updated,
if it exists, and the timer is rescheduled; otherwise, a new entry is created. A message broadcast
occurs on the following events:

e variations in EF traffic, resulting in a state transition in the threshold allocation system,

e major changes in local rate in terms of BE traffic,

e necessity to refresh the state information and thus to avert being removed from tables
of the other nodes.

6. CONCLUSIONS

In this paper, we have investigated how the efficiency of reservation strategies that execute
some fixed resource reservations (in particular reservations for the complete duration of
continuous media streams) can be increased. On the one hand, we have proposed two classes
of parameterized weight functions for calculating estimates of the actual load as induced by
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the connections for which resource reservations have been established for the present. On the
other hand, we have introduced threshold systems in order to reduce the update traffic for
exchanging control information the purpose of which is to hand over free bandwidth and to
recall own resources between the stations of a broadcast network. We have demonstrated how
weight functions and threshold systems can be combined.

Usage of mathematical performance predictions allowed us to prove that the algorithms
we suggest are able to respect real-time bounds for maximum delays in the order of 50 to
100 ms (as they are quite typical in a large variety of audio/video applications) and that,
at the same time, they achieve a high overall utilization of resources even under worst case
load fluctuations. Additional studies have provided the encouraging result that in practice, i.e.
for realistic load scenarios, the efficiency to be expected for our proposal to execute dynamic
and load-adaptive resource reservations will even be considerably higher than the ”worst case
bounds”.

Future investigations are planned by us to get a still better understanding regarding the
dependencies between the parameterization as used for specifying the load estimators and
the granularity of the threshold system being chosen. As a final goal we strive to solve the
optimum configuring of adaptive reservation systems, for given load scenarios and given QoS
requirements, in a largely automatic way and at the same time limiting the overhead resulting
from the exchange of control information supporting the dynamic redistribution of resources.
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