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ABSTRACT

The VBR traffic control schemes are presented with the objectives of preventing network
congestion, supporting end-to-end QoS on per-connection basis, and achieving a high
level of resource utilization. First, an admission control algorithm is designed for the real-
time VBR Traffic, which performs better than previous ones in terms of both the network
bandwidth utilization and the computational time needed. Second, two lossless MLB
traffic shapers are designed that can guarantee certain requirements for shaping buffer
occupancy or delay bound. Third, the statistical traffic shaping scheme is put forward,
and it can achieve a higher level of resource utilization than lossless shaping. Fourth, the
impact of rate-controlling on end-to-end QoS is analyzed. Fifth, the guidelines and design
criteria on controlling the VBR traffic are provided based on the research results in this

thesis.
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GLOSSARY

The following notations pertain to the remainder of this thesis. Enclosed in the bracket at the end
of each definition is the section number where the notation first appears in this thesis.

Yin

G, i)
(. i, h)
w

z(j)
il(’.’ h)

the arrival time of the kth cell at the rate-controller, defined as the end of
the slot over which the kth cell is completely received; (6.2.2)

the arrival time of the kth cell at the multiplexer; (6.3.1)

the maximum burst size of the regulated or shaped connection; (6.2.1)

the maximum burst size of the departure process from the connection j’s
DLB shaper; (2.3)

the token buffer size of the nth leaky bucket of connection j’s MLB
shaper; (2.3)

the long-time average rate of the regulated or shaped connection; (6.2.1)
the average rate of the departure process from the connection j’s DLB
shaper; (2.3)

the token rate of the nth leaky bucket of connection j's MLB shaper; (2.3)
the equilibrium probabilities for Markov Chain {D, S, },,; (6.2.2)

the equilibrium probabilities for Markov Chain {D, S,, A, },.,; (6.2.3)

the equilibrium probability vector for Markov process {D, S, },.,; (6.2.2)
the equilibrium probabilities for Markov Chain { 51: }iors (6.3.1)

the equilibrium probabilities for Markov Chain { f)k , ﬁ,‘ }ors (6.3.2)

the equilibrium probability vector for Markov process { D} or; (6.3.1)

the independent and random phase of the ith connection in traffic class j;
(2.3)

the long-term-average-rate of the DLB regulated traffic flow j at the
network entrance; (2.2.2)

the long-term-average-rate of the incoming traffic flow j at a node except
at the first node (i.e., at the network entrance node); (2.2.2)

the slope of the nth line segment in the MLB constraint function Ij';

(2.2.1)
the slope of the nth line segment in the MLB traffic constraint function I ; ;
(2.2.1)
the burst size of the DLB regulated traffic flow j at the network entrance;
(2.2.2)
the burst size of the incoming traffic flow j at a node except at the first

node; (2.2.2)
the y-intercept of the nth line segment in the MLB traffic constraint

function 11_'; (2.2.1)



w;(t)
V;(t)

Wg,
X
Yo

A(LS=O’ LM=L)
r

A
jS(t)

¥,

a(n)
a(n)
&(m)(n)

accud
J

ij
bsj

the y-intercept of the nth line segment in the MLB traffic constraint

function I;; (2.2.1)

the X-axis value at the flex point in the DLB regulated I, i.e., T,= G, /(P
py; (2.2.2)

the X-axis value at the flex point in the DLB traffic constraint function J ; ,

ie., T;=6; /(P -p;); (2.2.2)
the X-axis value at the nth flex point of the MLB traffic constraint
function Il_.; (22.2)

the X-axis value at the nth flex point of the MLB traffic constraint

function I;; (2.2.2)

the maximum time interval length during which connection j's cells can be
sent in the peak-rate Pg; from the shaper; (2.3)

the utilized bandwidth at time ¢ by the ith connection of class j; (2.4)

the multiplexing buffer requirement at time ¢ from the ith connection of
class j; (2.4)

the activity factor of Ry(t); (5.2)

the activity factor of W; (t); (2.4)

the probability distribution of the batch arrival size during one time slot;
(2.24)

the admissible region when L¢=0 and L,=L; (5.3)

the number of slot-tokens that need to be removed when a cell departs
from the data buffer in the proposed mechanism; (6.2.1)

the capacity of the slot-token pool in the proposed mechanism; (6.2.1)

the on-off periodic departure process from the regulator for the ith
connection of class j; (2.2.2)

the size of batch arrival during one time slot; (2.2.4)

the inter-arrival time distribution at a rate-controller; (2.2.3)

the inter-arrival time distribution at a multiplexer; (2.2.3)

the probability distribution of A,,; (6.4)

the cumulative scheduling delay of connection j computed at the

destination; (3.3)

the maximum multiplexing buffer fill level from connection j’s cells; (2.4)
the maximum shaping buffer fill level from connection j’s cells; (2.3)

the bandwidth allocated to connection j; (4.3)

the end-to-end delay bound requirement of connection j; (3.1)

the scheduling delay of connection j at node m; (3.2)

probability distribution of D,,, i.e., d™(n) = Pr{D,, = n}; (6.4)
probability distribution of D,,, i.e., d™(n) = Pr{ D, = n}; (6.4)
the bandwidth allocation of connection j; (2.4)
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eted(n)

i(t)

P

P

pU, & j )
p(.i,h 7,0 R)
pUsT)
nU,hij R
q;(t)

r
sc(t)

the effective bandwidth requirement of connection j when Lg=0, when
O<L<L, and when L¢=L, respectively; (5.3)

the probability distribution of end-to-end delay; (6.4)

the number of arrivals during [t-1, t]; (A.2)

the probability that one cell arrives from a background stream during one
slot; (2.2.4)

the /-step transitional probability for Geo /D / 1 queue; (6.2.2)

the transitional probability of the Markov chain {D,, S,},., ; (6.2.2)

the transitional probability of Markov Chain {D,, S, A, },.,; (6.2.3)

the transitional probability of the Markov chain { ﬁk bear 3 (6.3.1)

the transitional probability of the Markov chain { ﬁk, .ﬁ,‘ Vears (6.3.2)

the shaping buffer demand from the ith connection of class j at time ;
2.3

fhe l)ong-term average rate of the input stream at the rate-controller; (6.2.1)

the number of departures during [t-1, t]; (A.2)

the minimum X-axis value of the point in SC () from which the

horizontal distance to I;( t) is equal to D;"; (3.2.3)

the service epoch of the kth cell at the rate-controller, defined as the
beginning of the slot over which this cell is transmitted; (6.2.1)

the service epoch of the kth cell at the multiplexer; (6.3.1)

the X-axis value of the Ath flex point in SC ; (3.2.2)

the slope of SC (¢) at the point where SC (1) = p;,-T;,; (3.2.3)
the slope of the Ath segment in SC ; (3.2.2)
the slope of the /th segment in S;; (3.2.1)

the X-axis value of the /th flex point in S;; (3.2.1)

the probability distribution of X, i.e., x(™ (n) = Pr{X_, = n}; (6.4)
the probability distribution of X,,, i.e., ™) =Pr{ X,, =n}; (6.4)
the envelope function of the traffic shaper for connection j; (2.3)

the inverse function of A;; (3.2.3)

the inter-arrival time between the kth and (k+1)st cell at the rate-
controller; (6.2.1)

the inter-arrival time between the kth and (k+1)st cell at the multiplexer;

(6.3.1)
the minimum possible value of the inter-arrival time at the rate-controller;
(2.2.3)
the minimum possible value of the inter-arrival time at the multiplexer;

(6.3.2)
the minimum possible value of inter-arrival time at the rate-controller of
the mth node; (6.4)

xii



N ?E:‘" §>

B,
BM
Bs

BScthJ' BScrlJ

C

CCOJ' CCLs.j

D,

D
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the maximum possible value of the inter-arrival time at the rate-controller;
22.3)

the maximum possible value of inter-arrival time at multiplexer; (6.3.2)
the inter-arrival time process of the reference stream at the shaper of the
mth node; (6.2.1)

the inter-arrival time process of the reference stream at the multiplexer of
the mth node; (6.3.2)

the data buffer capacity of the leaky bucket rate-controller; (6.2.1)

the multiplexing buffer capacity; (2.4)

the data buffer capacity at the traffic shaper; (5.2)

the critical values of the shaping buffer capacity for class j traffic, when
statistical shaping is more beneficial than lossless shaping; (5.2)

output link bandwidth; (2.4)

the critical bandwidth for class j traffic, when lossless shaping (L¢=0) and
statistical shaping (Ls>0) are used, respectively; (5.3)

the end-to-end delay bound for connection j; (3.2.3)

the minimum upper bound of scheduling delay of connection j at the node

m; (3.1)
the reassigned value of D;"; (3.2.3)

the upper bound of the shaping delay of connection j; (3.1)

the cell delay incurred to the kth cell within the rate-controller; (6.2.1)

the cell delay incurred to the kth cell at the multiplexer; (6.3.1)

delay process of the reference stream at the rate-controller of the mth
node; (6.4)

the queuing delay process of the reference stream at the multiplexer of the
mth node; (6.4)

the maximum possible value of the waiting time at a rate-controller; (6.2)
the duration of the on period of the on-off periodic process v;(t) and p,(t);
24

the upper bound of the shaping delay of connection j’s traffic; (4.2)

the delay bound at the rate-controller using the proposed leaky bucket
mechanism; (6.2.1)

the number of the line segments in SC, ; (3.2.2)

the duration of the on period of the on-off periodic process Ri(t); (2.4)

the traffic constraint function of connection j at network entrance; (2.2.1)
the number of cells arriving from connection j in time interval [s, s+t];
2.2.1)

the traffic constraint function of the incoming flow j at a node except at

the first node; (2.2.1)
the number of connections in class j; (2.3)
the number of input connections at the traffic shaper; (5.2)
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K(@Ls>0, Ly=L-Ly)

PSO' PSLS’ PSL

Q,(®
Qs;
R;(®)

S

S
ne

S;
Sj[s,s-f-t]

SC (1)
SC(t)

the maximum number of connections that can be accommodated at the
shaper; (5.2)

the maximum admissible number of connections when Ly>0 and L,=L-Lq;
5.3)

the number of the line segments in Sj.; (3.2.1)

the number of predefined delay classes; (1.1.2)

the QoS requirement of loss probability at the network node; (5.3)

the QoS requirement of loss probability at the traffic multiplexer; (5.3)

the QoS requirement of loss probability at the traffic shaper; (5.3)

the number of nodes on the path of the new or reference connection; (2.1)
the moment generating function of p(t); (5.3)

the number of existing connections at certain output link; (1.1.2)

the number of background traffic streams into a multiplexer; (2.2.4)

the number of homogeneous connections admitted when the end-to-end
delay bound is 4; (3.4)

the number of flex points on the spare capacity curve; (3.2.3)

the number of line segments in I(t); (2.2.1)

the number of line segments in I;(t); (2.2.1)

the number of leaky buckets used in connection j’s MLB shaper; (2.3)

the transitional probability matrix of Markov Chain {D,, S, },.,; (6.2.1)

the transitional probability matrix of Markov Chain { l5k }iors (6.3.1)

the loss probability at the traffic shaper; (5.3.1)

the peak rate of shaped traffic from the rate-controller; (6.2.1)

the peak rate of the DLB regulated traffic flow j at the network entrance;
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Chapter 1

Introduction

High-speed networks must support communication services with heterogeneous traffic
characteristics and diverse QoS (Quality of Service) requirements. Among the various traffic
classes in the broadband networks, VBR (Variable Bit Rate) traffic poses a unique challenge in
the network design. Unlike ABR (Available Bit Rate) or UBR (Unspecified Bit Rate) traffic
which does not have stringent QoS requirements, VBR traffic class requires guaranteed QoS in
terms of delay, delay jitter, and cell loss ratio, which requests some level of resource reservation.
However, VBR traffic usually shows high burstiness. For instance, the video traffic usually
shows a large fluctuation in rates due to scene changes and to the coding techniques used. The
burstiness of VBR traffic makes it difficult to obtain high utilization of the network resources
and to support the guaranteed QoS at the same time. The traffic pattern may also be distorted at
the switches and routers, which makes the traffic flows even more bursty, thereby increasing its

resource requirement along the path in order to guarantee the same QoS.

VBR traffic constitutes a significant part of the traffic in broadband networks, therefore
VBR traffic control is critical in order to provide a desirable level of network performance. There
are three major objectives of VBR traffic control: to prevent network congestion, to support the

guaranteed QoS, and to achieve high network resource utilization.

1.1 Literature Review

We first review below several topics that are related to our research work.



1.1.1 Traffic control schemes

Many traffic control schemes can be found in the literature. These schemes have often been
categorized into two categories: the closed-loop credit-based mechanism, and the open-loop rate-
based mechanism [Onvu96, Stal94]. The closed-loop credit-based traffic control mechanism has
been widely used in the traditional computer communication network protocols (e.g., X.25,
TCP/IP), where the data communication applications constitute the major part of the traffic. The
traditional data traffic (e.g., file transfer and email) is usually insensitive to the delay and delay
variation, and the source sending rate can be easily slowed down in order to avoid the network

congestion [Post81a, Post81b, Stal94].

In high speed networks, the propagation delay across the network becomes a significant
part of the end-to-end delay, therefore, the traffic control scheme must be simple and able to
operate at the speed of the communication link [ATMF96, FeVe90, Onvu96, SLCG93]. The
traditional credit-based traffic control mechanism becomes unsuitable, since the feedback is
usually outdated. In addition, the sending rate of a VBR traffic source (e.g., compressed video) is
usually not controllable, i.e., it is usually hard for the network to slow down the sending rate of
the VBR traffic source. Thus, the VBR flow control should be open-loop and rate-based rather
than closed-loop and credit-based. The VBR source also requires guaranteed QoS, which
requests some level of resource reservation. The above factors suggest that preventive congestion

control instead of reactive congestion control should be used.

1.1.2 Admission control schemes
Admission control is an effective preventive congestion control scheme for VBR traffic; it

prevents network congestion by controlling the number of active connections in the network.



Since the sending rates of VBR traffic sources are usually out of the control of network, the
traffic characteristics and the QoS requirements of a new connection must be specified by the
client at the connection setup time [ATMF96, Onvu96]. The admission control decides whether
to admit the new connection or not based on: (i) the current usage of resources; (ii) the traffic
characteristics and QoS requirements of the incoming traffic flow; (iii) the prediction of network
performance. The new connection can be admitted only when its QoS requirements can be
satisfied without degrading the QoS of the existing connections. Moreover, since the VBR traffic
requires guaranteed QoS, some level of resource reservation is needed at every network element
along the path of each VBR connection; hence resource reservation is one of the major tasks of
the VBR admission control.

Recently, many admission control schemes have been proposed for VBR traffic, e.g.,
[FiKT97, Knig96, KnZh97, LiWF96, RaKZ96, WKZL 96, ZhSh94]. The non-real-time VBR
application requires the guarantee on cell loss ratio, and the real-time VBR traffic requires
guarantees on delay, delay variation, and cell loss ratio. Because of the inherent burstiness and
the stringent QoS requirements of the real-time VBR traffic, designing an admission control

scheme for the real-time VBR traffic poses a uniquely challenging task.

Work has been done on the admission control for the real-time VBR traffic, in which a
deterministic bound on the end-to-end delay is adopted as the measure of QoS [FeVe90, FiKT97,
KnZh97, LiWF96, RaKZ96, WKZIL.96, ZhSh94]. Most of these works focused on the design of
scheduling schemes to guarantee the delay bound, and the admission control is done through
checking the schedulability conditions. There are two main issues addressed by these admission
control schemes. First, the admission control must be fast enough to fit the real-time

requirements. Second, it must be able to achieve efficient use of the network bandwidth.



However, none of these papers have investigated the two issues at the same time. For example,
the work in [FeVe90, KnZh97, LiWF96, WKZIL.96] showed that reasonable bandwidth
utilization can be achieved through checking the schedulability condition. They established that
the complexity of their admission control is O(N), where N is the number of the existing
connections at the time of the admission control; but they did no further work on reducing the
computational complexity. The research in [FiKT97] provided an admission control algorithm
for the earliest deadline first (EDF) scheduler and investigated the computational time in detail.
A method was then proposed to reduce the computation complexity by classifying the delay
requirements of connections, so that the complexity was reduced to O(Lc), where Lc is the
number of the predefined delay classes. However, the traffic was simply characterized using the
peak rate, the average rate and the maximum burst size, and results about the network utilization

versus the delay bound requirement were not analyzed.

1.1.3 Traffic shaping schemes

After the connection establishment, it remains for the network to monitor and police the input
traffic. The QoS requirements can be guaranteed only if the arriving traffic conforms to the
clients’ traffic specifications or is subject to traffic shaping / regulating at the network entrance.
Traffic shaping usually reduces the traffic burstiness by spreading the transmission of a burst
over time. By this way, traffic shaping protects the network resources from the misbehavior of
sources, and prevents network congestion. In addition, the network resource utilization can also

be improved by smoothing the traffic burstiness.

Various traffic shaping schemes have been presented in the literature. For example, a

lossless smoothing algorithm was proposed in [LaCY96] where the short-term rate fluctuation is



smoothed through buffering. Multiple leaky bucket (MLB) shaper has been adopted as the
generalization of traffic shaper by the Internet and ATM (Asynchronous Transfer Mode)
standards, and has been discussed in [Cruz91a, Cruz91b, EIMi97, GGPS96, Graf97, ZhFe94]. It
has been shown that the MLB shaper is not only simple to implement by passing the traffic
stream through a series of leaky buckets, but it also minimizes both the shaping delay and the
shaper buffer requirements [Cruz91a, Cruz91b). The work in [Graf97] proposed traffic shaping
at the end systems where the shapers at both the sender and the receiver were designed in order
to accommodate the delay jitter. Lossless shaping at the ingress of the network was studied in
[EIMi97]. It proposed to shape the less delay-sensitive traffic, so that the connection carrying
capability can be increased. The papers [GGPS96, ZhFe94] discussed the rate-controlled service
(RCS) discipline, in which the traffic of each connection is reshaped at every hop. The work in
[GGPS96, Graf97] established that the resource requirements of a given connection can be
minimized by shaping the traffic stream with a kind of minimum MLB shaper. The minimum
MLB shaper means that, with certain requirement for the shaping buffer occupancy or shaping
delay satisfied, the shaped traffic is with the minimum peak rate or the minimum burst size.
Summarizing the above studies, one can see that although the traffic distortion can be
removed at the receiver, it increases the receiver buffer requirement and the end-to-end delay.
Therefore, traffic shaping within the network (e.g., the RCS discipline) is a desirable way for
providing the VBR traffic. It can improve the network performance in the following aspects: (i)
The traffic can be made more predictable and less bursty; (ii) The QoS degradation can be
alleviated; (iii) The requirements of expensive multiplexing buffer (usually more expensive than
the shaping buffer) can be reduced; (iv) The link capacity requirements can be reduced. The RCS

network model is to be detailed in section 2.1.



1.1.4 Resource utilization improvement schemes

Achieving high network resource utilization is an objective of VBR traffic control. Statistical
multiplexing is an effective technique for improving the resource utilization, in which the
statistical multiplexing gain is achieved at the price of occasionally discarding or excessively

delaying a very small fraction of cells.

Statistical multiplexing has been widely studied in the past few years. Many researchers
have worked on the resource allocation schemes at the multiplexer [ELMW95, GiHu91,
GuAN91, Kell91, KeWC93]. However, their analyses are limited by the use of explicit
probabilistic traffic models, because the stochastic properties of the traffic flows could be
changed at a traffic multiplexer in an intractable way. The probabilistic traffic model is also very
difficult to be policed at the network entrance or to be reshaped within the network. Besides, the
network node model used in these papers only consists of a traffic multiplexer. Differently, as to
be detailed in section 2.1, our network node model applying the RCS discipline has two
components: a rate-controller and a multiplexer. Therefore, the results from the previous works

are not directly applicable to our research work.

1.1.5 Analysis for the leaky bucket mechanism

The performance of the leaky bucket mechanism has been studied in many previous works
[Berg91, Cruz91a, Cruz91b, EIMi91, EIMi97, GGPS96, Graf97, SLCG93,]. In [Cruz9la,
Cruz91b, EIMi97, GGPS96, Graf97], the lossless service was guaranteed at the leaky bucket
traffic shaper, and therefore the statistical performance was not analyzed. The statistical
performance analysis of the leaky bucket scheme can be found in [Berg91, EIMi91, SLCG93],

but their analyses are limited by the use of specific traffic models. For example, the paper



[SLCG93] made the assumption of Poisson arrivals which is not suitable to describe the traffic in
high-speed networks. Markov modulated fluid model was used in [Berg91, EIMi91], where the
input of the leaky bucket was essentially the multiplexed traffic of several sources. Thus it is not
possible to investigate the individual connection’s performance using their analytical methods. In
addition, even with the restriction of traffic assumptions, analyses in the past works have never
obtained a satisfying solution for the probability distribution of the cell delay and that of the
inter-departure time. The paper [SLCG93] derived the Laplace transform of the waiting time and
the inter-departure time, with the assumption of Poisson arrivals. The paper [EIMi91] presented
the cell delay distribution with the use of Markov modulated traffic model, and only the mean
and the second moment of the output rate were derived. The paper [Berg91] focused on
analyzing the steady-state throughput and the blocking ratio, without discussing the distribution

of cell delay and the inter-departure time process.

1.1.6 End-to-end QoS provisioning

The previous work on end-to-end QoS provisioning for individual VBR session can be found in
[Cruz91b, FeVe90, GGPS96, GuAN91, KETB92, Kuro92, LaSt97, OhMM91, PaGa9%4,
ZhFe9%4]. Typically, analyses are performed for a reference connection which traverses from its
source to destination node. Deterministic bounds on end-to-end delay were derived in [Cruz91b,
GGPS96, PaGa94, ZhFe94], where lossless service is guaranteed at the price of underutilization
of network resources. [Fc\_/e90, GuAN91, KETB92] derived the statistical bounds, but their
analyses were limited by the specific traffic model assumptions. The probabilistic bounds were
also derived in [Kuro92] without requiring any specific traffic assumption, however the result is

not tight enough to be useful in practice. Approximate evaluation of the end-to-end QoS for



individual connection under the assumption of generally and independently distributed inter-
arrival processes can be found in [LaSt97, OhMM91]. The paper [OhMM91] used the
convolution method to derive the waiting time distribution and the inter-departure time
distribution, which has high computational cost. The work in [LaSt97] proposed a peak-rate
enforcement scheduling approach and analyzed the end-to-end performance of a tagged stream
that is scheduled using the proposed approach. However, scheduling conflicts may become a
problem when this scheduling approach is used for a number of streams.

The major difficulty of end-to-end QoS provisioning is that the characteristics of a traffic
flow can be changed in an intractable way when it traverses several nodes. Motivated by this
fact, the rate-controlled service (RCS) discipline was proposed [ZhFe93, ZhFe94, GGPS96]. The
RCS discipline is not only an effective way to guarantee the end-to-end QoS, but it also
simplifies the end-to-end performance analysis which can be extended easily from the single
node analysis. However, only the deterministic bounds on the end-to-end QoS were derived in
the previous works on RCS discipline, and the lossless service may result in under-utilization of

resources.

1.1.7 Traffic models

Two categories of traffic models are usually used in characterizing the VBR traffic: stochastic
traffic models and deterministic traffic models. Most analyses for VBR traffic are performed
using stochastic models, such as the Markov Modulated processes [HeLLu86], the generally and
independently distributed inter-arrival processes [OhMM91], the self-similar models [GaWi94],
and the (R}, k) model [Kuro92]. The purpose of using the stochastic models is to try to capture

the burstiness and correlations of the VBR traffic sources, and thereby to achieve the statistical



multiplexing gain. However, most stochastic models are not powerful enough to characterize the
realistic VBR sources, and they are too complex for practical implementation of admission
control and traffic policing. Furthermore, the stochastic property of the traffic flow can be
changed in an intractable way when traffic traversing several nodes, which makes it hard to
provide guaranteed end-to-end QoS in a conventional network model with general topology.

On the other hand, a number of deterministic traffic models have been proposed to
characterize the worst case behavior of the VBR sources. For example, the (Xmin, Xave, I,
Smax) model [FeVe90], the multiple-leaky-bucket model [Cruz91a, WKZL96], and the D-BIND
model [KnZh97]. The deterministic traffic models can be easily verified and policed by the
network. However, it is hard to achieve the statistical multiplexing gain when using the worst-
case traffic model. Recently, in order to achieve the statistical multiplexing gain, the H-BIND
model [Knig96] and a periodic on-off model with random phases [EIMW95, MiMo095] were
proposed. In the proposal of the kind of periodic on-off process with random phases, the paper
[MiMo095] combined the technique of the MLB traffic model with the large deviation theory. In
the H-BIND model, the technique of the D-BIND model is combined with the aggregation

approach.

In addition, the continuous fluid flow model has often been used in many previous papers
to simplify the analysis [EIMW95, GGPS96, MiMo09S5, OhMM91]. When this model is used, the

packetization time is not taken into account.

1.1.8 Network models
Analysis for an ATM network with general topology is usually performed by decomposing the

network into nodes [OhMM91, Kuro92, KeTB92, RaKZ96, LiWF96, LeLD96, FiKT97, LaSt97,



MaSB97]. This decomposition approach allows a modular analysis of network. A network node
can be a switch, a router, or other switching elements. The assumption of a non-blocking
switching fabric is often used, which means buffering is only needed on the output ports. In
addition, the fixed-length cell size in the ATM network leads to a discrete-time model, with the
slot size equal to the transmission time of a cell by a full capacity link. Therefore, an ATM node
can be modeled by a discrete-time single-server queue, where the queue and server correspond
respectively to the output buffer and output link. Furthermore, any referenced ATM connection
that traverses a sequence of nodes can be modeled by a cascade of queues.

In such a network environment, all the traffic flows that are routed to the same output
link will be multiplexed at the same output buffer and served by the same server. The properties
of an input traffic flow may be destroyed by the interaction among connections when it
traversing several nodes. Thus, even if QoS guarantees can be made at a single node, it is hard to
evaluate the end-to-end performance. In addition, admitting a new connection may perturb the
traffic of exiting connections, necessitating a re-evaluation of the end-to-end QoS of these
connections. The perturbation is not limited to the connections that share a server with the new
connection, and may spread to other connections. This may lead to highly complicated admission

control which is not suitable for the real-time applications.

Motivated by this fact, a network model using the rate-controlled service (RCS)
discipline was proposed [ZhFe93, ZhFe94, GGPS96]. In this network model, the traffic pattern
of each connection is reconstructed at every hop to ensure that the traffic offered to the
multiplexer conforms to certain traffic characterization. By this way, the RCS discipline makes

the characterization of the traffic flow more tractable, and therefore it is suitable for providing
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end-to-end performance guarantees to individual connection in high speed networks. The

network model using the RCS discipline will be detailed in section 2.1.

1.2 Objectives and Motivations of the Research Work

Generally, our research work on VBR traffic control has the following three major objectives: to
prevent network congestion, to support the guaranteed QoS, and to achieve high network
resource utilization.

Although a lot of work has been done on VBR traffic control as reviewed before, there is
room for further improvement.

First, as reviewed in section 1.1.8, most of the conventional network models have
deficiencies in supporting end-to-end QoS and in preventing network congestion. Therefore, we
like to study the RCS (Rate-Controlled Service) network model that outperforms the
conventional network model in several aspects: congestion control, resource utilization, and end-
to-end QoS provisioning.

Second, as reviewed in section 1.1.2, there are two major issues involved in the
admission control algorithm design for the real-time VBR traffic. However, none of the past
works have investigated these two major issues at the same time.

Third, as reviewed in section 1.1.3, the resource requirement of a given traffic flow can
be minimized by the minimum MLB shaper. But there appears to be no work on the minimum
MLB shaper designs that can satisfy a specified shaping delay bound or a specified shaping
buffer occupancy bound. Besides, there appears to be no study on the node delay bound

performance of the minimum MLB shaper.
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Fourth, as reviewed in section 1.1.3, only lossless shaping was discussed in the previous
work, and the lossless service is provided at the cost of low resource utilization. However, there
appears to be no work on improving the resource utilization by allowing a small loss probability

at the shaper.

Fifth, as reviewed in section 1.1.6, only the deterministic bounds were derived in the past
works regarding the impact of rate-controlling on the end-to-end QoS. The deterministic QoS is
guaranteed at the expense of low resource utilization. When statistical multiplexing is used with
the purpose of achieving higher resource utilization, the QoS must be analyzed in forms of

probabilistic bounds.
So specifically, we want to achieve the following objectives:

(1) To design an efficient admission control for the real-time VBR traffic in order to achieve
high utilization of network bandwidth and to fit the real-time requirements.

(2) To present two minimum multiple-leaky-bucket traffic shaper designs that can satisfy a
specified shaping delay bound or a specified shaping buffer occupancy bound, and to analyze

the node delay bound performance of the minimum MLB shaper.

(3) To study statistical traffic shaping, which allows a small loss probability at the shaper, with
the purpose of improving the resource utilization.

(4) To analyze the impact of rate-controlling on the end-to-end performance in terms of the

statistical bounds.

1.3 Methodologies and Approaches

Corresponding to the specific objectives listed in the above section, we present in this section the

methodologies and approaches used in our research.
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In our work on designing an admission control algorithm for the real-time VBR traffic,
queuing analysis is carried out to analyze the node delay bound and the end-to-end delay bound
for each VBR traffic flow. The admission control algorithm is then put forward based on these

analysis results.

In the process of designing the lossless MLB traffic shaper, we also conduct the queuing
analysis for the upper bound of shaping buffer occupancy, the shaping delay bound, and the node
delay bound. Based on these analytical results, the minimum MLB shaper designs are presented.

In our work on statistical traffic shaping, large deviation theory is used to investigate the
condition under which our proposed statistical shaping scheme is more beneficial than lossless
shaping. As a branch of the probability theory, the large deviation theory is concerned with
calculating the asymptotic rates with which certain probabilities converge to zero [Buck90].
Specifically, the Chernoff bound in the large deviation theory is used to estimate the cell loss

probability at the shaper.

In our analysis for the end-to-end network performance, we use the embedded Markov
Chain analysis approach to study the statistical performance of the rate-controller and traffic
multiplexer. In order to verify the soundness of our analysis, we carry out performance

evaluation.

With the goal of investigating the impact of rate-controlling on the end-to-end network
performance, we conduct the simulation using the simulation tool OPNET [Mil97]. OPNET is an
object-oriented simulation package, by which we can set up queuing models on three levels, i.e.,
the network, the node, and the process. The probe function in OPNET not only makes it easy to
obtain the mean and variance for certain random variables, but it can also obtain probability

distributions of delay, delay variation, and inter-departure time, etc. In our simulations, various

13



network, node, and process models are designed. First, a tandem network model is designed, in
which the RCS discipline is applied at each node. Second, the node model is designed, and it
consists of a rate-controller and a multiplexer. Third, two process models are designed. One is
for implementing the leaky bucket mechanism, and the other is designed to implement FCFS

multiplexing.

1.4 Contributions and Organization of Thesis

The contributions of this thesis are:
(1) An efficient bandwidth allocation scheme designed for the admission control of real-time
VBR traffic.
Unlike previous studies, we make use of the service curve and the spare capacity curve.
We show that our bandwidth allocation algorithm performs better than previous ones in
terms of both the network bandwidth utilization and the computational time needed.
(2) Two minimum MLB shaper designs for lossless traffic shaping.

We present two minimum multiple leaky bucket (MLB) shaper designs that can
guarantee the specified shaping delay bound or the specified worst-case shaping buffer
occupancy. Furthermore, we show that the worst-case node delay of the minimum MLB shaper
which guarantees the specified shaping delay bound is not longer than that when no traffic

shaper is used.

(3) A statistical shaping scheme to improve resource utilization.
Unlike previous work, we allow a small loss probability at the traffic shaper. We show
that statistical shaping can achieve a higher level of network resource utilization than lossless

shaping when we apply certain design criteria in the network node design.
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(4) The impact of rate-controlling on the end-to-end statistical performance.

Different from past work, we analyze the impact of rate-controlling on the end-to-end
performances in terms of statistical bounds. First, we study the queuing performance of a rate-
controller. A new operating mechanism is put forward for the leaky bucket rate-controller, and it
has the advantage of allowing a simple queuing analysis. Then, the traffic distortion incurred at

the multiplexer is studied. Finally, the end-to-end performance is obtained.

(5) Guidelines and design criteria on controlling VBR traffic.
On the basis of summarizing the research results in the above topics, we provide the

guidelines and design criteria on controlling VBR traffic.

The rest of this thesis is organized as follows. Chapter 2 gives the network and traffic
models, and describes the operations of the traffic shaper and multiplexer. Chapter 3 presents our
admission control algorithm for the real-time VBR traffic. Chapter 4 gives the design of lossless

"MLB traffic shaper. In chapter 5, we put forward the statistical traffic shaping scheme. In chapter
6, we study the impact of rate-controlling on the end-to-end statistical performance. In chapter 7,

we present the guidelines on controlling the VBR traffic. Finally, chapter 8 concludes the thesis.
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Chapter 2

Models and Operations

Since the network and traffic models must be chosen before any analysis or design can be carried
out, we present in this chapter the network and traffic models used in our research. We shall
describe the operations of the traffic shaper and traffic multiplexer in a network node, along with

the traffic and service models used in this research.
2.1 Network Model

Reference stream or new connection

é node 1 ﬁ node 2 %;% node M %»

Background streams or
existing connections

Fig. 2-1 The Network Model

The network environment used in our study is a tandem connection-oriented ATM network (Fig.
2-1), in which the RCS (Rate-Controlled Service) discipline is employed at every network node.
The RCS discipline means that each traffic stream is reshaped at a traffic shaper / rate-controller
before being delivered to the multiplexer at every node. As reviewed in section 1.1.8, this per-

node traffic shaping discipline prevents the traffic flow from becoming more bursty as it
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traverses multiple nodes. It also simplifies the task of analyzing the end-to-end performance that
can be extended from the analysis for a single node.

The network nodes are assumed to be output queuing switches, and the switching delay is
assumed to be negligible. The propagation delay is not considered in our research, since it does
not affect the design of our traffic control schemes. We also assume a continuous flow model in
our work, which means packetization time is not taken into account.

In our work on the end-to-end QoS provisioning, the traffic in the network of Fig. 2-1 is
divided into the reference traffic and background traffic. There is one reference stream, and it
traverses from the source node 1 to the destination node M. The other streams are called
background streams. It is not necessary for a background stream to traverse from node 1 to node
M, i.e., a background stream can leave the network after it departing from any node. The same
comment applies to our work on admission control, except that we refer to them as the new
connection (corresponding to the reference stream), and the existing connections (corresponding
to the background streams) there.

The time in our network model is slotted. One time slot is the time needed to transmit one
packet by an output link at its full capacity rate. In another word, the transmission capacity of the

output link is one cell per time slot.

—+ Shaper | —2
Shaper j o Multiplexer @_.
|
__T Shaper]J >
Buffer By Buffer B,

Fig. 2-2 Network Node Model
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The network node model is illustrated using Fig. 2-2. For ease of exposition, we only
draw one output port of the node in the figure. We can see that one multiplexer is available at
every output link, and each incoming traffic stream is reshaped at the shaping buffer before
entering the multiplexer. Thus, it can be seen that a network node applying the RCS discipline
has two functions: rate-controlling and multiplexing. The rate-controlling function can be

implemented by a multiple-leaky-bucket (MLB) traffic shaper.

2.2 Traffic Models

The following four traffic models are used in this thesis to characterize VBR traffic: the MLB
traffic model, the DLB traffic model, the inter-arrival time process, and the background traffic
model. Among them, the MLB / DLB traffic models and the inter-arrival time process are used
to model an individual VBR traffic flow, while the background traffic model is used to model a

bundle of VBR traffic streams.

2.2.1 The Multiple-Leaky-Bucket (MLB) Traffic Model

This multiple-leaky-bucket traffic model has been widely used to characterize the traffic in the
broadband networks, since it can be easily enforced at the network entrance using a cascade of
leaky buckets. When the jth traffic flow is characterized by the multiple-leaky-bucket regulated
traffic model, it means that the number of arrivals at the network entrance from connection j
during the time interval [s, s+t] can be upper-bounded by a multiple-leaky-bucket traffic
constraint function [;(t), where s denotes an arbitrary point in the time evolution, and ¢

represents the length of time interval. Essentially, I;(t) provides the upper bound of the number

of arrivals from connection j during any time interval of length .

18



‘ l).(!)

Fig. 2-3 An Illustration of I,’(t)

The multiple-leaky-bucket constrained function L’(t) is usually called the (&,p) -
constrained function, since it was shown in [Cruz91b] that 7;(t) = min, .,o(p; t+0;,.), where &; =
(G150 Ojpsy -ens j.n;) is a vector denoting the y-intercepts of the line segments in 7;(t), p; = (p;,»
-+s Pjm -2Pj.n;) 1S a vector denoting the segment slopes of I;(t), and N; is the number of

segments. An example of 7;(t) is illustrated in Fig. 2-3, in which N;= 3. It is clear that the
amount of arrivals during any time interval of length ¢ is upper-bounded by min(p; t, p;,t + o;,,
P;st + O;3). Note that the X-axis value in Fig. 2-3 denotes the length of time interval instead of
the time evolution.

The MLB traffic model will be used in chapter 3 to design an admission control
algorithm. In order to simplify the computation of our admission control scheme, we use (p;, T;)

to describe Ij-([), where T;= (T, ..., Tipo - T, Ni) is a vector denoting the X-axis values at the

flex points of L (). The values of 7; can be derived from (& j»P;) - model as follows:
T =0/ Pias

Tin = (Ojn - Cjnt) / (Pjn1 - Pjn) forn=2,..,N;.
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The above traffic constraint function I;(t) can be a part of the traffic contract which is

negotiated between the client and the network provider at the connection setup time. The MLB
traffic model is easy to be enforced at the network entrance using a series of leaky buckets.
However, the traffic pattern of connection j can be distorted when traversing even a single traffic
multiplexer, which may lead to a more bursty traffic flow (e.g., a higher peak rate). Thus, the

traffic model contract 7;(t) may not be able to characterize the traffic flow j at the output port of
any multiplexer or at the input port of any tandem or destination node. Therefore, in our analysis

for a node inside the network, we use another MLB traffic constraint function 7 j'(t) =

min (p; ,-t+6;,) to characterize the incoming traffic flow j. 1 j'( t) upper bounds the number
lSIlSNj * *

of arrivals from connection j during the time interval [s, s+t], where p;, denotes the slope of the
nth line segment of I, &;, denotes the y-intercept of the nth segment of I, and N; is the
number of line segments. Because of the concavity of | ; , we have p;, > p;,., and G;, <
Ginsrforl <n< N ; - For ease of explanation, the incoming traffic flow j at a network node
characterized by its MLB function I j'(t) can be “imagined” to be output from a virtual MLB

regulator with constraint function 1 j' (1).

2.2.2 The Dual-Leaky-Bucket (DLB) Traffic Model

The dual leaky bucket (DLB) traffic model is a special case of the above MLB traffic model
when the number of line segments in the MLB model is equal to two. The DLB traffic model has
been adopted by the ATM Forum as the standard traffic model [ATMF96]. With the number of

line segments in MLB traffic model equal to two, we let p;, = P;, 6;, =0, p;» =p;, G;, = 0;. Then,
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the DLB traffic model for connection j is denoted by (P;, G;, p;), where P; bounds the peak rate, o,
bounds the maximum burst size, and p; bounds the sustainable cell rate. Then, the DLB traffic
constraint function is I;(t) = min(P;t, p;t + ;). We let t,= 6;/ (P;- p;), which is the maximum
interval length during which the source can send cells in the peak-rate, and we refer to it as the
“maximum peak-rate interval”.

Similar to the MLB traffic model, the DLB traffic model is easy to be enforced at the
network entrance. However, the traffic pattern of connection j can be distorted when traversing
even a single traffic multiplexer. Thus, the DLB traffic constraint function 7;(t) may not be able
to characterize the traffic flow j at the output port of any multiplexer or at the input port of any

tandem or destination node. In our analysis, we use the DLB traffic constraint function / j'(t) =
min( l-’jt, p ;t +8;) to characterize the incoming traffic flow j at a node inside the network, where

P, upper bounds the peak cell rate of I, p; upper bounds its long-term-average-rate of I;, and
6; upper bounds its burst size. For ease of explanation, the incoming traffic flow j at a network
node characterized by its DLB parameters (I3j, pj, G;) can be “imagined” to be output from a
virtual DLB regulator with parameters (I3J-, pj, ;).

This worst-case traffic model is usually used to derive the deterministic performances of
a system where lossless service is guaranteed. There is no statistical multiplexing gain in this
case. On the other hand, when a small loss probability is allowed at the network node, the
statistical multiplexing gain can be achieved by exploiting the assumed independent and bursty
input traffic flows. The paper [MiMo095] provided an effective approach to derive the statistical
QoS of the traffic flows from their deterministic DLB traffic model. It established that the

estimation of loss probability given by Chernoff bound is maximized by a kind of extremal, on-
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off, periodic processes with independent, uniformly distributed random phases. Based on their
results, we assume in our analysis for the cell loss probability that the incoming traffic flows at a
network node are extremal, on-off and periodic processes with independent and uniformly
distributed random phases. Specifically, we assume that the token buffer of connection j’s virtual
regulator is full at the beginning of each session. The cells of connection j are sent at the peak-
rate F.’J from its virtual regulator until the token buffer of the regulator becomes empty. The
process will turn off as soon as the token buffer becomes empty, and it will not turn on until the

token buffer becomes full. The incoming rate process of connection j, €;(¢), can be illustrated
using Fig. 2-4, where T,,; = &,/ (13j - p;),and Toq;= c;/ P;- The duty cycle is T;= Top;+ Toq;-

The activity factor of the jth traffic flow is defined as Wg, = Toni/ T; = p; / I.’J

i

t

Tna.. Tom, —rj

Fig. 2-4 Illustration of the Incoming Rate Process of Connection j

2.2.3 The Inter-arrival time process

Both MLB and DLB traffic models in the above two sub-sections are usually called the worst-
case traffic models, because they characterize the upper-bound of the number of arrivals during
certain time interval length. These two worst-case traffic models are used in our research on
admission control and traffic shaping to derive the delay bound, the buffer occupancy bound, and
the Chernoff estimation of loss probability. However when analyzing the probability
distributions of the delay and delay jitter at a rate-controller or multiplexer, we need the inter-

arrival time process, which is not characterized by the MLB / DLB traffic models.
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In our analysis for the performance of a rate-controller, the inter-arrival time process is
assumed to be generally and independently distributed with the probability distribution function
a(n) = Pr{inter-arrival time = n slots}. Let A, (A,...) denote the minimum (maximum) possible
value of the inter-arrival time. From the definition of time-slot in section 2.1, we know that A2
1. It is also assumed that A,,, < oo Thus, we have 1 <A,,, <n <A__ < . This traffic model was
previously used in [LaSt97, OhMMB91] to describe a single traffic flow in the ATM network.

Similarly, in our analysis for the performance of a FIFO multiplexer, the reference

connection’s inter-arrival time process is assumed to be generally and independently distributed

with probability distribution function @(n)= Pr{inter-arrival time = n slots}. The minimum

(maximum) possible value of the inter-arrival time at a multiplexer is denoted by A_;, (Apa)-
2.2.4 The background traffic model

A number of background traffic streams is introduced to interact with the reference stream at the
multiplexer. There are N, background streams input into a multiplexer, and they are assumed to
be independent of each other. Each stream is modeled as a Bernoulli arrival process. That is,
during one slot time, a cell arrives from a background stream with probability p, no cell arrives
with probability / - p. Thus, the background arrivals can be modeled as an i.i.d. batches, and the

batch size ¥, (number of arrivals in one slot) follows a binomial distribution y,(j) = Pr (¥, = j}

= ( }Vb)'pj -1-p)N6=J, for 0 < j < N,. Further, the batch size ¥, (the number of arrivals in n

slots) follows a distribution y,(j) = Pr {¥, =j} =y NOVIN®..By(j), ie, Y(j)isn

n

convolutions of y,(j). This type of background stream was first used in [OhMMO91], and it was

called the Markovian inter-arrival process due to the memory-less property of its inter-arrival
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time. The reason why we choose this i. i. d. batch arrival model is because this model is able to

characterize the burstiness of background traffic while allowing a simple analysis.

2.3 The MLB / DLB Traffic Shaper and its Operations

In our research, we shall use MLB for the shaper in Fig. 2-2. The MLB shaper is easy to
implement by passing the traffic stream through a series of leaky buckets. It has been shown in
[Cruz91b] that the number of departures from the MLB shaper of connection j is constrained by

the shaper’s envelope function Aj(t) = min (¥j,-t+Bj,), where v, is the token rate of the
SHSst ’ ’

nth leaky bucket, B, is the size of the token buffer in the nth leaky bucket, and Ng; is the number
of leaky buckets. The envelope function and the constraint function are used inter-changeably
[Cruz91a, Chan94, GGPS96]. In this thesis, the traffic constraint function is used to describe the
worst-case MLB / DLB traffic models, and we use the shaping envelope function to describe

MLB / DLB shapers.

When the traffic flow j with the constraint function I ;(t) = <me2 (Pjn-t+6;,) is
an j
subject to shaping at the MLB shaper with envelope function A(z) = l(m(i}rb (Yjn-t+Bjn) the
=ns Sj

following properties must hold: (1) Based on the property of traffic shaper, the peak shaping rate
must be smaller than or equal to the peak rate of input traffic, i.e., ¥;;, < p;,. (2) The system
stability requires that the average shaping rate must be larger than or equal to the average input

traffic rate, i.e.,7;, Ng 2 [)j 5.- 3) The upper-bound of connection j’s shaping buffer occupancy
)

TR (4) The upper-bound of the connection j’s shaping delay Dg; <
Ny

Q< I[(7, 5 ,)- b, 4

I B,y - % 5 o Where, T;,=(6;0-60)( Pjp-Pjn) forn=1,.., N;. When it



takes the equality in (3) and (4), we say that the input traffic is “fully shaped”, and the envelope

function of the shaper is p;. N; b The above properties (3) and (4) can be easily obtained by

applying the basic geometry to the graphs of both the traffic constraint function 7 j'( t) and the
shaping function Afr).

The DLB traffic shaper is a special case of the MLB shaper when Ng; = 2. The DLB
shaper of connection j has the envelope function A(t) = min(P;;t, Yt + B;), and it has three
parameters: (1) Pg; bounds the peak rate of the shaped traffic. (2) B; is the token buffer capacity

which bounds the burst size of the shaped traffic. (3) y; is the long-term-average-rate. When the
incoming traffic flow j with the traffic constraint functionI; (t) = min( Bt, 5t +5,) is subjected
to shaping at the DLB shaper with envelope function A (t) = min(Pgt, y;t + B;), the system

stability requires ;2 p;. We shall use y;= p; in this thesis.

number of cells

A

incoming traffic flow j A number of cells
----—.shaped traffic flow j

case (ii)

Fig. 2-5 Two Cases of DLB Traffic Shaper

Different from section 2.2.2 which is about the DLB traffic model of an incoming flow,

this section discusses the traffic envelope functions of both the input and output traffic at a DLB

shaper. When the traffic flow j with the traffic constraint function I;(t) = min(Pt, p;t +8&;) is
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subjected to shaping at the DLB shaper with the envelope function A;(t) = min(Pgt, yit + B)), the
traffic constraint functions of both the input and output flows at the shaper are illustrated in Fig.
2-5. In the figure, we let 7; denote the maximum time interval length during which cells can be
sent in the peak rate from the virtual regulator, then 7; = 6'j/(l3j - P;). Let 15 denote the

maximum time interval length during which cells can be sent in the peak rate Pg; from the shaper,
and we obtain 1y = B/(Pg;-y,).

Assume that the token buffer of the traffic shaper is full at the beginning of each session,
then there are two different cases of the DLB shaper as shown in Fig. 2-5. In case (i), ¥ S T
which means that the shaper’s token buffer cannot be emptied before the virtual regulator’s token

buffer. Let bg;denote the maximum demand for the data buffer, then bg; = (17} - Pg)eT;. In case

(ii), T; > t5; which means that the shaper’s token buffer has the potential to be emptied before the
regulator’s token buffer. In this case, bg;= (l3j - Y)e i'j - (Ps; - 7))t5;- Obviously, the computation of

bs; is simpler in case (i) than in case (ii). We will use the shaper design of case (i) in Chapter 5. It
is clear that all the results to be obtained in Chapter 5 can be extended easily to the shaper design

of case (ii).

0
R© Iy
. | b!h A/
> t
> ‘[ o Hu-l Tx
Hoy Hu T} (b) The occupancy of the data buffer at the
shaper of a connection in class j

(a) The output rate process from the shaper of a
connection in class j

Fig. 2-6 Illustration of Processes R;(t) and q(t) at the Shaper
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Next, using the extremal, on-off, and periodic traffic model in section 2.2.2 for the
incoming flows, we explain the shaper operation in our network node model of Fig. 2-2. We
assume that J classes of traffic flows are input into the node, and that there are K; connections in

class j. All connections in class j are associated with the same set of DLB parameters (13j, G;,P;)

but they have different phases. That is, the incoming rate process of connection i in class j is
Q;(1) = Q(t + 6;), where 1 <i<K; 1 £j<J, and 6; is an independent random variable
uniformly distributed in [0, T;]. A little thought makes it clear that Ry(t), the output streams from
the DLB shaper, are also extremal, on-off and periodic processes with random phases. Based on
the assumption of independent input traffic flows, the processes R;(t) of the same traffic class
only differ in their phases, i.e., Ry(t) = Ry( t + 6;). R;(t) is shown in Fig. 2-6 (a). In the figure,

H,.; = B; / (Ps~Y;) and H,¢; = B; /. The activity factor of R;(t) is defined as @g, = Ho;/ Ty =7,/

Pg;, where T; = H,,; + Hyg;.
Let g;(t) denote the instantaneous requirement of the shaping buffer from the ith

connection of class j at time ¢. Since the traffic flows are mutually independent, we know that

g;(t) = q;( t + 6;). The process g,(t) is illustrated in Fig. 2-6(b), where b; = ( f’, - Pg) T,

2.4 The Operations of the Traffic Multiplexer

In our work on statistical traffic shaping, the multiplexer follows the resource allocation
approach proposed in [EIMW95]. But unlike [EIMWO95] in which traffic shaping is not
considered, the input flows at our multiplexer are output from the traffic shapers.

At a traffic multiplexer with a buffer of capacity By, and an output link of bandwidth C,

. . by e
the resources can be allocated in proportion to their respective capacities, i.e., B—M’ = —ZL, where
M
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by; denotes the multiplexing buffer allocation of connection j, and ey denotes the bandwidth
allocation of connection j. Not only is this resource allocation approach simple in
implementation, it was also established in [EIMW95] that both resources will always be
exhausted at the same time if all connections use the same allocation rule. With this resource
allocation approach, the traffic multiplexing function can be implemented by, for example, the
ATDM (Adaptive Time Division Multiplexing) type of operation.

The following unique bandwidth allocation was obtained in [EIMW95] for connection j,

which is characterized by a set of DLB parameters (Pg;, B;, v)).

F; . B;
€y = if y; <
J 1+B,Z/C(st_yj) /= BylC
J
=¥, it —Pi <y, <P (2-2)
J BM/C J J

Next, we look at the multiplexer operation, with the extremal, on-off, and periodic traffic
processes R;(t) input into the multiplexer,. At the multiplexer, the backlog of the ith connection
in class j is served with bandwidth e, when it is not empty. Since the input traffic stream R(1) is
an extremal, on-off and periodic process, the instantaneous buffer occupancy v;(t) returns to zero
in every duty cycle of length 7;. Based on the assumption of independent input traffic flows, we
have v;(t) = v(t + 6;). v(t) is shown in Fig. 2-7 (a). In Fig. 2-7 (b), y(t) denotes the utilized
bandwidth at time z by a connection in class j. In [EIMW95], it was shown that D,,; = H,,; + by, /
€gjs Dorrj = Hogrj — by / € and Dy, ;4D ;=T;. Finally, the fraction of time that this system is busy

was obtained as ;= Dyq;/ (Dgp; + Dogry) = Y;/ €4;-
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(a) The multiplexer buffer occupancy of a
connection in class j

Fig. 2-7 Illustration of Processes v(?) and i(¢) at the Multiplexer

2.5 Chapter Summary and Remarks

In this chapter, we have presented the network and traffic models. The network environment of
our research is a tandem connection-oriented ATM network, in which the RCS discipline is
employed at every node. Four traffic models are used in this thesis: the MLB traffic model, the
DLB traffic model, the inter-arrival time process, and the background traffic model.

Furthermore, we described the operations of both the traffic shaper and traffic multiplexer.
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Chapter 3
An Admission Control Algorithm for Real-time VBR traffic

3.1 Introduction

We want to design an efficient bandwidth allocation scheme for the admission of real-time VBR
service. The algorithm is designed for a connection-oriented ATM network (Fig. 2-1), in which
the earliest deadline first (EDF) based rate-controlled service (RCS) discipline is employed at
every network node. For ease of reference, we repeat the network model diagram in Fig. 3-1, and

indicate in it the notations of both the delay bounds and the traffic constraint function.

I

)

—I:nodel Inode2 >-|>——|:> node M ;I——>
D Dy

(I"IlA)+D;' D"

Fig. 3-1 Network Model

In the algorithm design, the spare capacity curve is introduced to characterize the
available transmission capacity of the output link. The service curve used here is similar to the
one in [Cruz95] where it is allocated to each connection. But unlike [Cruz95] which does not
address the method of allocating the service curve, we present the approach to allocate the
service curve and to update the spare capacity curve. Also, our algorithm does not need the
traffic parameters of all the existing connections in every admission control in order to check the
schedulability condition. By using the spare capacity curve to record the available bandwidth
information, we only need the current spare capacity curve and the incoming connection’s traffic
parameters and QoS requirement in every admission control.

The multiple-leaky-bucket regulated traffic model is used in this chapter to characterize

30



the VBR traffic, which has been detailed in section 2.2.1. The computation of the delay bound in
admission control can be simplified greatly by this assumption.

With reference to our network model in Fig. 3-1, we only consider in this chapter that
identical shapers are used at each node on the route of a given connection. In this case, the end-

to-end delay for connection j in our network model is bounded by
* Mo
D; =D(I; 1A)) -f-m)il D;

where, D" denotes the upper bound of the scheduling delay of connection j at node m, where the

scheduling delay is defined as the duration between the time that the cell has completely arrived
at the scheduler and the time that it is scheduled to be transmitted. Ij' denotes the traffic

constraint function of connection j at the network entrance. Aj stands for the envelope of the

traffic shaper for connection j. D( Ij.l IAJ_ ) represents the upper bound of the shaping delay,

where the shaping delay is defined as the duration between the time that the cell has completely
arrived at the shaper and the time that it is transmitted. We assume that the traffic is reshaped at

every node to the same traffic constraint parameters as that at the network access point, i.e. AI_=

I thus, D(I _.I I A )=0. Therefore, the sufficient condition to admit a connection with end-to-end
J J 7

delay bound requirement of d, is f‘,DJ"' <d..

3. 2 Definitions and Propositions

3.2.1 Definition of Service Curve
The service curve is allocated to each connection, and it is defined here as the upper bound of the
service capacity that needs to be allocated to the new connection in order to guarantee the node

delay bound.
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Fig. 3-2 An Illustration of I *®,S j*(t), and SCx(t)

The definition of service curve can be interpreted using Fig. 3-2, in which D;" denotes
the node delay bound of connection j at node m, and Sj.(t) represents the service curve allocated

to connection j. The allocated Sl_‘(t) must be an upper-bound of the minimum number of cells
from connection j that needs to be served during any time interval of length t in order to support

DI'_" . Obviously, the minimum service needed is I;( t- D;"")’ Thus, Sj.(t) must be an upper bound
of 1]_.( t -Dl'_"), i.c.,S;(t)Z I,-.( t -DI'_"), for any t 20. Since the upper bound of Ij.( t -DI'_") is not
unique, it is reasonable to assume that Sl_.(t) is just a nondecreasing, nonnegative, and piecewise

linear function. We shall use {(v;, x;)I [ =1, 2, ..., L;} to describe SI_.(t), where x;, denotes the X-
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axis value of the /th flex point in S, (2); v;, is the slope of the Ith segment; and L, is the number of

the line segments in Sj.( t). Thus, Sj.(t) can be obtained as follows:
. -1
Fig. 3-2 shows an example of S;(t) forL;=4.
As to be stated in the following Proposition 3.2, the computation of D]'_" can be simplified

greatly by the assumption of convex spare capacity curve. Therefore, instead of allocating II_‘ (t-

m . . . . .
D) as the service curve of connection j, we allocate the service curve using the procedure to be
J

presented in Proposition 3.3, which is designed to make the spare capacity curve convex.

3.2.2 Definition of Spare Capacity Curve
The spare capacity curve is used to characterize the available capacity of the output link. It is
defined as the lower bound of the available service capacity at an output link. This definition can

be explained using Fig. 3-2, in which SC (t) represents the spare capacity curve at node m. That

is, the number of cells that can be served by the available capacity of the output link during any

time interval of length ¢ is lower bounded by SC ().

Similar to the service curve, SC (t) is assumed to be a nondecreasing, nonnegative, and
piecewise linear function. In this chapter, we use {(u;.’t:.)l h=1, 2, ..., H} to describe SC (t),
where ¢ denotes the X-axis value at the hth flex point in SC (1), u_is the slope of the hth
segment, and H is the number of the line segments. In Fig. 3-2, H = 3, and SC_(¢) can be
obtained as

SC(t) =u,(t—1,)+ Su(t,, —1) fors, <t<t (3-2)
k=l

+1
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As a trivial case, in our discrete-time network model, SC (z) = t when there is no

connection traversing the output link. This means that one slot is normalized to the time needed

to transmit one cell at its full capacity rate, as defined in section 2.1.

In our algorithm, Dj'_'l the minimum upper bound of the node delay is computed as the

maximum horizontal distance between I;(t) and SC (¢). Thus, the admission control based on

this delay bound may reject some connections which could be admitted if the delay bound is
computed using actual service capacity. However, the delay bound computation can be rather
complicated by using the actual service capacity. As to be detailed in the following propositions
3.2 and 3.4, the computation of delay bound is very efficient by using the convex lower bound of

the spare capacity curve.

3.2.3 Propositions on Bandwidth Allocation
This section presents a few propositions on bandwidth allocation that make use of the service
curve and the spare capacity curve definitions introduced earlier. These propositions provide the
analytical foundation of our admission control algorithm in section 3.3.

The following assumptions will be used throughout the rest of this chapter.

(1) The input stream j is assumed to be conforming to a piecewise linear, non-decreasing, and

concave traffic constraint function II_. described by {(p;., T;,)I n =1, ..., N;} [WKZL96].

(2) The Request message of connection j arriving at node m includes the information I,~" dj, and

D", where, d_is the end-to-end delay bound requirement of connection j, and 5;" is a
J 7

vector recording the minimum scheduling delay bounds incurred at those upstream nodes of

node m.
(3) The Accept message of connection j consists of the vector ﬁl'_" which records the reassigned

node scheduling delay bounds on the route of connection j.
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(4) The connection Requests are processed one by one at a network node. That is, the node will
not process the next connection Request until the presently processed one has been either
accepted or rejected. This implies that the multi-threaded software technique may not be used
to implement the proposed admission control algorithm.

(5) The spare capacity curve will not be updated and the bandwidth allocation will not be
reserved until the Accept message is received.

Proposition 3.2 provides the computation of the minimum upper bound of the scheduling
delay under the assumption of the convex spare capacity curve. The assumption of the convex
spare capacity curve is made on the basis of the concavity of the traffic constraint function. It is
established in Proposition 3.2 that this assumption can greatly simplify the computation.
Proposition 3.3 gives the procedure to compute the service curve in order to guarantee the delay
bound. In the design of Proposition 3.3, we try to keep the spare capacity curve piecewise linear
and convex, so that the computation of the scheduling delay bound can be simplified. However,
the updated spare capacity curve can not always remain convex when the bandwidth is allocated
using the reassigned value of the node delay bound, as to be detailed before Proposition 3.4.
Therefore, we suggest to use the convex lower bound of the spare capacity curve when
computing the node delay bound, and the reason behind this suggestion is given in Proposition
3.4. The procedure to update the spare capacity curve is put in Proposition 3.1, since it will be

used in the proof of Proposition 3.3.

Proposition 3.1: Procedure to update spare capacity curve

Let SC (1) be the spare capacity curve at certain output link right before the connection j is

admitted, and let Sf(t) denote the service curve allocated to the connection j. Then, right after
J

the connection j is admitted, the updated spare capacity curve SC’(t) can be obtained as SC/(t)=

SC (1) - S (1).

Proof: see Appendix A.1.
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Proposition 3.2: Procedure to compute the minimum upper bound of the scheduling delay

Assume that the current spare capacity curve denoted by {(uh,th Wh=1, .., H}, is a piecewise

linear function, convex during [0, TB], where TB is the maximum length of the busy period of

the output link. Let d'_" denote the scheduling delay to be incurred on the incoming connection j
7
at node m. We have

(O If U, < Pjn;» dl'_'I can not be upper bounded by any constant D;" < oo,
QI u, 2 p; N the minimum upper bound of d;_" is given by

D" = max min{&t: &t >0 and 11_'(:) < SC(t1+61)). (3-3)

J 120

Proof: see Appendix A.2.

Example of Proposition 3.2:

When N;= 2, there are four cases in computing D;"<eo. Fig. 3-3 gives the geometrical
interpretation of these four cases in computing D]'_"<oo and of the case when D;"=oo. Let u

denote the slope of SC (¢) at the point where SC (1) = p; ¢ T;,.

case (i) If Pi. Sul, Dl_ =d,- =0.

case (ii) If the peak rate of the new connection Pia < u d;" is upper bounded by D;"= -
SC.(t,)/p;,, where t  is a beginning point of the hth segment in SC (1), u,<p,,, and

Ups) 2Pj-
case (iii) If p;, Suf <P dl'_" is upper bounded by D;'= SC'(p;,* T;2) - T, Where, SC.' is the

inverse function of SC (t) in equation (3-2).
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case (iv) If < P d;" is upper bounded by D;':t:.' T,,—(SCAt) - P;1e T2) / P» Where ¢t is the

beginning point of Ath segment in SC (1), u, <p;, and u,,, 2 p;,.
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Fig. 3-3 Various Cases of D}" <o and D,’." = oo (when N;= 2)
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From Proposition 3.2, we can see that the computation of D;" is really simple under the
assumption of convex spare capacity curve. It is clear that D;" is the upper bound of the
scheduling delay, since SC () is the lower bound of the available link capacity and Ij.( t) is the

traffic constraint function. Thus, the admission control based on D" may reject some
J

connection which could be admitted based on the actual cell delay. However, the computation of
actual cell delay can be very complicated, so the delay bound is often used in the admission

control.
After D;" is computed, the admission control will allocate the service curve S_.( t) to
J

connection j using the following proposition.

Proposition 3.3: Procedure to allocate the service curve
Obtained by using Proposition 3.2, the minimum upper bound on the node scheduling delay Dl'_'l
can be guaranteed by using the following two rules to allocate the service curve:

Rule (1): If D;" = 0, the service curve allocated to connection j will be the same as its traffic
constraint function, i.e. Sj.( t)= Ij.( t).

Rule (2): If O< D,'-"< oo, the service curve will be allocated as: S;( t)=8C (1) for 0 <t< t, and
S (1)= 1}_'(:—1),7' ) fore ¢,

where, 1 is the minimum X-axis value of the point in SC (¢) from which the

def -
= min{t: SC.(¢) = Ij(t—Dj'-")}.

horizontal distance to 7 _.( t) is equal to D", ie.t
f J d tZD;-"

Furthermore, the updated spare capacity curve after connection j is admitted can remain as a

piecewise linear function, convex during [0, TB].
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Proof: see Appendix A.3.
Remarks:

(i) When allocating the service curve or updating the spare capacity curve during admission
control, we do not need to obtain the function S;( t) or SC.(t), we only need to compute the
segment slopes using the simple subtraction operation.

(ii) t can be obtained at the same time when D;" is computed using Proposition 3.2.

It is easy to understand the purpose of Rule (1), but one may question Rule (2). There are

two concerns when designing Rule (2). The first is that we try to keep the updated spare capacity
curve piecewise linear and convex when allocating Sj.(t), since Proposition 3.2 shows that the

assumption of the convex spare capacity curve makes it very efficient to compute D”. The
J

second is that the computation complexity increases with the increasing number of flex points in

SC (1), so Rule (2) is designed to remove those flex points that do not help to admit more

connections. According to Rule (2), SC.’(td) = 0 after the new connection is admitted, so it does
not help to keep such flex points as (z,, y,) in SC (1) where t,<t; and y,>0, since D;" is

computed by exploiting the convexity of SC (1).

M
At the destination, the cumulative scheduling delay bound accudj = ZDJ’" is calculated.

m=]
If it is less than dj, the node delay bounds can be less tight than the values computed using
Proposition 3.2, and less service capacity is needed to support dj. Let 13;_" denote the reassigned
value of the D;". Since the method to reassign D" is not the concern of this work, we simply
J

choose the node with the largest Dl','l and reassign ﬁ;":D;_" + (dj-accudj) for that node, and

keep ﬁf": D'_" for the other nodes. The vector ﬁ'," is sent with the Accept message to the source.
7 J )
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The service curve is reallocated as S;(t- oD) where 6D} =b"_"-D;". It is easy to see that the
updated spare capacity curve can not always remain convex when the service curve is reallocated
as S; (t—6D7"). One may think that tests are needed before reassigning ﬁ;" in order to keep the

spare capacity curve convex, which will increase the computation complexity of our algorithm.
However, the major benefit of having a convex spare capacity curve is to make the admission

control more efficient. Thus, instead of keeping the spare capacity curve strictly convex, we
suggest to construct a convex lower bound of the spare capacity curve before computing D", as
J

illustrated in Fig. 3-4. The reason behind this suggestion is given in Proposition 3.4.

& number of cells

af
v
"""
-
~

length of time interval

Fig. 3-4 The Spare Capacity Curve and its Convex Lower Bound

Proposition 3.4: Using the convex lower bound of the spare capacity curve to compute the

node delay bound

Let SCf(t) denote a convex lower bound curve of SC (t), and it is described by
(. th=1,. H"} If dl'_'l can be upper-bounded by any constant D;' < oo, then it is upper-

bounded by the minimum scheduling delay bound computed using SCf ().
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Proof: see Appendix A.4.

From the above proposition, we see that it is reliable to do the admission based on the
convex lower bound of the spare capacity curve. The admission control based on SCl’(t) may
reject some connection request which can be admitted if the control is based on SC (¢).
However, constructing the convex lower bound curve of the spare capacity is only needed when
computing D;" , and the spare capacity information is not changed.

Thus far, we can see that the use of the service curve and the spare capacity curve in our
bandwidth allocation approach simplifies the node delay bound computation and thereby reduces
the computational time needed for the admission control. First, the spare capacity curve is used
to record the available bandwidth, therefore only the new connection's traffic parameters are
needed in the admission control. In those previous schemes, all the existing connections' traffic
parameters are needed in one admission control to check the schedulability condition. Second,
the service curve allocation procedure presented in Proposition 3.3 is designed to make the spare
capacity curve convex. As shown in Propositions 3.2 and 3.4, the computation of the node delay

bound can be simplified greatly by using the convex lower bound of the spare capacity curve.

3.3 Admission Control Algorithm

Based on the analysis in section 3.2, we present the pseudocodes of our admission control
algorithm in the following Fig. 3-5. The algorithm consists of two major procedures: fivdcontr!
and bkwdcontrl . Procedure fivdcontrl is designed based on Propositions 3.2, 3.3, and 3.4, and it
is invoked by the Request message from the source node. Procedure bkwdcontrl is based on

Propositions 3.1 and 3.3, and it is invoked by the Accept message from the destination.

Procedure fwdcontri( I;,dj’ 5}"’ 5;", SC., s})
if I ()< SC (1) forall = ¢, then

D" =0;

J
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alloc_serv( I; ,SC., Sj. . D;," )
else
convexsc(SC,, SC.);

nd_delay(I’,SC,,D);

alloc_serv( I; ,SC,, Sj. , D;_" );
end if
e Ok
if (Z; D,- > dj) then
send Reject message to the source;

else
if (this is the destination node) then

M
d,,=d-2D;
m=l
if (dmm>0) then
maxi=max( D;_" );
for m=1to M do
if m=maxi then D" =D"+d ;
i i extra
else D'," = D'_";
1 J
end if
end for

else
for m=1to M do

ﬁ;" = D;_";
end for
end if
send Accept message to the source;

else

send Request message to the next node;
end if
end if

Procedure bkwdcontrl(];, 5;" D}, SC., S;.5;)
if(f);_" > D;") then
realloc_serv( I_., D", D", S_. , 3'_.);
] 7 7 J J

updatesc( S'l ,SC.);
else

updatesc( SI_. ,3C.),
end if

Fig. 3-5 Pseudocodes for the CAC Algorithm
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When invoked by a Request message of certain new connection, procedure fwdcontrl
will find out whether the performance requirement of the new connection can be guaranteed

without affecting the QoS of the existing connections. As shown in Fig. 3-5, function convexsc

is used to construct SCf the convex lower bound of the current spare capacity curve, and then
function nd_delay is invoked to compute D" based on SCf. Function alloc_serv computes the
J

service curve S_. using Proposition 3.3. If the cumulative delay up to this node exceeds end-to-
7

end delay bound, a Reject message will be sent to the source; otherwise, the Request message
will continuously be sent to the destination. At the destination node, if the cumulative scheduling

delay is less than the end-to-end delay bound requirement, the function max is used to obtain the

node at which DI'_" is the largest on the route, and it randomly chooses one if more than one node
has the same largest value of DJ'_'I - Then, the scheduling delay bound at the node with the largest
DI'_" is reassigned as ﬁ;: DJ'_" +( dj-accudj ), and the delay bound at other nodes are not changed.

At the beginning of fwdcontrl, we check whether the envelope Ij. indicated in the
Request message can be upper bounded by SC, before computing the convex lower bound of

SC,, which helps to reduce the number of connections rejected unnecessarily.

When invoked by an Accept message of the new connection, procedure bkwdcontr! is

responsible for reserving the bandwidth for the new connection. If the scheduling delay bound
DJ'_" is not reassigned, function updatesc is called to update the spare capacity curve SC, using

Proposition 3.1; otherwise, function realloc_serv needs to be used to reallocate the service curve
S; according to the reassigned ﬁ}", and function updatesc is then used to update the spare
capacity curve based on § -

J
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In reallocating the service curve, as shown in Fig. 3-6, we try to avoid adding many flex

points in the updated SC_, which may make the admission control less efficient.

Procedure realloc_serv( 5}" , D;-” , 5‘;, S}‘)
8d"= D" - D";

J i J

S'(t)= S (¢t~ &d);  /* shift S’(t) to the right for a distance of &d; */

Find points (x;,, S’(xj',)) on the S’(t) curve;

Connecting the points found in the order of the time values, obtain 5‘/_‘( t);

Fig. 3-6 Pseudocodes for the realloc_serv procedure

When a connection is disconnected, its reserved service capacity must be returned, and

the spare capacity information always needs to be updated. Assume that its allocated Sj‘ is

described by {(v;;,x; )1l = 1,.., L}, and SC, is denoted by {(uh,th)l h =1, ..., H} before the
disconnection, then the updated spare capacity curve SC.’ is given by {(u;,th)l h=1, .. H},

where uj, =w, +v;, for x;, ; <1, <x;,.

3.4 Performance Evaluation

For an approach to be used as an admission control for the delay-sensitive VBR traffic, it must
be fast enough to fit the real-time requirement and able to make efficient use of the network
resource. Therefore, we carried out some simulations to evaluate our admission control algorithm
in terms of the computation time needed to admit one connection and the maximum number of
admissible connections. The simulation is event-driven. Every time a new connection needs to be
set up, the new connection’s traffic parameters and its end-to-end delay bound requirement are
input into the simulation program. The simulation is implemented in C programming language,

and it has about 450 lines of code. It computes the delay bound based on the input information of



the new connection and the spare capacity curve, and it makes the decision on whether to admit
or reject the new connection.

In the experiments below, we consider an ATM network with 5 nodes in tandem, in
which the output link capacity is 45 Mb/s at every node. Two real video traces are used in our
experiments, which are provided by O. Rose [Rose95]. We assume that each frame is packetized
into 48-byte ATM cells. The first trace is called terminator, which has the peak rate of 1.6
Mb/sec, the burst size of 2929 cells, and the long-term-average-rate of 320 Kbits/sec. The
parameters for the second trace are derived from the video sequence called dino taken from the
movie Jurassic Park; the peak rate is 2.68 Mb/s, the burst size is 17203 cells, and the long-term-
average-rate is 370 Kb/sec. As assumed in section 3.3, these parameters will be included in the
Request message.

Fig. 3-7 shows the characteristics of these two traces by using the curves of the worst-
case average rate versus the time interval length. The worst-case average rate is computed as the
(maximum number of bits generated during an arbitrary time interval)/(time interval length).
Thus, Fig. 3-7 depicts essentially the upper bound of the average rate over various arbitrary time
intervals of different length. This figure also reflects how quickly the bounding average rate
converges towards the long-term-average-rate. We can see that the bounding average rate of
trace term converges more quickly than that of trace dino, which indicates that the trace dino is

more bursty than the trace term.
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Fig. 3-7 Traffic Characteristics of Two Video Traces

In the first experiment, we obtain the maximum number of homogeneous connections

that can be multiplexed on an end-to-end path so that all connections receive a deterministic

guarantee on end-to-end delay. The average utilization is calculated as Nd- avg /(link capacity),
where Nd is the number of connections admitted when the end-to-end delay bound is d, and avg

is the long-term-average-rate.
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Fig. 3-8 Network Utilization vs. the End-to-End Delay Bound

There are several noteworthy points about Fig. 3-8:

(1) our algorithm is significantly better than the peak-rate reservation algorithm, and can achieve
very reasonable utilization when the deterministic QoS is provided. For example, when three
(P, T) pairs are used and the end-to-end delay bound of 300 msec must be guaranteed (i.e.,
the average node delay bound is 60 msec), we can achieve the average utilization of 0.42 for
the terminator trace and the utilization of 0.30 for the dino trace. Comparing with the results
in [WKZL96] where the EDF scheduler and the trace dino were also used, we can see the
average utilization achieved here is higher than that achieved through checking the
schedulability condition.

(2) The utilization is not strictly increasing with the end-to-end delay bound. However, the
predominant trend is that the utilization increases with the increasing end-to-end delay
bound, and the oscillation is mainly due to two functions convexsc and realloc_serv in our
algorithm.

(3) Just as expected, larger utilization can be achieved when the arrival traffic is described by

three ( §,T) pairs than that when traffic is described by two (P, T) pairs, which means that the
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maximum achievable utilization is affected by both the traffic model and the admission
control algorithm.

(4) The achievable utilization for a given delay bound is lower for the trace dino than for the
trace terminator. This is because the rate of the trace dino converges slower to the long-term-

average-rate than that of the trace terminator.

[+
(=]

~— eted=500 msec
-.-. oled=250 msec

(7]
(=}

Y
o
i

number of term. connections
N W
o (=]

-

o

A
b

10 [ [ 40
number of dlr?g connocuongo

Fig. 3-9 Maximum Number of Admissible Connections

In the second experiment, we show that our algorithm is able to accommodate
heterogeneous connections and QoS requirements. Fig. 3-9 depicts the admissible region of
multiplexing combinations of the above two types of traces. The lower curve shows the
maximum number of the dino and terminator connections can be multiplexed so that the packets
from all connections can be guaranteed an end-to-end delay bound of 250 msec. The upper curve

represents the maximum admissible region for a 500 msec end-to-end delay bound.
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Fig. 3-10 Computation Time vs. Number of Existing Connections

The third experiment evaluates the computation time needed to admit one connection.
The admission control program was run on a SUN Sparc-5 workstation with a 110 MHz micro
SPARC-II processor and 64MB RAM in it. Fig. 3-10 shows the average CPU time needed to
admit one connection versus the number of existing connections for the two cases when the
incoming traffic constraint function is described by two and three (p, 7) pairs respectively.
Comparing with the results in [FiKT97] where the traffic is described by two ( p, T) pairs, the
computation time needed using our algorithm is shorter than that is needed when admission
control is done through checking the exact schedulability condition. In our algorithm, procedure
nd_delay calculates the minimum upper bound of the scheduling delay by exploiting the convex
lower bound of the spare capacity curve, and the procedure alloc_serv removes the flex points in
the spare capacity curve that do not help to admit more traffic. These two designs help to reduce
the computation time.

Fig. 3-8 showed that higher utilization can be achieved by using three (p, 7) pairs than
that by using two (p, ) pairs. However, it can be seen from Fig. 3-10 that the computation time
needed when the traffic is described by three (p, T) pairs is much longer than that when the
traffic is described by two (p, T) pairs, so there is a trade-off between the computation time and

the network utilization. The computation time plotted in Fig. 3-10 can be further reduced by
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using the classification method in [FiKT97], where the delay requirements are classified in L
classes and the computational complexity is reduced to O(L¢).

Next, we are going to provide two tables to compare the performance of our algorithm
with that of the previous works. As mentioned in section 1.1.2, three major kinds of real-time
VBR admission control algorithms have been discussed in the past works. The approach of
checking schedulability condition [FeVe90, ZhSh94, WKZL96, LiWF96, KnZh97], the approach
of classifying the delay bound requirements [FiKT97], and the peak rate reservation approach

[WKZL.96, KnZh97].

~_Bandwidth Utilization
Algorithms end-to-end delay |end-to-end delay [end-to-end delay
bound = 250 msec |bound = 500 msec |bound = 1000 msec
our_algorithm 0.27 0.32 0.36
checking schedulability 0.22 0.28 0.3
classifying delay bound < 0.22 < 0.2 < 0.3
Eeak rate reservation 0.1 0.1 0.1

Table 3-1 Comparison Results of Bandwidth Utilization

The comparison of bandwidth utilization performance is provided in Table 3-1. Since it

was shown in both [WKZL96] and our first experiment that more than two (o, p) pairs must be

used to characterize traffic flows in order to achieve reasonable bandwidth utilization, we use

three (o, p) pairs for our comparison. In the table, the values of bandwidth utilization for the

approach of checking schedulability condition is obtained from [WKZL96], which used the same
EDF scheduler and the same movie trace dino as in this thesis. Note that the delay bound values
used in [WKZL.96] are node delay bounds, and that the delay bound values used in our Fig. 3-8
are end-to-end delay bounds. Therefore, in our comparison, their end-to-end delay bound values
are estimated by multiplying their node delay bounds with the number of nodes. The bandwidth
utilization performance of the classifying delay bounds approach was not analyzed in [FiKT97],

but it was claimed in [FiKT97] that their algorithm has the drawback of admitting fewer
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connections than the approach of checking the schedulability condition. It can be seen from
Table 3-1 that, for various values of end-to-end delay bound, our algorithm can achieve higher

bandwidth utilization than the previous algorithms.

Average computation time
Algorithms to admit one connection Complexity |Operation
number of existing |number of existing

connections = 1000 jconnections = 1500

our_algorithm 0.95 msec 1.1 msec O (Ny) subtraction

checking schedulability 1.3 msec 2.0 msec O (N) addition,
subtraction,
multiplication|

classifying delay bounds{0.01 msec 0.01 msec O (L) addition,

subtraction,
multiplication.
peak rate reservation CPU time to conduct one division o(1) one division

Table 3-2 Comparison Results of Computation Time, Complexity, and Operation

Table 3-2 compares the performances of the average computation time to admit one
connection, the computational complexity, and the operation type. The performance of the

average computation time was provided in [FiKT97] for both the method of checking the exact

schedulability condition and the method of classifying the delay bounds. They used two (o, p)

pairs in [FiKT97]. It can be seen from Table 3-2 that computation time of our algorithm is much
shorter than that of the checking schedulability approach, but it is longer than the method of
classifying delay bounds. However, the method of classifying delay bounds achieves lower
bandwidth utilization than ours. We know from Proposition 3.3 that the computational
complexity of our algorithm is O(N/), where N, is the number of flex points on the spare capacity
curve. We let N denote the number of existing connections. It is easy to know from our
Proposition 3.3 that N, < N. Thus, our algorithm has lower complexity than the approach of
checking schedulability. The approach of classifying delay bounds has complexity O(L.), where

L. represents the number of predefined delay classes. It was indicated in [FiKT97] that the value
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of L. can be much smaller than N, (i.e., Lo < N). Thus, the approach of classifying delay bounds
may have lower complexity than our algorithm. However, we know from Table 3-1 that it
achieves lower bandwidth utilization than ours. In addition, as discussed in the remarks of
Proposition 3.3, the computing operation of our algorithm is the simple subtraction. Both the
checking schedulability approach and the classifying delay bounds approach need more
complicated operation of multiplication. Table 3-2 shows that the peak rate reservation method
has very low complexity and simple computation, however, Table 3-1 has shown that bandwidth
utilization achieved by peak rate reservation approach is extremely low.

From the above three experiments and two comparison tables, we can see that our
algorithm performs better than the previous algorithms in terms of both the bandwidth utilization

and the computation time.

3.5 Chapter Summary and Remarks

In this chapter, we have presented a new admission control algorithm for real-time VBR traffic
in the EDF-based RCS discipline network. The deterministic guarantee on end-to-end delay
bound is adopted as the measure of quality-of-service (QoS). Unlike the previous studies, we
concentrated on designing an efficient bandwidth reservation scheme, in which the service curve
and the spare capacity curve are two important features. By providing the approaches to allocate
the service curve and to update the spare capacity curve, we can support the deterministic
guarantee on the end-to-end delay and achieve reasonable network utilization. We evaluate our
algorithm in terms of both the network bandwidth utilization and the computational time needed
to admit one connection. The experiments using the parameters derived from some real video
traces show that our admission control algorithm is suitable to support real-time traffic and it can

achieve reasonable network bandwidth utilization.
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Chapter 4

Proposals on Lossless Traffic Shaping

4.1 Introduction

We design the lossless MLB shapers for VBR traffic. The shapers are designed for the network
node model described in Fig. 2-2, in which each traffic flow is shaped at the shaping buffer
before entering the multiplexer.

Two minimum MLB shaper designs are presented in this chapter. The first shaper design
can guarantee the specified worst-case shaping delay bound, and the second shaper design can
guarantee the specified worst-case shaping buffer occupancy. Furthermore, we investigate the
node delay bound performance of the minimum MLB shaper, and show that the node delay
bound of the minimum MLB shaper guaranteeing the specified shaping delay bound is not larger
than the delay bound without traffic shaper.

The incoming traffic flow is modeled by using the MLB regulated traffic model that has

been detailed in section 2.2.1. Let 7 ;(t) denote the MLB traffic constraint function of the

incoming flow j. Then, we have I; (t)= 1 snmé% (Pt +6;,)-
J

4.2 Lossless MLB Shaper Design

In this section, we present a few propositions on the MLB shaper designs for the traffic flow j.
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Fig. 4-1 A minimum MLB Shaper Guaranteeing the Shaping Delay Bound Dg;

Proposition 4.1: A minimum MLB shaper design for the shaping delay bound

Assume that the incoming traffic flow j at the shaper is MLB regulated with the traffic constraint

function [ ;(t)= 1 g}sir},j(ﬁ it +3; ), and that the shaping delay bound of traffic flow j is given as
Dg;. The minimum MLB shaper for traffic flow j that satisfies the shaping delay bound Dy can be
constructed in the following steps. With reference to Fig. 4-1, we first shift I; () to the right for a
distance of Dg;, and obtain function I j'(t — Dg;). Then, we can draw at least one line from the
point (0, 0) to the function I j'(t - Dyg;), and obtain the tangent point (Ts;» I j'('tsj— Dg;)) with the
smallest 15; > 0 and I j'(‘ts,-- Ds;) > 0. Thus, the tangent line function with 0 <t <t and the

function 7 j'(t - Dg;) with t 2 T5; construct the envelope function of the minimum MLB shaper.

Let A;(t) denote the envelope function of this minimum shaper, and we have:

st-t for0$t<rsj

Aj(t =q..
Ij(t-DSj) fortzr_ﬁ
where,

T5;=Dg+ min{7;,: 7;,, >0and p;,, < ij'(‘?j',,)/(t"j‘,l +Dg) < Pjna )i
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Ps,:M is the peak rate of the MLB shaper;

T, , is the X-axis value at the nth flex points in 7 ;(t).

Proof: see Appendix B.1.

Please note that the value of Dg; in Proposition 4.1 should not be larger than
i;(%j.Nj+l)/ﬁj.Nj —fj.Nj+l’ because when DSj = i;(ij.Nj'f-l)/ﬁj.Nj _?j.Nji—l’ we say that the
input traffic is fully shaped and the envelope function of the shaper is AWM= f)j o -t IF A <

N;
ﬁj' N, -t, the shaping delay bound would be infinity.

As an example, we can apply Proposition 4.1 to the DLB shaper design. For an incoming
traffic flow j characterized by the DLB constraint function I(t) = min(P, s, pj-1+6;), we
construct its minimum DLB shaper by first shifting the function 7 j' (t) to the right for a distance
of Dg;. Then, we draw a tangent line from the point (0, 0) to the function I ; (t — Dg), and obtain
the tangent point (t5;, I/ (ts; — D)) where T = Dg; + ; and 7, = G; / (P; - p;). Thus, we
determine the parameters for the minimum DLB shaper: the long-term average rate Y;= p;, the
maximum burst size B; = &; - p;+Dg;, and the peak rate Pg; = f’j- T; /(T; + Dg;). The envelope
function of this minimum DLB shaper is A(t) = min(Pgt, Yt + Bj).
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Fig. 4-2 A minimum MLB Shaper Guaranteeing the Worst-Case
Shaping Buffer Occupancy Q;,
Proposition 4.2: A minimum MLB shaper design for the worst-case buffer occupancy

Assume that the incoming traffic flow j at the shaper is MLB regulated with the traffic constraint

function I/(t)= min (p;,t+8,,), and that the worst-case shaping buffer occupancy of
lSllSNj " *

connection j is given as Qg; The minimum MLB shaper for traffic flow j that satisfies the worst-

case shaping buffer occupancy Qg; can be constructed in the following steps. With reference to

Fig. 4-2, we first shift 7 j‘(t) downwards for a distance of Qg;, and obtain function y(t) = 7 j'(t) -
Qs;. Then, we can draw at least one line from the point (0, 0) to the function y(t) =] j'(t ) - Qs;» and
obtain the tangent point (7g;, I j'(‘t;.j) - Qg;) with the smallest 7g; > 0 and y(7g;) > 0. Thus, the
tangent line function with 0 < t <7y; and the function y(t) =7 ;(t) - Qg; with t 2 7; construct the

envelope function of the minimum MLB shaper. Let Aj(t) denote the envelope function of this

minimum shaper, and we have:

Ps'j-t forOSt<r_’gj
Aj(’)= -
I; (- Q5 fort215;

where,
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‘ =min{ %, :%. >0and H <ij‘(i;j.’l)_QSi< p-
'tSi = mln{ ‘l'j_n.’tj'" an pj.’l = = = pj.n—l }'
j.n
s,
[ (75)-0y .
’ 4

5j

Py = s the peak rate of the MLB shaper.

Proof: see Appendix B.2.
Please note that the value of Qg in Proposition 4.2 should not be larger than
[;(T. +l)—pj' N -fj' N+ because when Qg; = / i (fj' 1\7,-+l)— pj'ﬁj .fj' Y we say that the input

traffic is fully shaped and the envelope function of the shaper is A;(t) = [Jj gt If Ay(t) <
)

p; 7, -1, the worst-case shaping buffer occupancy would be infinity.

Similarly, we can apply Proposition 4.2 to the DLB shaper design. For an incoming traffic

flow j characterized by the DLB constraint function j'(t) = min(f'j -t, pj-t+0;), we construct its
minimum DLB shaper by first shifting the function 7 ;(t) downwards for a distance of Qg;. Then,
we draw a tangent line from point (0, 0) to the function y(t) = I j'(t) — Qs;, and obtain the tangent
point (Tg;, y(Tg;)) where Tg = T; and i'j = 6'j / (f’j - p;). Thus, we determine the parameters

for the minimum DLB shaper: the long-term average rate y,= p ;» the maximum burst size B, =

-~

G; - Qs;; and the peak rate Py = P, - Qg /7.

The use of traffic shaper can reduce the traffic distortion and the resource requirements,
but it may introduce extra delay for traffic flows because there can be packets waiting in the
shaper even though the output link is idle [GGPS96]. In the following proposition, we show that

using traffic shaper does not always increase the node delay bound.
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Proposition 4.3: The worst-case node delay performance of the minimum MLB shaper
guaranteeing the shaping delay bound

Assume that the incoming traffic flow j at the shaper is MLB regulated with the traffic constraint

function I j'(t)= lmitﬁlr p ;int +0;,). Let c; be the bandwidth allocated to connection j. If the
£ns i

shaper design presented in Proposition 4.1 is used, then the worst-case node delay incurred on
connection j remains the same as that when no traffic shaper is used.
Proof: see Appendix B.3.

Both the sufficient and necessary conditions can be shown for the DLB shaper. That is,
given that certain bandwidth c;has been allocated to connection j, the node delay bound when a
DLB shaper is used remains the same as that when no traffic shaper is used if and only if the
shaper is designed according to Proposition 4.1. The sufficient condition is the direct result of
Proposition 4.3. The necessary condition can be proved by following contradiction.

According to the construction of A;(t) in Proposition 4.1, it must be true that Ai(T) =
I;(%;) and the node delay is bounded by D, = I (%)) 1 ¢; - %;. If the shaper is not designed
according to Proposition 4.1, then A(tg) > I/ (%)) or A((tg) < I;(%)). If A(tg) < I (%)), the
node delay is bounded by

D'=[ A (%)) - 1+ [A(ts) / ;- T ]
The first part is the worst-case shaping delay and the second part is the worst-case multiplexing

delay. Because c; 2 p;,
D' 2 [AS'([ () - 1+ I[(F)/ ¢ - AT (F))]
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In the above, A;'(y) is the inverse function of A;(t)= min.«(Pgt, ¥t + B)), i.e., A'(y) =
max,o(y/Ps;, (y - B)/ )
If Aj(ts) > I (%), the node delay bound is
D= [A'(I (%)) - T;1+ [A(Ts) / ¢;- )]
Because Pg; 2 ¢,
D" 2 [A]'(J; (7)) - ;10 I (Z)/eA T (F))]
=I;(T)/¢- %;=D; .

Thus, the necessary condition is proved.

4.3 Performance Evaluation

Performance evaluation is presented in this section to evaluate the shaper designs of the above
section. First, we obtain, for a typical video trace connection, the designing parameters of the
two types of minimum traffic shaper that can guarantee the specified shaping delay bound or the
specified shaping buffer occupancy bound. Second, we have proved and demonstrated that these
obtained shapers are the minimum shapers that can satisfy the given shaping delay bound or the
worst-case shaping buffer occupancy. That is, they have the minimum envelope function among
all those shapers that can satisfy the given shaping delay bound or shaping buffer occupancy
bound.

The video trace used in this experiment is characterized by the envelope function 17 (¢) =

lmin‘t([),,-t + 0,). The slope values of its four line segments are p, = 4000 cells/sec, p,= 667
<n<

cells/sec, p;= 600 cells/sec, and p, = 500 cells/sec. The y-intercept values of its four line

segments are 6, = 0, 6, = 267 cells, 6; = 533 cells, and 6, = 1133 cells.
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For this traffic trace, we construct three minimum shapers that can guarantee three shaping delay
bounds 0.02, 0.05 and 0.5 second, respectively. Their designing parameters can be found in
Table 4-1. For instance, the minimum shaper satisfying shaping delay bound 0.02 second has the
parameters: v, = 3200 cells/sec, B, =0, v, = 667 cells/sec, B, = 253 cells, y; = 600 cells/sec, B; =
521 cells, ¥, = 500 cells/sec, and B, = 1123 cells. The envelope function of this minimum shaper

is A(?) = lrsx}‘i& {vet+ B}

From the table, we also see that when the bandwidth of 2000 cells/sec is allocated to this
video traffic flow, the worst-case node delay is 0.08 second when no shaper is used or when the
above minimum shapers are used.

Similarly, we have constructed for this video trace three minimum shapers that guarantee
three worst-case shaping buffer occupancies 40, 100, and 400 cells, respectively. Their
designing parameters can also be found in Table 4-1. For instance, the minimum shaper
satisfying the worst-case shaping buffer occupancy 400 cells has the parameters: y, = 633
cells/sec, B, = 0, v, = 600 cells/sec, B, = 133 cells, y; = 500 cells/sec, and B; = 733 cells. The

envelope function of this minimum shaper is A(z) = lr;}‘ms {y.t+ B.}. We also see from the table
<

that, with the bandwidth of 2000 cells/sec allocated to this video traffic flow, the worst-case node
buffer occupancy is 160 cells when no shaper is used or when the above obtained minimum
shapers are used.

We demonstrate next that the shaper designs presented in Table 4-1 are the minimum
shapers that can satisfy the specified shaping delay bound or the specified shaping buffer
occupancy bound. We first construct shapers with smaller envelopes, and then illustrate that
these smaller shapers may cause larger shaping delay bound or larger shaping buffer occupancy

than those in Table 4-1.
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Fig. 4-3 Shaping Delay Bound with Smaller Shaper Envelope

It can be seen from Table 4-1 that the shaping delay bound 0.02 second can be satisfied by
using the shaper with parameters vy, =3200 cells, B, = O cells, v, = 667 cells/sec, B, =253 cells,y; =
600 cells/sec, B, = 521 cells, v, = 500 cells/sec, and B, = 1123 cells. Here, we construct traffic
shapers with smaller envelopes by reducing the values of ¥’s or B’s. The shaping delay bound
with smaller ¥ values are shown in Fig. 4-3 (a). It can be seen that when ¥, 7, or y; decreases
from those values in Table 4-1, the shaping delay bound becomes larger than 0.02 second. Please
note that ¥, cannot decrease below the traffic trace’s sustainable cell rate of 500 cells/sec;
otherwise the shaping delay bound would be infinity. The shaping delay bounds with smaller 3
values are shown inFig. 4-3 (b). We can see that shaping delay bound becomes larger than 0.02

second when the values of 8, B, or B, decreases from those values in Table 4-1. Note that B,

cannot decrease below 0 due to the property of MLB shapers.
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Fig. 4-4 Worst-case shaping buffer occupancy with smaller shaper envelope

Similarly, it can be found in Table 4-1 the worst-case shaping buffer occupancy 100 cells
can be satisfied by using the shaper with parameters y, =2750 cells, B, = O cells, y, = 667
cells/sec, B, = 167 cells, y, = 600 cells/sec, B; = 433 cells, v, = 500 cells/sec, and B, = 1033 cells.
Here, we construct traffic shapers with smaller envelopes by reducing the values of y’s or B’s.
The shaping buffer occupancy bounds with smaller y values are shown in Fig. 4-4 (a). We can
see that the worst-case shaping buffer occupancy becomes larger than 100 cells when v, v, or v;,
decreases from those values in Table 4-1. Please note that vy, cannot decrease below the traffic
trace’s sustainable cell rate 500 cells/sec; otherwise the worst-case buffer occupancy would be
infinity. The worst-case shaping buffer occupancies with smaller B values are shown in Fig. 4-4
(b). It can be seen that the shaping buffer occupancy becomes larger than 100 cells when the
values of B, B, or B,decreases below those values in Table 4-1. Due to the property of MLB

shaper, the value of B, cannot decrease below zero.
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4.4 Chapter Summary and Remarks

In this chapter, we have presented two minimum MLB shaper designs that can satisfy the
specified worst-case shaping buffer occupancy or the specified shaping delay bound.
Furthermore, we show that the node delay bound of the minimum MLB shaper guaranteeing the
specified shaping delay bound is not larger than the delay bound without traffic shaper.

Performance evaluation has been conducted to evaluate the presented lossless MLB shapers.



Chapter 5

Statistical Traffic Shaping

5.1 Introduction

In order to improve the network resource utilization, we propose in this chapter to allow a small
loss probability at the traffic shaper as well as at the multiplexer. We call our traffic shaping
scheme statistical traffic shaping here. The statistical traffic shaping is proposed for the network
model of Fig. 2-2 where each traffic flow is shaped at the shaping buffer before entering the
multiplexer.

Analysis is carried out for both cases of homogeneous traffic class and heterogeneous
traffic classes in order to investigate the condition under which statistical shaping is more
beneficial for improving resource utilization than lossless shaping. Our performance evaluation
shows that a higher level of network resource utilization can be achieved when statistical traffic
shaping is used than that when lossless shaping is used, and than that when no cell loss is
guaranteed at the node.

With reference to Fig. 2-4 and section 2.2.2, the VBR traffic flows offered to a network
node are assumed to be extremal, on-off and periodic processes with independent and uniformly
distributed random phases, i.e., the incoming rate process of connection j can be illustrated as
£2,(t) in Fig. 2-4. We also make the same assumption as in section 2.3, that is, the incoming

traffic flows can be grouped into J classes, and there are K; connections in class j. All

connections in class j are associated with the same set of DLB parameters (I3j, G, P ), but they
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have different phases. That is, £2,(t) = £2(t +6;), where 1 i< K, 1 £j <], ; is an independent

random variable uniformly distributed in [0, T;], and 7} is the period of process £2(1).

5.2 Allowing a small loss probability at the traffic shaper

We propose to allow a very small loss probability in our statistical traffic shaping scheme. We
use upper bounding technique to estimate the loss probability at the shaper, and investigate the

condition of achieving the statistical multiplexing gain at the shaper.

5.2.1 Upper Bound of Cell Loss Probability at the Traffic Shaper

In this section, we borrow the analysis technique in [EIMW95], and apply it to study the loss
probability at the traffic shaper. When considering cell loss probability, we first observe that the
data buffer is the only physical resource at the DLB traffic shaper. The token buffer is essentially
a virtual device to count the number of departures in one burst. With reference to Fig. 2-6 (b) and
section 2.3, we let g;(1) be the instantaneous shaping buffer demand from the ith connection of
class j at time ¢, and Bsbe the total shaping buffer capacity at the node. Then at this single

resource system, the cell loss is incurred when the total instantaneous demand for the data buffer

J K,
2 3 q;;()exceeds the data buffer capacity Bs. Let P55 be the loss probability at the shaper, then

j=ti=l

P_oss measures the fraction of time that the total demand for the data buffer from all the traffic

7 K
flows exceeds the data buffer occupancy. That is, P 5 = Pr { > Ziq ;i (0> Bs} .

j=li=1
Two assumptions are required for deriving P, the loss probability at the shaper:

J . . .
¢)) .ZIKJ' Elq;;]1< Bs > since otherwise the system is unstable.
J:
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A 1))
@ Jm2kic e

> Bg, since otherwise there is no loss, where G(8) = E[exp(8-q;)] and

parameter@ is left unspecified [Buck90, EIMW95].
In order to simplify the computation of P,,g, we conservatively bound the process q;(t) in
Fig. 2-6 (b) by an on-off process. We assign a peak value of bg; for the on period with probability

@p, and the value O for the off period with probability (I - @) Then, using the large deviation

theory [Buck90, MiMo095], we obtain the Chernoff’s bound on P,
log(Poss) < -0(07)

where,

J
®0)=0-B;—- I K; -log]l — Qg + Wy, exp(6 - bs;)] , (5-1)

j=1

O(O°) = sup{®@)}
820

and 0" can be obtained by solving the equation ®’(0) =0, i.e.,

;7 K.y bg;, exp(0 - bg:)
§_ ORGP Psil B, _ (5-2)

Therefore exp(-®(0°)) upper bounds the probability that the total instantaneous

requirement for the shaping buffer exceeds Bs.

5.2.2 Statistical Multiplexing Gain of the Traffic Shaper
We consider here the case of single traffic class (i.e., J = 1), and we analyze the condition of
achieving the statistical multiplexing gain at the traffic shaper.

Using J = 1 in equations (5-1) and (5-2), we obtain

®(0°) = 0°-Bg - K-log(1 - @y + @y exp(0°-by)) . (5-3)
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where,

0 = —l—log Bs(1 - @g) ; (5-4)

bs wR(Kbs - Bs)

K is the number of traffic flows shaped from (P, &, p) to (Ps, B, 7).

It is easy to show from eqn. (5-4) that 8° 2 0. From eqn. (5-3), it can be proved that

——ad;(: )<o0. Using a derivation similar to [EIMW95], the function ®(0°) can be shown to have
the following features: (i) lim ml=-°°, (i) llm OO )= B 108(—), and (iii)
By oK
S

li"z'z ®(0")=0. Therefore, with fixed values of B;, 0g, and bs, B(@’) is strictly decreasing

K—a—=
@gbs

with increasing K when K is within the interval [Bg/ bg, Bs/(@gbs)]. We can also show easily that

a(a‘bw)pofr 5<K<_B_

9K oK bs onbs This means, the slope of €(0") becomes smoother with

increasing K when K is within the interval [: B‘Z ]. Hence, ®(8°) can be illustrated using
s (RrDs

Fig. 5-1.

A DO")

B 1
o —)
23 8 [ 7]

— K
o Bg/bs By /(cbs)

Fig. 5-1 Illustration of ®(0°) as a Function of K
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Based on the results of analysis in section 5.2.1, we have log(1 / P ys5) 2 ©(9°). Let Lg be
the QoS requirement of loss probability at the shaper, then we must have P, ;s < L;. When L =
0, we must have P, ;.= 0. In this case, K = Bg/ bg. When a small loss probability Lg > O is
allowed at the shaper, we are interested in finding the maximum value of K for which P, < L.
The maximum value of K is obtained by the solution of ®(8") = log(1/Ls). From Fig. 5-1, we can
observe that there is no solution for ®(0") = log(1 / L) if log(1 / L) = (Bs/ bg)slog(1 / ). In this
case, K = Bs / bg and P, =0. At the same time, we observe that the maximum value of K is
larger than Bg / bg if log(1/Ls) < (Bg/bs)log(1/mg), i.e., the statistical multiplexing gain is
achieved when Bg > b log(1/Ls) / log(1/my).

Fig. 5-1 shows that ®(0") is decreasing with respect to the increasing K when ®(08") =
log(1 / Ls) < (Bs/ bs) « log(1 / mg). This means, more connections can be shaped from (P, &, pP)
to (Ps, B, v) when larger loss probability is allowed at the shaper. In another word, larger
statistical multiplexing gain can be obtained at the shaper with larger loss probability allowed. In
this chapter, we fix the number of input connections at the shaper as Ky, and fix the DLB traffic
parameters (P, &, p) of each input stream. Thus when larger statistical multiplexing gain is
achieved, K, traffic flows can be shaped into a less bursty pattern (e.g., with a smaller Py).
When statistical multiplexing gain is achieved at the shaper, we are interested in obtaining Pg the
peak rate of the shaped traffic flow. There is no close-form solution for P, but it can be obtained

by solving the equation log(1 / Lg) = ®(8")I , iteratively.

K=Kgsq.0g=7!Ps .bs =(F—Ps)‘?
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5.3 Critical Value Designs

Our original goal of allowing a small loss probability at the shaper is to be able to shape the input
flows into a less bursty pattern and thereby to improve the network resource utilization when less
bursty traffic flows are multiplexed. However, cell loss probability usually affects Quality of
Service. As an example, let L denote the QoS requirement of the loss probability at a network
node, and let L,, and L represent the QoS requirement of the loss probability at the multiplexer
and at the shaper, respectively. Then, we have
L=1-(1-Lg(1-Ly)
=Ly+ Lg-L,Lg

=Ly + Lg (for very small Ly and Ly) .

The above relationship of L = L + L, indicates that Ly, = L — L. Thus, for a given loss
requirement L, the value of L,, when statistical shaping is used (Ls >0) must be smaller than that
when lossless shaping is used (Lg = 0). Hence, although statistical shaping may be able to
achieve statistical multiplexing gain at the shaper, it may cause smaller statistical multiplexing
gain achievable at the multiplexer due to smaller loss probability allowed at the multiplexer, and
therefore it may result in lower resource utilization at the node. Hence, we shall investigate the
condition under which statistical shaping is more beneficial for improving the resource
utilization than lossless shaping. The following sections 5.3.1 and 5.3.2 discuss the critical value
design in both cases of single traffic class and multiple traffic classes. The critical value design is
for the shaping buffer capacity. The critical value of the shaping buffer capacity is defined as the

threshold that statistical shaping is more beneficial than lossless shaping in terms of the
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connection carrying capability if and only if the shaping buffer capacity is on one side of the

critical value.

5.3.1 Homogeneous Traffic Class

In this case, all the incoming streams entering the node have the same traffic parameters ( P, G,
p), and their rate-controllers also have the same parameters (Pg, B, ¥), which means that each
stream entering the multiplexer has the same traffic parameters (Ps, B, ¥). Let K be the maximum
number of admissible connections at the multiplexer, C be the output link capacity, e, be the
bandwidth allocation of each connection, and ¥ be the long-term average rate of each input traffic
flow at the multiplexer. Then, the Chernoff’s bound on the loss probability Ly, at the multiplexer

can be shown [EIMW95] to be log(L,,) < -F(s"), where

. C C C K(ey —7)
F(s") = —log(—) — (K — <)log(—2—_2) . 5-5
) € Og(K'y) ( eo) og( Ke, - C ) (5-3)
Furthermore, F(s") has the following features: (i) aa(s )=log(———(ee‘;:y:))<o; (ii)

IF(s") o 1 o C. e % . .
Jim — =i i) _1::Cn/¢o F(s )=;;log(—;’- = f(ep), and (iv) F(s )lg_c/y=0.

F(s") L4=0, emeon
A
Stearr = —togc2h O<Ly<l., ec=eq,
o r
\< L=l eoeq
K (number of admissible
conn. at the multiplexer)
0 Clew Clew., Clea Chy

Fig. 5-2 F(s") as a Function of the Number of Admissible Connections
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Our starting point is eqn. (2-2). We can show that %20 and %20. This means that
s

the bandwidth allocation e, decreases with decreasing P or decreasing B. Thus, less bandwidth
needs to be allocated to the input connection when it has been shaped into a less bursty traffic
pattern. Let P, Py, Py, denote the peak rate of the shaped traffic flow when lossless shaping is
used, when a small loss probability L is allowed at the shaper with 0 < Lg <L, and when a loss
probability L is allowed at the shaper, respectively. Then, e,,, the bandwidth allocation of each
connection when lossless shaping is used, can be obtained by using eqn. (2-2) with Ps= P,
Similarly, ey, and e, , the bandwidth allocation of each connection when loss probability Lg and
L are allowed at the shaper, can be obtained by using eqn. (2-2) with Pg= Py, and P = P,

respectively. From the discussion on Fig. 5-1, we know that Pg; < Py, < Pg,. Thus ey, < ey < e

We also showed from eqn. (5-5) that 53;(&;(; )

)>0 for K> C /vy, which means the slope of the

curve F(s") will become steeper when the traffic is shaped in a larger degree. Thus, the F(s")
curves with various e, values can be illustrated using Fig. 5-2.

Based on the Chernoff’s bound estimation of the loss probability at the multiplexer, the
maximum number of admissible connections at the multiplexer when Lg= 0 can be obtained by

solving log(1/L)=F(s")lo.c0- When statistical shaping is used, the maximum number of

admissible connections is max {K: log( L )=F(s)|, ..., }

O<LgsSL L-Lg

Critical Value Design of Shaping Buffer Capacity B
Let K(Ls=0,Ly=L) and K(Ls>0,L,=L-Lg) denote respectively the maximum number of

admissible connections when lossless shaping is used and that when statistical shaping is used.
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We define the critical value of the shaping buffer capacity to be the threshold that K(Ls>0, Ly
=L-L) > K(Ls=0,L,=L) when the shaping buffer capacity is on one side of the threshold, and
that K(Ls>0,L,=L-L;) < K(Ls=0,L,,=L) when the shaping buffer capacity is on the other side of
the threshold. That is, statistical shaping is more beneficial than lossless shaping in terms of the
connection carrying capability if and only if the shaping buffer capacity is on one side of its
critical value.

From eqn. (2-2), we know that the valid duration of e, is when e, 2 ¥. Clearly, if B; is so
large that we have ey, = % then it must be true that e, = e, = Yand fle,.) = fley,) = 0 for 0 < L;
< L. Hence, K(Lg=0,L,=L) = K(Ls>0,L=L-Ls) = C/y. That is, when Bgincreases beyond a
threshold value By, statistical shaping will not be more beneficial for admitting more
connections than lossless shaping. From section 2.3, we can easily derive two
equations 8= P-F(1—y/ Pyo) and K, P- Py)-T = Bs. Using these two equations and eqn. (2-

2), we obtain:

Kso - PT-[PT—y% —¥(By/ O)] ) (5-6)
Pt - Y(Bp /C)

Bsorp =

On the other hand, when Bg< bg-log(1/L)log(l/mwg), we must have Bg<
bs-log(1/Ls)log(1/wg). Thus, if Bg decreases beyond bg-log(1/L)/1og(1/mg), there is no statistical
multiplexing gain at the shaper. In this case, when the number of incoming connections is fixed
as Kg;, we have Py, = P, and thus e,, = e,.. From Fig. 5-1, if By is larger than but very close to
bs-log(1/L)/log(1/awg), a very small statistical multiplexing gain could be obtained at the shaper,
which means the values of Py, and Py, are close to each other. Then, the values of ey, and e,_are

close to each other, and thereby those F(s") curves in Fig. 5-2 are close to each other. If the
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maximum horizontal distance between two curves F(s")l ., and F(s")i .. is less than 1, the
number of admissible connections when L;>0 can at most be equal to that when Lg=0. Therefore,
the other critical value of Bg must exist, i.e., when Bg decreases beyond certain value Bg,,
K(Ls=0,L=L) = K(Ls>0,L,,=L-L;). Please note that B, can be obtained by using the procedure
find_Bg_, in Appendix C. 1.

Summarizing the above discussion, we present the following proposition as a criterion to

choose the value of shaping buffer capacity.

Proposition 5.1: Assume that the values of B,,and C are fixed, then

(1) If Bg2 Bgy,, K(Ls=0,L,=L) = K(Ls>0,L\=L-Ls);

(2) If Bgy <Bg < Bg, K(Lg=0,L\,=L) < K(Ls>0,Ly=L-Ls);

(3) If Bg< Bg;, K(Ls=0,L=L) = K(Ls>0,L\=L-Ls).

Hence, when Bg is within the interval (B, Bs.s). statistical shaping is more beneficial than

lossless shaping in terms of the connection carrying capability.

5.3.2 Heterogeneous Traffic Classes

We study the benefit of using statistical shaping in the heterogeneous environment. In the
heterogeneous environment, the shaping buffer of size Bg is shared by multiple traffic classes.
The burstiness of the shaped traffic must be tightly related to the shaping buffer allocation
scheme. Since designing the shaping buffer allocation scheme is not the goal of this work, we
discuss two fundamental buffer allocation schemes at the shaping buffer: complete-dividing and

complete-sharing. We focus on investigating how the analysis results in section 5.3.1 for the
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single traffic class can be extended to the case of multiple traffic classes under these two

fundamental buffer allocation schemes.

A. Complete-dividing shaping buffer

When the shaping buffer of size Bg is completely divided among J traffic classes with J >1, we

J
have ¥ Bg ; = Bs where By, represents the shaping buffer space reserved for the class-j traffic
j=1

flows. In this case, the results in section 5.3.1 can be used directly to choose an appropriate value

J
of Bs. According to Proposition 5.1, with Bg 2 ¥ Bg,, ;, statistical shaping does not help
j=1

achieve higher connection carrying capability than lossless shaping. Thus, in order to achieve

higher connection carrying capability, we should have B; value satisfying

J J
> BScrl.j < BS <y BScrh.j ’ and have the BSJ value satisfying BSCrl,j < Bs'j < BScrh.j’
J=1 Jj=1

B. Complete-sharing shaping buffer

When the shaping buffer is completely shared among J classes of traffic flows with J > 1, there is
no portion of buffer reserved for any particular traffic class. In this case, one naturally thinks
about the competition among traffic classes for the finite buffer space, and possible monopoly of
the shaping buffer by certain traffic class with heavy and bursty load. However, the buffer
resource competition is not the concern here, and we assume that no incoming traffic class is
starved of shaping buffer capacity. Our primary goal is to find an appropriate shaping buffer size
Bs so that higher connection carrying capability can be achieved by using statistical shaping than
that by using lossless shaping. We search for the appropriate value of B¢ through analyzing how

the results for single traffic class in section 5.3.1 can be extended to the case of multiple traffic
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classes. We shall analyze the admissible region in the heterogeneous environment and show the
impact of various shaping schemes on the admissible region.
From the critical values B, and B of several typical video traces, we find that Bg,is

usually around 10?~ 10* cells and Bg,, is around 10* ~ 10° cells. Therefore, it is reasonable to

assume that min, ;(Bs.n;) > max,g4(Bsq;)-

When lossless shaping is used (i.e., Lg= 0), we let A(Ls=0, Lyy=L) and A(Ls=0, Ly =
0) represent the admissible region when loss probability L is allowed at the multiplexer and
when lossless service is guaranteed at the multiplexer, respectively. Then we can prove the

following lemma.

Lemma 5.1: When lossless shaping is used (i.e., Ls= 0), we let Co; = egg j log(%)/ log(-;—). It
J

then follows:

(1) If C < min44(Cg), then A(Ls= 0, Ly=L) = A(Ls=0, Ly=0), i.e., A(Ls=0, Ly=L) and

A(Lg= 0, Ly,= 0) coincide with each other;

(2) If C> max,44(Cc ), then A(Ls=0, Ly=L) D> A(L;=0, Ly=0), i.e.,, A(Ls=0, Ly=L)
subsumes A(Ls=0, L,,=0);

(3) If min 4 (Cqpy) < C < max, 4(Ccy;), then A(Ls= 0, Ly=L) 2 A(Ls=0, Ly= 0), i.e., their
boundaries coincide in part and elsewhere A(Lg= 0, L= L) subsumes A(Lg= 0, Ly = 0).
The boundaries of A(Lg= 0, L, = L) are non-linear in this case.

Proof: see Appendix C. 2.

ML a“l

g, =dng,,

K, K, K,
c

case (1) case (2) case (3)

Fig. 5-3 Illustration of Lemma 5.1 When J =2

76



Example of Lemma 5.1:

We use an example of two traffic classes (i.e. J = 2) to illustrate the results of Lemma 5.1. As

shown in Fig. 5-3, the example consists of three cases. In the figure, dA;, and dA;,  denote the

boundaries of A(Ls=0, L,,=L) and A(Ls= 0, L, = 0), respectively.

Case (1) If C<min(Cgq;, Cco2), then A(Ls=0,Ly=L) =A(Ls=0, Ly =0);

Case (2) If C> max(Cgq,, C,), then A(Ls=0, Ly=L) 5 A(Ls=0, L= 0);

Case (3) If Cp; < C < Cgpa, then A(Lg=0, Ly=L) 2 A(Ls= 0, L= 0), i.e., their boundaries
coincide in the line segment BC and elsewhere A(Lg= 0, L,;= L) subsumes A(Ls= 0,
L, = 0). The boundaries of A(Lg= 0, Ly, = L) are non-linear in this case, which
consisting of two line segments AB and BC. The coordinates of the flex point B (K, g,
K, 3) can be obtained as follows:

K p-e +K,p-e =C
{ 1.8 €001+ K2.5 €002 5-7)

K, p-log(l/ x1) + K, g -log(1/ ;) =log(1/ L)

Similarly, when statistical shaping is used (i.e., Lg> 0) , we let A(Lg> 0, Ly=L - L) and
A(Lg> 0, Ly, = 0) denote the admissible region when loss probability L - L; is allowed at the
multiplexer and that when lossless service is guaranteed at the multiplexer, respectively. Then,
we have the following lemma.

Lemma 5.2: When statistical shaping is used (i.e., Lg>0), we Ilet

1
L-Lg

(1) If C <min;4(Ccy,;), then A(Lg>0, Ly=L -Lg) = A(Ls> 0, Ly=0);
(2) If C> max4(Cey,)s then A(Ls> 0, Ly=L - Lg) D A(Ls> 0, Ly = 0);

Ceu=eoL,.j 10g( )/ log(i) . It then follows:

J
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(3) If min4(Ceq;) < C Smax,;(Cey;), then A(Ls> 0, Ly=L - Lg) 2 A(Ls> 0, Lyy=0) and the
boundaries of A(Lg> 0, Ly =L - L) are non-linear.
Proof: see Appendix C. 3.

From Lemmas 5.1 and 5.2, we know that if A(Lg=0,Ly=L) and A(Ls>0,Ly=L-Ly)
have non-linear boundaries, part of their boundaries coincide with the boundaries of A(Ls=0, L,,
= 0) and A(Lg> 0, L\, = 0), respectively. Therefore, the previous results about the single class
case can not be carried over directly to the case of multiple traffic classes. To make exposition
clear, we assume in the following proposition that both A(Ly=0,Ly=L) and A(Lg>0,L,=L -
Ls) have linear boundaries. The case of non-linear boundaries will be illustrated using an

example at the end of this section.

Proposition 5.2: Assume that both A(Lg=0,Ly=L) and A(L;> 0, L,,= L - L) have linear

boundaries, and that both values of By, and C are fixed.

(1) If Bs < min,g(Bse)), ALs>0, Ly=L-Ls) € A(Ls=0, Ly=L), i.e., A(Ls>0, Ly=L-L;) and
A(Ls=0, L=L) may coincide at certain corner points and elsewhere A(L;=0,L,, = L)
subsumes A(Ls>0, L,,=L-LJ);

(2) If min,;o(Bs.,;) < Bs< max,g(Bse), A(Ls>0, Ly=L-Ls) X A(Ls=0, Ly=L), i.e., the
boundaries of A(Ls>0, Ly=L-Ls) and A(Ls=0, L,=L) cross with each other;

(3) If max 44(Bsq;) < Bs < min,g4(Bsem ), A(Ls>0, Ly=L-Ls) D> A(Ls=0, Ly=L), i.e., A(Ls>0,
Ly=L-L;) subsumes A(Ls=0, L,=L);

(4) If min, g ;(Bs.;) € Bs < max,ggq(Bsem;), A(Ls>0, Ly=L-Ls) 2 A(Ls=0, Ly=L), i.e., A(Ls>0,
L\=L-Ls) and A(Ls=0, L\,=L) may coincide at certain corner points and elsewhere A(L>0,
L,=L-Lg) subsumes A(Ls=0, L=L);

(5) If Bs2> max,44(Bsem;)» A(Ls>0, Ly=L-Ls) = A(Ls=0, Ly=L), i.e., A(Ls>0, Ly=L-L;) and
A(Ls=0, L,=L) coincide with each other.

Proof: see Appendix C. 4.

78



K ﬁl o) o
9A L, A, AL,

dA,, A, dA.

K, K, K,
case (1) case (2) case (3)
dA, JAL=0A,.

dA, \_<

K, K,
case (4) case (5)

Fig. 5-4 Illustration of Propeosition 5.2 When J = 2

Example of Proposition 5.2:

When J = 2, the above proposition can be illustrated using Fig. 5-4, which consists of five cases.
In the figure, dA,, and dA,,, denc;te the boundaries of A(Ls>0, L,=L-L¢) and A(Ls=0, L,,=L),
respectively.
Case (1) If Bs< min(Bgg;, Bsaiz) AQs>0,Ly=L -Lg) c A(Ls=0,L,=L);
Case (2) If Bsoyy <Bg< B2 ALs>0,Ly=L-Lg) XA(ILs=0,Ly=L);
Case (3) If max(Bg;, By,) <Bs< min(Bgqy 1s Bsana)s ALs> 0, Ly=L - Lg) o ALg=0, L,=L);
Case(4) If Bs, <Bs<Bga A(Ls>0,Ly,=L-Ls)DA(Lg=0,L,=L);
Case (5) If Bs2 max(Bg,, Bsans)s A(Ls>0, Ly=L -Lg) = A(Lg=0,L,,=L).

From Fig. 5-4, it can be seen that statistical shaping is not more beneficial for increasing
the connection carrying capability than lossless shaping in cases (1), (2), and (5). In case (4),
A(Ls>0,Ly=L -Lg) and ALs= 0, L,= L) coincide at a corner point and elsewhere A(Ls> 0,
Ly=L - Lg) subsumes A(Lg= 0, L,,= L), thus statistical shaping is better than lossless shaping
only in part. In case (3), A(Ls=0, L=L) is a proper subset of A(Ls> 0, L,;=L - L), so statistical

shaping is absolutely more beneficial than lossless shaping in this case. Clearly, when Bgis
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chosen within a right interval, a larger admissible region can be obtained by using statistical
shaping, i.e., a higher level of resource utilization gain can be achieved.

In Proposition 5.2, we assume that both A(Ls=0, L,,=L) and A(Ls>0, Ly=L - L) have
linear boundaries. When either one or both of them have non-linear boundaries, there are much
more possible cases than that stated in Proposition 5.2. The results are not listed here due to
space limitation; they can be extended easily from the above Lemma 5.1, Lemma 5.2, and
Proposition 5.2. The following example is used to illustrate the case of non-linear boundaries.
Example of non-linear boundaries:

When J = 2, we assume that C > max(Ccq, Cco) and Cep,; < C < Cgy,, then ALs=0, Ly=1L)
has linear boundaries while A(Ls> 0, Ly, = L - L) has non-linear boundaries, as shown in Fig. 5-
5. If max(Bg., » Bscn2) < Bs< min(Bgap 1» Bsanz)» we know from Proposition 5.1 that K,(Ls> 0,
Ly=L-Lg)>K(Ls=0, Ly=L) and that K,(Ls>0, L,= L-L) > K,(Ls= 0, Ly=L). But A(Ls>
0, L = L - L) has non-linear and convex boundaries. Thus, the coordinates of the flex point B
need to be obtained by using eqn. (5-7) in order to compare A(L;=0, Ly,=L) and A(Ls>0, L=
L - Ls). We can see that the previous results in the contents of single traffic class can not be
carried over directly to the heterogeneous environment when the boundaries of the admissible

region are non-linear.

K, K,
Ky(Ls>0.Ly=L-Ly) A (Ls>0, Ly=0)
K,(Ls=0,L,=L) dA(Ls=0, Ly=L) =K,(Ls>0,L,=0)
Ky(Ls=0,L\=0) 9A(Ls=0, L,,=0) 0A(Ls>0, Ly=L-Ls)
»Ki K,
K,(Ls=0, L=L) K(Ls>0.Ly=L-Ly)
(i) when Lg=0 (i) whenLg>0

Fig. 5-5 An Example of the Non-Linear Boundary Case
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5.4 Performance Evaluation

Performance evaluation results are presented in this section to illustrate the analysis results of
earlier sections. Two typical MPEG video traffic flows different from Chapter 3 are used here;
both are characterized using three standard traffic parameters. The parameters of type-1
incoming traffic are: peak rate I-’l = 6 Mb/s, burst size &; = 10.6 Kbits, and long-term-average-
rate p,= 150 Kb/s. The parameters of type-2 traffic are: P, = 2 Mb/s, &, = 42.4 Kbits, and p, =

150 Kb/s. In the following experiments, the number of traffic flows traversing the shaper is fixed

as Ki,= 1000.

! a0 1 ) rw
isti H - -t —109
statistical shaping (1.,=5x10""L,,=10°-Ly) statistical shaping (Ls=5x10"",L,,=107-}
s =09t brno
5095}; 285 §
; ;
2 o8 : bao
g oo} l270 ; lossless shaping (Ls=0, L
2 10%) § §°7 b1o
'g 08sy {255 =
§ §06; 180
3 L 2
g as 240 Sas| oo
5 —
B,=5000 cells E.:—jg(l?l :ells
o i CIBT e 045 2 e
o5 WWLWM size bg (cels) 2 x 10% shapng buffer size Bs (cels) x10*

type-1 traffic type-2 traffic

Fig. 5-6 Bandwidth Utilization vs. the Shaping Buffer Size

In the first experiment, we study the case of homogeneous traffic class, i.e., either type-1
or type-2 traffic flows are input into our network node model. We investigate the impact of
shaping buffer size on the average utilization of the output link bandwidth. The average

utilization is calculated as K,,,- p/(link capacity), where, K, is the maximum number of
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admissible connections, and p is the long-term-average-rate of the incoming traffic. The results
are shown in Fig. 5-6. For the case that all incoming traffic flows are of type-1, when 410 cells <
Bs < 23809 cells, statistical shaping achieves higher bandwidth utilization than lossless shaping;
otherwise, statistical shaping is no longer beneficial for improving link bandwidth utilization.
Similarly, for the case of type-2 traffic flows alone, when 670 cells <Bs <98521 cells, statistical
shaping is more beneficial for improving the utilization of link bandwidth than lossless shaping.
Thus, we can see that the critical values of B discussed in section 5.3.1 do exist. By using eqn.
(5-6) and Procedure find_B;,,, in Appendix C.1, we obtain that the critical values of the shaping
buffer capacity for type-1 traffic are By, , = 23809 cells and Bg.,, = 410 cells, and that the
critical values for type-2 traffic are B, ,= 98521 cells and Bg,, = 670 cells. These computed
values are just consistent with the results of experiment shown in Fig. 5-6.

From Fig. 5-6, one can see that after B¢becomes larger than certain value, the bandwidth
utilization no longer increases with Bg. This is because, as analyzed in section 5.3.1, when B;is
so large that e, = p, the bandwidth utilization can not be further improved by increasing B;. We
also see that the predominant trend is that the bandwidth utilization increases with the increasing
value of Bg, but there is oscillation. The oscillation is due to that a small increase in B does not
always increase the number of admissible connections, as analyzed in section 5.3.1.

Comparing the above two diagrams, one can see that for a given B value, the achievable
utilization is lower for the type-2 traffic than that for the type-1 traffic. This is because the type-2
traffic is more bursty (e.g., has larger burst size and converges slower to the average rate) than
the type-1 traffic.

If comparing Fig. 5-6 with Fig. 3-8 in Chapter 3, we see that there is a big difference

between the bandwidth utilization depicted in these two figures. Please note that these two
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diagrams are obtained under very different situations. In Fig. 3-8, no cell loss is allowed and no
traffic shaping is used. However in Fig. 5-6, traffic shaping is used and the cell loss is allowed at
both the shaper and multiplexer. When a big shaping buffer is available as in Fig. 5-6, the
incoming traffic flows can be smoothed out with its peak rate close to its sustainable rate. In this
way, a higher level of bandwidth utilization is achieved. However, this benefit comes at the price
of a larger jitter and a requirement for a larger backup buffer at the receiver. In addition, we can
see that bandwidth utilization varies with the shaping buffer size, therefore it is hard to say

precisely how much percentage utilization can be improved by statistical shaping.

statistical shaping(Ls=5x10""',Ly=10"-Ly) 1

140p :
) lossless shaping(Ls=0,L,=L=1Dp")

w=L=10%)

K2

| Bu=5000 cells

20t Bg=10000 cells

C =45 Mbps
5

100

K1

Fig. 5-7 The Admissible Region

Next, we study the case of multiple traffic classes. The traffic flows of both type-1 and
type-2 are input into our network node model of Fig. 2-2. The shaping buffer is completely
shared among these two types of traffic flows. We evaluate the bandwidth utilization in the
heterogeneous environment by using the admissible region, since the admissible region
boundaries in Fig. 5-7 essentially give the maximum number of admissible connections of both

type-1 and type-2 traffic flows. There are several noteworthy points about Fig. 5-7:
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(1) Based on the definitions in Lemma 5.1, we obtained Cgy;,=12.1 Mb/s and C¢,,=9.1 Mb/s.
Based on Lemma 5.2, we obtained for Ly= 5 x 10" that C.,,,=16.3 Mb/s and C,,,=8.6
Mb/s. We choose the output link capacity as C = 45 Mbps, thus C > max(Ccy;, Cc,,) and C >
max(Ccy,,, Cer,,)- Just being consistent with Lemmas 5.1 and 5.2, those admissible regions

shown in Fig. 5-7 have linear boundaries.

(2) When small loss probability is allowed at the network node, the connection carrying
capability can be increased considerably than that when lossless service is guaranteed.

(3) When cell loss is allowed only at the multiplexer, more connections can be admitted when
lossless shaping is used than that when no traffic shaping is used, since larger statistical
multiplexing gain can be achieved when multiplexing less bursty traffic after traffic shaping.

(4) When statistical shaping is used, the connection carrying capability can be further improved
than that when lossless shaping is used. This is consistent with Proposition 5.2, i.e., when
max(Bs., ;,Bsc2)< Bs<min(Bgy 1.Bsanz), Wwe have A(Ls>0, Ly=L-L)>A(Ls=0, L,=L).
Therefore, when the shaping buffer capacity B is within a right interval, allowing cell loss at
both the shaper and multiplexer is more beneficial for improving the network resource

utilization than allowing cell loss only at the multiplexer.

5.5 Chapter Summary and Remarks

We have demonstrated in this chapter how to improve the resource utilization in the
context of a network node applying the rate-controlled service (RCS) discipline. We proposed to
allow a small loss probability at the traffic shaper, and analyzed the impact of traffic shaping
schemes on the network resource utilization. Our analysis established that there exists condition

under which our proposed statistical shaping scheme is more beneficial than lossless shaping for
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improving resource utilization. Some design criteria were also obtained from the analysis.
Performance evaluation showed that statistical traffic shaping can achieve a higher level of
resource utilization than lossless traffic shaping when we apply these criteria in the network

design.
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Chapter 6

Impact of Rate-controlling on End-to-end QoS Provisioning

6.1 Introduction

In this chapter, we investigate the impact of rate-controlling on end-to-end QoS provisioning
through analyzing the statistical end-to-end performance of an individual connection. Analysis is
carried out for the network model of section 2.1. For the ease of reference, we repeat the network
model in Fig. 6-1, and we also indicate in it the traffic parameters of both the reference traffic

and the background traffic.

Reference strearn modeled by the DL B parameters

(P, ﬁ. p) and an inter-arrival time process {A, }
'-K node 1 ﬁ node 2 %_-? node M l"'?

‘\.‘

Background streams modeled by an ";{':':Zoom node 2
i.i.d. batch size distribution ¥,(j)
S
mmm——— - N e e
Rgfe:enfe stream modeled by ! Rate- 'y E
(P,6,D)and {A,) 1 Controller | [
Cmmmmemme - 1 Multiplexer |
! '
! 1
Background traffic modeled ‘mfemm—s————]! | %
by ¥.() I e e___2
Fig. 6-1 Network Model
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At a network node, the reference stream is shaped at a leaky-bucket rate-controller before
entering the multiplexer. The reference stream at the network entrance is specified by a set of
DLB parameters: the peak rate P, average rate p, and the maximum burst size . Besides, its cell
inter-arrival time follows the generally distributed process { A, },>; of section 2.2.3. However, as
stated in section 2.2.2, the reference stream’s traffic pattern could be distorted by the interaction
with background streams when they are switched at a multiplexer. Thus at a node inside the
network, the parameter set ( P, 0, p) is used instead to characterize the incoming traffic at a rate-
controller. The background traffic is modeled by using the i. i. d. batch arrival process of section
224,

There are three tasks involved in our analysis for the end-to-end QoS of the reference
stream. First, we shall analyze for the queuing performance at the rate-controller (section 6.2).
Second, the performance at the multiplexer will be studied (section 6.3). Third, based on the
analysis results for both the rate-controller and multiplexer, the end-to-end performance will be
obtained (section 6.4). Furthermore, performance evaluation will be conducted to investigate the

impact of rate-controlling on the end-to-end QoS (section 6.5).

6.2 Queuing Analysis of Rate-controller

Under the assumption of a generally distributed inter-arrival time process, we analyze the
statistical performance of the rate-controller, including the cell delay distribution and the inter-
departure time process. First, a new operating mechanism is proposed for a leaky bucket rate-
controller. The new mechanism can fulfill the same function as the “classical” leaky bucket

scheme, but it has the major advantage of allowing a simple embedded Markov chain analysis
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for the rate-controller. Then, analysis is performed to study the statistical performance of the

rate-controller.

6.2.1 Operating Mechanism
The “classical” Leaky Bucket scheme has been studied in many previous works. The operating

mechanism of the “classical” Leaky Bucket scheme can be found in Appendix D.1.

1 token arrives per slot

Token
pool A slot-tokens

B, cells

. =

e e —— o
input Tbuffer —# &= output stream

1
dropped cells (due to minimum interde;
D exceeded) time control (T slots)

Fig. 6-2 Illustration of the Proposed Leaky Bucket Mechanism

We propose here a new leaky bucket mechanism. With the aid of Fig. 6-2, the rules for
the proposed mechanism are described as follows:

(a) A slot-token is used instead of the “classical” token. The slot-token is so called since it is
generated at the rate of one token per time-slot. A slot-token pool of capacity A. is available.
The slot-token is generated just prior to the end of a slot. The newly generated slot-token is
stored in the pool if it is not full; otherwise the newly generated slot-token is lost.

(b) The data buffer maintains a FIFO queue. Packet arrivals are considered at the end of a slot.
If the queue is not empty, the packet at the head of the queue can be transmitted only when
there are at least I" slot-tokens in the token pool and at least T time-slots have passed since

the last departure. One cell transmission must be accompanied with the removal of I slot-
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tokens from the pool. Based on the above rules, the waiting time of an arriving cell can be
obtained right after its arrival (as detailed in section 6.2.2). Because the cell delay is an
important QoS measure for real-time applications, we propose to drop an arriving cell when
its waiting time exceeds a certain delay bound D; rather than when the data buffer is full.
That is, if the waiting time of an arriving packet is longer than a certain delay bound Dy, the
packet will be dropped immediately at the entrance; otherwise it will enter the data buffer
and wait there until its waiting time has passed.

The proposed leaky bucket has several interesting and important aspects. First, we can
make the data buffer big enough (which is not a serious limitation nowadays), so that the only
reason that a cell is discarded is because its delay bound is exceeded. For example, we can select
Bp = max{ [Dg/ T1,[ (Dg+A) / ']}, where [ x1is the smallest integer larger than or equal to x.
Under the operation above and assuming that the slot-token can be consumed by any new
arrivals, then it is easy to verify that the proposed mechanism with parameters (T, I, A, By, Dyg)
is equivalent to the “classical” one with parameters (Ps, B, Y, Bp) when T=1/P;, C=1/y,A =
By, and Dg= max{ [ (B, -B) /v, [ By /Psl}.

Our model has a further feature of handling packet discarding due to the exceeded delay
bound, which is of common interest to the QoS provisioning in high speed networks. This is a
case that the “classical” mechanism does not handle because the delay bound is not usually
“defined” in the *“classical” mechanism. As shall be demonstrated in the following section, our
model facilitates a simple analysis. The case that our model may not handle is the overflow of

the data buffer, which is not a serious limitation as we mentioned before.
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6.2.2. Cell delay distribution

We derive here the cell delay distribution at the rate-controller. Let =<, denote the arrival time of
the kth cell, which is the end of the slot over which the kth cell is completely received by the
leaky bucket. Let ¢, denote the departure time of the kth cell. Then D, = ¢, - =, is the delay of the
kth cell at the rate-controller. Clearly, the process {D,},., does not form a Markov chain, because
the knowledge of the value of D, alone is not sufficient to determine the probability distribution
of D,,,. In order to cope with this difficuity, we let the random variable S, indicate the token pool
occupancy immediately after the kth cell’s service epoch ¢,. It is easy to see that the queuing

system can be described by a two-dimensional Markov chain {D,, S.},., embedded at the service

epoch {#.},>-

D, <D >{
l \ | 4] K.
g -, L 4
<t -~ ]

L u >
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g L") -, &

e—— Se— >|

(b) When (D, < D5) and (A, > D)

Fig. 6-3 Delay Analysis When D, , < Dg
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(b) When (D, 2 Dg) and (A, < D,,)

Fig. 6-4 Delay Analysis When D, , = Dy
With reference to Fig. 6-3 when D, , < D, and with reference to Fig. 6-4 when D, = D,

we derived the expressions for D, and S, as follows:

0 if(0sD, <Dg)and (0<Sy.; SA)and (A 2 Dy +max{T.C -5, _|}

Dy +T—A;, if(0sDy.; <Dg)and (I-T<SSA)and (1SAL <D, +T)

Dy =Dy +T =85, - A, if(0<Dy.; <Dg)and 0S8y <I-TNand (1S Ay ;<D +T-S; )

0 if (Dy.; 2 Dg) and (Ay.; > D))

Dy — A, if(D,2Dg)and (1ISA S D) 6-1)
min{S;_; +Ay_; -Dyy, A}-T if(0sDy <Dg)and (0<S, . sSA)and (A 2D + max({T. -5, _,})
Sg1+T7-T if (0sSDy,;<Dg)and(F-TSSySA)and(1SAy <D +T)

Sg =40 if(0sSDy <Dg)and (0SS, <F-Tand(ISAy, <Dy, +I-S.))
min{S,_; +C+Ay-Dy.;, A}-T  if Dy, 2D5)and (A, > Dy _))
Skt if Dy 2Ds)and(1SAL ;S D) 6-2)
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The above equations (6-1) and (6-2) indicate that, for k >1, both D, and S; can be
computed at time o<, using the values A, , D,,;, and S, ,. For k = 1, with a full token pool and an
empty data buffer at the beginning of operation, we have D, =0 and S, = A -T. It can also be
seen that there are five cases in each of equations (6-1) and (6-2). In cases (1) - (3), 0 <D, , <D,
which means that the (k-1)st cell is not discarded. In both cases (4) and (5), D, , > Dg, which
means that (k-1)st cell is discarded due to the exceeded delay bound.

In case (1), we have (0 < S, <A), (A,,2D,, + max{T, I" - S_,}) and (0 < D_, < Dy).
The inequality A, ;2 D, , + max{T, I" - S, ,} means that, at the arriving time of the kth cell, there
are at least I” slot-tokens in the pool and at least T time-slots have passed since the departure of
the (k-1)st cell. Thus, the kth cell can be transmitted immediately after its arrival, i.e., D,=0. It is
easy to show that S, = min{S,, + A, - D,;, A} - I for this case.

In case (2), we have (T -T < S, € A), (1<£A,,<D.,+7T) and (0 £D,, < Ds). The
inequality A, < D, , + T means that, at the kth cell arriving time, less than T slots have passed
since the departure of the (k-1)st cell. The inequality S, ; 2 I' -T means that there are at least I"
slot-tokens in the pool at the time when T slots have passed since the departure of the (k-1 )st cell.
Thus, the kth cell will be served at the time ¢, , + 7. Therefore, we have S, =S, +T-Tand D, =
D.,+T-A,.

In case (3), we have (S, < T -T), 1 £ A, <D, +T -8,) and (D, < D). The
inequality S, ; < T - T means that there are less than I" slot-tokens in the pool at the time ¢, , + T.
Two inequalities (A, < Dy, + I' - S, ) and (S, , < T - T) together indicate that there are less than

I" slot-tokens in the pool when the kth cell arrives. Therefore, the kth cell will wait in the buffer,
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and it will be served as soon as there are I slot-tokens in the pool. So, we have S, = 0 and D, =
Do, +T-S.,-A.

In case (4), we have (A, > D, ) and (D,, = Ds). The inequality D, , 2 Ds means that the
(k-1)st cell is dropped at the entrance of the buffer due to the exceeded delay bound. This
inequality also means that it is until ¢, , that there are less than I slot-tokens in the pool or that
less than T slots have passed since the last departure. The inequality A, ; > D, , means that the kth
cell arrives after t,_,; therefore, it can be transmitted immediately after its arrival. So, we have D,
=0and S;=min{S,,+ '+ A, ,-D,,, A} -T.

In case (5), we have (A, ; < D,,) and (D, 2 Ds). The inequality A, ; < D, , means that the
kth cell arrives before t, ,. Based on the explanation of D, 2 D in case (4), we know that the kth
cell will not be served until t,_,. Thus, we have D, =D, , - A,, and S,=S,,.

Let Dy, Si..) =G, D and (D, S,) = (', i’). Based on the discussion of the five cases in
equations (6-1) and (6-2), the transition probabilities for {D,, S, },»;, denoted by p(j, i; j’, i’) can
be analyzed into the following six cases.

(1) When(0<j<Dg)and (0<i<A)and (j’=0) and (min {i + max(T,C-i),A}-T<i'<A-

|y

a( —i+T +j) ifi'<A-T

P S = A
PG, i; ', i") Sa(n) ifi'=A-T

n=A+j—i
(2) When(0<j<Dg)and(I'-T<i<A)and (0<j’<j+T)and (i’ =i +T -IN)
pG. 1;j’, i) =a( +T ")
(3) When(0<j<Ds)and(0<i<TI-T)and (0<j'<j+I -i) and (i’=0)

PG, i;j’, 1) =a(+ T -j’-1i)
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(4) When (j 2Ds) and (j°’=0) and (min{i +I', A} -T'<i"<A-I)
a(j+7i —i) fori'<A-T
T .3 3 - A
PG, 1 1) Sam) fori=A-T
n=A+j-i-I"

(5) When (j2Dg)and (0<j’<j) and (i' = i)
PG, i35, ") =a(-j’) .
(6) Otherwise, p(j,i;j’,i’)=0 .

Thus, the transitional probability matrix P of the Markov chain {D,, S,}.., can be
obtained by assigning the value of p(j, i; j’, i’) to a corresponding matrix element p(/, I’), where [
and [’ are row and column indices of the matrix element p(/, I’). It is easy to verify that the
maximum value of S, is A - T" when D, =0, and that the maximum value of S, is A + T -2T" when

D, > 0. Therefore, we have

_fi+l forj=0 )
TlA-T+D+G -1 (A2l + T+ D+ (i +1) for IS j€SDpac

I’ +1 forj=0 ]
B A-T+D+G-D-(A-2F+T+1)+({ +1) for 1<j'<Dpax

Dm=r+Ds'l ‘A‘.m'u.
It is easy to show that the Markov chain {D,, S,},,, is ergodic, so the equilibrium
probability x(j,i) =,!im Pr{D, = j,S, =i} existsif and only if ' < 1 / p, where p is the long-

term average rate of the input stream. The equilibrium probability 7(j,i) can be derived by

solving

—P—
1]
]
1)
-]

A
N
..!
I
—
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where e =[1,1,...... Al 3
&7 is the transpose of €;
N=A-T+1)+A-2I'+T +1)-D,,, .

Thus, the stationary probability distribution for cell delay at the LB shaper can be

obtained as
A-T
S (i) forj=0
Pr{cell delay =j} = ,:(;I‘ +T
> 7(j,i) forj>0
i=0

6.2.3 The inter-departure process
We derive here the distribution of the inter-departure time between two successive departure
cells from the rate-controller. Since the Markov chain {D,, S,},,, does not provide enough
information to compute the distribution of inter-departure time, we need to describe the system
using the Markov chain {D,, S, A,}..;, where A, = o, - o<, is the inter-arrival time between the
(k+1)st and the kth arriving cell. Let m,(j,i,h) denote the equilibrium probabilities for this
Markov chain. From equations (6-1) and (6-2), we can see that both D, and S, are independent of
A,. Thus, the equilibrium probability for the Markov chain {D,, S, A, },»; can be computed as
m(j,i,h) = 7(j,i)- a(h), where a(h) = Pr{A, = h} is the probability distribution of the inter-
arrival time process {A, }ix-

Please note that the sequence numbering of the arriving cells may be different from that
of the departures, because cell loss may be incurred at the rate-controller. Let X,,, denote the
inter-departure time between the nth departure and the (n+1/)st departure. That is, at the exit of

the rate-controller, the nth departing cell is output immediately prior to the (n+1)st departing
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cell. However, at the entrance of the rate-controller, some other cells may have arrived between
these two cells, but they have been dropped due to the exceeded delay bound. Without loss of
generality, we can assume that the nth departure is the kth cell in the arriving cell stream, where
n and k are arbitrary positive integers with n < k. Then, the (n+ I)st departure could be the
(k+I)st arrival if the (k+1)st arriving cell passes the rate-controller successfully (i.e., D, < Dy).
If the (k+1I)st arrival is dropped, but the (k+2)nd arriving cell passes the rate-controller
successfully, then the (k+2)nd arrival becomes the (n+1)st departure. It is easy to verify that at
most (I'-1) cells can be dropped consecutively under the proposed mechanism with parameters
(T, A, T, Bp). Therefore, if the nth departure is the kth cell in the arriving stream, the (n+1)st
departure could be the (k + v)th cell in the arriving stream, where v=1, 2, ..., I". Based on the

above analysis, we derive the distribution of the inter-departure time as follows:

Pr{X,.,,=m}

r-1
= Y.[Pr{X,,, = mlu arrivals have been dropped between the nth and the (n + 1)st departures}

u=0

- Pr{u arrivals have been dropped between the nth and the (n+1)st departure}]

r-1
= Y Pr{X,,; =m, u arrivals have been dropped between the nth and the (n +1)st departures}
u=0

= Pr{X,,H =m, Dk < Ds, Dk+l < Ds}
+ Pr{X,H,l =m, Dk < Ds, Dk+l 2 DS'Dk+2 < Ds}
+ Pr{X,,  =m, Dy < Ds, Dy, 2 D5, Dy 2 D, D3 < Ds}

+ Pr{X,H_l =m, Dk < Ds, Dk+l 2 DS’Dk+2 2 Ds,..., Dk+l‘-l 2 Ds,Dk+r < Ds}

_ Dg—1 Dg—1
= X ZIPi{X,=mDy=jDyy=]J}
Jj=0 j=0

Dg-1 Dppyy Ds-1
+X X XPt{Xp,=mDy=j,Diyy=j.Drs2=h}
j=0 j=Dg ;=0
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Ds—1 Dppax Dipax Ds—1 .
+2 X ¥ XP(X,. =m,Dg=j,Dpy1 =5 ,Dpys =4,Dg3=0h}
j=0 j=Dg l=Ds ,=0

Ds—1 Dy Dnax Dpox Dmax DS-l

+3 X X X .. X IPiX,, =mD,=jD,=7,Ds=1,
Jj=0 j=Dsl=Dgly=Ds Ilp_3=Dgly_=0

Driz=bsesDyyro | =lr—2, Dgyr =Ilr1} - (6-3).

In eqn. (6-3), Pr{X,,, = m} is computed as the sum of I"entries. The first entry computes
the probability of the case that (X,,, = m) and the (k+1I)st arrival passes the rate-controller
successfully, thereby becoming the (n+1)st departure. The second entry computes the probability
of the case that (X,,, = m), the (k+1)st arrival is discarded, and the (k+2)nd arrival passes the
rate-controller, thereby becoming the (n+1)st departure. The third entry computes the probability
of the case that (X,,, = m), both the (k+/)st and the (k+2)nd arrivals are discarded, and the
(k+3)rd arrival passes the rate-controller, thereby becoming the (n+1)st departure. The I'th entry
computes the probability of the case that (X,,, = m), (I-]) cells are discarded consecutively from
the (k+/)st until the (k+I-1)th arrival, and the (k+I)th arrival passes successfully, thereby
becoming the (n+1)st departure.

Obviously, if the probability distribution of the inter-departure time were calculated
exactly by using eqn. (6-3), the calculation would be very complex. However, the cell loss ratio
allowed in high speed networks is usually very small. For example, the cell loss ratio that can be
tolerated by video traffic is around 10 - 107, and the voice traffic can tolerate a cell loss ratio of
10 -10”. The cell loss probability allowed at a rate-controller must be smaller than these

tolerable bounds. Therefore, the probability of having consecutive cell losses is extremely small.
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So, the inter-departure time distribution can be approximately computed by using only the first

one or two item(s) in eqn. (6-3).

The first entry in eqn. (6-3) can be computed as follows:

Dg-1Dg-1

2 XPrX el =MD = j, Dy =7}
j=0 j=0

DS—IDS—].A r Amx A=-T

= 2 X X X ZIXpUism+j=7:j.0.k)n(j,i)-aim+j—])}
j=0 j=0i=0 K'=Ay;, =0

The second entry in eqn. (6-3) can be computed as follows:

Ds-1 D, Dg-1

Y 2 XPiX,. =mD;=j,Diy =] ,Dpyy =1}
j=0 j=Dg ;=0

Ds~1 Dyyy Ds~1 Ap,y A-TA2T+TA-T

=2 2 X Y X ) Z{Pl(] oI =il s, hy)

j=0 j=Ds h=0hy=Ap;, i=0 =0 s=
PG +m=J 57,0, ] =h)-®(j,0)-a(j+m—[)} ,
where py(j.i,h;j,7.k') is the transitional probability of the Markov Chain {D,, S,, A, },,;, which

is obtained as follows:

(a(h') if (condition of case (1)) and (((i'<A-TI)and (h=1i-i+j+TI))
or(('=A-TNand (h2A+j-1)))

a(h') if (condition of case (2))and (h=T+j-j')

e e a(h') if (condition of case (3))and (h=T +j-j'-i)
PULRTE )= ) if (condition of case (4)) and (' < A-T") and (h = j +i' -i))

or(('=A-TNand(h2A+j-i-TN))

a(h') if (condition of case (5))and th=j-j')

0 otherwise.

The condition of case (1, 2, ..., 5) is the same as the condition of case (1, 2, ..., 5) in section 6.2.2,

when we derived the value of p(j, i; j', i’).
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6.3 Queuing Analysis of the Multiplexer

Under the assumption of generally distributed inter-arrival time process for the reference stream,
we analyze in this section the statistical performances for the reference stream at a FCFS
multiplexer, including the cell delay distribution and the inter-departure time process. In order to
simplify the analysis, we make two additional assumptions. First we assume that, under the
FCFS discipline, the reference stream has the so-called “mini-priority”, i.e., the reference cells
are served before those background cells that arrive during the same slot. Second, we assume
that the multiplexing buffer is big enough so that no cell loss will be incurred due to an overflow

in the buffer.

6.3.1 Cell delay distribution
Based on our network model in Fig. 6-1, the cell delay at the multiplexer consists of the queuing

delay at the output buffer and the cell transmission time. Let &, be the arrival time of the kth
cell at the multiplexer, which is the end of the slot over which the kth cell is completely received

by the multiplexer. Let 7, be the service epoch of the kth cell, defined as the beginning of the slot
over which the kth cell is transmitted. Then D, = 7, - &,+1 is the delay of the kth cell at the
multiplexer. Clearly, the process { D, },»; forms a Markov chain embedded at the service epoch
{ 7 }i21» because the knowledge of the value of D, alone is sufficient to determine the probability
distribution of D,,,. With reference to section 2.2.3, 4, is the inter-arrival time between the kth
and the (k+1)st arrival from the reference stream at the multiplexer, the maximum (minimum)
value of A, is A, (Ay,), and the probability distribution of A, is d(n) = Pr{ A, = n}. We let

Q,(t) denote the number of background cells in the multiplexing buffer at time ¢.
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Fig. 6-5 Delay Analysis When (D,_; < A,_;)
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Fig. 6-6 Delay Analysis When (D,_, > A,_,)
With reference to Fig. 6-5 when D;_; < A,_;, and with reference to Fig. 6-6 when ( D,_,

> A,_;), we derived the expressions for D, as follows:
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1 if (1< Dy < Ap_y JAND(Q, (G —1)=0)
D, ={0,(a; -1 if (1S Dy < Ap_y)JAND(Q, (G —1)> 0)
5k—l _A.k—l +“ij +1 if(ﬁk-l 2 A.k—l) (6-4)

The above eqn. (6-4) indicates that there are the following three cases when we
computing the value of D.

In case (1), we have (D_; < A;_;) and (Qu( & -1) = 0), where Q,(&,-1) is the number of
background cells in the multiplexing buffer at time (&,-1). Based on the “mini-priority”
assumption, the background cells arriving after time (&, -1) will be served after the kth cell in the
reference stream. The inequality (D,_, < A,_;) means that the (k-I)st cell has been served
before the arrival of the kth cell. The inequality (Q,(¢&; -1) = 0) means that no background cell
will be served before kth reference cell. Therefore, the kth cell will be served right after its
arrival, and its delay is equal to its transmission time of / slot.

In case (2), we have (Dy_; < A;_;) and (Q,(@-1) > 0). The inequality (D,_; < A,_;)
means that the (k-1)st cell has been served before the arrival of the kth cell. The inequality
(Qy( &;-1) > 0) means that the server will start to serve the kth reference cell only after it finishes
serving Q,( &, -1) background cells. Since Qu( &, -1) cells include the one which is in service at
time (&k-l), the delay of the kth reference cell will be Q,( &k-l).

In case (3), we have (D,_; = A,_,). This inequality mean that the kth cell arrives before
the (k-1)st cell is transmitted. In this case, the kth reference cell will first wait for (D,_; — A,_;)
slots until the (k-1)st reference cell is transmitted. After that, it has to wait until the server

finishes serving '¥;, _ background cells that arrive between @, and (@&, -1). Thus, the delay of
-1

the kth cell is Dy_;— Ai + ¥z +1.
k-1
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Lety,(j) = the probability of j background arrivals during any interval of 7 slots;
P‘;,?,- = the [-step transitional probability for Geo / D / 1 queue;

p(j;7 ) = the transitional probability of { D },, from D,_;=jto D, =j";

A, = max(+1, A,);

A, =min(, A, );

N, = min(ne'¥,, j’- j -1 +n).
Based on the discussions of the three cases in eqn.(6-4), the transitional probabilities

p(j;Jj ) can be derived as follows:

1) Whenl<j< A, -1

. Agax Wi (+D) L L
U= X % am)-y - [pfg ™" 157 =11+ p{ V)
n=A; =

4 N
+ Y Ydn)-y,(k)-Uj=j-n+k+1}
n=A_. k=0

2) Whenj> A_,

A N
PG )= 3 kZoa(n)-lV,.(k)-l{f=J'—n+k+1}-
n=A_, k=
3) Otherwise, p(j;j) =0.
The I-step transitional probability £{). for Geo/D/ 1 queue is obtained by using the i. i.
d. batch arrival model of the background traffic (section 2.2.4). When only the background

traffic is served during an arbitrary interval [h, h+[], the number of cells that arrive before time h

and are still in the queue at time (h+[) evolves as the queue length process of the Geo/D/1 queue

[LaSt97]. Therefore, we can write

PO —yy(q g+ D+y1(0)- 1g+4 =0) ;
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0 _ (-1 p()
Foq =2Fqr " g
Thus, the transitional probability matrix P of the Markov Chain { ﬁk }i=1 can be obtained

by assigning the value of p(j;j ) to a corresponding matrix element with j and j’ being its row

and column indices. Hence, the transitional probability matrix is

B, B, B, B,

S
i

For v 20, B, and A, are (A, -1) by ( Ap..-1) matrices. Note that P is similar to the one
for an ordinary M/G/1 queue with its blocks reduced to scalars. Let 7 denote the equilibrium
probability vector for this Markov process, i.e., # = & « P. The vector # can be solved by using
the method developed by Neuts in [Neut89]. Without repeating any proofs, we summarize the
steps to solve 7 from # = % +P in Appendix D.2. By following those steps, we obtain the
stationary cell delay distribution at a FCFS multiplexer as:

Pr{cell delay =} = 7[}]

6.3.2 The inter-departure process

In this sub-section, we derive the distribution of the inter-departure time between two successive
departure cells from the multiplexer. The Markov chain { D}, does not provide enough
information to compute the distribution of inter-departure time. Therefore we need to describe
the system using the Markov chain { D,, A, },>,, where A, = é&,,, - &, indicates the inter-arrival

time between the kth and the (k+/)st arriving cell from the reference stream. Let #,(j,h) denote
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the equilibrium probability for this Markov chain. From eqn. (6-4), we can see that D, is
independent of A,. Thus, the equilibrium probability for the Markov chain { B, A,},,,, can be
computed as 7,(j,h) = A(j)- ach).
Let p,(j,h;j k') = transitional probability of the Markov Chain { By, A}, from D,_;=
jand Ap_j=hto D,=j' and A,=h’ ;
A, = max(j+1, A.);
N, = min(ne'¥,, j°-j -1 +n) .
Based on the above discussions and eqn. (6-4), p,(j.h;j,h') can be derived into the

following two cases:

1)When I <j< A, -1

. ¥, (j+1) . . . - o
PGS HY= T W (O TpEe 70 0 =1 PO M Sh S Anag)-aGh )

N, - -
+ a1 = j—h+k+1)-1{A g ShS A, ) d(h)

min =
k=0

2) Whenj2= A,

N, . . )
PG B Y= Syt 1 =j~h+k+1}-1{A g ShSA g )-d(H)
k=0

Let X,,, be the inter-departure time between the kth departure and the (k+1)st departure

cell. Then, we have X,,, = D, + A,— D,. The distribution of the inter-departure time is derived

as follows:

oo A A.muA -
Pr{Xenw=x}= 3 I  IpGhix+j-hk)-&(.h) . (6-5)
J=lh=Agy K=Ag

where
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A’ =min{j+x-1, Apy, }

The results obtained so far in both the previous and the current sections will be used in the

next section on the end-to-end performance analysis.

6.4 End-to-end Performance Analysis

In this section, the statistical end-to-end performance will be analyzed for the reference stream.
We will use the results obtained in both sections 6.2 and 6.3 to examine how the characteristics
of the reference stream changes as it flows from source to destination, and to derive its end-to-
end delay distribution.

We study a tandem network consisting of M nodes (see Fig. 6-1). There are (N, + I)
traffic streams arriving at each node: the reference stream and N, background traffic streams. The
FCFS policy is applied at each multiplexer, and our proposed Leaky-Bucket mechanism is used
at each rate-controller. In order to simplify analysis, we make the following three assumptions.
First, we assume that only the reference stream traverses from the source node I to the
destination node M, while all the background streams leave the network immediately after it
departing a node. Second, we assume that the inter-departure process from each multiplexer and
rate-controller is an i. i. d. process. This assumption enables us to investigate how the statistical
characteristics of a reference stream will vary as it passes through multiple nodes. That is, the
reference stream'’s inter-departure time process from one network component can be fed into the
next network component on the path as the inter-arrival time process. Third, we assume that the
cell delay at one multiplexer or rate-controller is independent of the delay at any other

multiplexer or rate-controller.
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We want to investigate the end-to-end performance of the reference stream in two types
of tandem network: (1) The RCS network (Fig. 6-1) where each node consists of one rate-
controller and one multiplexer, and the reference stream traverses the rate-controller before
entering the multiplexer. (2) The conventional tandem network, in which each node only consists
of a traffic multiplexer, i.e., there is no rate-controller in the conventional network model. We
compare the performance in these two types of network, in order to study the impact of rate-

controlling on the end-to-end QoS provisioning.

6.4.1 The change of traffic characteristics

We study how the inter-cell time distribution of the reference stream changes as it flows from
source to destination. Let { X, },<n<y be the inter-departure time process of the reference stream
from the multiplexer of the mth node. Its probability distribution is denoted by (™) = Pr{ X,,
=n}. Let { A, },<mss e the inter-arrival time process of the reference stream at the multiplexer
of the mth node. Its probability distribution is denoted by @™ (n)=Pr{4,, =n}. Let {X_.} << be
the inter-departure time process of the reference stream from the rate-controller at the mth node.
Its probability distribution is denoted by x{"™(n) = Pr{X,, = n}. Let {A_},<n<a be the inter-arrival
time process of the reference stream at the rate-controller of the mth node. Its probability
distribution is denoted by a“™(n)=Pr{A,, =n}. In the RCS network, with the assumption of an i.

i. d. inter-departure time process from the rate-controller and multiplexer, we can use the process
X (1 £ m < M-1) to approximate A_,, (1 £m < M-1) the inter-arrival time process of the

reference stream at the rate-controller of the (m+1)st node, and use the process X, (I £ m < M)
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to approximate .3,,, (1 £ m £ M) the inter-arrival time process of the reference stream at the mth
multiplexer. That is,

a™ D) = 3(M(py) forl <m<M-1 .

& (ny = x(™(n) forl<m<M .

To investigate the change of traffic characteristics for the reference stream along its path
in the RCS network, we reiterate the distribution of inter-departure process over a series of
multiplexers and rate-controllers, as described in the following steps.

Step 1: Initialize m=1.

Step 2: Feed A,/ as the inter-arrival process of the rate-controller at node m. Obtain x™(n) the
distribution function of (X, / by using eqn. (6-3).

Step 3: Feed {X,,} as {3,,,} the inter-arrival process of the multiplexer at node m. Obtain
£ (n) the distribution function of )?,,, ] by using eqn. (6-5).

Step 4: Feed { X} as {A,.,,} the inter-arrival process of the rate-controller at node (m+1), i.e.,
a™*Y(n) = 2 (n). Obtain x™"(n) the distribution function of {X_,,} by using the eqn.
(6-3).

Step 5: Feed {X,...} as { 4,,,} the inter-arrival process of the multiplexer at the (m+1)st node,
i.e., @™(n) = x™"(n). Obtain £*"(n) the distribution function of { X,,,} by using
eqn. (6-5).

Step 6: Let m=m+1. If m <M -1, go to step 4. Otherwise, stop.

Note that the inter-arrival time processes {A,} and { A,,, } of the reference stream must be
bounded in order for the numerical computation to be applicable. That is, A,, i, < A, < A, max
and Am'mm < ﬁm Sﬁm'max for I <m <M. Therefore, truncation operation is needed in order to

avoid high computational cost. The truncation of A, ... is conducted by letting A,, ... = max{n:
Pr(X,., = n) 2 €}, where € = 0. Obviously, there is inaccuracy caused by truncation when € >0.

As the value of € decreases, the accuracy of numerical results will be improved at the price of
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higher computational complexity. When € = 0, there is no truncation, but the computational cost

for {X,,} and { )2,,,} could be very high due to the possible large values of A,, ... and A',,,'max .

We use a similar approach in the conventional network. That is, we let

am*(ny = 2™ () forl<m<M-1.

To study the change of traffic characteristics for the reference stream along its path in the
conventional network, we reiterate the distribution of inter-departure process over a series of

multiplexers, as described in the following steps.

Step 1: Initialize m=1.

Step 2: Feed { A,,} as the inter-arrival process of the multiplexer at node m. Obtain £™(n) the
distribution function of { X, } by using eqn. (6-5).

Step 3: Feed { X, } as { A_,,} the inter-arrival process of the multiplexer at node (m+1), i.e.,
a™*Y(n) = 2 (n). Obtain "*"(n) the distribution function of { X, ,,} by using eqn. (6-
5).

Step 4: Let m=m+1. If m <M -1, go to step 3. Otherwise, stop.

6.4.2 End-to-end delay distribution

We study the probability distribution of the end-to-end delay for the reference stream. Let
{ Dy, } 1< ms 4 be the queuing delay process of the reference stream at the mth multiplexer. Its
probability distribution is denoted by d™(n) = Pr{ D,, = n}. Let { D,, } <<y be delay process of
the reference stream at the rate-controller of the mth node. Its probability distribution is denoted
by d™(n) = Pr{D,, = n}. The queuing delay distribution at the rate-controller and that at the

multiplexer have been derived in sections 6.2.2 and 6.3.1, respectively. Using the independence
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assumption in section 6.4, the end-to-end delay distribution eted(n) = Pr{end-to-end delay = n
slots} of the RCS network can be obtained as:
eted(n) = (dP(m)® dV () ® (dP)® dP () ® ...® (dM @ d¥(m))

Similarly in the conventional network, the end-to-end delay distribution can be obtained

eted(n) = AV () ® D) @ ...® dM(n)
The convolution can be computed efficiently by using the Fast Fourier Transform (FFT).

The detail numerical method can be found in [PFTV86].

6.5 Performance Evaluation

In this section, we run simulations to obtain the end-to-end performance in a tandem ATM
network. Three end-to-end QoS measures are evaluated for an individual VBR connection: the
inter—dt;,parture time process, the end-to-end delay distribution, and the mean end-to-end delay.
By comparing the end-to-end performance in an RCS network with that in a conventional

network, we investigate the impact of rate-controlling on the end-to-end QoS provisioning.

0.9

Probabiity Distribution
2ggeBR28E

2

4 Interamival q’me (stots) 8

Fig. 6-7 The Inter-arrival Time Process of Reference Stream
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In this section, the number of nodes in the tandem network is M = 5. The inter-arrival
time process of the reference stream is illustrated in Fig. 6-7, from which we obtain that the
average rate of the reference stream is 0.17 cells/slot. The number of the background streams is
N, = 10. The traffic load of each background stream is p = 0.053. Then, the total traffic load in
the network comes to 0.7 cells/slot.

We ran simulations in three different cases. In the first case, ten background traffic
streams are input into each node, and they traverse only one hop, i.e., they leave the tandem
network immediately after departing from a node. In the second case, two out of ten background
streams input at node / traverse to the destination node 5. The other eight background streams
input at node I traverse only one hop. Eight new background streams are input at each
intermediate node and the destination node, and they also traverse only one hop. In the third
case, eight out of ten background streams input at node / traverse to the destination. The other
two background streams input at node / only traverse one hop. Two new background streams are
input at each intermediate node and the destination node, and they also traverse only one hop.

The rationale for selecting the above three cases is: the first case implies a large-scale
network with a number of independent sessions in it. Thus, it is reasonable to assume that most
of the background streams have different paths from that of the reference stream. The third case
implies a small-scale network with many sessions having the same source and destination. Thus,
it is reasonable to assume that many background streams have the same path as that of the
reference stream. The second case implies a medium-scale network.

The simulation is conducted using the simulation tool OPNET. Each simulation was run

for 5,000,000 time units. The number of packets involved in one simulation is 3,500,000.
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First, we investigate how the traffic characteristics of the reference stream changes along
the path, i.e., we look at the inter-departure time process. Figures 6-8 and 6-9 show the
probability distribution of the interdeparture time of the reference stream at node 1, 3, and 5.
Figures 6-8 shows the performance in a network without rate-controlling. Figures 6-9 shows the

performance in an RCS network. We observe:

(1) The probability distribution of the i. d. t. (inter-departure time) of the reference stream

flattens out as the stream traversing more nodes.

(2) The probability distribution of the i. d. t. at node 5 when the RCS discipline is used is more
sharpened than the corresponding probability distribution when the RCS is not used. This
means that the RCS discipline helps to keep the traffic characteristics and reduce the

distortion induced by multiplexing.

(3) The probability distribution of i. d. t. in the simulation case 3 is more sharpened than that in
case 1 or 2. This implies that the reference stream tends to keep its characteristics in a small-

scaled network, where many sessions have the same source and destination.

112



without RCS

id.r atnode 1

——_ simulation casel
-.-.- simulation case 2
+—+ simulation case 3

o4
o

o
>

Distribution
o
L

3
¥o.2l
8
do1
End—to-end Bolay (sbt;? 2 5
0.35
0.3 without RCS
i.dt. atnode S
g 0.25; ___ simulation casel
-.-.- simulation case 2
g 0.2 +-+- simulation case 3
)
0.15
2o
a
0.05;
Bld—to-end?elay (sb(g? o

without RCS

idt atnode 3
____simulation casel
-.-.~ simulation case 2
+—+- simulation case 3

End-to'ond Delay (slots) -°

Fig. 6-10 Distribution of End-to-End Delay at Node 1, 3, 5
(Without RCS and the total load is 0.7 cells/slot)

with RCS

i.d.t. at node 1
—_simulation casel
-.-.- simulation case 2
+—+- simulation case 3

End-to-endgolay (slot;)5

Fig. 6-11 Distribution of End-to-End Delay at Node 1, 3, 5 (to be continued)

20

05

with RCS
50.4 i.d.t. at node 3

___ simulation casel
§ 03 -.-.- simulation case 2
g . +-+- simulation case 3
)
%02
8
o1}

5 End-to'Snd Delay (siots) 2°

(With RCS and the total load is 0.7 cells/slot)

113




[ with RCS
03 i.d.t atnode 5
& 0.25| - Simulation casel
é -.-.- simulation case 2
a8 0.2 +—+- simulation case 3
gors
3 01
&«

0.05;

B\d—to-ond?elay (slots? o

Fig. 6-11 Distribution of End-to-End Delay at Node 1, 3, §
(With RCS and the total load is 0.7 cells/slot)

Next, we look at the end-to-end delay performance. Figures 6-10 and 6-11 show the end-
to-end delay distribution of the reference stream at node 1, 3, and 5. Figures 6-10 shows the
performance in a network without rate-controlling. Figures 6-11 shows the performance in an

RCS network. We observe:

(1) The end-to-end delay distribution region moves to the right with the increasing number of
hops, which means more cells have longer delay after traversing more hops, as it should be.
(2) Comparing Fig. 6-10 with 6-11, we see that more cells have slightly longer end-to-end
delay at node 3 and 5 when RCS discipline is used than that when RCS discipline is not
used. That is, less distorted traffic is output from these nodes at the price of increased end-

to-end delay.

(3) Most cells of the reference stream have smaller end-to-end delay in case 3 than in case 1 or
2. This means that, when traversing the same number of nodes, the reference stream has

shorter end-to-end delay in a small-scaled network than that in a large-scaled network.
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The mean end-to-end delay performance is presented in Fig. 6-12. We observe:

(1) The mean end-to-end delay in simulation case 2 is slightly shorter than that in simulation case
1. The mean end-to-end delay in case 3 is much shorter than that in both cases 1 and 2. Thus,
when traversing the same number of nodes, the mean end-to-end delay of the reference
connection in a small-scaled network is much shorter than that in a medium-scaled or large-

scaled network.

(2) The mean end-to-end delay in the RCS network is only slightly larger than that in the

conventional network.

6.6 Chapter Summary and Remarks

In this chapter, we investigated the impact of rate-controlling on end-to-end statistical QoS
provisioning, through both analysis and simulation. First, we proposed a new operating
mechanism for the leaky bucket rate-controller, and analyzed the queuing performance for the

rate-controller. Second, we studied the queuing performance at a FCFS multiplexer. Third, the
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end-to-end performances of an individual connection were obtained. Finally, simulations were

conducted to investigate the impact of rate-controlling on the end-to-end performance.
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Chapter 7

Design Guidelines

7.1 Introduction

ATM is a connection-oriented communication protocol. When provisioning an end-to-end VBR
traffic connection, we must consider the design of its traffic control strategies. There are three
major control strategies for VBR traffic: connection admission control, traffic shaping, and
statistical multiplexing.

First, every network node must have the connection admission control function in order
to prevent network congestion and QoS degradation. So in chapter 3, an efficient admission
control algorithm was proposed for the real-time VBR traffic. The guideline on how to use it is
provided in the following section 7.2.

Second, the traffic shaper has become an essential traffic control element in an ATM
network. So in Chapter 4, two minimum MLB traffic shapers guaranteeing the specified shaping
delay bound or the specified shaping buffer occupancy were presented. The guideline on how to
apply our proposed shaper design is given in section 7.3.

Third, for the purpose of achieving high resource utilization, statistical multiplexing must
be used when provisioning VBR traffic due to the burstiness of VBR traffic. So in Chapter 5, the
statistical traffic shaping scheme was put forward. The guideline on how to apply it is provided
in section 7.4.

Fourth, the ultimate goal of VBR traffic control is to support end-to-end QoS. So in
Chapter 6, the end-to-end performance was analyzed for an individual VBR traffic flow. The

guideline on how to obtain the end-to-end performance is provided in section 7.5.
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7.2 Design Guideline for Connection Admission Control

Connection admission control is a necessary component of the end-to-end VBR traffic control. It
is used in the connection setup phase to accept or reject an incoming connection based on the
available resources and the requested attributes.

Because ATM connections are generally provisioned node-by-node, admission control
should desirably be distributive. That is, the same software version implementing CAC
(Connection Admission Control) is installed at every node. When activated by the connection
Request message, the CAC software checks if the new connection's QoS requirements can be
satisfied without degrading the QoS of the existing connections. This condition is verified along
the path of the new connection (i.e., at the source node, the intermediate nodes, and the
destination node).

To design an admission control algorithm, we need to know the network environment.
Our design assumes an RCS network (section 2.1), where the leaky bucket mechanism is used at
every rate-controller, and the EDF scheduling policy is used at every traffic multiplexer. We
need to choose the traffic model to specify the characteristics of an individual VBR traffic flow,
and to decide on the VBR connection’s QoS requirements. In our algorithm, the MLB traffic
model is used to characterize a VBR traffic flow, and the end-to-end delay bound is selected as
the QoS requirement. The deterministic service is supported for each VBR connection, i.e., no
cell loss is guaranteed. In addition, we need to decide the key network resources to be considered
in the admission control. In our algorithm, the link capacity is chosen as the network resource
considered in admission control, and it is specified by the proposed spare capacity curve (section

3.2.1). By taking advantage of the spare capacity curve, our CAC algorithm only needs to know
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the new connection’s attributes (e.g., traffic parameters and QoS requirements) and the current
spare capacity curve in order to make an accept / reject decision.
The design of our CAC algorithm requires the following information (Fig. 7-1):
1) The traffic parameters of the new connection j. The new traffic flow is modeled by the MLB
traffic model with parameters (g;,, p;,) forn =1, 2, ..., N;(section 2.2.1).
2) The QoS requirements of the new connection j: the cell loss ratio of zero and the end-to-end
delay bound d; (section 3.1).
3) The available link capacity, which is described by the spare capacity curve with parameters

(uy, ) forh =1, 2, ..., H (section 3.2.1).

raffic parameters of new connectiomy
(Pin » Oyx) forj =1,...,N; (section 2.2.2)
Availabe link capacity described b . .
) : . QoS requirements of new connection
are capacity curve (section 3.2.1 @delay bound, no cell loss

Nodal CAC (Fig. 7-2)

|

@Reject conncctiE

Fig. 7-1 Input and Output Parameters of CAC Algorithm

The CAC algorithm has been presented in section 3.3. Here, CAC at the node m is flow-
charted in Fig. 7-2 (a) and (b). When a Request message of the new connection j is received by
node m, the procedure in Fig. 7-2 (a) will be invoked. When an Accept message of the new

connection j is received, the procedure in Fig. 7-2 (b) will be invoked.
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START

v

Receive Request message of connection j

v

Extract the following information from Request message of connection j:
The new connection j’s traffic parameters ( p j,éj) (section 2.2.2);

The new connection j's end-to-end delay bound requirement d; (section 3.1);
The node delay bounds at those previous nodes D*, fork=1,..., m-1 (section 3.2.3).

Compute:
The delay bound at the current node m D}" (Proposition 3.2);

The end-to-end delay bound up to this node 3" D*;
k=1

The service curve to be allocated to connection j S; (t) (Proposition 3.3).

Send Reject message to
the source node

Send Request message to
his node is destination 2 the next node

Yes

Compute d.,,, =d; - i D}
k=1

No

>0
Yes

Recompute the node delay bound for the node with the maximum delay bound (section 3.2.3)

e

Send Accept message to the source node

y

END

Fig. 7-2 (a) Admission Control Procedure invoked by the Request Message
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START

v

> Receive Accept message of connection j

v

Extract the following information from Accept message of conn. j
The new conn. j’s traffic parameters ( p ;.0 ;) (section 2.2.1);

The assigned node delay bound at each node f)}‘ , for k=1,..., m; (section 3.2.3)

T

No

Recompute the service curve allocated to the
new connection j (Proposition 3.3)

v

Update the spare capacity curve (Proposition 3.1)

v

END

Fig. 7-2 (b) Admission Control Procedure invoked by the Accept Message

7.3 Design Guideline for Lossless Traffic Shaper

The traffic shapers designed in Chapter 4 can be used at the network entrance or inside the
network. They are MLB / DLB shapers (section 2.3) that consist of multiple (two for DLB) leaky
buckets in series. These shapers support the deterministic service (Chapter 4) with zero cell loss
guaranteed.

The design of the lossless shapers requires the following information (Fig. 7-3):
1) The traffic parameters of the new connection J. The new traffic flow is modeled by the MLLB

traffic model (section 2.2.1) with parameters (Gjp:Pjn)forn=1,2, ..., N e

2) The requirement for the shaping delay bound Dyg; or for the worst-case shaping buffer

occupancy Q.
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Shaping delay bound Dy; or shaping ri\fﬁc.pammcteriofule gcommg flowj
hyffer occupancy bound Q, jn-Gja) forn=l, ... N;.

/

Procedure of computing the lossless
shaper parameters (Fig. 7-4)

A

parameters of the lossless sha
. forn=1, ..., Ng.

Fig. 7-3 Input and Output Parameters of the Lossless Shaper Design

The procedures of determining the parameters of the two types of lossless shaper are

flow-charted in the following Fig. 7-4 (a) and (b).

| START |
\

nput: The traffic flow j's shaping delay bound Dy, (section 4.2)
Traffic parareters of the traffic flow j: (§,, &,,) forn=l...., N,.

R
Find the X-axis values of flex poim; on the traffic envelope function i,'(t).
Ta=(8n =G ) (Pyacy — Ppa) forn=2, ... N,

tmp =(P .y * Tyt Gppup)/ (T, +Ds)

n=ng t

Pg=tmp; t4= %;,+Ds: find =n. (Proposition 4.1)

Vi

Output parameters of the lossless shaper (Proposition 4.1):
Ny = N, -find +2; v, =Pg, B, =0

Vo= Bpne -2 Bua = O nopuazs fOrn=2,..., Ny,

Fig. 7-4 (a) Procedure of Finding the Minimum MLB Shaper Guaranteeing the

Shaping Delay Bound Dyg;
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START

Input: The shaping buffer occupancy bound of the traffic flow j Qg;:
Traffic parameters of the incoming flow j: (5; . &,,) for n=1,..., N,.

_\

Find the X-axis values of flex points on connection j’s envelope function [ ;(t).
Tin=(8in=Gin)/ (Piar = Pra)fEN=2 ... N,

y
n=2

mp = (P ® Tjnt G;ay—Qs)/ Tin

Y

Pg=tmp: 1t5= 1;,: find =n. (Proposition 4.2)

Y

Output parameters of the losless shaper: (Proposition 4.2)
Ng= N,-find+2;vy, =Py, B,,=0;
Y= Pjnesnd-2>Bra = Gjnepa-2- fOrN=2.... Ng,

=)

Fig. 7-4 (b) Procedure of Finding the Minimum MLB Shaper Guaranteeing the Shaping

Buffer Occupancy Bound Qs;

7.4 Design Guideline for Statistical Traffic Shaper

Statistical shaping is proposed to achieve the statistical multiplexing gain at the shaper as well as
at the traffic multiplexer. Different from designing the lossless shaper in section 7.3 where we
searched for the parameters of the shaper envelope function, designing the statistical shaping
scheme is to find a proper shaping buffer size, with which the resource utilization of statistical

shaping is higher than that of lossless shaping.
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D
2)
3)
4)
5)

6)

raffic parameters of class-j traffic flows
Fi0j.pjforj=1,...] Cell loss ratio at node L
Qutput link capacity C Multiplexer buffer size B,,

Procedure of computing the proper
shaping buffer size B (Fig. 7-6)

Y

@iﬂg buffer sizeD

Fig. 7-5 Input and Output Parameters of Statistical Shaper Design

The design of the statistical traffic shaper requires the following information (Fig. 7-5):
The DLB traffic parameters of the class j traffic flows ( I3j,6' j»Pj) (section 2.2.2);
The number of traffic classes J, and the number of class-j traffic flows K forj=1,...,J;
The QoS requirement for the cell loss ratio at the node L (section 5 3);
The parameters of the DLB shaper (P, B, ¥) (section 2.3);
The output link capacity C (section 2.4);

The buffer capacity at the multiplexer B,, (section 2.4).
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START

Input: the number of traffic flow classes J;
parameters of the class-j traffic flows (l-’j.ﬁj.&j). forj=I.....J;
the number of class-j traffic flows Kj;
parameters of the DLB shaper (P;, B, v):
the output link capacity C; the buffer size at multiplexer B,,;
the QoS requirement of cell loss ratio L.

Compute: #; =G, /P, -p;);
Ki 5% B%=Pi% ~hiBu IO (section 5.3.1
Pti-pi(By/0)

v

Obtain Bso; using procedure find_Bs,, in Appendix C.1 (section 53.1)

Bgeenj=

Complete sharing

mplete sharing or complete dividing shapipg b

A

J J i i .
Choose Bs as § Bsorij < Bs < £ Bgpy j» and Choose shaping buffer size Bsas:

= j=t 1?,%(85"”) <Bg< l"s'}';‘l(Bsm.j) .
choose BSJ as Bw( Bs‘ < BS«hJ- (Propostion 5.1) (Proposilion 5.2)

Fig. 7-6 Procedure of Finding the Proper Shaping Buffer Size

The above Fig. 7-6 is the flow chart for choosing the proper shaping buffer size. It is

based on the analysis in sections 5.2 and 5.3.

7.5 Guideline for Obtaining End-to-End Performance

Through both analysis and simulation, we obtained in Chapter 6 the end-to-end performance of
an individual VBR connection. Based on the work there, we provide the guideline on how to

obtain the end-to-end performance for a VBR traffic flow.
125



arameters of reference s eduling policy used at the 1
O, p) and {A,},., multiplexer and rate-controller

arameters of background iTon
,and p Network model

Queuing analysis and/or Simulation (chapter 6)

Average end-to-end delay

nd-to-end delay distribution

Fig. 7-7 Input and Output Parameters of End-to-End Performance Study

Obtaining the end-to-end performance requires the following information (Fig. 7-7):

1) The network model. In Chapter 6, the end-to-end QoS measures were obtained for both the
RCS network and the conventional network (sections 6. 4 and 6.5).

2) Traffic scheduling policy used at each network component. In Chapter 6, the proposed leaky
bucket mechanism is used at every rate-controller, and the FCFS policy is used at every
multiplexer.

3) Traffic parameters of the reference stream. The reference stream is specified by both the
DLB model (P, G, p) (section 2.2.2) and the inter-arrival time process { A, },,, (section 2.2.3).

4) The parameters of the background traffic. The background traffic is modeled by a Bernoulli
arrival process, where both the number of background streams N, and the traffic load of each

background stream p are used to specify the characteristics (section 2.2.4).
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START

Input: the number of nodes on the path of reference stream M;
The inter-arrival time process of reference stream (A, };
The DLB traffic parameters of the reference stream (P, p. ©);
The traffic load of each background stream p;
The number of background traffic streams N,.

2

Set up a tandem network model with M nodes (Appendix E)

Use both rate-controller and
multiplexer at each node.

Use only traffic multiplexer at each node

&

Decide the number of background streams that follow the reference stream from
source to destination, based on the network scale (section 6.5)

'

Put the values of reference stream’s inter-arrival process {A,} into the
reference traffic generator module g_0 at the source node (Appendix E)

v

Put the value p into every background traffic generator module (Appendix E)

y

Run simulation:
Collect inter-departure process, end-to-end delay
distribution, and the average end-to-end delay.

2
END

Fig. 7-8 The Procedure to Obtain End-to-End Performance Through Simulation

Fig. 7-8 gives the procedure of obtaining the end-to-end performance through simulation.
The steps of obtaining the end-to-end performance through analysis have been presented in
section 6.4.

From the performance evaluation in chapter 6, we obtain the following general
observations that a network designer should be aware of when provisioning end-to-end VBR

connections.
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1)

2)

3)

Traffic multiplexing may incur traffic pattern distortion to the traffic streams. When no
traffic shaping is applied inside the network, the traffic pattern becomes more distorted as the
stream traversing more nodes.

When the traffic shaping technique is used at each node, it helps to keep the traffic
characteristics and alleviate the traffic distortion incurred by multiplexing. Therefore,
network designers should consider applying traffic shaping technique at the nodes inside the
network in order to prevent congestion and support satisfying network performances.

When traffic shaping is applied at each node along the path, the end-to-end delay of an
individual connection is longer than that when no traffic shaper is used. Therefore, the
network designers should keep in mind that there is trade-off to use traffic shaping. It helps
to keep the traffic characteristics in terms of the inter-cell time distribution (Fig. 6-9), but it

usually induces larger end-to-end delay (Fig. 6-11).

7.6 Chapter Summary and Remarks

In this chapter, we provided the guidelines on controlling VBR traffic based on the research

results in the previous chapters. These design guidelines showed the network designers how to

use the VBR traffic control schemes, and how to obtain the end-to-end performance.
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Chapter 8

Conclusion

Research has been conducted in this thesis to pursue the objectives of VBR traffic control: to
prevent network congestion, to support guaranteed QoS, and to obtain high utilization of network
resources. First, an admission control algorithm has been presented for the real-time VBR
Traffic, in which the service and the spare capacity curve are two important features. With the
proposed approaches to allocate the service curve and to update the spare capacity curve, our
algorithm performs better than the previous ones in terms of both the network bandwidth
utilization and the computational time needed. Second, two lossless MLB shapers have been
designed that can guarantee certain requirements for the shaping buffer occupancy or delay
bound. We have also analyzed the node delay performance for the minimum MLB shaper
guaranteeing the shaping delay bound, and showed that the node delay bound of this minimum
MLB shaper is not larger than that when no traffic shaping is used. Third, a statistical traffic
shaping scheme has been put forward. We showed that statistical shaping can achieve a higher
level of resource utilization than lossless shaping when we applied certain design criteria at the
network node design. Fourth, the impact of rate-controlling on an individual connection’s end-to-
end QoS has been analyzed. A new operating mechanism was presented for the leaky-bucket
rate-controller, which has the major advantage of allowing a simple embedded Markov Chain
analysis. The queuing performance of the traffic multiplexer was analyzed by using the matrix
analysis technique. Simulations were carried out to evaluate the end-to-end performance in both
the conventional and the RCS networks. The simulation results showed that the RCS discipline

helps to keep the traffic characteristics and reduce the distortion induced by multiplexing, but
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this benefit comes at the expense of a slightly longer end-to-end delay. Fifth, based on the
research results, we have provided the guidelines and design criteria on controlling the VBR
traffic.

The proposed VBR traffic control schemes can be applied directly in the ATM networks,
because they were designed with the consideration of two major features of ATM networks, i.e.,
the fixed size cell and the connection-oriented network. These control schemes may need some
changes in order to be applied in the other networks, e.g., the Internet.

In an ATM domain, the lossless and statistical shapers can be applied at any network
node. It is not necessary that a shaper is installed in every node or that the same kind of shaper
must be installed at every node. But the proposed admission control algorithm has the limitation
that the same version of the software implementing the algorithm must be installed in every node
in order for it to work properly.

There are many future works in the area of traffic control. For example, to alleviate both
the limitation of application scope and the limitation of software implementation as mentioned
above. One interesting extension of the ATM traffic management is the traffic management in
MPLS (Multi-Protocol Label Switching) networks [AMAO99]. For instance, the differentiated

services [NiCa00], and QoS routing [GKOP99], etc.
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Appendix A

Proofs of Propositions in Chapter 3

A.1 Proof of Proposition 3.1
We want to show that the spare capacity curve after the connection j is admitted should be

updated as given in Proposition 3.1.

Let SC[s, s+t] and SC’[s,s +t] represent respectively the number of cells that can be

served by the spare capacity during a time interval of length ¢ before and after connection j is

admitted. From the definitions of S;(t) and SC (t), we have
SC’[s,s+t] =SC[s, s+t] - S;[s,s+1]
2SC[s, s+] - 5.(1)
28C,(1) - S (1).
Thus, the updated spare capacity curve after the connection j is admitted, can be given by

SC/(t) = SC(t) - Sl_.(t). S,.(t) is allocated using the method in Proposition 3. Therefore, it is
J

always true that S} () < SCe(r) for any  20.

A.2 Proof of Proposition 3.2
We want to show that the minimum upper bound of the scheduling delay can be computed as in

Proposition 3.2.

135



This proof is similar to that of Theorem 2.4 in [Chan94]. Unlike [Chan94] in which the
service rate is constant, the service rate in this proposition is variable.

From eqn. (3-2) and the assumption that SC (1) is convex during [O, TB], we have
lim(SC (t)/t) = suz;,:( SC (t)/t) = u,. It means that at most u, packets can be served by the

current spare capacity per time slot.

From the definition of I;’ we have lim(I;(t)/ )= irg‘(l;(t)/ =p N - Thus, there are at
{—)oo [ {
least p; N; arrivals per time slot.

Consider a discrete-time queue at the output link, and let q(t) be the number of the
packets in the queue at time t. Let i(t) and sc(t) denote the number of arrivals and the number of

departures during [t-1,t] respectively, where t 21 is arbitrarily chosen. Then,
a(t) = (q(t— 1)+ i(t) - sc(t))" ; (A2.1)

where (x)* = max(0 ,x).
Assume the queue is empty at time 0, and use equation (A2.1) recursively, we get
q(t) = max {0, i(1)-sc(1), i(2)+i(1)-sc(2)-sc(1),....,
iO)+i(t-1)+...+i(1)-sc(t)-sc(t-1)-...-sc(1) }
= max {0, I[0, 1]-SC[0, 1}, I[0, 2]-SC[O, 2], ...., I[0,t]-SC[0,t] }
The second equation comes from the following definitions of Ifs, s+t] and SC[s, s+t],
I[s,;s+t]=i(s+ 1D +i(s+2)+...+i(s+1)
SCls,s +1t] = sc(s+ 1)+ sc(s +2) +... + s¢c(s + 1)
Arbitrarily choosing s €[1,¢], we have
q(t) 2 I10,s]—- SCTO,s)

2110, s]—ug -s
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2(pi-"i —Ug)-s

(1) Since u, < Pj.n;» and both t and s are arbitrary, we have 'Iir:t.q(t) =oo. So, d;" can not be
upper-bounded by any constant DJ'_'l < oo,

(2) Since uy 2 Pin;» 'lirﬁq(t) = —o0 OF ,Ii".fq(t) =0, thus dl'_" is finite. The proof is trivial
if D;_" =0, so we assume DI'_" >0. Assume that connection j begins its session at time 0. From
the definition of D;" » we have

I1[0,t]>SC[0,t+D] ~1]
2SC(t+D] - 1)
From the definition of Ij‘( t), we have I,-.( t)>SC (t+ Dl'_" — 1). Therefore,
D < min{61:8t 2 0 and I (t)< SC (t+ 8t))
<max min{ ét: & >0 and 1j‘m < SC(1+681)}.

We can see that D" is actually the maximum horizontal distance between 7 ..(t) and
J ]

SC (1).

A.3 Proof of Proposition 3.3
We show that the scheduling delay bound D;" can be guaranteed by using the rules in

Proposition 3.3 to allocate the service curve.
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We first prove that Dl'_"=0 can be guaranteed when Sj‘(t) is allocated using Rule (1).
From the definition of IJ_.(t), we have Ii[ s, s+t] < I;( t), for any s, t20. From the definition of

Sj.(t), we have S;(t)SSj[s,s-H]. From Rule (1), we have Ij[s,s+t]SSI_[s,s+t], and that

means during any time interval of length ¢, the number of arrivals from connection j is less than

the number of departures from connection j. So no delay will be incurred.

Next, we prove that O< D;'<oo can be guaranteed when Sj'( t) is allocated using Rule (2).
In order to support DI'_", the minimum service needed is Ij‘( t— D;" ). From equation (3-3), we can
see that DI'_" is actually the maximum horizontal distance between I;(t) and SC (t), so
Il_.(t— DI'_'l ) £ SC_(1). Thus, Rule (2) allocates more service capacity than that is necessary to

support DJ'_" forO<t<t,.

We shall prove by the method of induction that the updated spare capacity curve can
always remain to be convex. Assume there is no traffic passing through an output link at node m

before time O, then the spare capacity curve function at time O is SC (t) = t. Without loss of

generality, we assume that the first connection Request arrives at time 0. Then there are three

possible cases as illustrated in Fig. A-1.
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Fig. A-1 Various Cases of Bandwidth Allocation, at the Beginning of Busy Period

Case (a): 12 p,,
As shown in Fig. A-1 (a), no node delay will be incurred on the new stream due to the limitation

of the link capacity, i.e. Dj'_'l =0. Then the service curve can be allocated according to the Rule (1).
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After admitting the first connection whose traffic constraint function is described by {(P1n Ti)In
=1, ..., N}, the slope of the nth line segment in the spare capacity curve will be updated to 1 -
Pim for T, <t < 1,,,. Because the traffic constraint function of the first connection is a concave

function, ie. p,, 2p,,2...2 Py s0l-p;Sl-p,=<..21- Pi.n, - That is, SC/(z) must

remain piecewise linear and convex.

Case (b): 1 <p,; and p, ,,>1 2 p,,, where 2<n<N,
As shown in Fig. A-1 (b), the scheduling delay incurred on the connection is larger than 0, but
can be bounded by D" < . The service curve can be allocated according to the Rule (2). Using

Proposition 3.1, we have

SC/(t) =0 forO<t Std;

SC/(t) =(1 -p)(t -1) forty<t<t .+ D;

SC/(t)=(1-p )t + . i(Pu =P (P — PLID == py )y,

=n+1
fort;+ D" <t< 7T, + D", i=n+l,..,N,.
Since0<1-p,,<1-p;,,<...<1- P1n, » SC/(1) remains piecewise linear and convex.
Case (c): Pin, > 1

As shown in Fig. A-1 (c), the node delay can not be bounded by any constant D" < . So, the
J

connection request will be rejected, and the spare capacity curve need not be updated.
Therefore, the spare capacity curve remains piecewise linear and convex after the first

connection is admitted.
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length of time interval

(a) (b)

Fig. A-2 Various Cases of Bandwidth Allocation, When k£ Connections Exist

Next, we shall prove that the spare capacity curve remains piecewise linear and convex
after the (k+/)st connection is admitted, given that the spare capacity curve is piecewise linear
and convex after k connections have been admitted at node m. Assume that the traffic constraint
function of the (k+1)st connection is described by {(py., . Taa)l 1 =1, ..., Ny, }. Let the updated
spare capacity curve SC’ be described by {(u;,t; ), h=1, .., H}. There are two possible cases
as shown in Fig. A-2.

Case (a): p,,, ;< 4,
As shown in Fig. A-2 (a), DJ,,=0 and S,:H is allocated using Rule (1). The spare capacity curve

is updated using Proposition 3.1, so we have
, h-1 n—-1
SC(t) =(uy ~ Prayn)t = Uty + PrsrnTisin + _Zluiti - lekﬂ,ifkﬂ.i
= i=

for Tes1n SIS Ty and 8, <2<y, (A3.1)
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Since u < u, < ... < u and pyyiy > Prerz > -+ > Prsin,,» We have
74
Uy = Prstn S Uy = Pratnsl < Upst — Pistasr 304 Uy = Pryy g SUs_ — Pivins thus, SCI(t) keeps

being piecewise linear and convex.

Case (b): pk+l.l> ul and pk+l.~k4,| < uy
As shown in Fig. A-2 (b), 0 <D;"< e and Sj. is allocated using Rule (2). SC[(¢)=0, for t<1 ;
SC’(t) can be obtained using equation (A3.1). In the same way as above, we can verify that the

updated spare capacity curve keeps being piecewise linear and convex.

A.4 Proof of Proposition 3.4

We show that we can use the convex lower bound of the spare capacity curve to compute the

scheduling delay bound in admission control.

Using Proposition 3.1, d;_" is upper-bounded by

D" = max min{ 8t: &t 20and I (1) < SC(t+8)}

J 20 J
< max min{&¢: & 2 Oand I (1) < SC.(1+81)}

=d
Therefore, d” is upper-bounded by d’, where, d  is the minimum upper-bound of the
J

scheduling delay computed using SC_'(t).
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Appendix B

Proofs of Propositions in Chapter 4

B.1 Proof of Proposition 4.1

We want to show that the shaper of Proposition 4.1 can be constructed, and that it is the
minimum MLB shaper that can guarantee the shaping delay bound Dy; for traffic flow j.

First, we prove that the defined Tg; always exists. This is done by observing that y(t) =

I (t-D;) can be constructed by shifting 7 7 (1) to the right for a distance of Dg;. Observed from the
point (0, 0), the function y(t) =7 j'(t - Dg;) is a convex surface curved away from (0, 0), as shown

in Fig. 4-1. By the basic geometry, at least one tangent line can be drawn from (0, 0) to y(t), so
(Ts;» ¥(Ts;)) is actually the tangent point with the smallest t5;> 0 and y(t5)>0.

Secondly, we show the concavity of A;(t), which is the sufficient condition for it to be a
MLB shaper function. From A;(t) definition, it is concave for t 2 1. From the definition of g
and Pg;, we have that A(t) is concave fort 2 0.

Thirdly, we prove that the delay incurred on the traffic flow j when it is shaped using a
shaper with the envelope function A;(t) is upper-bounded by Dg;. Let the traffic shaper with the
envelope function A;(t) consists of Ng; (B, 7¥.) - leaky buckets, then A1) =

max (Y;n-t+B;,). Let D( I ; Il A;) denote the shaping delay bound induced to the traffic flow

J. Thus, we have

DI 1A) < max (——(max(T} (1) A;®)*)
1SnSNg; ¥jn 620
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1
< max {
1snsNs; ¥Yin

(“‘2%"‘7; (O)=Yjn-t=BjaD"}

(max{i;(l)-Yj,n 't-ﬂj.n})-o»}

< max {
ISn<Ng; 120 Yim

= max{( max {M}-;)“’}
20 1<nSNg; Yjn

= “Lrtan-nt -1
TPZa(;({(AJ aiy@m-07}y (B-1)

where

A7'()=_ max =L
IsnsNg;  Vjn

} is the inverse function of A(1).
Thus, equation (B-1) indicates that the shaping delay is upper-bounded by the maximum
horizontal distance between I ; (t) and Ai(t). From the construction of A;(t), the shaping delay is
upper-bounded by Dy;.

Finally, we show by contradiction that A,(t) is the minimum MLB shaper that satisfies the
shaping delay bound Dg;. Let A,-"(y) denote the inverse function of A(t). Assume that there is a

shaper A(t) < A;(t) for t 2tg;, such that the shaping delay bound ds; < Dg;. Then,

dg; = max{(A™'(I] (1)) - )"}

2ts;
2(t+ Dg;) -t = Dy;.
In another word, the contradiction exists. Therefore, A;(t) < A(t) for t 2 Tg. Assume that there is a
shaper with envelope function A(t) < Pg;t for 0 < t < Tg;, such that the shaping delay bound dg;<
Dyg;. Then, the y-intercept of Pgt must be negative due to the concavity of A(t). This is

contradicted with that A(t) is a MLB shaper. Thus, A;(t) < A(t) for 0 < t< Tg;.
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B.2 Proof of Proposition 4.2

We want to show that the shaper of Proposition 4.2 can be constructed, and that it is the
minimum MLB shaper that can guarantee the worst-case shaping buffer occupancy Qj; for traffic
flow j.

First, we prove that the defined 75; always exists. This is done by observing that y(1) =
I ;( t) - Qs; can be constructed by shifting I ; (t) downwards for a distance of Qs;. Observed from
the point (0, 0), the function y(t) =I;(t) - Qs; is a convex surface curved away from (0, 0), as
shown in Fig. 4-2. By the basic geometry, at least one tangent line can be drawn from (0, 0) to
y(t), so (Tg;, y( 1';-,-)) is actually the tangent point with the smallest 1_’;, >0 and y(75;) > 0.

Secondly, we show the concavity of Ai(t), which is the sufficient condition for it to be a
MLB shaping function. From the definition of A;(t), it is concave for t 2 7g; From the definitions
of 75 and Fy;, we have that A(t) is concave for t20.

Thirdly, we prove that the shaping buffer occupancy when the traffic flow j is shaped
using a shaper with the envelope function A(t) is upper-bounded by Qs;. Let the shaper with the

envelope function A(t) consist of Ng; (Bj.. Yj.n) - leaky buckets, then A(2) = 1<m3fv (Yjn-t+Bjn)-
=nzx 57

Let Q(Z; Il A)) denote the worst-case shaping buffer occupancy of traffic flow j. Thus we have
ITINA)< ITe-v..t-B.)"
QUj Ay < | max {max(l; (1)~ jat = Pa)")

= - R. +
< IP;})X{',:rlna},&(I] (t) yj.nt B].n) }

A

max{Z; (1) - ..='|T.'}rs,- (¥jat+Bia))"}

max{(I; (£) - 4;(®)"}

145



Thus, the shaping buffer occupancy is upper-bounded by the maximum vertical distance between

I J' (t) and Ay(t). From the construction of Aj(t), the shaping buffer occupancy is upper-bounded

by Qs;.
Finally, we show by contradiction that Aj(t) is the minimum MLB shaper that satisfies the

shaping buffer occupancy bound Qs;. Assume there is a shaper A(t) < Aj(t) for t 2 Tg;, such that
the shaping buffer occupancy bound qg; < Qs;. Then,
qs; = maxeo{(I; (1-AM)")
> max >o{ (I; (1-A}(1)"} = Qg
In another word, the contradiction exists. Therefore, Aj(t) < A(t) for = 1'_(»,-. Assume that there is
a shaper with an envelope function A(t) < Pgt, for 0 <t < Tg, such that the shaping buffer
occupancy bound qg; < Qs;. Then, the y-intercept of Fg;t must be negative due to the concavity of

A(t), but this is contradicted with that A(t) is a MLLB shaper. Thus, Aj(t) < A(t) forO0<t< ‘t;j.

B.3 Proof of Proposition 4.3

We show that the node delay bound when using the shaper design of Proposition 4.1 is the same
as that when no shaper is used. )

With the assumption that the incoming traffic flow j at a shaper is characterized by the

MLB traffic constraint function 7 ; )= lmir; P il ¥ o i.n)» the node delay when no traffic shaper
SIISNI' * *

is used is upper-bounded by

I"()—c;t
Dj= sup{—’—(—)—L
20 C;j

}
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1 ~e
= —sup{/; (£) —c;t}
C; 20

1 | =«
-C—j{lj(tj'kg)'cj-‘fj'ko} )
where

Tike ={%;,201 p;,;2¢and p;,<c;}

When we allocate bandwidth c; for a shaped traffic flow with peak cell rate Pg, it must be

true that ¢; < Pg;. In this proposition, we use the shaper design presented in Proposition 4.1, and

the shaper envelope function Ai(t) = | msub (Vjn-t+ Bj.n)- Let D(Aj(1) i c;t) denote the maximum
<n sl *

time it takes to transmit the shaped stream using the allocated bandwidth c;, then we have

A —c;t

D(A;(r)lic;t) =sup{ }
120

Cj

1
= —sup({A; (1) —c;t}
C; 20

1
= c—j{Aj(Tj.k.)—.cj.tj.k.} ’

where

Tj‘k- ={Tj,n 20'}']-'”_1 ZCj and }'j'" .<_Cj}.

According to the construction of A (t) in Proposition 4.1, we have tj e = rj k

= .+ Dg and

I j'(‘rj «) = A(7;,). Thus, when the traffic shaper A;(t) is used, the node delay is upper-

bounded by

D; = Ds; + D(Aj(t)licj 1)
= Dgj+(A
Sj +C—j{ j(tj,k.)-cjtj.k.}
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- 1 ==
Dg; +c—j{1j (‘tj'k. )-ci“j,k’ +D5,-)}

1 ==
= c_j{lj(t]‘.k")-cj.tj.k'l:l)j .

148



Appendix C

Procedures and Proofs for Chapter 5

C.1 Procedure to find Bg_, the critical value design of shaping buffer size

Based on the discussions in section 5.3.1, we have formulated the following procedure find_Bs,,
to obtain B, the critical value of the shaping buffer size. In this procedure, two sub-procedures
find_minPg and find_Kmax are used, and they can be found after Procedure find_B;,., The
procedure find_minP; is based on the analysis in section 5.2.2, and it finds P the peak rate of the

shaped flow by solving the equation log(1 / L) = ®(6°)! ., iteratively. The

K=Kgp.wg=Y/ Ps.bs=(P~P;)T
procedure find_Kmax is based on the discussions in section 5.3.1, and it obtains the maximum

number of admissible connections when statistical shaping is used with Ly, =L —Lgand Lg = 0.

Procedure find_B;,.( P, &, p, Ks» By C)

B s =B Scrhs

Bsy o= Bsw

delta_B:=10; ({delta_B; affects the accuracy of B, and the computation time }
T:=6/(P-p);

while ((Bs > 0) and (B, = By.,,)) do
Bg:=Bg-delta_Bg;

{find maximum number of admissible connection when Lg=0, L,,=L}

Pg, := j'- BJ/K/%;
ﬂo J= P 'i. '(I' b/PSO);

Y= p;
if (Ps, < p) then
Py := p; Bo:=0;
endif
€ -= comp_ey(B,, C, Ps, B, 7); {using eqn. (2-2) }
Ly:=L;

K, := find_Kmax(L,, ey ¥ Ks» C); {obtain the maximum number of admissible
connections at multiplexer, when L¢=0, L,=L.}
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{find maximum number of admissible connection when Lg>0 and Ly=L-Lg}
level:=20; {the value of level affects both the accuracy of Bg_, and
computation time}
Ly:=0; maxK, :=0;
while (L;< L) do
Lg-= Le+L/Nevel;
P := find_minP(Ls, P, &, p, K, Bg);
B:= P-T-(1-p/Py);
eos -= comp_eyB,,C, Py B, V); {using eqn. (2-2)}
Ly:=L-Lg
K, := find_Kmax(L,, ey, ¥ K5 C); {obtain the maximum number of
admissible connections at multiplexer,
whenLg>0and L,=L -Lg}
if (K, ,>maxK,,) then
maxK, =K, ;
endif
endwhile

if (maxK,, < K,) then
Bs.,:= Bg;
endif
endwhile
ouput (Bs.,,).

Procedure find_minPy(L,, P, &, P, K, Bg)
{This function returns the minimum value of P; when Lg > O is allowed at shaper}

T:=6/(P-p);
Pso L= P - Bs/Kso/%;
level := 100; {the value of level affects the accuracy of P and

computation time}
Ps:=Pg, +( P - p)/level;
miny := 99999.; { assign a very large number}
Fsita := 1. + log(1 / Lg); {assign any number larger than log(/ /L) }

if (log(1./L) 2 %—log(i_o) ) then {It means L is too small to obtain statistical
s P

multiplexing gain at shaper}
Pg := Py,
else
Wg := P/ Psy
while ((Ps > p) AND (Fsita > log(1/Lg)) do
Pg:=Ps—(P- p)/level;
bs:= (P - Ps)o %;
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RS & Bs-(1-wp)
s bs o8 @g-(Ksq -bs —Bs)’
Fsita := sita. B - K,-log(1 - wg +0y-exp(sita - bg)); {using eqn. (5-3)}
y :=llog(1l/Lg) - Fsital ;
if ((y <miny) AND (log(1/Ls) <Fsita) AND (Ps; 2 p)) then

{using eqn. (5-4)}

miny :=y;
newPg := Pg;
endif
endwhile
endif
Pg := newPy;
return(Pg).

Procedure find_Kmax(L,, e, ¥ Ks, C)
{The function returns the maximum number of admissible connections at multiplexer
whenLy,=L-L, L; 20}
fe0 := (C/e,) log(e,/ v); {compute the value of f{e,.,) in Fig. 5-2}
if (log(1/L,) 2> fe0) then {This means L, is too small to obtain the statistical
multiplexing gain at multiplexer}
K, :=(int)C/e,); {compute the maximum number of admissible

connections}
else
i :=(int)(C/ey);
miny := 99999.; {assign a very large number}
Fsita := 99999.,;
while ((i <(int)(C /y)) AND (Fsita 2 log(1/L,,))do
i++; K
. _ C o c so(en —7) . _
Fsita := p” log( Ksg -y) (Kso p” )log(——--KS0 e —C) {using eqn.(5-5)}
y:=\llog(l/L,) - Fsital;
if ((y <miny) AND (log(1 / L,,) < Fsita)) then
miny :=y;
newi:= i;
endif
endwhile
K, := newi;
endif
return(K,.) .
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C.2 Proof of Lemma 5.1

We want to show that, when lossless shaping is used, the admissible region has three cases as
given in Lemma 5.1.

When Lg= 0, we can show from section 2.3 that the peak rate of shaped traffic stream of

class j is Pgp; = P - bs/T ;- The bandwidth allocation of a class-j connection, ey, can be obtained

by using eqn. (2-2), with Pg;= Pg,;.
In the case of single traffic class, the features of function F(s") were listed in section 5.3.1

IF(s’) _ Key—C ) .. . JF(s’) _
K 'l°g(K(eo-r))<O' an - ;o =

—oo;  (iii)

as follows: (i)
lim F(s‘):-c-log(—l-).
K—Cle, €p y4
In the case of multiple traffic classes, the Chernoff’s bound estimation of the loss
probability at the multiplexer was obtained as follows [EIMW95]:

log(Lw) < -Fy(s")

J
where, Fy(s) = sC— X K;log{l~x; + x; exp(seg ;)} -
Jj=l
Fx(s") = sup Fi (s) (C-2)
520

.. . . . J i X j€0.j i
s”is obtained by solving the equation ¥ KiZ €0 explseo)) _ o (C-3)

jal-xj+xjexplseq )

When lossless shaping is used, Ly=L and e,;= ey ; should be put into the above three

equations. Based on the operation of multiplexer in section 2.4, we know that lossless service is

J J . .
guaranteed at the multiplexer when X Kjeq ; =C. Putting 2: Kjey ; =C into equations (C-1)
i=1 j=

IFy(s")

IK;

and (C-2), we obtained that F(s") = i‘, K; log(;l-). It is also easy to show <0. Thus far,
Jj=l J
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we see that various features for the case of single traffic class carry over to the case of multiple

J . J ..
traffic classes. That is, (i) whenL,=0, X K j€oo,j =C and Fg(s) = X K; log(}l—); (ii) when any
= = i

J .
element of vector K increases away from {K: X Kjey ; = C}, Fx(s') decreases.
j=l

Since there are J traffic classes, there are J corner points on the boundaries of A(Ls=0,

aFK(S.)

K,

L,=0). At the jth comer point, K;= C/ey; if i =j; K;=0 otherwise. Because <0 and F(s")

J . .
= szlog(xL) is a linear function of K, Fg(s') reaches the maximum value
Jj=1 J

max, g { é ” ¢ log(-xl—)} at a corner point of the admissible region A(Ls=0, L,=0).
Jj=1¢€00,j J

< log(L) }, then the equation

If C < min,;(Cq;) as in case (1), i.e., log(l) > max, gq{
L €00. J

log(%) = Fx(s") has no solution for vector K. We know that L, = exp(-Fk(s")) should be the

upper bound of the actual loss probability at the multiplexer, which is possible under this case
only when the actual loss probability at the multiplexer is zero. Therefore, the boundaries of

A(Ls=0, Ly,=L) and A(L=0, L,,=0) coincide with each other.

¢ log(—l-) }, then the solution
€00, j xj

If C > max, 44(Cq;) as in case (2), i.e., log(%) <min, g {

¢ log(L) }, the element of
€o.j  Xj

to log(%) = Fy(s") exists for vector K. Since Iog(%) < min,gq{

vector K, K;(Ls=0, Ly=L) > Cley, for 1 <j < J. The admissible region A(Ls=0, L=L) has J
corner points. At the jth corner point, K; = K;(Ls=0, Ly=L)>C/ey; if i = j; K;= 0 otherwise. Thus,

A(Ls=0, Ly=L) subsumes A(Ls=0, L,,=0).
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¢ log(—l-) for some
€00, j Xj

If min, ,4(Ceo;) < C < max,4(Ceo;) as in case (3), ie., log(%) >

¢ log(-l—) for other traffic classes. Based on the discussion for
€0, Xj

traffic classes, and log(—i—) <

¢ log(—l-) is on the
€00, xj

case (1) of C<min,4,(Cco;), the solution of vector K for which log(%) >

boundaries of A(Ls= 0, Ly, = 0). From the discussion for case (2) of C > max,4(Cc;), we know

¢ log(—l—) is on the boundaries of A(L;=0, L,,=L),
€00, j Xj

that the solution of K for which log(—}:) <
which subsumes A(Lg= 0, L, = 0). Therefore, the boundaries of A(Ls=0, Ly=L) and A(L;= 0,
Ly = 0) coincide in part and elsewhere A(Lg= 0, L,,= L) subsumes A(Ls= 0, L = 0), which

means that the boundaries of A(L;=0, L, = L) are non-linear.

C.3 Proof of Lemma 5.2

We wan to show that, when statistical shaping is used, the admissible region has three cases as
given in Lemma 5.2.
When Ls> 0, the peak rate of the shaped stream of class j, Pg,;, can be obtained by

solving the equation log(1/Ls) = ®(6 M Ko g =7/ Pe b =(P—P )i iteratively, as stated in section

5.2.2. The bandwidth allocation of the incoming stream of class j at the multiplexer, ¢4, can
then be obtained by using eqn. (2-2) with Pg; =Pg ;.

The three cases in Lemma 5.2 give the comparison between two admissible regions when
Ly = 0 and that when L, = L-L, while the loss probability at the shaper is fixed as L. There are
only two different points between this lemma and Lemma S5.1. First, the loss probability at the

shaper is Lg > 0 in this lemma, instead of L; =0 in Lemma 5.1. Second, the bandwidth allocation
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of input stream j is e,,; in this lemma, instead of e,;in Lemma 5.1. So, this lemma can be

proved in the same way as Lemma 5.1, except for the above two different points.

C.4 Proof of Proposition 5.2

We show that, with different shaping buffer sizes, the relationship between the admissible region

of lossless shaping and that of statistical shaping is as given in Proposition 5.2.

In Appendices C.2 and C.3, we showed that various features of Fg(s’) in the
homogeneous environment carry over to the heterogeneous environment when either lossless
shaping or statistical shaping is applied. Since the admissible region A(Ls=0, Ly=L) has linear
boundaries, as assumed in this proposition, we know from Appendix C.2 that the boundaries of
A(Ls=0, Ly=L) can be constructed by connecting those J corner points of A(Ls= 0, Ly, = L).
Similarly, under the assumption that A(Ls> 0, Ly=L - L) has linear boundaries, A(Ls>0, Ly,=L-
L) can be constructed by connecting those J corner points of A(Ls> 0, Ly=L - Ly).

(1) If Bg < min,44(Bs.,;), then from the definition of B, and Proposition 5.1, we know that
Ki(Ls>0,Ly=L - L) < K(Ls=0, Ly=L), forj = I, ..., J. From the above discussion, we
obtain that A(Lg> 0, L,,=L - L) and A(Ls= 0, L,= L) may coincide at certain corner points
and elsewhere A(Ls= 0, L,,=L) subsumes A(Lg> 0, L,,= L - Ls).

(2) If min g4(Bs.;) < Bs< max,;q(Bsq;), we have Bg< Bg,; for some classes (say, class j), and
therefore K;(L.s>0, Ly=L-Ls) < K;(Ls=0, Ly=L). We have Bsy; < Bs < Bscn; for other classes
(say, class i), and therefore K,(Ls> 0, Ly=L - Lg) > Ki{(Ls= 0, Ly,= L). Hence, the

boundaries of A(Lg> 0, Ly,=L - Lg) and A(Lg=0, L,,= L) cross with each other.
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(3) If max,4(Bs,;) < Bs< min;g(Bs.y;), then Bg.y; < Bs< B, for j = 1, ..., J. Based on
Proposition 5.1, we have K(Ls>0,Ly=L - Lg) > K{(Ls=0, Ly=L), forj=1, .., J
Therefore, A(Lg=0, L,,= L) is a proper subset of A(Ls> 0, Ly=L - Ls).

(4) If min, ;(Bgcn;) < Bs < max, g4(Bsc;), we have Bg2 B, ; for some classes (say, class j), and
therefore K;(Ls> 0, Ly =L - Lg) = K;(Ls= 0, Ly= L); we have B,;; < Bs< Bg;,; for other
classes (say, class i), and therefore K,(Ls> 0, Ly,=L - Lg) > K;(Ls=0, Ly=L). Hence, A(Ls>
0,Ly=L-Lg) and A(Lg= 0, L = L) coincide at certain corner points and elsewhere A(Ls>
0,Ly=L - Lg) subsumes A(Lg=0, L,,=L).

(5) If Bs2 max, 44(Bs.;), then we know from Proposition 5.1 that K(Ls> 0, Ly=L - L) = K(L;

=0,Ly=L)for I <j<J.So, AlLs>0,Ly,=L-Lg)=ALs=0, Ly=L).
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Appendix D

Operation and Procedure for Chapter 6

D.1 Operation of the “Classical” Leaky Bucket

, Y tokens arrive per slot

Toi:n LY

By cells pool { P tokens

[ T v .
| S

input T—E:f?“ # &= output stream

1)
drpped cells (due to  peak rate control (P cells/slot)
data buffer full)

Fig. D-1 Illustration of the “Classical” Leaky Bucket Mechanism

The “classical” leaky-bucket (LB) mechanism was originally proposed to implement the
traffic regulating / policing function at the network entrance to ensure that the entering
traffic conforms to a certain traffic characterization. It usually has four control parameters
(Ps, B, v, Bp)- These parameters are determined in the admission control process, so that
the QoS can be guaranteed and network congestion is avoided. As shown in Fig. D-1, one

token pool of size B cells and one data buffer of capacity Bp cells are available. Tokens
are generated at a deterministic rate of ytokens per slot and stored in the pool if it is not

full; otherwise, the newly generated token is lost. Similarly, a packet will be dropped if it
arrives at a full data buffer, otherwise it will enter the FIFO queue at the data buffer. The

packet at the head of the queue can be transmitted only when the token pool is not empty
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and at least 1/Pg time-slots have passed since the last departure. In this “classical” LB
mechanism, each packet transmission consumes one token from the token pool. Thus, the

token arrival rate ¥ tokens/slot bounds the long-term average rate of the output traffic in

cells/slot. Operating under this mechanism, the leaky bucket guarantees that the number

of output cells during an arbitrary time interval of length ¢ does not exceed the negotiated

traffic constraint function I'(®) = min(Pst, v-t+ P), where Ps bounds the output
stream’s peak-rate measured in cells / slot; ybounds its long-term average rate measured in

cells / slot; B is its maximum burst size measured in cells.

D.2 Steps to Solve 7 from 7 = 7 oP for a M/G/1 Queue [Neut89]

def e
Step 1: Find the matrix G =f YAG.

v=0

G can be obtained as the limit of the following matrix sequence {Gg}n0:

G- linG,
where
Go=0;
Go= EOA,G; forn 21

Step 2: Find g, the probability vector associated with the matrix G.
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Step 3: Obtain the matrix K = ¥ B,G".
v=0

Step 4: Find k, the probability vector associated with the matrix K.

k-K=k _
Solve the linear equations: {’_‘, ce to obtain k.
e =

Step S: Obtain vector k°.

A=34;
v=0
B=3v-A,¢;

v=

u=I-G+é-GI-A+@E-Pp)-gr'-¢;

— [ n-1
k"=K-é+3IB ,XG"n .

a=l k=0

Step 6: Find m,.

N j=1 s
nj = [n'oBl +El”kAj+l_g]°(I—Al ) ! °
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Appendix E

OPNET Simulation

We present the OPNET simulation models used in Chapter 6 to investigate the impact of rate-
controlling on end-to-end performance. OPNET requires the queuing models to be set up in three

levels: network, node, and process models.

E.1 Network Model

L R e I Il L R R L T T e s 10k S R P R Ay . g e,

Q

R e e

(o)

¢acccamqanenso
3
Q.
'—l

cedannaand

Fig. E-1 The Network Model of Simulation
Fig. E-1 is the network model of the simulation in Chapter 6. There are five nodes in this tandem
network: the source node ndl, three intermediate nodes, nd2, nd3, and nd4, and the destination

node nd5. Their node models will be discussed in the next section.

E.2 Node Models

Three node models have been set up, i.e., the node model of the source node, node model of the
intermediate node, and the node model of the destination node. They are depicted in the following

Fig. E-2, E-3, and E-4, respectively.
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In Fig. E-2, the traffic generator module g_0 generates the reference traffic by a specified
inter-arrival time process.

In figures E-2, E-3, and E-4, the processor module RC models the dual-leaky-bucket rate-
controller. The processor module ¢_0 models the FIFO traffic multiplexer. The transmitter
module xmt transmits traffic to the next node. The receiver module rcv receives traffic from the
upstream node. The processor modules p_I to p_I0 are background traffic generators, each of
which generates one background traffic stream.

In Fig. E-4, the processor module sink models a drain for the packets, i.e., it destroys all
the received packets.

The details of the processes will be discussed in the next section.
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Fig. E-2 Node Model of the Source Node
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Fig. E-4 Node Model of the Destination Node
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Description of the reference traffic generator module g 0

The reference traffic generator module g 0 is not implemented by a process model. Instead, it is

configured at the nodal level by setting the attribute values (Fig. E-5).

(9_0) Atributes

interarrival pdf norcs_ref_iat

interarrival args

pk size pdf constant

pk size args 384

field (0) pdf constant B
field (0) args 0.0

packet format norcs_ref_pk v

Fig. E-S Description of the Reference Traffic Generator Module

In Fig. E-5, we see that all the packets generated by the module g 0 have a constant
packet size 384 bits. The packets are generated according to the inter-arrival time process
norcs_ref iat (Fig. E-6), which is a typical inter-arrival time process of a VBR traffic flow. The

packet format will be discussed in the next section.
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Fig. E-6 The Inter-arrival Time Process of the Reference Traffic

E.3 Packet Models

Two packet models have been set up. They are the reference packet model norcs ref pk and the
background packet model norcs_bkgd pk. Both packet models have one sub-field “src_addr”,
and the size of this sub-field is zero. The value of this sub-field is set to 0 in the norcs_bkgd pk,
and it is set to 1 in the norcs_ref pk.

The packet size for both packet models is set to 384 bits (48 bytes), which is the payload
length in an ATM cell. According to the ATM Forum, the ATM cell size is 53 bytes. However,
the cell size varies in the real ATM products. In our simulation, because we only care about the
traffic control aspect instead of the protocol aspect of an ATM network, we do not use ATM
header, and set the cell size as 48 bytes (384 bits). Also, we set the output link capacity being

384 bits per time-slot. That is, the service rate of a link is 1 cell /slot.
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E.4 Process Models

Three process models have been set up, i.e., the process model of the background traffic
generator norcs_bsrc_proc, the process model of the rate-controller VBR_shp, and the process
model of the FIFO traffic multiplexer rcstest! _q_proc.

Fig. E-7 presents the state transition diagram of the-process model for the background
traffic generator. The functions of each state are listed as follows.
(1) The state “Init” initializes the variables.
(2) The state “Control” generates a uniformly distributed variable between 0 and 1 every time

slot, and controls the probability of sending out a packet during one time-slot as avg_rate.

(3) The state “wr” computes the average load of the generated background traffic.

Fig. E-8 is the state transitional diagram of the process model for the FIFO traffic

multiplexer. The functions of each state are listed as follows.

(1) The state “Init” initializes variables and registers the statistics.

(2) The state “arrival” inserts the received packets into the FIFO queue, and computes the inter-
arrival time for the reference stream.

(3) The state “svc_start” starts serving the packet at the head of the FIFO queue, and schedules
the time to finish the service.

(4) The state “svc_compl” sends out the packet, records the time of the current departure from
the reference stream, and collects the statistics for the reference stream, including the end-to-

end delay, the delay at multiplexer, the node delay, and the inter-departure time.
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(5) The state “wr” computes and outputs the statistics of the reference stream, including the
average and variance of the end-to-end delay, the node delay, and the delay at the multiplexer.
It also computes the probability distributions of the inter-departure time, the inter-arrival

time, the delay at the multiplexer, the end-to-end delay, and the node delay.

Fig. E-9 gives the state transitional diagram of the process model for the rate-controller.

The functions of each state are listed as follows.

(1) The state “Init” initializes the variables and registers the statistics.

(2) The state “arrvl” inserts the new arrival from the reference stream into the queue, and
schedules the transmitting time of the new arrival according to the rules of our proposed
leaky-bucket mechanism (section 6.2.1).

(3) The state “send” sends out the packet at the head of the queue, records the time of the
current departure, and computes the inter-departure time.

(4) The state “tkngen” generates a slot-token every time-slot.

(5) The function of state “wr” computes the statistics for the reference stream, including the
mean and variance of the shaping delay, the probability distributions of the shaping delay, the
inter-departure time, and the inter-arrival time.

The C-programming software codes for these process models are summarized in the next

section.
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Fig. E-8 Process Model of the FIFO Traffic Multiplexer

167



-——— = — -
- ————— -
- - -
- -~
-~

a‘\
\
\
\
\
1]
‘
’
~
8
=0
(v}
!'l

” .
\ ” bR [}
_CARRIVAL) \ ot (END_STM) :
.- .o = ]
~ ' !
arrvi]  send | A /
' : '/
[ hN s ' \ ’
N I ’ ’ 1 4
: ¢ ] (def"‘\:‘ v A (default) '.I J
' (default) 4 H Vil ‘ ' ’
M CARRIVAL) / (STARTSEND_HEAD)\ ] S
¢ H ' ’ 4 ' “ 4
4 1 ’ !
!
! \ /
: 1) Is
It ) ’
3 ‘ ’l
[ ’
[}
1
’
! { \ ~ (END_SIM) -~~~
' | (NEXT_TKN)  “~=ecew==" -
END_SIM ’ g
¢ ¢ —SIM) (de#au’l © / .
H * ’ -
\

v ’ g

-~
- -
~ - e
Il . T S et

Fig. E-9 Process Model of the Leaky Bucket Rate-controller

E.S Program Code

OPNET uses a C-type language along with their OPNET kemel codes [Mil97]. The functions of
each process in section E.4 are provided in the following.

Module Name Functions

norcs_bsrc_proc generates packets according to a Bernoulli arrival process;

rcstestl_q_proc simulates a FIFO queue at a traffic multiplexer;

VBR_shp implements the proposed leaky bucket mechanism.

The programming codes are not attached here due to the agreement with MITEL. But it is

available upon request from our CCNR report.
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