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ABSTRACT

STUDY OF CONGESTION CONTROL SCHEMES
IN MULTIMEDIA TRAFFICNETWORKS

by

Mohsen Saleh

Advisor: Professor Tarek N. Saadawi

In our study, weare interested in the access flow control and the bandwidth control
window which are applied at the cell level during the progress of the call. The flow
control action, at the cell level, is implemented at the input access of the multiplexer.
Using a suitable congestion measure, namely the multiplexer buffer length, the scheme
dynamically controls the arrival rate by switching the coder to a different compression
ratio (i.e.,Changing the coding rate). VBR coding methods can be adaptively adjusted
to transmit at a lower rate with very little degradation in the service quality.
Comparisons between statistical, deterministic and bandwidth control window allo-
cations to voice and video traffic are presented. Our objective, here, is to control the
input bursty traffic at heavy congestion states and to be able to traffic shape the input
arrival process such that we can smooth down its characteristics and force it to be well

behaved.



Our study analyzes the performance of an access node in
ATM network with and without flow control using simulation
methods, and includes the following, multiplexing of homoge-
neous types of traffic as voice or video sources, multiplexing
of heterogeneous types of traffic as voice and video sources
and bandwidth management for different classes of traffic using
deterministic, statistical and bandwidth control window

allocation to voice and video traffic.

The contribution of this study is to provide a performance
evaluation of the access flow control algorithm which is applied
at the access nodes to the integrated network, specifically
at the input voice and video multiplexers. Also it provides
a performance analysis of the bandwidth assignment to voice
and video traffic. The results of the simulation study include
the optimum values of the multiplexer buffer thresholds that
satisfy an objective cell blocking probability of 10™* for
voice traffic andl0™’ for video traffic and the effects of the
access control window (the minimum period of time at which the
controller stays in a given state before it is being triggered
to another action) on the controller triggering rate and mean
bits per sample. Also the optimum values of the bandwidth

control window are presented.
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1. INTRODUCTION

1.1 Background

Recently, the asynchronous transfer mode (ATM) has been widely recognized as a
promising solution for the implementation of broadband ISDN (B-ISDN) [[-3]. ATM
is an attractive communication transport technique for carrying future broadband
services with a broad spectrum of different traffic characteristics, such as peak and
average bit rate, statistical distribution of cells interarrival time, etc. In ATM networks,
all information such as voice, video and data is conveyed using a fixed-size block called
cell and statistical multiplexing is employed. Since ATM involves a statistical
multiplexing scheme, queueing delay, cell loss,or other degradation of quality of service
(QOS) may easily occur in cases of network congestion. Bursty traffic, such as image
data transfers, has a particularly serious impact on communication quality because of
statistical load fluctuations. Statistically multiplexing bursty traffic is a very efficient
technique to maximize the utilization of the link capacity. Also it exploits the variance
of the source statistics to achieve an efficiency gain measured by allowing a number
of sources whose peak rates are greater than the link capacity. Thus ATM networks
have the flexibility to support various services and introduce new services easily, and
are efficient due to the high utilization of the network resources [4]. The gained

flexibility in accommodating traffic sources with wide range of bit rates may cause



serious congestion problems that will lead to severe buffer overflow, cell loss and
degradation in the required service quality. Therefore, bandwidth management and
traffic flow control are required to meet the quality of service (QOS) for various service

types and mixes (homogeneous and heterogeneous).

Quality features of multiplexed traffic with various bit rate and burstiness are being
studied to estimate the necessary bandwidth allocated to each call. Various congestion
control approaches have been proposed for ATM networks in order to ensure that the
cell transport performance (cell loss and delay) remains at a satisfactory level for all
the users. Many of the congestion control schemes developed for existing networks
may not be applicable to ATM networks. Therefore, a new concept is required for
congestion control in an ATM network. All proposed schemes fall in the class of
preventive or reactive control. Preventive control tries to prevent congestion before
it happens. The objective of preventive control isto ensure a priori that network traffic
willnot reach the level which causes unacceptable congestion. Reactive control reacts
to the congestion after it happens and tries to bring the degree of network congestion
to an acceptable level. However, reactive control is not suitable for a use in ATM
networks [5]. In order to traffic engineer integrated voice/video networks, it is first
necessary to understand the characteristics of the packet traffic generated by voice and
video sources. In particular, it is of interest to know a way to characterize the
superposition of packet arrival streams generated by a number of voice and/or video

sources.



The most important element of a packet-switched speech network is the
packet-speech multiplexer in which, packets arriving once the queue has reached a
certain limit are discarded, or if embedded encoding has been used, shortened. All
previous methods for the analysis of a packet-speech multiplexer have drawbacks. The
simple one-dimensional models proposed by Minoli [6],[7],Coviello [8],[9]and Seguel
et al. [10] are too inaccurate to be of use, and conclusions based upon them can be
very misleading. These models fail because they assume packet arrivals are uncor-
related, whereas in fact they are highly correlated. Other models take these correlated
arrivals into account and produce more accurate results [11],[12]. However, these
models can only accurately predict the mean and variance of queueing delays, which
are of no help in estimating packet loss. The most accurate models look beyond the
packet-arrival process to the speech-generation, and therefore the packet-generation,
process [13]}-[17]. However, only one of these [13], [14] has been used to analyze a
limited queue. Unfortunately, this model requires very large array sizes and large
amounts of computation, and in practice, the technique is limited to low-capacity links
with small queue limits. Recent studies have shown that the superposition of packet
sequences generated by packetized voice sources with speech detection exhibit high
burstiness (relative to a Poisson process) due to inherent correlations between
successive interarrival times in the superposition stream. Using the indexes of

dispersion for counts and intervals, Sriram and Whitt [18] and Heffes and Lucantoni



[19] have investigated the burstiness due to correlations. These correlations tend to
cause significantly larger queueing delays and packet losses than would be predicted

by a Poisson model.

When voice constitutes a significant portion of the network traffic, compression
makes it possible to have significant additional capacity in the network. The methods
of voice compression include adaptive difterential pulse code modulation (ADPCM)
algorithms and digital speech interpolation (DSI). Many new low bit-rate voice coding
techniques are being developed and submitted for standardization( e.g.,16 kb/s low
delay-code excited linear predictor) which can be potentially considered for use in
B-ISDN in the future. Voice traffic becomes statistical and is bursty when it is
multiplexed using DSI and other methods for compression. Therefore, appropriate
voice congestion control methods are needed. In conventional data packet switching
networks, flow control isreserved for the network layer functions. In ATM, flow control
is reserved for all control functions at the network, the call and the cell levels. Some
of flow control methods employ block dropping techniques to decrease the voice packet
size and thereby increase the queue service rates during congestion periods [20],[21].
A variation of these techniques, called cell discarding (CD), may be used in ATM
networks. In the CD scheme, voice cells are categorized as high-priority (more
significant) and low-priority (less significant) information, so that the low-priority cells

may be discarded during congestion [22],[23].



In addition to voice and data, video is becoming an increasingly important
communication medium. In video communication, a variable rate video transmission
isemployed which keeps the picture quality constant by transmitting variable bit rates
according to the amount of information generated in a picture. Coding algorithms and
implementation technologies willevolve further in the future, so more efficient codecs
will be applicable. Variable-bit-rate compression algorithms transmit at a higher rate
during high-activity (motion) scenes and at a low rate when there is less motion. It is
possible to multiplex statistically several independent video sources at a speed lower
than the aggregate peak coding rate. The law of large numbers indicates that as the
number of independent sources increases, the aggregate rate approaches the average,

without adjustment of individual source rates by varying the picture quality.

Two different bit rate allocation policies seem applicable to ATM networks which
are the average and the peak rate allocation. The basis of the peak rate allocation is
that the sums of maximum rates of all sources should not exceed the link capacity.
Then congestion due to traffic overload isveryunlikely. Peak rate bandwidth allocation
(deterministic) is not efficient. The usage of the peak rate criterion for call acceptance
lowers the utilization factor of the link to the one of a simple time sharing scheme met
in a circuit switching network. This eliminates the statistical advantage of the
Asynchronous Transfer Mode. The basis of the average rate allocation (statistical
allocation) is that the sums of average rates of all sources should not exceed the link

capacity. Obviously a call, which would violate this criterion, should not be accepted.



If however some sources are bursty, long delays may occur or cell loss rate willincrease.
A combination of peak and average rate allocation might be used. However the exact
mix is very difficult to define. It suggested that bandwidth for constant bit rate (CBR)
services should be allocated according to their peak rate, whereas variable bit rate
(VBR) services might be given less than peak bandwidth. In [24]an effective bandwidth
assignment is presented, which assigns a value of bandwidth between the peak and the
average bit rate of the source. Effective bandwidth allocation could be used for efficient
bandwidth management, thus leading to a more effective utilization of the link. The
effective bandwidth depends mainly on the burstiness of the source, the burst length
and the size of buffer at multiplexer. In [25]a bandwidth allocation scheme called the
(T1,T2) ispresented. It does not consider the issue of the optimal bandwidth allocation
to each type of traffic, hence the results could not be used for ATM networks. A
simulation study of a bandwidth allocation scheme called Class Related Rule (CRR)
is presented in [26]. The study does not consider the characteristics of real time voice
and video traffic, thus the results reported there could not be applied to the real ATM

traffic case.

1.2 Contributions

In our study, we are interested in the access flow control and the bandwidth control
window which are applied at the cell level during the progress of the call. The flow

control action, at the cell level, is implemented at the input access of the multiplexer.



Using a suitable congestion measure, namely the multiplexer buffer length, the scheme
dynamically controls the arrival rate by switching the coder to a different compression
ratio (i. e.,Changing the coding rate). VBR coding methods can be adaptively adjusted
to transmit at a lower rate with very little degradation in the service quality. The access
scheme controls the input bursty traffic at heavy congestion states and it is able to
traffic shape the input arrival process such that we can smooth down its characteristics
and force it to be well behaved. At the cell level, the statistical behavior of the bursty
traffic, even after the mixing of many sources, is far from Poisson, making the analysis
very difficult [27]. Hence, our analysis is carried out by simulation. Also simulation
is used to observe the history of some processes over a period of time in addition to
estimating certain parameters. We define an access control window which is the
minimum period of time at which the controller stays in a given state before it is being
triggered to another action. Also we define a bandwidth control window to control
the scheduling of different types of traffic such as voice and video traffic. Voice and
video traffic are being multiplexed into the outgoing link. Each type of traffic is
supported on a separate buffer and then multiplexed on a separate virtual path. Using
proper values of the bandwidth control window, a path bandwidth to each traffic can
be allocated such that it guarantee the traffic required QOS in terms of its cell loss

rate.

Our study analyzes the performance of an access node in ATM network with and

without flow control using simulation methods, and includes the following:



1. Multiplexing of homogeneous types of traffic as voice or video sources.
2. Multiplexing of heterogeneous types of traffic as voice and video sources.
3. Bandwidth management for different classes of traffic using deterministic, statistical

and bandwidth control window allocation to voice and video traffic.

The contribution of this study is to provide a performance evaluation of the access
flow control algorithm after including the access control window. Also it provides a
performance analysis of the bandwidth assignment to voice and video traffic. The
results of the simulation study include the optimum values of the multiplexer buffer
thresholds that satisfy an objective cell blocking probability of 10" for voice traffic
and 10~ 7 for video traffic and the effects of the access control window on the controller
triggering rate and mean bits per sample. Comparisons between statistical, deter-
ministic and bandwidth control window allocations to voice and video traffic are

presented. Also the optimum values of the bandwidth control window are presented.

1.3 ATM Transport Networks

ATM is a cell based transfer mode using asynchronous time division multiplexing
technique. An ATM cell stream consists of a continuous sequence of cells, some of
which are designated empty and others of which have been dynamically allocated to
variable or fixed rate sources. The principle characteristics of asynchronous transfer

mode (ATM) networks are that they can absorb bit rate variations so that links are




suited to cell traffic generated by variable rate sources and that they can offer high
efficiencies because numerous variable bit rate sources can share network resources.
In an ATM network, the user information is carried in cells which are fixed-size blocks
and consist of a header and an information field. The header contains a label which
uniquely identifies a channel and isused for multiplexing and routing. The information
field is transported transparently by the ATM layer. Since the interface structure
contains a set of labeled channels (logically bound rather than physically positioned),
an ATM can dynamically adapt to the changes in the service demand and allocate the

resources such as channel bandwidth accordingly [28].

An ATM network model based on the concept called "Virtual Path" (VP) has been
proposed, and described in [291,[30].1n this model two nodes are connected by a logical
link called virtual path. A virtual path consists of a number of virtual circuits and has
its own bandwidth which gives the upper limit of that of the virtual circuits enclosed.
Virtual paths are multiplexed in a physical link on a cell multiplexing basis. They are
established orreleased dynamically based on: 1) long term service provision; 2) demand
for alternate routing in case of network failure; and 3) short term demand. The capacity

of the virtual paths can be dynamically allocated in the same fashion.

The cell header contains two subfields which are the virtual path identifier (VPI)
and the virtual channel identifier (VCI). The separation ofa VPI from a VCI eliminates

call-by-call basic processing at each transit node during call establishment. During the
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call set-up process, the access node identifies the appropriate path, or creates one if
necessary, and makes the decision whether to accept or reject the call based on the
current path bandwidth utilization conditions. The cell header functions are shown in
Figure 1.1. The Header size is 5 bytes long, both at the User Network Interface (UNI)
and Network Node Interface (NNI). The following fields are identified across the
UNI, [31],[32],[33],[34]:

1) Generic Flow Control: This is a 4 bits field which is defined at the UNI to assist the
users in the flow control of their traftic according to a certain class of service. It specifies
the medium access control functions, and across the UNI this field is replaced with a
label field.

2) Virtual Channel Identifier: This field is 12 to 16 bits at the UNI, and 16 bits at the
NNI. This field identifies a particular end to end switched connection. It relates to
the switching functions of cells belonging to a certain logical connection. The value
of the VCI may change as the cell traverses the network.

3) Virtual Path Identifier: This field is 8 to 12 bits at the UNI and 12 bits at the NNI.
It consists of a bundle of virtual channels that are carried on the same physical media,
from one end to the other. It relates to the cross-connection functions of the cells. It
emulates the functions of the trunk concept in circuit switching.

4) Payload Type: It is a 2 bits field. It is used to distinguish network information from
user information. In network information cells, it provides in-band control message.
In user information cells, it provides service adaptation functions. For example, it can

identify low priority cells or cells that have violated a certain traffic characteristics.
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5) Header Error Check: One byte field used for error detection and correction on the
header. It is important to perform this function on the header in order to avoid

misdelivery of cells.

The functions of the header can be summarized in the following:
1) To identify the characteristics of each virtual channel, which in turn provides the
basis for categorizing virtual channels (with similar traffic characteristics and class of
service) to be cross-connected as a single entity (virtual path).
2) To provide the network management functions, such as bandwidth assignment and
distributed control, with a simple tool to employ bandwidth control and enforcement,
which isaccomplished viathe virtual path concept. The VPI concept plays an important
role in bandwidth allocation.
3) To implement real time physical connection control without the excessive overhead,

which is a crucial design point in the ATM transport principle.

1.4 Real-Time Traffic Source Models

Recently, there has been interest in supporting real-time communication applications
such as interactive voice and video applications in an ATM networks. Such real-time
traffic differs from traditional data traffic in several ways. Most importantly, real-time
traffic is delay sensitive and less sensitive in loss while data traffic is loss sensitive and

less sensitive in delay. Hence, it is natural to engineer communication networks that
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support real-time traffic, so that delays are bounded at the expense of some loss.
However, the magnitude of this loss determines the quality of service and, hence, it is
critical to predict this loss accurately in order to provide an acceptable grade of service.
In ATM network, most traffic sources are bursty such as voice and video sources. A
bursty source may generate cells at a near-peak rate for a very short period of time,
and immediately afterwards, it may become inactive, generating no cells. Burstiness
is a parameter to describe how densely or sparsely cell arrival occur. Some of the
definitions of burstiness include: (1), it is the ratio of peak bit rate to average bit rate
[351,136),

(2), it is the average burst length (i. e., The mean duration of time during which the
traffic source transmits at the peak rate) [26]. As the burst length gets longer, the
worse the network performance becomes, namely the cell loss probability becomes
larger. With longer bursts, statistical multiplexing becomes less effective, and thus,
fewer active sources can be supported for a given amount of bandwidth. The burst
length isimportant when itiscomparable to the size of the multiplexer buffer. However,
in most real-time application, the buffer length will be in the order of several
microseconds and the burst length will be greater than the size of the buffer. If the
input source peak rate is decreased, then it willbe possible to deliver the required class
of service without depleting the network resources. At the same time, the statistical

multiplexing will be more effective and the traffic characteristics get smoother.
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The traffic generated by a single user for a single service can be either Constant Bit
Rate (CBR) or Variable Bit Rate (VBR). A CBR results in an ATM cell stream which
is associated with a particular Virtual Channel Identifier (VCI) and has a predictable
and uniform cell rate, while the cell stream resulting from a VBR service generally has
a nonuniform cell rate. A more accurate characterization of VBR traftic can be given
as follows: the interarrival time between successive cell bursts isdenoted by the random
variable I, the cell burst length is denoted by the random variable B, and the time
interval between successive cells during a burst is denoted by D. In general, the
probability distributions of I and B depend strongly on the particular application being
modeled. A single connection has a variable bit rate bounded by the maximum bit
rate of its physical attachment. In order to characterize the effective bit rate, we need
to select an appropriate model to specify its characteristics in terms of known
parameters or metrics. The two-state model captures the basic behavior of the source
associated with a connection. The rationale for such a model is that a source is either
in an "idle state", transmitting at zero bit rate, or in a "burst state" and transmitting at
its peak bit rate. Such a source model has the advantage of being both simple and
flexible as it can be used to either represent connections ranging from bursty to
continuous bit streams or approximate more complex sources. Based on this two-state
model, the idle and burst periods are defined as the times during which the source is
idle or active, respectively. The peak rate of a connection R, and distribution of
idle and burst periods completely identify the traffic statistics of a connection.

Assuming the parameters of a connection are stationary, its peak rate R ., and

pea
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utilization p, i.e., fraction of time the source is active, completely identify other
quantities of interest such as mean and variance of the bit rate. For exponentially
distributed burst and idle periods, the source is furthermore completely characterized

by only three parameters, namely R p, and b, where b is the mean of the burst

peak?
period. The mean burst period b gives some indications on how data isbeing generated
by the source. Two sources, with identical mean and peak bit rates but different burst
periods, have different impacts on the network [37]. It is our belief that the connection

metric vector (R ,,.,p,b) represents the most significant aspects of a source behavior.

peak?

This model can be extended to handle sources with nonexponential burst and idle

periods, through the use of simple approximation techniques.

1.4.1 Input Traffic Models for Voice Sources

The arrival process of new voice calls and the distribution of their durations can be
characterized by a Poisson process and an exponential distribution, respectively.
Within a call, talkspurts and silent periods alternate . During talkspurts, voice cells
are generated periodically; during silent periods, no cells are generated. The correlated
generation of voice cells within a call can be modeled byan Interrupted Poisson Process
(IPP) {17],[38],[391,[40],[41].In an IPP model, each voice source is characterized by
ON (corresponding to talkspurt) and OFF (corresponding to silence duration) periods,
which appear in turn. As seen in Figure 1.2, the transition from On to OFF occurs

with the probability [3,and the transition from OFF to ON occurs with the probability
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a. ON and OFF periods are exponentially distributed with the mean 1/ 3and 1/ q,
respectively. Cells are generated during the ON period according to a Bernoulli

distribution with the rate A, and no cell is generated during the OFF period.

The input process of superposition of N voice sources to the statistical multiplexer
is a fairly complex process and can possess correlations, in the number of arrivals in
adjacent time intervals, which can significantly affect queueing performance. These
correlations result from the fact that the aggregate voice arrival rate is a modulated
process obtained by modulating the individual voice source rate by the number of voice
sources in their talk spurt, which is itself a correlated process. Even if a component
voice process is approximated as a renewal process, with deterministically spaced cells
during a talk spurt followed by an exponentially distributed silence period, the
superposition process isa complex nonrenewal process. It turns out that the aggregate
cell arrival process resulting from the superposition of the streams from the voice
sources is quite complicated, possessing a burstiness (high variability) that leads to a
large cell delays in the multiplexer under heavy load. Exact analysis of systems to which
this superposition process isoffered isintractable, especially when such systems contain
finite buffers and overload control mechanisms. When N independent voice sources
are multiplexed, aggregated cell arrivals are governed by the number of voice sources
in the ON state. Assuming a discrete time system, the probability P, that n out of N

voice sources are in the ON state (n voice cell arrivals in a slot) is given by
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P,= (ll\l/)(afﬁ)"(a[jﬁ)lv—n forOsnsN.

The continuous time analogy represents the number of voice sources in the ON state
as a birth-death process with birth rate A(n) and death rate ju(n), as seen in Figure 1.3,

where
A(R)y=(N-na,p(n)y=npfor0O<ns<N

For this continuous time case, the probability P, that n out of N voice sources are in

the ON state is also given by the above equation [40].

Another common approach to model aggregate arrivals from N voice sources is to
use a two-state Markov Modulated Poisson Process (MMPP) [13],[42]. The MMPP
isa doubly stochastic Poisson process where the rate process is determined by the state
of a continuous-time Markov chain [13]. In the two-state MMPP model, an aggregate
arrival process is characterized by two alternating states. It isusually assumed that the
duration of each state follows a geometrical (discrete time case) or an exponential
(continuous time case) distribution, and cell arrivals in each state follow a Bernoulli

(or a Poisson) distribution with different rates. Therefore, four parameters are
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necessary to describe an MMPP: the mean duration of each state and the arrival rate
in each state. Note that an IPP, a process used to describe a single voice source, is a

special case of the MMPP in which no cell arrives during an OFF period.

To determine the values of these four parameters, the following MMPP statistical
characteristics are matched with the measured data [13]:
(1) the mean arrival rate,
(2) the variance-to-mean ratio of the number of arrivals in a time interval (0,t,),
(3) the long term variance-to-mean ratio of the number of arrivals, and

(4) the third moment of the number of arrivals in (0,t,)

1.4.2 Input Traffic Models for Video Sources

Video traffic requires large bandwidth. For instance, in TV applications, a tframe
of 512 x 512 resolution is transmitted every 1/30 second, generating 512 x512 x8 x 30
bits per second (approximately 63 Mbits/s), if a simple PCM coding scheme is used.
Therefore, video sources are usually compressed by using an interframe variable-rate
coding scheme, which encodes only significant differences between successive frames.

This introduces strong correlation among cell arrivals from successive frames.

Like a voice source, a video source generates correlated cell arrivals. However, its

statistical nature is quite different from a voice source. Two types of correlations are
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evident in the cell generation process of a video source: short-term correlation and
long-term correlation. Short-term correlation corresponds to uniform activity levels
(i.e,small fluctuations in bit rates), and its effects last for a very short period of time
(on the order of a few hundred milliseconds). Long-term correlation corresponds to
sudden scene changes, which cause a large rate of arrivals, and its effects last relatively
long (on the order of a few seconds) [43]. In subsection 1.4.2.1models which consider
only short-term correlation (i.e.,Models for video sources without scene changes) are
examined. In subsection 1.4.2.2models which consider both short-term and long-term

correlation (i. e., Models for video sources with scene changes) are examined.

1.4.2.1 Models for Video Sources Without Scene Changes

These models are applicable to video scenes with relatively uniform activity levels
such as videotelephone scenes showing a person talking. Two models have been
proposed. The first model approximates a video source by an autoregressive (AR)
process [44],[45]. This model describes the cell generation process of a video source
quite accurately. However, because of its complexity, queueing analysis based on this
model is very complicated and may not be tractable. This model is more suitable for
use in simulations. The second model approximates a video source by a discrete-state
Markov model [48]. This model is more tractable in queueing analysis than the first

model, and yet describes the cell generation process of a video source well.
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Model (1): Continuous-State Autoregressive Markov Model

The definition of an AR process is as follows:

M
An)= ) a,(n—m)+bw(n)
1

me=

where A(n) represents the source bit rate during the nth frame; M is the model order;

w(n) is a Gaussian random process; and a, (m =1,2,...,Mand b are coefficients. It is

m

shown that the first-order autoregressive Markov model,
Anr)y=a, AN(n=-1)+bw(n)

is sufficient for engineering purposes. Assuming that w(n) has the mean 11and the
variance 1,and that a, isless than 1,the values of coefficients ¢« ,and b are determined
by matching the steady-state average E(A) and discrete autocovariance C(n) of the AR
process with the measured data. E(A) and C(n) of the AR process in the previous
equation are given by [46],

b? n
sy n 20
iy

E(N)= T_—bn—ln.C(n,)=

1=
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This model provides a rather accurate approximation of the bit rate of a single video
source without scene changes. However, analysis of a queueing model with the above
arrival process can be very complex and may not be tractable. Therefore, this model

is suitable for use in simulations.

Model (2): Discrete-State, Continuous-Time Markov Process

The process A (/) describing the bit rate of a video source at time t is a
continuous-time, continuous-state process. In this model, process A ({)is sampled at
random Poisson time instances and the states are quantized at these points as seen in
Figure 1.4. The process A(t) is approximated by a continuous-time process A(t) with
discrete jumps at random Poisson times. This approximation can be improved by

decreasing the quantization step A and increasing the sampling rate.

The state transition diagram for A(t) is shown in Figure 1.5. This process A(t) can
be used to describe a single source as well as an aggregation of several sources. The
aggregated arrival process from N video sources can transit between M+1 levels. The
label in each state indicates the data rate in that state. (A isa constant). To determine
values of the quantization step A and the transition rates @ and(3,the steady-state mean
E(XN), variance ZN(O), and autocovariance function EN('U ) of the process X(l)
(describing an aggregate of N independent sources) are matched with the measured

data. (Tisa time parameter.) E(XN), EN(O) and EN are given by
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a

(1= 5. Ca(t) = Cu(0)exp-(a+p)t

E(A)=MA75.Cu(0)=MA?

The number of quantization levels M ischosen arbitrarily, but it should be large enough

to cover all likely bit rates.

The process in Figure [.5 can be decomposed into a superposition of simpler
processes. It can be thought of as a superposition of M independent identical ON-OFF
minisources, each being modeled asin Figure 1.6, Each minisource alternates between
ON and OFF states. Transition from ON to OFF state occurs with the rate (3, and
transition from OFF to ON state occurs with rate . (Thus, both ON and OFF periods
are exponentially distributed). The data rate of a minisource in ON state is A. A
minisource does not generate bits during OFF state (data rate is 0). (Note that, in
Figure 1.5,a label associated with the state represents the data rate of a minisource
in that state). The state of the aggregated arrival process can thus be represented by

the number of minisources which are in ON state.
1.4.2.2 Models for Video Sources With Scene Changes

These models capture both short-term and long-term correlations. Thus, they are
suitable to describe a cell generation process from video scenes with sudden changes

such as videotelephone scenes showing changes between listener and talker modes or

scene changes in broadcast TV [43]. Two models have been proposed . The first model
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is an extension of Model (2) explained above, and the second model approximates a
video source by the discrete-state continuous-time Markov process ,Model (2), with

batch arrivals.
Model (3) An Extension of Model (2)

The state transition diagram of the cell generation process from an aggregation of
N video sources is shown in Figure 1.7. This process can also be used to describe a
single video source with scene changes. The label in each state indicates the data rate
in that state. There are two basic data rate levels: a high data rate A, which represents
a sudden scene change, and a low data rate A, which represents a uniform activity
level. If scene changes do not exist, the process in Figure 1.7 reduces to the one used
in Model (2). The aggregated process of N video sources can transit between

M, +1)(M,+1) levels, where M, = NM, M, = N. Here, M is chosen arbitrarily.

To determine the values of system parameters cand d (the transition probabilities

between uniform activity level and high activity level), the fraction of the time spent

C

in the high activity level (Nd)and the average time spent in the high activity level

(1/d) are equated with the actual measured data. To determine the rest of the
parameters in the model. i.e.,the transition probabilities within the uniform activity
level (a and b), and the two basic data rates (A, and A,), the first and second order

statistics are matched with the actual measured data.
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As in Model (2), the process described in Figure 1.7 can be decomposed into a
superposition of simpler processes. This process can be thought of as a superposition
of M, independent identical ON-OFF minisources of the type shown in Figure 1.8(a)
and M, of the type shown in Figure 1.8(b). The state of the aggregated arrival process
can thus be described as the number of each type of minisource which is in the ON

state.

Model (4) Discrete-State Continuous-Time Markov Process with Batch Arrivals

[471,[48]

The uniform activity level isrepresented by a discrete-state continuous-time Markov
process as in Model (2). This M-state Markov process can be decomposed into M
independent identical ON-OFF minisources. Scene changes (high activity levels) are
represented by a batch arrival process. The interarrival times between scene changes
(between batches) are assumed to be exponentially distributed. The batch size is

assumed to be constant.

1.5 Statistical Multiplexing of Bursty Sources in ATM Networks

The effects of statistical multiplexing of bursty sources in an ATM network are

investigated in [49,50, 51, 52). They investigate how the performance (the cell loss

probability and the average delay time) varies as a function of various parameters such
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as the number of sources, the peak bit rate and burstiness of the sources. Some of the
common observations in these papers are:

1) The average burst length isa very important parameter. As the average burst length
increases, the performance degrades, i.e.,the cell loss probability and delay time
increase significantly [49,50,51,52].

2) As the peak rate of each source is increased, the loss probability increases [50,51].
This should be intuitively clear.

3) In the case where homogeneous sources are multiplexed, if the offered load (i.e.,
the number of sources x mean bit rate of each source) is kept constant, the cell loss
probability decreases as the number of sources multiplexed increases. The reason is
that when the number of sources multiplexed increases (keeping the offered load
constant), the mean bit rate of each source decreases. The mean bit rate isa product
of peak bit rate and the fraction of time in which a source is in the active-state (i.e.,
the state in which a source is transmitting at the peak rate). Therefore, the reduction

in the mean bit rate means the reduction in either the peak bit rate or the burst length

(or both). In either case, the cell loss probability decreases [49,51].

4) In the case where heterogeneous sources are multiplexed, high-bit-rate sources
dominate the performance; increase in high-bit-rate traffic causes more significant
increases in the cell loss probability than an increase in low-bit-rate traffic does [52].
Similar observation is made in the case when homogeneous sources are multiplexed;

when high-bit-rate sources are multiplexed, the fluctuation in the cell loss is larger than

itis when low-bit-rate sources are multiplexed [38]. This isdue to the tact that, because
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of the high-bit rate, the number of traffic sources which can be multiplexed on one link
is rather limited and not large enough to smooth out the bursty nature of each call.

5) The cell loss probability decreases as the offered load decreases [49,52]. Therefore,
a very efficient way to lower the cell loss probability is to decrease the offered load by
providing larger bandwidth. However, this is only possible under the assumption that

bandwidth is negligibly cheap.
1.6 Congestion Control and Policing Function in ATM Networks

Recent advances in fiber optics and high-speed network technology have opened
the possibility of providing integrated switching and transport for a variety of services
in single integrated broadband network. Integration of such services poses serious
challenges because of their widely different traffic characteristics and performance or
quality of service (QOS) requirements. New congestion control strategies are now
necessary to make such integration possible. In existing low-speed networks, data
sources have traditionally been statistically multiplexed by taking advantage of their
low activity factor (ratio of active to idle period) and short burst lengths. Any overload
resulting from statistical multiplexing could be successfully smoothed out with a
moderate amount of buffering at each node. During severe overload, link-by-link flow
control mechanisms could easily throttle the sources. However, integration of
high-speed data sources with long burst lengths relative to the time constants of the

network pose a serious problem. Since such sources are likely to have a low activity
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factor, a large number of sources must be multiplexed together for efficient use of the
network resources. If several such sources become active simultaneously, their
combined arrival rate can exceed the capacity of the link, leading to blocking and
consequent loss of cells, unless there are adequate control mechanisms to regulate

these sources effectively [53].
1.6.1 Reactive Congestion Control Schemes

When congestion occurs at the network, reactive control instructs the source nodes
to throttle their traffic flow by giving feedback to them. A major problem with reactive
control in high-speed networks is slow feedback. Therefore, by the time that feedback
reaches the source nodes and the control is triggered, it may be too late to react

effectively.

There is a possible improvement technique to overcome the difficulty caused by
slow feedback. If reactive control is performed between network users and the edge
of the network as in [54], the effect of propagation delay may not be significant since
the distance feedback information propagates isshort. However, this limits the reactive
control to the edgé of the network. In general, the reactive control in an ATM

environment is not effective,

1.6.2 Preventive Congestion Control Schemes
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Preventive control tries to prevent the network from reaching an unacceptable level
of congestion. The most common and effective approach is to control traffic flow at
entry points to the network (i.e.,at the access nodes). This approach is especially
effective in ATM networks because of its connection-oriented transport. With
connection-oriented transport, a decision to admit new traffic can be made based on

knowledge of the state of the route which the traffic would follow [55].

Preventive control for ATM can be performed in two ways: admission control and
bandwidth enforcement (policing). The admission control determines whether to
accept or reject a new connection at the time of call set-up. This decision is based on
traffic characteristics of the new connection and the current network load. The
bandwidth enforcement monitors individual connections to insure that the actual traffic
flow conforms with that reported at call establishment. Bandwidth enforcement
schemes may be used with traffic shaping (smoothing). The purpose of traffic shaping
is to throttle cell inputs into a network in order to avoid burst cell transmissions. Burst
cell transmissions are avoided, for example, by separating successive ATM cells by an
idle time. The shaping function could either be performed by the access control at a
user-network interface orat a data source by buffering and injecting cells into a network
at a slower speed. Since traffic shaping reduces network congestion by suppressing

inputs to the network, it may be able to support a greater number of calls than a network
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without one. With traffic shaping, the service quality is degraded in a graceful way.
However, entire transmission of traffic may be unnecessarily slowed down since cells

are injected into a network at a slower speed even when the network load is light.

Holtzman has proposed a new and very different approach to preventive control
[S6]and applied his approach to admission control. In admission control, the decision
to accept a new connection is made based on the predicted network performance. If
there is some uncertainty in the parameter values of the incoming traffic, the network
may underestimate the impact of accepting a new call, and congestion may result.
Holtzman’s approach tries to prevent the network congestion by taking uncertainties

in traffic parameter values into account.

1.6.3 Policing Function

In cases where statistical cell multiplexing characteristics are evaluated based on
parameters declared by the user, networks must make sure cells from the source are
transmitted according to the declared parameters. What is more, if the declared
parameters are violated, the network must restrict cell transmission in order to assure
cell transfer quality for the other sources. A traffic shaper/enforcer monitors (or
polices) each virtual connection to ensure that its traffic flow into the network conforms
to the traffic descriptor (including parameters such as average and peak transmission

rates, and maximum burst lengths), which could be specified at call setup. If the user’s
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traffic does not conform to the traffic descriptor, some action has to be taken against
the violating traffic. Generally, the accuracy of evaluating cell multiplexing charac-
teristics increases as the number and types of parameters used in evaluation increases.
Such proliferation of parameters, however, not only complicates the implementation
of a policing function, it also imposes difficulties on parameter declaration. To be
cost-effective, the policing function must be simple because it will be applied to every
virtual circuit. To minimize the number of parameters that must be declared, it should
be clarified what parameters are needed to effectively estimate the multiplexing delay.
Moreover, as already mentioned, the parameters should be easy to declare. In
summary, the parameters should satisfy the following minimal set of requirements.
They should:

1) be sufficient to estimate the statistical characteristics, such as moments of cell arrival
process, that are necessary to evaluate the multiplexing delay;

2) be easy to declare;

3) permit easy monitoring and restriction as necessary.
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2. Simulation Analysis of A Communication Link

with Statistically Multiplexed Bursty Voice Sources

2.1 Introduction

Recent advances in fiber-optics, switching and coding compression techniques
have made it possible to accommodate integrated multimedia traffic on a high speed
communication link. The integrated multimedia traffic ( such as video, voice, image
and data ) is transported and switched using the same interfaces and switching fabrics
[57-60]. The expected multimedia traffic covers a very wide spectrum of bit-rate and
time-domain characteristics. It ranges from low bit-rate , random ( Poissonian ),
non-real time data-file transfer up to very high bit-rate, bursty and correlated real time

video and voice interactive sessions [61-65].

Statistical multiplexing exploits the variance of the source statistics to achieve an
efficiency gain measured by the number of sources whose peak bit rate is greater than
the link capacity. Since the link capacity is highly utilized, there isa potential for serious
congestion problem and cell loss especially at high loads. The characteristics of the
bursty traffic complicate the congestion problem even more. Bursty traffic tends to
generate bit-rate at or near its maximum for a short durations (burst) followed by

longer periods of low or no transmission. A bursty voice source can be characterized
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by three main parameters: peak bit-rate, average bit-rate and duration of the burst.
The bit-rate process resulting from the superposition of a number of voice sources
exhibits very high fluctuations over short time periods. This scenario leads to major
congestion problems unless an appropriate flow control scheme is maintained. Also,
the implicit periodicity in video or voice traffic patterns causes strong dependency and
correlations among the cells interarrival times arriving at the multiplexer and queued
for transmission over the link. The cumulative correlations among the queued cells
cause the queueing process over the multiplexer buffer to deviate substantially from
that of the simple Poisson-like one leading to the formation of very long queues even

at moderate loads (60% to 70%).

The inherent correlations in the aggregate arrival process from R input voice
sources, make ita complex nonrenewal process, hence approximations are used. There
has been a considerable amount of work in the literature in this area, and several
mathematical models were proposed and analyzed. One approximation is to represent
the aggregate arrival process by a continuous time phase process, where the state of
the chain represents the number of active source [66]. Another possible representation
of the aggregate arrival process is by a two state Modulated Markov Poisson Process
(MMPP). The MMPP is a doubly stochastic Poisson Process where the rate process
isrepresented by the state of a two state continuous time Markov chain. The parameters
of the MMPP isthen matched to some of the statistical moments of the arrival process.

Recently, there has been a significant development in the area of stochastic modeling
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of multimedia traffic sources. A Compound-Phase type Markovian Renewal Process
was introduced which models a wide class of phase type processes with batch arrivals,
and of which the MMPP is a special case. A Batch Markovian Arrival Process was

introduced to model a variety of the versatile Markovian Point Process.

In [67],[68]a mathematical analysis of such arising queueing problems with access
control was presented and alluded on the efficacious of the different possible

approximations.

The aggregate arrival process is fed to the buffer with fixed size N. The arising
process is of the form of ) GI/D/1/K  with state dependant arrivals which is too general
to solve. Three different approximations were used, one isto model the arrival process
with the MMPP with state dependant arrivals and approximate the deterministic
service time by an exponential distribution which will lead a continuous time Quasi
Birth Death queueing process that can be solved using Matrix-Geometric techniques
[68]. In the ATM multiplexer, the buffer size is limited to small values (in the order
of microsecs.) and feedback control signal isused to throttle the input peak rate, hence
no build up of lengthy queues are allowed and the correlation effects of the cells
interarrival times becomes less significant, thus this approximation overestimates the

probability of cell loss . Another more closer approximation, is to model the
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deterministic service time by an Erlang distribution with r-stages, In [68] six stages
were used to limit the size of the resulting matrices. Therefore, the Poisson

approximation was used based upon the above mentioned reasons.

Using the M/D/1/K model, the probabilities of number of arrivals during the

deterministic service time D were given as:

a, = (N, DYe "0/, (>0 (11.1)
, C =N, D

b= (N,D)e 2 /i, (>0 (11.2)
=N D

¢, = (AyD)e /i, i>0 (/1.3)

Where A, denotes the average arrival rate from N sources.

The threshold levels at which the flow control is activated were presented where
K2 > Kl1. When the number of cells in the buffer reaches K1, (i.e. congestion level
K1), the number of bits per sample drops from 4 to 3 bits per sample. While at K2,
the feedback control signal causes the number of bits per sample to drop from 3 to 2

bits per sample.

The steady state transitional probability matrix was given in terms of the three

probabilities that were given in (I1I.1), (I1.2) and (I1.3) and the mean bits per sample
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was given as:

B=4) P

n=0 a=Ki+] K2+1

(11.4)

Using the MMPP/M/1/K model, the arrival process is the two state MMPP where
the arrivals are state dependant. The infinitesimal generator matrix Qisof size (2Nx2N)
where N is the buffer size. The matrix was solved using matrix-geometric techniques,

which were modified to suit the overload control case.
Using the MMPP/Er/1/K  Model, the service time is approximated by a 6-stage
Erlang distribution, Also the infinitesimal matrix was solved using matrix-geometric

techniques.

The approximations encountered with the mathematical analysis, often limits the

scope of the results rendering simulation tools more powerful and accurate to use.

2.2 Feedback Access Flow Control of Voice Traffic

Figure 2.1 shows the schematic diagram of the access control scheme. It controls

the bursty arrival process at the input multiplexer via a feedback control signal that




throttles the arrival process during over-load periods. The scheme uses the buffer-
length as an indication of possible congestion. The motivation behind this choice is
that the voice-cells are blocked only when the buffer is full. Therefore, it is a good
apriori indication of possible congestion. As the number of cells in the buffer reaches
a first threshold level (K1), a feedback control signal switches the input source-coders
to a higher coding rate (i.e.,decreasing the number of bits/sample). When another
congestion threshold (K2) is reached a similar action is taken thus reducing the input
bit-rate further more. For example, consider ADPCM with original coding rate of 4
bits/sample. At K1 threshold level, the coding rate is switched down to 3 bits/sample.

While at K2 threshold level, it is switched further down to 2 bits/sample only.

In real-time, it is important that the access-control scheme be robust against the
instantaneous and rapid statistical fluctuations of the buffer-length queueing process.
Otherwise, there will be frequent control signals triggered by those instantaneous
fluctuations. To reduce the controller triggering rate, a parameter called control
window(W,) is introduced. The buffer-length is monitored, and a control signal is
generated accordingly, only at the time-epochs that mark the beginning of each control
window W,. The control signal is then fed-back to the coders and maintained
unchanged for the duration of the control window irrespective of the buffer-length
process. At the following time-epoch (marking the next W), the buffer-length is
monitored and the process is repeated. For example, if the buffer occupancy at one

of those time-epochs is greater than K1, then the controller isactivated and as a result
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the coding rate isreduced to 3 bits/sample. Thus, the control window is the minimum
period of time at which the controller stays in a given state before it is being triggered
to another action. The set of threshold levels (K1, K2) depends upon the traffic
characteristics and the user required Quality Of Service (QOS). The (QOS) is defined
by a set of user’s service requirements such as cell blocking probability, mean delay,
and voice quality. The voice quality is defined as the mean number of bits/sample
over the multiplexer buffer. For example a 4 bits/sample is considered to be an

"excellent" quality for the voice traffic using ADPCM, while it is regarded as a "poor’

quality below 3.5 mean bits/sample.

In our work, we use simulation analysis to gain insight to the performance of the
communication link under the above-mentioned conditions. The simulation analysis
allowed us to study the system performance at specific time-epochs that mark the
beginning of a control time-window (W,). The rationale behind the introduction of
the parameter (W) is to simulate the performance of the access control scheme in
real-time life. In real-time, it is too difficult to employ an access control scheme that
can follow the instantaneous and very rapid changes of the buffer-length stochastic

process.

The advantages of this scheme are several. First, it prevents congestion from
happening since it decreases the number of cells waiting in the buffer. Second, it is

applicable regardless of the type of coder used. Itis good for Variable Bit Rate (VBR)
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coders as well as Fixed Bit Rate (FBR) ones, although the trend is to employ VBR
codes due to their perceived gain over FBR codes. Third, it provides the means for
the maximum possible shaping of the input arrival process without the need to design
complicated time-wave shaping algorithms to regulate the traffic burstiness. It follows
then that the bandwidth allocated to the input call can be decreased. Hence, the
statistical multiplexing gain is enhanced and a significant improvement in the
throughput isachieved. The price tobe paid isa slight degradation in the voice quality
measured by a decrease in the mean bits/sample. As we will show in latter section,

this degradation is very graceful versus the input load.

2.3 Simulation Model

The arrival process for each voice source is represented by a simple two state
discrete time Markov chain, where the time that the process spends in each state is
approximated by an exponential distribution. Figure 2.2 represents a single voice
source model. The voice source alternates between talkspurt (ON) periods and idle
(OFF) periods. During the talkspurt period, a fixed number of cells are generated
whereas no cells are generated during the idle period. Each period is exponentially
distributed with means T, and T, respectively, The ratio of the ON period to the sum
of both ON and OFF periods is called the activity factor. The average bit-rate of the
voice source equals the result of the product of its peak bit-rate by its activity factor.

Three different sets of voice traffic statistics are designated in order to study the effect
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of different burstiness parameters on the link’s performance. Bursty sets (1) and (2)
have equal activity factors yet different burst lengths, namely set (2) has longer ON,
OFF periods than set (1). Bursty set (3) has larger activity factor than burstiness set

(1) and set (2). All sets have the same peak bit-rate but different averages.

The communication link is represented by a server with service time equal to
L/C where L is the cell length in bits and C is the communication link capacity in bits
per seconds. The bursty voice sources access the link via asynchronous statistical
multiplexing on a first come first serve (FCFS) basis. The server serves one cell per
transmission time which is the unit time. Cells arriving during busy server intervals
are queued in the buffer of length M cells. The length of the buffer (M) is chosen to

limit the maximum permissible delay per voice-cell.

The simulation program used in this study was written using Simscript I1.5 and
implemented on Sun workstation. The program contains two main parts, the first is
the preamble at which, all global variables and processes are defined, the second is
the main at which, the program starts simulation by calling all routines and executing
processes in a proper sequence using the timing routine. The tlow chart of the program
is shown in Figure 2.3. As shown in the figure, the program reads the input data
parameters that include the number of input voice sources, the mean talkspurt period,
the mean silence period, three different cell interarrival times (T1, T2 and T3) that

incorporates the three possible sampling rates for each source (i.e., 4, 3 or 2
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bits/sample), the time length for simulation, the cell service time and the buffer length.
Once the input data have been read, the program initializes all variables to their
appropriate values, creates a server along with a buffer associated with the server and

enables all the N arrival voice processes.

In the simulation, two types of processes are defined for each voice source. One
process is defined to generate cells, called cell arrival process, while the other serves
the generated cells and is called cell service process. N voice cell arrival processes are
defined where N is the number of sources (or load). Each consists of consecutive
talkspurt (active) and silence periods, which in-turn are generated using the built-in
exponentially distributed random variable generator. The arrival process generates
cells only in the talkspurts periods where the interarrival time between the cells is the
cell generation time. The mean silence period is the mean interarrival time between

the talkspurts.

According to the access control scheme, each of the N voice sources generates
cells with a coding rate that corresponds to 4 bits per sample as long as the buffer
occupancy level is in the underload interval (i.e.,the number of cells in the buffer is
less than the first threshold K1). In this case, the interarrival time between cells, T1,
isequal to the cell length in bits divided by the source peak bit-rate in bits per second.
When the buffer occupancy level is bounded between the threshold levels K1 and K2

(transitional interval from the underload to the overload period), the coding rate drops
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to 3 bits/sample thus decreasing the source peak bit-rate correspondingly, therefore
increasing the interarrival time between cells to T2. Asthe buffer occupancy reaches
the overload interval (i.e.,the number of cells in the buffer increases beyond the second
threshold K2) the coding rate drops further from 3 to 2 bits per sample hence the
source peak bit-rate is reduced furthermore and the interarrival time between cells is

increased to T3.

Each generated cell requests the service process for service, if the server is busy,
the cell is queued in the buffer. An arriving cell will get blocked if the buffer is full.
If the server is idle, the cell keeps the server busy for a time equal to the service time
then it relinquishes the server. All the simulation events are scheduled by a timing
mechanism or routine as shown in Figure 2. The timing routine scans the event set
in order to pick up the next event to be executed. It removes the most imminent process
notice from the future process set, updates the simulation time to the process time
indicated, and passes control to the routine for this process. Upon completion of this
process, the timing routine again turns to the future process set to determine the next
process routine to be executed. This sequencing continues until all process notices in
the future process set are exhausted. When this happens, control is returned to the
statement directly after the start simulation statement. This process continues until

the simulation time expires.
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In Simscript 1.5, the global variables were used to represent the number of
generated cells and the number of blocked cells during the simulation times. The
blocking probability was measured by evaluating the ratio of the number of blocked
cells to total the number of transmitted cells during the simulation run time. We run
several simulations with different seeds to evaluate the link performance with and
without access control and under different burstiness sets. After the simulation time
expires, the program terminates the simulation and calculates the final output results
in the final report routine. By using Simgraphics package, all interesting performance
can be plotted via a routine called Trace-plot which traces the values of the time
dependent parameters. Some of the performance evaluation results are the histogram
of the number of cells in the buffer with and without access control, the optimum values
of the thresholds K1 and K2 that give us the desired value of the blocking probability,
the mean bits/sample and the control triggering rate. The following section provides

a detailed simulation analysis of the link performance with and without control.

2.4 Simulation Results and Discussions

In this section we discuss the simulation results obtained from this study.
Assuming ADPCM coding technique at 4 bits/sample, then the source peak bit-rate
is32 kbps. Asthe first threshold level K1 isreached, the source peak bit-rate isreduced
to 24 Kbps. As the second threshold K2 is reached, the source peak bit-rate drops to

its final overload value of 16 kbps. The cell length is fixed and is chosen to be 53 bytes
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(with an overhead of 5 bytes) to suit the ATM application standards. The communi-
cation link capacity is set to be equal the T1 interface rate of 1.544 Mbps. Then the
cell interarrival times, T1, T2 and T3 are equal to 12ms, 16ms and 24ms respectively
and the cell service time is equal to 0.256milliseconds. In order to limit the maximum
delay of the voice cells to 5 milliseconds which is the maximum acceptable value for
voice quality, the buffer length (M) is set to 20 cells. To study the efficacious of the
access-control scheme with different bursty traffic, we use three possible burstiness
sets. Burstiness set (1) corresponds to a mean talkspurt period of 352 milliseconds and
a mean silence of 650 milliseconds, therefore the average burst length is 352ms and
the activity factor is 0.35. Burstiness set (2) corresponds to a mean talkspurt period
of 1200 milliseconds and a mean silence period of 2200 milliseconds with an activity
factor of 0.35. Burstiness set (3) corresponds to a mean talkspurt period of 450
milliseconds and a mean silence period of 550 milliseconds with an activity factor of
0.45.. We evaluate the link performance under different offered loads ranging from
80 (load of 56%) to 150 (load of 100%) input voice sources. Each simulation is run
for a period of 5 minutes which is sufficient to evaluate blocking probabilities in the

order of 104 and our confidence interval is95%.

Figure 2.5 represents the histogram of the number of cells in the buffer for
burstiness set (1), set (2) and set (3) at heavy load. For burstiness set (1), with 150
sources, a link utilization of 100% is achieved, since the link utilization equals the

number of voice sources multiplied by the ratio of the average bit-rate to the link
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capacity. Similarly the maximum loads supported are 130 and 120 for burstiness set
(2) and set (3) respectively. The link is congested and the buffer is full 33.9%,37.9%
and 38.6% of the simulation time for burstiness set (1), set (2) and set (3) respectively.
This leads to unacceptable blocking probabilities which causes a severe degradation

in the delivéred voice quality. Comparing burstiness set (1) and set (2) where the ON
period has been increased to 1200 milliseconds for set (2), we observe that, using
burstiness set (2), there has been a significant degradation in the performance of the
system ( the link is congested and the buffer is full 37.9% of the simulation time).
Similarly comparing burstiness set (1) that has activity factor of 0.35and set (3) that
has activity factor of 0.45, we notice that, using burstiness set (3), the performance of
the system has significantly degraded ( the link iscongested and the buffer is full 38.6%
of the simulation time). It iseasy to expect this results since the link has been overloaded

with a higher average rate, in burstiness set (3), than the average rate of burstiness set

(1.

Figure 2.6shows the cell blocking probability versus the number of voice sources
for the three burstiness sets without control. As shown in this figure, our objective
value of cell blocking probability of 104 is satisfied for all burstiness sets when the
number of voice sources is equal to or less than 100,90 and 80 sources for burstiness

set (1), set (2) and set (3) respectively. When the number of voice sources increases
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the cell blocking probability increases. The difference in cell blocking probability
between burstiness set (1), set (2) and set (3) is that set (2) has more burstiness than

set (1), and set (3) has more burstiness than set (1) and set (2).

In order to find the optimum sets of the control threshold levels (K1) and (K2)
for each arrival characteristics (burstiness set), we postulate an optimization problem.
We set an objective blocking probability of 104 as an acceptable rate for delivering
voice traffic with high quality. We obtain the optimum values of all the sets (K1, K2)
by running the simulation program for 5 minutes (i. e. The average duration of a voice
call) using different seeds. Table 2.1 shows all optimum values of (K1, K2) for each
burstiness set. The maximum load that can be supported by the control scheme is 150,
130and 120 sources for burstiness set (1), set (2) and set (3) respectively. The notation
(*) implies that the required QOS isachieved with no control threshold. For burstiness
set (1) the optimum values for K1 and K2 are 11 and 17 to support 120 sources. For
the same number of sources, K1 and K2 are 1 and 2 for burstiness set (3). Since the
threshold levels K1, K2 have dropped to such small values for burstiness set (3) we
conclude that it is not possible to support those 120 voice sources for burstiness set
(3). The reason is that at such small threshold levels the average number of bits per
sample over the buffer length would drop significantly leading to a degradation in the

voice quality below acceptable levels.
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It is easy to see from Figure 2.7,that as the access scheme is applied, a dramatic
shift in the buffer length has happened. The peak of the graph has shifted towards the
zero buffer occupancy level. The performance of the system has improved almost
equally in all cases using the access control scheme. It isevident from the curve that
the access control scheme has greatly reduced the mean number of cells in the buffer,
hence reducing the blocking probability significantly and thus avoiding congestion. It
then becomes possible to support certain number of voice sources at a less amount of
allocated bandwidth which we call the bandwidth gain. Not only that, but the statistical
multiplexing gain has also improved significantly since it has become possible to support
more voice sources without increasing the allocated bandwidth. For example, without
the access control the maximum number of supported sources to achieve the required
QOS ( blocking probability and mean bit/sample) are 100, 90 and 80 for burstiness
set (1), set (2) and set (3) respectively as seen in Figure 2.7. While using control, the
number of supported sources increases to 150, 130 and 120 respectively as seen in table

2.1,

Table 2.2shows the optimum values of (K1, K2) for three chosen values of control
window(W_), namely 20ms, 100ms, and 300ms. As seen in Figure 2.8, for all values of
W,, the controller triggering rate increases as the load increases up to 140 sources,
after which it saturates at heavy load situations. For all different cases of W_, as the

control window increases the controller triggering rate decreases. However, the quality
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of the voice (i. e., Mean Bits/Sample) has been reduced as shown in Figure 2.9. For
example, at 130 sources, the mean bits/sample is3.8bits with no access control window,

yet it drops to 3.3 bits when the control window is 300ms.

In Figure 2.10, it is clear that the individual blocking probability seen by each
source varies significantly. In the No-Control case, although the average blocking
probability, as calculated over the buffer length, was 6 x 1 O~ for 120 sources, this
value has been satisfied for only 80 sources. The remaining 40 sources had encountered
blocking probability greater than 6 x 10", This problem persisted even when the
access control scheme was applied in Figure 2.11. In this case, our QOS objective was
a blocking probability of 1 0", which had been satisfied for only 60 sources out of the
120 sources. It is clear that the access control algorithm treats sources with the same
characteristics unequally. To rectify the problem, weapplied the access control scheme
only to the sources that had encountered a blocking probability more than 10™". We
call this control scheme "Control (B)" and the original control scheme "Control (A)".
As we can see, in the case of Control (B), the performance improved significantly with

only 16 sources not meeting the required QOS.
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Number of

voice K1 K2 K1 K2 K1 K2
sources | Burstiness set(1)| Burstiness set(2) | Burstingss set(3)

80 | * * x - - *
%0 | * * * * 14 *

100 | * * 15 * 8 14

110 | 15 * 10 15 3 4

120 | 11 17 4 5 1 2

130 | 8 15 2 3 i

140 | 6 12 ) ) ) )

150 | 5 10 i ) ) )

Table 2.1: Optimum values of K1 and K2 for three

different burstiness sets
Blocking prob.=0.0001
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D

voice
Controi perjod = 20 ms| Control perlod = 100 m§ Control pefjod = 300 m§
sources
100 * * 17 * 10 16
110 12 18 10 16 8 14
120 10 16 8 15 6 12
130 7 14 6 12 4 8
140 5 10 5 10 3 6
150 4 8 3 4 2 3

Table 2.2. Optimum values of K1 and K2 for
different control periods
Burstiness set (1)
Blocking prob.=0.0001
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3. Simulation Analysis of An ATM Access-Node with Statistically Multiplexed

Homogeneous and Heterogeneous Traffic

3.1 Introduction

It is expected that video will be a major source on ATM networks, which will
place a very large bit rate requirement on the network. Due to statistical variations
in the bursty traffic, congestion may occur in the link with a number of sources sharing
the same link. Congestion can seriously degrade the quality of service which is the cell

loss and delay. Therefore traffic control is necessary to avoid congestion.

In this chapter, we study the performance of a statistical multiplexer whose inputs
consist of a superposition of packetized video sources and a superposition of packetized
voice and video sources. Also, we study the performance under an access flow control
scheme and bandwidth assignment. The basic objective of a bandwidth management
and traffic control scheme is to allow for high utilization of network resources, while

sustaining an acceptable quality of service for all users.
3.2 Feedback Access Flow Control of Video Traffic
In ATM Networks, Congestion occurs when various sources compete for the

network resources and these resources do not meet the demands. Due to the stochastic

nature of the traffic, long bursts of cells can get formed even when the network resources
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are underutilized. The call acceptance rule in ATM networks is based upon the
availability of bandwidth to support the call along its connection path. As the traffic
gets more bursty, more bandwidth is required to support the call at the same QOS,
else congestion occurs. It is then extremely important to enforce a congestion control
scheme at the cell level that can dynamically interact with the call level control such
that the traffic gets smoother, and the bandwidth allocated is utilized to the maximum

extent.

In [69], the model represents the arrival rate A (! )by quantizing the bit rate into
uniform discrete levels, and the rate variations over time are approximated by a
continuous time process with discrete jumps at random Poisson times. Thus the state
space ( A) of the chain represents a quantization level of the original sampled process,
measured in bits/pixel. The (M+1) states scan the range of the variations. The
parameters « and [3are the transitional rates of jumping from one quantization level

to the other and these parameters were evaluated in [45] and the results are,

_CR(0) E(Ae)

A_E(M) M S
B=3.9/ |+___Ez(>‘”) 111.2

' MC R (0) (H17-2)
a=3.9-p : (111.3)

Where £ (Ag)and C,(0O) are the average and the variance of the aggregate

arrival process from R identical and independent sources. Each source transmits a
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random process with mean [ (A )and autocovariance function ¢ ()= C(0)e ™"
T is the source frame number n divided by a frame rate of 30 frames/sec. The
multiplexer buffer has a fixed buffer length N cells and is fed by the process described
by the system of equations in (III.1-111.3). The system equations were written in the
matrix form PQ = Owhere Pisthe steady state probabilities vector, Qisthe transitional
rates matrix. The matrix Q contains submatrices of dimension A. These matrices can
be of extremely large sizes, yielding numerical difficulties in solving them. For example,
if the number of sources are 10 video sources, and the buffer size is 100 cells, then the
dimension of the matrix Q is 10,000 which is impossible to solve using direct matrix
manipulations. Matrix-geometric techniques are used to solve the above system, the
solution uses an iteration refinement technique which isneeded to be slightly modified

to suit the overload control in this case.

The approximations encountered with the above mathematical analysis, often
limits the scope of the results rendering simulation tools more powerful and accurate
to use. In our study, we use Simscriptll.5 simulating language to gain insight to the
performance of the communication link. The simulation study covers a homogeneous
case where N video sources are multiplexed and a heterogeneous case where a mix of

voice and video sources are multiplexed.

Figures 3.1and 3.2show the schematic diagram of the access control scheme that
applied to video multiplexer and voice/video multiplexer respectively. It controls the
bursty arrival process at the input multiplexer viaa feedback control signal that throttles

the arrival process during over-load periods. The scheme uses the buffer-length of the
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multiplexer as an indication of possible congestion. The motivation behind this choice
is that the arriving packets are blocked only when the buffer is full. Therefore, itisa
good apriori indication of possible congestion. As the number of packets in the buffer
reaches a first threshold level (K1), a feedback control signal switches the input
source-coders to a higher coding rate (i.e., decreasing the number of bits/sample).
When another congestion threshold (K2) is reached a similar action is taken thus
reducing the input bit-rate further more. For example, consider ADPCM with coding
rate of 8 bits/sample. At threshold level K1, the coding rate is switched down to 6
bits/sample. While at threshold level K2, it is switched further down to 4 bits/sample

only.

3.3 Bandwidth Allocation to Voice and Video Traffic

ATM networks are capable of supporting a wide range of connections with
different bandwidth requirements and traffic characteristics. While this environment
provides increased flexibility in supporting various services, its dynamic nature poses
difficult traffic control problems when trying to achieve efficient use of network
resources. One such problem is the issue of bandwidth management and allocation.
Because all connections are statistically multiplexed at the physical layer and the bit
rate of connections varies, a challenging problem is to characterize, as a function of
the desired quality of service (QOS), the effective bandwidth requirement of both
individual connections and the aggregate bandwidth usage of connections multiplexed
on a given link. The basic objective of a bandwidth management isto allow for high

utilization of network resources, while sustaining an acceptable quality of service for



72

all connections.

In [70],three different types of traffic, video, voice and data are being multiplexed
into the outgoing link. Cells belonging to each type of traffic are queued in a separate
buffer and then multiplexed on a separate virtual path. The controller reads the input
traffic characteristics and its required QOS and, based upon the bandwidth availability,
either accepts the call or rejects it (CAC algorithm). As the number of queued cells,
in each buffer, reaches a certain threshold, the access control algorithm throttles the
input bit-rate by compressing the coding rate. Atacertain desired bandwidth utilization
(e.g. 0.8), the threshold levels required to support the voice calls at the voice buffer

are quite different from those required at the video bufter.

The controller allocates the bandwidth to users sharing the same virtual path
according to a predetermined rule which is based upon exploiting the statistical
multiplexing gain. The bandwidth required, isless than the peak rate and greater than
the average rate by some bandwidth allocation factor. This factor is function of the
arrival statistics, the required QOS (i.e., cell loss rate, delay) and the number of
multiplexed calls per each virtual path. This bandwidth is just enough to guarantee
the call its QOS which is determined by an acceptable cell loss rate and maximum
permissible delay. The delay iseasily guaranteed by limiting the buffers’ size. Whereas,

the cell loss rate is guaranteed by the amount of allocated bandwidth.

The scheduler schedules transmission of cells, from each queue, such that the

bandwidth allocated to each type of traffic, and hence the virtual path capacity, equals
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the value driven from the bandwidth allocation table.

The scheduling of cells from separate queues, is controlled via the Bandwidth
Control Period (BCP) rule. The BCP, is a time-frame that is used, by the scheduler,
to control the access to the link by scheduling both types of traffic (video and voice)
such that they are always guaranteed their corresponding allocated bandwidth. The
controller selects the required bandwidth to support each type of traffic according to
its required QOS. This information is then used by the scheduler to initialize a value
for the BCP, which specifies a clock frequency to control the switching speed of the
scheduler. The controller monitors both the arrival statistics and the buffers’ lengths
to maintain the required QOS and avoid congestion. Whenever the controller detects
a change in the arrival statistics (or a possible congestion) then it updates the BCP
value such that the QOS is always maintained for each type of traffic. Hence, the
assigned bandwidth to each virtual path will be also updated to accommodate any new
changes in the traffic characteristics. For example, an increase in the number of
accepted voice calls would imply a corresponding increase in the bandwidth allocated
to the voice-traffic virtual path, at the expense of a decrease in the bandwidth allocated
to the video-traffic virtual path. The BCP value, which is the sum of the two windows,
could still be the same (in case there isno change in the queueing process performance)
or it could be updated to accommodate any traffic variations that may lead to an
increase in the number of queued video (or voice) cells. The BCP rule provides simple
means to control each virtual path capacity in response to such traffic variations, by
simply changing the width of the access-control time-frame. The performance of the

queueing process (in terms of the cell loss rate) improves when the BCP value decreases
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(i.e.,the switching time from one queue to the other is small).

The arrival process resulting from the superposition of M video sources depends
upon the contents of the scene and the type of video coding algorithm implemented.
The model that is used here assumes single motion activity scenes. The aggregate
video arrival rate isalso modeled bya Continuous-Time Discrete-State Markov Chain,
where the state of the Markov chain represents a certain quantized bit-rate level of
the bit-rate arrival process. Hence, the state of the Markov chain,
(ict),ie (0. 1,..N,),scans all possible changes in the bit-rate process from zero to
the maximum possible bit-rate N,. The parameter N,,isequal to the maximum number
of quantization levels that represent the bit-rate process. The Markov chain
transition-rate matrix, representing the video arrival process, has a dimension of
(N,+1). This model, yields an extremely high number of states, thus leading to
numerical difficulties. For example, consider the multiplexing of 10 video sources,
then the number of the Markov chain states will be 100 different states covering all

possible bit-rates transmissions.

The infinitesimal generator for the queueing process for each of the voice and
video queues were presented. The problem, here, isto solve two separate queues each
of the type PH/PH/1/K, for the cell loss probability. The solution of the these matrices

involve numerous numerical calculations using matrix geometric techniques.

In our study, we use simulation to analyze a bandwidth control scheme for

integrating packetized voice and video traffic in an access node in ATM network. In



this scheme, voice and video are queued separately to facilitate dynamic bandwidth
sharing and mutual overload protection. It guarantees bandwidth to voice and video
traffic by reserving N1 and N2 queue length limits for transmitting voice and video
packets (cells) respectively. When one queue is exhausted, the transmission is
immediately moved over to the other queue if it is not empty. Our simulation results
show that the scheme enables it to meet the disparate performance requirements for

voice and video traffic and to increase the efficiency of transmission bandwidth usage.

In Figure 3.3, three bandwidth allocation algorithms to voice and video traffic
are shown. Figure 3.3a shows a statistical bandwidth allocation to voice and video
traffic. In this algorithm, a transmission bandwidth is shared between the voice and
video traffic where the voice and video cells are treated equally on a first come first
serve (FCFS) basis. Figure 3.3b shows a deterministic bandwidth allocation to voice
and video traffic. In this algorithm, a transmission bandwidth is deterministically
subdivided for video and multiplexed voice traffic. Peak bit rate (PBR) bandwidth is
deterministically allocated to video traffic, and the rest of the bandwidth is allocated
to multiplexed voice traffic. Figure 3.3cshows a bandwidth control window allocation
to voice and video traffic. In this scheme, voice and video are queued separately to
facilitate dynamic bandwidth sharing. The scheduling of cells from separate queues,‘
is controlled via the optimum values of the bandwidth control windows. When one
queue is exhausted, the transmission is immediately moved over to the other queue if
it is not empty. The bandwidth control window, is set to be the scheduler maximum
switching period of time required to support both types of traffic (voice and video),

such that their respective cell loss rates and delays are delivered.
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3.4 Simulation Model

The simulation program used in this study is written using Simscript 1.5 and
implemented on Sun workstation. The flow chart and the timing routine are the same
as given in Figure 2.3 and Figure 2.4 respectively that were shown and explained in

the previous chapter.

The communication link is represented by a server with service time equal to
L/C where L is the packet length in bits and C is the communication link capacity in
bits per seconds. The bursty sources access the link via asynchronous statistical
multiplexing on a first come first serve (FCFES) basis. The server serves one packet
per transmission time which is the unit time. Packets arriving during busy server
intervals are queued in the buffer of length M packets. The length of the buffer (M)
is chosen to limit the maximum permissible delay per packet. An arriving packet will
get blocked if the buffer is full. If the server is idle, the packet keeps the server busy

for a time equal to the service time then it relinquishes the server.

Two types of processes are defined for each source. One process is defined to
generate packets, called packet arrival process, while the other serves the generated
packets and is called packet service process.

3.4.1 Statistical Multiplexing of Video Sources

In the case of homogeneous sources, we defined N packet arrival processes where
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N is the number of video sources. We assume video sources generating 30 frames/sec.
We model the bit rate of a single video source during the nth frame by a first order
autoregresive Markov process. A first-order autoregresive Markov process R(n) is

generated by the regressive relation:

An)y=ar(n-1)+bw(n) (1t.4)

Where w(n) is a sequence of independent Gaussian random variables and a & b are

constants and their values are determined in [70].

3.4.2 Statistical Multiplexing of Voice and Video Sources

In the case of heterogeneous sources, we defined N1 packet arrival processes for
voice sources where N1 is the number of voice sources and N2 packet arrival processes
for video sources where N2 isthe number of video sources. Each video source generates
bit rate as given in the previous section. Each voice source alternates between active
and silence periods which are generated using the built-in exponentially distributed
random variable generator. The voice arrival process generates packets only in the
active periods where the interarrival time between the packets isthe packet generation

time. The mean silence period isthe mean interarrival time between the active periods.

According to the access control scheme, each video/voice source generates
packets with a coding rate that corresponds to 8/4 bits per sample as long as the buffer

occupancy level is in the underload interval (i.e.,the number of packets in the buffer
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is less than the first threshold K1). In this case, the interarrival time between packets,
T1 is equal to the packet length in bits divided by the source peak bit-rate in bits per
second. When the buffer occupancy level is bounded between the threshold levels K1
and K2 (transitional interval from the underload to the overload period), the coding
rate for video/voice drops to 6/3 bits/sample thus decreasing the source peak bit-rate
correspondingly, therefore increasing the interarrival time between packets to T2. As
the buffer occupancy reaches the overload interval (i.e.,the number of packets in the
buffer increases beyond the second threshold K2) the coding rate for video/voice drops
further from 6/3 to 4/2 bits/sample hence the source peak bit-rate is reduced
furthermore and the interarrival time between packets isincreased to T3. The blocking
probability is measured by evaluating the ratio of the number of blocked packets to
the total number of transmitted packets during the simulation run time. We run several
simulations with different seeds to evaluate the link performance with and without
access control and the confidence interval was 95%. Some of the performance
evaluation results are the blocking probability with and without access control, the
optimum values of the thresholds K1 and K2 and the mean bits/sample. A comparison
between statistical, deterministic and bandwidth control window allocations to voice

and video traffic are presented.

3.5 Simulation Results and Discussions

In this section, we discuss the simulation results obtained from this study. For

each voice source, we set the mean of the talkspurt period equals to 352 microseconds

and the mean silence period equals to 650 microseconds. Assuming ADPCM coding
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technique for the voice sources at 4 bits/sample, then the source peak bit-rate is 32
kbps. As the first threshold level K1 is reached, the source peak bit-rate is reduced to
24 kbps. As the second threshold K2 is reached, the source peak bit-rate drops to its
final overload value of 16 kbps. The video source model used in our study, generates
30 frames per second, each frame contains 512 x 512 pixels. Using first order
autoregressive continuous-state, discrete-time Markov process which is given in the
previous section, we generate each video source rate. The values of the constants a
and b are 0.878and 0.1108respectively, leading to an average bit rate of 3.9 Mbits/sec
and a peak bit rate of 10.6 Mbits/sec for each video source. These values are adopted
from the work done {70]. The communication link capacity is assumed to be 150
Mbits/sec ,and the cell length is the ATM standard of 53 bytes. The buffer length is
set at 20 cells for both voice and video queues, which limits the maximum acceptable

delay to 50 |t secs.

Figure 3.4 shows the statistical multiplexing gain of independent video sources
without and with the access flow control. It shows the blocking probability for
multiplexing one to five video sources at the same utilization value of 80%. This result
indicates that the blocking probability of video sources drops dramatically as the
number of multiplexed sources increases. This demonstrates that statistical multi-
plexing can efficiently absorb temporal variations of the bit rate of individual sources.
In the case of video traffic, the access flow control is more effective than the voice
traffic, ( see our work in [71], therefore only one threshold for the video buffer is used.
To see the effect of the threshold on the blocking probability, we set this threshold

value to 10 cells. When the access flow control is applied, more dramatic reduction
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in blocking probability is obtained as the number of multiplexing sources increases.

Figure 3.5 shows the blocking probability for multiplexing 32 (load of 80%) to 40
(load of 100%) video sources. At 32 video sources, the blocking probability is below
the required value for QOS which is 1077, As the number of video sources increases,
the blocking probability increases to reach a value of 0.01 at 40 video sources. From
the figure, it is clear that the access flow control is applied from 33 to 40 video sources
which represent 100% utilization of the link. The access flow control activates only
one threshold level for the video buffer to satisfy the required QOS which is | 0™ of
blocking probability. The optimum values for the threshold level K are shown in Table
3.1. It is also shown the percentage of time for activation of the threshold level for
each number of video sources. At 33 video sources, this percentage of time has very
small value which is equal to 0.01%. As the number of video sources increases, this
percentage of time increases and reaches a value of 2% at 40 video sources. It isclear
from Figure 3.5that as the access flow control is applied, all the blocking probabilities
have been dropped to the required value of 1077, The price to be paid is a slight
degradation in the service quality measured by a decrease in the mean bits/sample as

shown in Figure 3.6. This degradation is very graceful versus the input load.

Figures 3.7and 3.8 show the statistical multiplexing of different number of voice
sources with one and three video sources respectively. As shown in these figures when
the voice and video cells are treated equally, the blocking probability of video is worse
than that of voice. We applied the access flow control using two threshold levels (K1,

K2) for the common multiplexer buffer and we set these values of the threshold levels
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to 6and 12. Itisclear from Figures 3.7and 3.8that as the access flow control isapplied,
adramatic reduction in blocking probability isobtained at each number of multiplexed
voice sources. In the case of one video source, if the video blocking probability is | 0’
and the voice blocking probability is 10" | the number of multiplexed voice sources
is 1000 sources, but after applying the access flow control this number is increased to
11300 sources. In the case of three video sources, if the video blocking probability is
1077 and the voice blocking probability is 107", the number of multiplexed voice

sources is 8000 sources and becomes 8800 after applying the access flow control.

Comparisons between deterministic and statistical bandwidth allocation to voice
and video traffic are shown in Figure 3.9 and 3.10 for one and three video sources
respectively. For statistical bandwidth allocation in both cases, if the video blocking
probability is 10”7 and the voice blocking probability is ! 0™", the number of
multiplexed voice sources decreases about 10% in comparison to deterministic
bandwidth allocation. Comparing the two figures, it is easy to see that if the peak
bit-rate of the multiplexed video sources is the same, the number of multiplexed voice

sources is insensitive to the number of multiplexed video sources.

Figure 3.11 shows the values of the total bandwidth control windows assigned to
voice and video traffic for multiplexing voice sources with one and three video sources.
The bandwidth control window is equal to the maximum total time spend in both
buffers to support the given video and voice calls under the reduired QOS and isgiven
in units of cell transmission time. As the number of voice sources increases, the total

bandwidth control window decreases. In the case of three video sources, the values of
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the bandwidth control windows decrease in comparison to the values assigned in the
case of one video source. Table 3.2shows the optimum values of the bandwidth control
windows that assigned to voice and video buffers at different load values to guarantee
the traffic required QOS in terms of its cell blocking probability of 107 for video and

10~ * for voice and attainable quality.
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Number of Value of the Percentage of
Video Sources | Threshold Level | Time for Activation
nK" of Threshold Level
33 16 0.01%
34 15 0.0123%
35 14 | 0.0315 % i
: i
36 13 0.26 %
37 12 0.53%
38 11 i 0.82%
1
! ‘;
39 10 ' 1.12% l
i
40 9 2%
|
|

Table 3.1 Optimum Values of The Threshold Levels to satisfy The

Required Blocking Probability of 10

For Ditfferent Number of Video Sources
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1 Video Source

3 Video Sources

Number of Assigned | Assigned Assigned Assigned
Voice Sources Window Window Window Window
To Video! To Voice To Video To Voice
Buffer Buffer Buffer Buffer
6000 6 ' 10 6 , 8
| |
7000 5 9 5 7
8000 4 8 4 6
| |
9000 3 -7 : 3 5 |
; |
| |
| | |
10000 2 | 6 2 i 4 ;
‘ |
{ !

Table 3.2 Optimum Values of Bandwidth Control

Windows for Voice and Video Bufters

at Different Loads
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4. Conclusions and Future Work

We have applied simulation methods to evaluate the
performance of voice, video and voice/video multiplexers with
an access flow control algorithm and a bandwidth control window
assignment. The basic principle of the simulation is to operate
simultaneously N independent voice or video packet generation
and service processes. The accuracy of the results from a
simulaticon run are a function of the length of the simulation
and the correctness of the source and multiplexer models. We
adopted an empirical approach to establish the accuracy of the
simulation by running the simulation programs for incrementally
longer periods of time until the differences in the simulation
outputs of interest converged to appropriately small values.
Because the aggregate process resulting from multiplexing
homogeneous and heterogeneous traffic is very complex, we used
simulation analysis to gain some sight of the multiplexer
behavior. Also we used simulation to obtain the distributions
(histograms) of the multiplexer buffer length at different
load which are difficult to obtain analytically and we obtained
the all optimum values of the threshold levels of themultiplexer
buffer and the optimum values of the control windows for the

access control scheme and bandwidth allocation algorithm.
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We summarize our contributions in the following points:

1) The optimum sets of the thresholds values (K1, K2) were
obtained to satisfy the Q0S for voice and video traffic in
terms of its blocking probabilities and mean bit/sample at

given buffer size.

2) The access control scheme with different access control
windows are presented and the optimum sets of (K1, K2) for
different access control windows were obtained. Also, we show
the effect of the access control window on the triggering rate

of the controller.

3) Using the bandwidth control window assignment, a bandwidth
can be allocated to voice and video traffic such that to
guarantee the traffic required QO0S in terms of its cell blocking
probability and attainable quality. The optimum values for
the bandwidth control windows, which were assigned to voice

and video buffers at different loads, were obtained.

The problem of flow control in ATM networks needs more
work to achieve a novel scheme. Therefore, our future work

will include further studies in flow control algorithms and
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new models for real time traffic. Also, we will study dynamic
routing and bandwidth allocation of real time traffic which

are issues need to be resolved.
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