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iv
ABSTRACT
Multiple Access and Bandwidth Reservation in Wireless ATM
Local Networks

by
Zhiguang Zhang

Advisors: Professor Ibrahim Habib, Professor Tarek Saadawi

In a wireless asynchronous transfer mode (47M) network, an efficient multiple access
control (MAC) protocol should include provisions for reserving resources in order to
provide multiple quality of service for different types of traffic. In this dissertation a
bandwidth reservation multiple access (BRMA) protocol is proposed and analyzed. On
the uplink channel, mini slots are deterministically assigned to each user to guarantee
contention-free channel reservation. Data slots are dynamically assigned according to
the service ratio to guarantee collision-free data transmission. The service quota is
determined during the call admission phase such that different users can receive their
requested quality of service. Performance analysis results prove the effectiveness of
BRMA in supporting multimedia traffic that have diverse mixture of statistical

characteristics.
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1. Introduction

1.1 Wireless Information Networks

Most people will associate wireless information networks with cordless or cellular
phones. In fact, the meaning of the wireless information networks goes beyond these.
The existing wireless networks include following two broad categories: the voice
oriented isochronous networks and the data-oriented asynchronous networks, see [1].
The former includes the popular cordless phones that cover local area with low
transmission powers and the cellular phones that cover wide area with high
transmission powers. The latter includes the high-speed wireless LANs (WLAN) and
the low-speed mobile data networks that serve wide areas. Historically, the wireless
information networks has gone through generations of revolutions and evolution. The
service of first generation, characterized by the analog voice transmission and limited
network control, is still operational and still the main wireless service available in this
country. One example is the Advanced Mobile Phone Service (AMPS) that was
designed by AT&T and mandated by FCC. The second generation wireless
information networks, characterized by digital transmission technologies and
providing service to wide areas, are now being implemented and becoming
operational worldwide. One example is the European Global System for Mobile

Communication (GSM). The third generation of wireless information networks,
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aiming to provide integrated services over cordless and cellular phones, WLANs and
the Internet multimedia, to wireless users anywhere and at any time, is under research

worldwide.

1.2 Bandwidth for Wireless Communications

The problem of insufficient commercial wireless bandwidth has existed for a long
time. In 1983, the first cellular system became operational in Chicago. Some cells
already became saturated in less than a year, see [1]. According to the Cellular
Telecommunications Industry Association (CTIA), in 1984 there were about 90,000
cellular subscribers in the United States. In 1994 the number increased to 17 million.
Recently, in order to increase the capacity of commercial wireless networks, the FCC
relinquished and auctioned some wireless bandwidth that was designated for
government users to commercial users. Such bandwidth includes the spectrum
between 1850 - 1910 MHz and 1930 - 1990 MHz relocated to licensed PCS and 1920
- 1930 MHz to unlicensed PCS (UPCS), see Figure 1. The high frequency band to the
right of the Figure 1 can of course be explored. However such exploration is limited

by the technology available today. For now, the wireless bandwidth resource is like

precious real estate.

The insufficient availability of the wireless bandwidth has imposed more and more
stringent requirements to the efficient utilization of the precious resource. A

tremendous work has been done in wireless system infrastructure, coding, modulation
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technology and efficient multiple access technology to squeeze the most out of the

limited wireless bandwidth.

1.3 Wireless Multiple Access Control Protocols

The effectiveness of a wireless system depends largely on the multiple access control
(MAC) protocol that is used. The MAC technology has evolved from frequency
division multiple access (FDMA) to time division multiple access (TDMA) and code
division multiple access (CDMA). As the earliest analog MAC technology, the FDMA
is still in use in some current wireless networks, such as the cellular phone systems in
the United States. It does not utilize the wireless bandwidth as efficiently as the digital
TDMA or CDMA. TDMA is a mature and well understood MAC technology and has
been widely used for many years in wireless networks as well as in the wired
networks. A few types of TDMA protocols exist now. One is the random access
TDMA with or without control, such as the Aloha, Slotted Aloha and CSMA/CD. It is
usually used in data communications. Another is centrally controlled TDMA which is
mostly used in the isochronous voice communications. Unfortunately, neither type
above can utilize the bandwidth very efficiently for variable bit rate (VBR) traffic that
is usually encountered in the future wireless information networks. The random
access TDMA cannot even provide satisfactory utilization of bandwidth to data traffic.
For example, the Slotted Aloha can typically reach a maximum utilization of 36% due

to the packet collisions. The traditional central controlled TDMA, on the other hand,
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does not provide high bandwidth utilization for live voice communication either. In
most TDMA protocols with central control, each channel (a data slot in a frame) has to
be assigned to a voice conversation during the whole connection period. Because the
voice activity detectors are difficult to implement with these protocols, about 60% of
bandwidth — corresponding to the silence periods of the voice conversations — can

only be used to transmit data packets or even wasted.

To efficiently utilize the bandwidth, a Slotted Aloha reservation type of TDMA called
packet reservation multiple access (PRMA) was proposed by Goodman et al [2] and
widely studied by many others, see [3], [4], [5], [6] and [7]. Unlike Slotted Aloha,
contentions for a time slot in PRMA occur only at the beginning of each talkspurt of
the conversation. Unlike traditional TDMA4, PRMA allows a voice user to reserve a
slot only during each talkspurt rather than during the whole conversation. For voice
conversations where the average talkspurt is in the order of a second, the utilization of
the channel can reach 68% [3], higher than that of traditional TDMA (40%). Mitrou
et al in [8] proposed and studied an improved version of PRMA. In this improved
version a minimum portion of the available channel capacity is dedicated to the
reservation channel. Slotted Aloha contentions occur in some slots that are further
divided into mini-slots. As a result, throughput performance under high load

conditions is improved.

We observe, however, that as the average length of talkspurt of the conversation

decreases, the performance of this class of Slotted Aloha | TDMA reservation
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protocols degrades due to more frequent collisions at the beginning of each talkspurt.
In the extreme case, when the user transmits one packet each spurt, above protocols
perform just like Slotted Aloha. Therefore PRMA described in [2] and [3], though
good for periodic and slow time-varying traffic such as voice, is not suitable for the

highly time-varying traffic such as those encountered in multimedia A TM networks.

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



2. Bandwidth Reservation Multiple

Access Protocol

2.1 Architecture of Wireless Local Systems

In wireless TDMA schemes, time is usually divided into frames and slots. A guard
time is needed between two consecutive slots or frames to accommodate the effect of
the propagation delays, see [9] and [10]. Partially for this reason in a high speed
wireless LAN where TDMA is used, the propagation delay should be very small if
high utilization is to be achieved. In other words, most high speed wireless LANs are
usually designed to cover small areas called micro-cells or even pico-cells. In fact, in
some applications the confinement of the signal to a small area is a desirable feature
for wireless LANs, see [11]. In LANs that cover such small areas, practical

propagation delay is in the order of a few microseconds and has no effect on the

protocol performance.

Our protocol BRMA is a wireless protocol for such purpose. In order to provide a
coverage of a wider geographical area, a backbone network or metropolitan area

network (MAN) can be used to interconnect the base stations of the smaller cells, see

Figure 2.
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2.2 A Bandwidth Reservation Protocol for

Wireless ATM Networks

In this section we describe the BRMA protocol from three perspectives: call

admission, signaling and transmission scheduling.

2.2.1 Call Admission Control

In an ATM network, a call admission controller determines whether the network has
enough resource to support a new call with requested QoS. The QoS parameters
include peak-to-peak cell delay variation, maximum cell transfer delay, cell loss ratio,
cell error ratio, cell block ratio, and cell misinsertion rate, see [12]. These QoS
commitments are probabilistic in nature and are intended to be only a first order
approximation of the expected performance that the network needs to provide. Even
so, to support these QoS needs careful calculations of required bandwidth. There are
many methods to determine the required bandwidth to support calls with QoS, see
[13] — [18]. For example, the required bandwidth is studied with queuing or
simulation analysis in [13] and [14]. In [15] and [16], the “effective bandwidth”

method was used to solve the bandwidth allocation problems for individual and
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multiple calls. Many of these methods are rather effective for the studied traffic

patterns.

However, it is very difficult to characterize and model the highly variable and
correlated properties of the multimedia traffic in the A7M environment with just a few
parameters. It is even more difficult to determine the required bandwidth for such
traffic dynamically without using over complicated module. In this study, we propose
to use the feed-forward back-propagation neural networks (VNs) to perform the call
admission control functionality. The neural network call admission controller resides
at the base station. There are R virtual paths supported over the wireless uplink. Each
virtual path carries traffic of different arrival characteristics but share the similar QoS
requirements. One neural network is used to estimate the capacity allocated to each
virtual path. A decision maker calculates the total allocated bandwidth and determines
if a new call should be admitted. Figure 3 shows the functional structure of the call

admission controller for two virtual paths.

Traffic characteristics are measured with an arrival count process in consecutive
constant time periods. As indicated in [19], the traffic correlation of most time
varying videos can usually be captured by a count process with measure window
containing 600 samples measured at consecutive video frames. In this study of BRMA,
the base station obtains each sample by summing the total number of requested data
slots per frame for this virtual path in the time period of a video frame. This number

of requested data slots per frame is reported from each mobile user to base station
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every time frame in a mini slot, which will be explained in the subsection 2.2.3 when
the transmission scheduling is detailed. These samples are pushed from the count
process to the neural network via a shift register. Using these samples as inputs, the
neural network calculates the capacity used by this virtual path and reports to the
decision maker. To avoid complicated design, we divide the neural network into two
levels. The 600 samples are grouped into 30 groups with each group containing 20
samples. The first level of neural networks calculates the capacity for each group of
20 samples and forwards it to the second level. When results of 30 groups reach the

second level, the total capacity for the virtual path is calculated.

The decision maker takes the calculated capacity from all virtual paths as inputs,
considers the multiplexing gain at the virtual paths level, total capacity, and the
capacity already in use in a virtual path to determine if the new call should be

accepted. More exactly, a new call is accepted if:

Cvp: +XZ Cax +Cnew (1)

where Cyp; is the total available capacity for the virtual path i, C, is the capacity
already used in the virtual path i, Cpew is the calculated capacity for the new call, and

X is the multiplexing gain defined by:

XY= )
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where R is the total number of virtual paths in the network and Cjix is the total

capacity in the wireless link.

This feed-forward back-propagation NN call admission controller needs initial off-
line training based on extensive simulation results. Once properly trained, it can
adaptively and promptly determine the required capacity for a new call of the type that
is carried over that virtual path. The time to determine the capacity needed for a new
call of learned traffic pattern is minimal, while the time to learn a new traffic pattern
is no more than a time period of 600 video frames. Most parts of this neural network

call admission controller is similar to the one that is described in detail in [19].

2.2.2 Signaling

The uplink signaling is performed on a separate frequency band using Slotted Aloha
scheme. The downlink signaling is performed on the broadcast channel. When a
mobile station requests a new call admission, it sends a packet in one of the call
admission request slots based on Slotted Aloha contention scheme. If this call
admission request packet successfully reaches the base station, the NN call admission
controller at base station determines whether this new call can be supported with
described traffic pattern and requested QoS requirements. If the base station
determines to accept this call, it sets up the end-to-end connection, reserves resources

such as bandwidth and buffers along the way, and notifies the requesting mobile

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



11

station through the downlink broadcast channel. The admitted call then starts its
transmission according to the procedure described subsection 2.2.3 bellow. If the base
station decides to reject the new call due to insufficient available bandwidth, it returns
a busy signal to the requesting mobile station through the broadcast channel. If the
mobile station does not receive any acknowledgment from the base station after a
time-out period, it considers the Slotted Aloha transmission unsuccessful and will try
again after a random waiting time period. When the mobile station decides to
terminate the call, it sends a request to the base station. Upon successfully receiving
the request, the base station notifies the other end user, releases the allocated
resources and then, acknowledges the mobile station through the broadcast channel,
see figure 4. In this example, mobile stations 4 and B are already connected before
MS C requests admission. Synchronization in the micro cell is managed by the base
station. The time clock is transmitted through the downlink channel periodically from

the base station to the mobile station, which adjusts its clock accordingly.

2.2.3 Transmission Scheduling

We consider an RF channel of high capacity ( 10 Mbps) shared by mobile multimedia
terminals within a micro cell. Communications between base station and mobile
stations are carried over uplink and downlink channels. The downlink channel is

divided into data slots, each of which carries an 4TM cell.
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Besides signaling, the broadcast downlink channel is used to transmit data cells and
OAM cells to mobile stations. In the uplink channel, time is divided into data slots,
each of which carries an ATM cell. Figure 5 shows the structures of the uplink time
frame, mini slot, and data slots. Each frame is composed of K data slots and N mini
slots, with N equals to the number of mobile stations that are accommodated in the
system. Each mini slot is deterministically assigned to a mobile station that has
succeeded in establishing a connection during the call setup phase which was
described in subsection 2.2.1. In each mini slot, a mobile user sends a mini packet
which includes u; bits for station ID, u; bits for number of data slots requested in

current frame, and u; bits of error check to the base station. We have:

u =[In(M) ]

3
sy = ()] ®

and u; can be just one (1) bit as parity check for the simplest case. At the end of the
mini slots, the base station knows the total number of data slots requested in this
frame and broadcasts the data slots assignment immediately. Each user transmits its
data packet(s) in its assigned data slot(s) in this frame. Obviously, the protocol works
only in very small areas, such as micro cells or pico cells, where the propagation delay

is negligible, see Figure 6.

In each frame, if the total requested data slots exceed what are available, each mobile

user is assigned at least a minimum number of slots which has been previously
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determined during call admission. For any mobile user, if the number of assigned data
slots are less than what has been requested, then some packets will be queued up for
transmission in the following frames. Delay sensitive packets will be dropped if they
have waited longer than their accepted delay limits. Because the call admission and
bandwidth allocation functionality will limit the number of connections, the QoS is
maintained for all connections. The above data slots assignment procedure is repeated
every frame. One may observe that the slots assignment is dynamically varied every

time frame according to the mobile user’s traffic arrival pattern.

When the available bandwidth is more than the sum of the individual minimum
bandwidth, a service ratio is determined to keep fair QoS to all mobile users. As an
example, we consider two groups of wireless users 4 and B: and the number of users
in each group is Na and Mg, respectively. Group 4 and B have different QoS
requirements. The call admission controller determines that the minimum number of
data slots per frame (K and Kg) are guaranteed to groups 4 and B. We call Ka/Kp the

service ratio. The call admission controller guarantees that

K,+K, <K. @)

In figure 7, we show a typical scenario of the slot assignment where K=7 and

K,/ K, =3/4. In any particular frame, the data slots used by group 4 and B may

not be exactly K, and Kjp respectively. When group A cannot use up the K4 data slots,

and when group B needs more than Kg data slots, group B may utilize the unused
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portion of the K, data slots . This is true vice versa. Similarly but not shown in Figure
7, any slots unused by group 4 and group B can also be reallocated to the best-effort
service which was not preassigned any slots during call setup. Obviously, such service
discipline maximally utilize statistical multiplexing gain to enhance the channel’s

throughput.

In the frame structure, the value of K is a design parameter. If X is too large (the
frame is very long), new arrivals have to wait for a long time to request data slots for
transmission, therefore packets suffer from long delay. If K is too small
(corresponding to a very short frame), mini slots overhead occupies a large portion of
the bandwidth hence packets also suffer from long access delays. Therefore an
optimal value of K exists. This value depends on the traffic condition, the QoS
requirement and the system capacity. In Chapter 3, we will determine it by queuing
analysis and simulations for voice and data traffic. In Chapter 4 we determine optimal

K for more complex traffic (video, voice) by extensive simulations.

Of course, the number of groups of traffic that BRMA can support is by no means
limited to two. For simplicity, we only consider the case of two types of traffic in this

and following chapters.
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3. Bandwidth Reservation for Voice

and Data

In this Chapter, the BRMA performance is studied for voice and data traffic through

both queuing analysis and simulations.

3.1 BRMA Performance for Voice

We first consider the case when voice conversations are the only traffic in the system.

3.1.1 Queuing Analysis

We assume that a voice packet has v bits payload, and that each packet has a header of
h bits. Each mini-slot contains Ay bits. Each voice source generates voice packets at
the peak rate of R, kbps during the talkspurts and no packets during silence periods.
Both talkspurts and silence period, are exponentially distributed with mean of T ms
and Ts ms respectively. During talkspurts voice packets arrive every fp, ms. There are
N stations connected through the base station. If the voice packets are not transmitted

within D ms, they will be dropped. A satisfactory QoS indicates a packet loss rate of
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under 1%. Intuitively very long frames will lead to excessive packet loss due to
prolonged delays, thus limiting the number of stations that can be supported. On the
other hand, very short frames may cause the total throughput to degrade due to
excessive frame overhead. The optimal number of data slots in a frame is the one that

can maximize the throughput and guarantee QoS for a certain number of users.

Designating d as the data slot length, L¢ as the length of a frame, we have:

Nxh,
L, =Kxd+ C
d_h-i-v )
- C

In order to simplify the analysis, we express the maximum delay limit in terms of a
finite-size buffer. Considering that the buffer space is equivalent to a waiting time of
one data slot d, and that each frame contains a mini-slot header of and that there are

frames in time D, we obtain the equivalent buffer size limit B:

D
(D_EX(LI - K xd))
B= 7 (6)

We observe the arrival process from N homogeneous voice sources at the beginning
of each frame. This process can be characterized by a discrete-time Markov chain of

dimension (N+1), where its state is defined by the number of conversations in
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talkspurt (x). In many papers such as [20] and [21], in which similar analyses were
performed, frame length was chosen to be the packet inter-arrival time, f,. In our
study, this case is not applicable since the frame length is, indeed, different from the

packet inter-arrival time.

Let P(x;,x>) be the probability that at the beginning of the (n+1)th frame there will be
x; sources in talkspurt given that at the beginning of the nth frame there are x;

sources in talkspurt in the system.

Let Pass be the transitional probability that a source will switch from talkspurt phase
to silence phase during a single frame, whereas Pg/, is the transitional probability that
a source switches from silence phase to talkspurt phase during the same time period.
Noticing that both talkspurt and silence periods are exponentially distributed with

means T4 and Ts respectively, we have:

. M

Now we try to obtain an expression for P(x;,x2). Two cases arise:

e For x; 2 x,, for the number of sources in talkspurt in the system to change from

x> to xj, there must be exactly & sources in talkspurt changing to silence and
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exactly (xj-xy+k) silent sources changing to talkspurt in one frame, where

k =0,1,2,...,min(x,, N —x,). Hence we have:

min(xy , N-x;) X N—x
P(x;,x)= X (,j)xP,ﬁsx(l—PA,s)x( i J

= X, =X, +k 8)
x P;/,A-xzq-k x (1 _ PS/A)N-X,-I:
e Similarly for x1 <x2 we have:
min(x, ,N-x;) N —-x
_ 2 xy-x,+k
P(x,,x,) = é (xz—x,-f-kJXPAIS
%)

X
x (1= P, ) " x( 2) x Pt x(1=P, )"

k

For the N-state discrete-time Markov arrival process, we designate P(A4|x) as the
conditional probability that there are exactly 4 packet arrivals during a frame given
that at the beginning of the frame there has been x voice sources in the talkspurt.

During time Ly, a source generates either p packets with probability (L, —¢, x p) /1,

or p +1 packets with probabilityl - (L, —¢, x p)/t, respectively, where

L
p=[,—’ J (10)

For x sources in talkspurt, we have:
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A-px x-(4-px)
x L, -t,p L —t,p
P(A|x) = (A-px)(_t_‘] (“_t_ Osd-pesx

0 otherwise

When the frame length L¢is exact integer multiples of #,, i.e. p= Ls/t, each source in
talkspurt will generate p packets during the frame. Therefore P(4|x) will exactly

become:

1 Ad=xxp (12)

dmﬁ:{

0 otherwise

Now we consider the queuing model. As in [20] and [21], the system observed at time
units of Lg, is characterized by a two-dimensional discrete-time Markov chain process
(see Figure 8). The state of this chain is defined by (g, x), where g is the total number
of packets in the queue at the beginning of a frame while x is the total number of
voice sources that are in talkspurt at the beginning of the frame. It follows that the

queuing process evolves from nth frame to (n+1)th frame according to the following:

4,1 = min((g, - K)" + 4,,8) (13)

where (¢)" denotes the larger of its content or 0, 4, is the number of packets arriving

during the nth frame.

For the above two-dimensional discrete-time Markov chain, let a(ql,xllqz,xz) be

transitional probability that the next state will be (g,x1) given that the present state is
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(g2,%2)-

ForB<K:

P(xl,xz)x P(ql|x,) 0<q,<B
o(q,,x,1q,%,) = ZP(x,,xz)xP(Alxz) g, =B

A=8

For B> K:
if0<q <B-K
P(x,,x,)x P(g,]x,) 0<q, <K
a(ql’xlqu’x2)= P(xnxz)x P(ql +K—qzlxz) K<q,<q,+K
0 q,+K<gq,<B
ifB-K <q,<B:

a( x,q,,x )= P(x"xl)xP(ql|x2) 0<qg, <K
q1-%11925%2 P(x,,xz)x P(ql +K—q2|x2) K<q,<B

ifq,=B:

o

(x, xz) Z (Alxz) 0<q,<K

A=B

(xl,xz) ZP(A|x,) K<q,<B

A=B+K~q,

a(‘]n-"lez’xz)
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(15)
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The a(q,,xllqz,xz) in the above equations assumes that the system is memory-less.

This is accurate only when p = Ld/t, However for p < Lgt, those equations are only

approximations.

The steady-state probability (g,x) satisfies following equations:

N

7(g%) = D, D 7(gy,%;) x @(q,xq,,%,) (18)

xy=0¢,=0

where the boundary condition is:

N 8

> > ag.x)=1 (19)

x=0 g=0

Above equations can be solved with linear algebra to obtain 7(q,x). To compute the

probability of packet loss, we have:

for B> K:

N K = N B ® _
Puw =22 2, M@ X)P(Alx(4=B)+Y >, > n(q.x)P(Alx)q~K+A-B)/ 4
=8B+

1 x=0 g=K+1 A=B+k~q

(20)

whereas for B< K:
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N K o _
P, = (ZZ Zz(q,x)P(A|x)(A—B)) /4 @21

x=0 q=0 A=8+1
where 4 is the average number of packet arrivals in a frame. It is given by:

NxTAfo

Ao xlaxt,
(Ts+Ty)xt,

(22)

It is simple to see that the average queue length z} at the beginning of each frame is:

&

N g=

2=Y3 7(q.x)xq 23)

x=0 g=

o

To obtain the average packet delay, we have to compute the average queue length O

during the frame as follows.

For K< 5 +1, the average queue lengths at Oth,1st, 2nd, ..., (K-1)th data slots are: E,

q-1 + A, Z]- -2+2x AIK, .., E- (K-1) + (K-1)x AIK respectively. Averaging

above values we have:

[5+5—1+%+¢7—2+2x%+...+E—(K—l)+(K—l)x%J
° K 24)
2g+—xA-K+1
- 2K
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ForeK> g +1:

[2" L4J+LqJXA)(H 1)+ (LQJXA Z](K-LEJ-l)

0= X @)

where | o] is the integer part of e.

Noticing that only (1— PLm)x A packets actually contribute to queuing delay per

frame, we apply Little’s formula [22] to obtain the average voice packet waiting time,

we have:

-_— QxL/

A ®

3.1.2 Numeric Results and Discussions

The system has been simulated for approximately fifteen minutes of real time

operation during which at least ten million packets were generated.

In our study of performance analyses and simulations when there only voice traffic,
we try to compare our protocol with PRMA. Unless otherwise stated, the variables and

their default values are given as listed in Table 1. Each data slot header is 2 bytes. In

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



the following, we use the same values of parameters as those that were used in the

PRMA performance study in [3] unless otherwise stated.

To assess the validity of the approximations, we compare, in Figure 9, the results of
simulations and numerical analysis. The cell loss rate is compared among three cases.
The first curve is obtained from the simulation in which packets are dropped
whenever delay exceeds 32 ms. The second curve is the result of the simulation in
which packets are dropped whenever the buffer ( of length 40, according to equation
(6) ) is full. The last curve is the result of the numerical analysis. All three curves
agree very closely and indicate that 39 stations ( or 76% channel utilization) can be

supported with cell loss rate less than the 1%. The frame length here is 16 ms.

Figure 10 compares the packet loss rate performance when all parameters are default
values as given in Table 1. The results of simulation and analysis indicate that when
the X is 29, the protocol reaches its best performance and 41 conversations can be

supported. Comparatively PRMA can support 36 conversations, see [3].

Figure 11 shows the simulations result of the delay performance for different frame
length. For the similar reasons mentioned above, too short or too long frame would

lead to high packet delays. The optimal K is around 11.

The protocol performance for voice sources of different burstiness is shown in Figure

12. Simulations shows that when the average talkspurt time and average silence time

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



25

are both one fourth of the default values, the packet loss performance of BRMA in a
10 Mbps system is only slightly different a system with the same QoS requirement.
This indicates that the protocol yields high utilization and is insensitive to the
burstiness of each traffic source, especially for high speed systems. For PRMA,
however, when the average talkspurt time and average silence time decrease, more

collision happens and cell loss rate increases hence lower utilization will result.

Figure 13 compares the cell loss rate between PRMA and BRMA. PRMA can at best
reach a utilization of 64% for a 720 Kbps system and given QoS. BRMA can reach a
utilization of 76% for the same system and QoS. When the system capacity is as high

as 10 Mbps, BRMA can reach a utilization of 95% for the same QoS.

The system performance for 4TM-size voice packets is similar, as demonstrated in
Figure 14. When each voice source applies the ATM voice packet encoder, i.e., when
t, is 12 ms instead of 16 ms, and each packet payload is 48 bytes instead of 64 bytes,
the protocol can reach a utilization of 93% in a 10 Mbps system. This slight decrease
in utilization is due to the fact that for the same two bytes packet header less payload
traffic is transmitted in each packet. There has been discussions on whether ATM
technology should be directly introduced into the wireless channel — the result of
lower channel efficiency is one major counter argument. Of course, the 4ATM
technology will do the wireless network more good than harm. After all, the QoS

feature of ATM is the ultimate solution to the transmission of multimedia traffic.
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3.2 BRMA Performance for the superposition of

Voice and Data

Now we study the performance of BRMA for superposition of both data and voice

traffic.

We assume that data packets are allowed to transmit only after all voice packets are
transmitted. Because the voice packets have higher priority than that of the data
packets, their queuing performance is independent of the data traffic. Data packets
are not subject to packet loss. They are simply delayed for a longer time when
bandwidth is not currently available. Therefore we can use the method introduced
previously to calculate the voice packets loss rate and average voice packet delay
without concerning the data traffic at all. Assuming that the packet loss rate for the
voice packet is negligibly low ( much less than 1%), we can use an infinite buffer
model to analyze average packet delay of the superposition of voice and data traffic.
Finally the average delay of the data packets can be calculated. This independent
treatment in the protocol performance analysis for the voice traffic is quite like the

approach used in [23] by Wieselthier et al.
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3.2.1 Queuing Analysis

The previous approach that uses N-state discrete-time Markov chain to model the
arrival process is entirely feasible when the system buffer size B is not very large.
When an infinite (or very large) buffer system is considered, the approach will
become infeasible due to the excessive requirement of the computer memory that is
needed for the calculation. In order to facilitate our calculation, we use a two-state
discrete-time Markov Modulated Poisson Process (MMPP) to model the

superposition of voice and data arrivals.

In [24] and [25] the Markov Modulated Poisson Process was used to model
superposition of voice packets arrivals, by matching traffic characteristics such as the
mean packet arrival rate, the variance-to-mean ratio of the number of arrivals, the
long term variance-to-mean ratio of the number of arrivals, and the third moment of
the number of arrivals. Data traffic can easily be incorporated into the MMPP model,

because the data arrival process is also Poisson.

We consider that N - 1 homogeneous stations generate voice traffic as before, and one
station generates data packet one at a time according to a Poisson process and each
packet has the same size as the voice packets. This consideration that all data traffic
come from one source does not sacrifice generality, because the superposition of

multiple Poisson is still Poisson.
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We characterize the superposition arrival process by a simple two-state MMPP model
[24]. The MMPP model alternates between a High state (H) and a Low state (L). Let
the mean sojourn time of each state be ty and 1 respectively. Packets arrive during
each state according to Poisson process with mean rate of Ay and A; respectively.
Notice that the duration of a typical frame is in the order of tens of milliseconds,
whereas the sojourn times of the MMPP states are in the order of 0.5 seconds, see
[24]. Hence it is reasonable to assure that during a typical frame, the MMPP model is
stationary ( i.e. does not alternate between the two states). Let the transitional
probabilities from High to Low and from Low to High states be Py and P,

respectively. It follows that

L
P,=1-e '
! L @7
P =1-e "

and P(4/x), the probability that there are 4 arrivals in a frame given that the arrival

state is x (x=H, L) is:

e x (A x L)

P(4|H)= i .
' (28)
e x (A, x L,)"
P(A|L)= A!‘ L

where Ay and A are the arrival rates at states of the Markov Chain.
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Recall that P, is evaluated using formula (20) and (21). This probability is not
affected by the data traffic, as indicated in [26]. Lost packets should be subtracted
from our MMPP arrival model because in this MMPP queuing analysis no packet loss
is considered due to the infinite buffer size. The arrival rates of the states of the final

MMPP arrival model are then:

Ay = (1= P )y + 4,

(29)
A, = (1= P A, +4,

where the A,y and A, are the arrival rates of the Markov model which does not

include data traffic.

Now we consider the arising two-dimensional discrete-time queuing process at each
frame length Lt. Let the state of the arising Markov chain be (g,x), where g is the
number of packets in queue and x is the number of sources in talkspurt observed at
the beginning of each frame. Let (g,x) be the steady state probability. We notice that

this Markov chain is similar to the one solved in the previous section. However, there

are two differences:

1. the buffer size is infinite. This can be approximated by a finite buffer with very

large size B.

2. the arrival process has only two states.
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While the a(q;x; | g2x2) expressions remain the same as those presented earlier,
P(xy,x2) and P(A/x) equations are now given by (27) and (28) instead of equations (7),

(8), (9), (11) and (12).
Solving this queuing model as we did previously, we obtain 7(g,x).

Recall that the average number of packet arrivals in each frame for voice packets is

evaluated by (22), now we have:

(N-DxT, xL,
(Ts + T, ) x1,

A= +A,x L, (30)

where, we have added the term to accommodate the data packets.

Then we can find the average packet delay by applying Little s formula:

~ QO x Lf
W = = -d (€29)

where O is evaluated from equations (24) and (25).

Using equation (31) to evaluate # and using equation (26) to evaluate W,, we can

then obtain the average delay for data packets #; as follows:

-d (32)

where Ry is percentage of the data traffic in the combined traffic:
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R, - Ayx(ty, +1,)

T Ay xty+ A, xt, (33)

3.2.2 Numeric Results and Discussions

In the numeric study, a large buffer (B = 600) is used to approximate the infinite

buffer in our MMPP queuing analysis.

Figure 15 shows the packet delay performance of simulation results using the MMPP
model in a 720 Kbps system when both voice and data traffic are present. Frame
length equals 16 ms here. We note that PRMA behaves like a Slotted Aloha when the
data traffic is generated according to Poisson process and each message is just one
packet. The voice traffic is 45% of the capacity. Under these conditions, when the
throughput is 36% of the channel capacity, PRMA will produce infinite delay. On the
other hand, Figure 15 demonstrates that the delay for our protocol is only 45 ms. In
Figure 16, the results of packet delay for the MMPP analysis and simulations are
presented for voice and data traffic when the frame length is optimized (K = 29).
Compared to the delay performance when frame length L¢= ¢, as indicated in Figure
15, the protocol with optimal frame length reduces the mean data packet delay

remarkably, especially when the throughput is high.
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Finally, Figure 17 shows the delay performance for data and voice packets for

different values of K. The error of numerical analysis is reasonable.

In the above study we determine that BRMA can gracefully support voice and data
traffic. We also find that BRMA is not very sensitive to the burstiness of each source,
especially in high speed high load systems. Hence it has potential to support
multimedia ATM traffic. We demonstrate that in spite of the frame overhead, BRMA
achieves better performance than PRMA in terms of less packet delay and loss. Such
improvement is due to the deterministic assignment of the request channels and due to
the multiplexing gain in the high speed systems. Therefore the request channel is
contention-free and the data channel is collision-free. A high multiplexing gain is

achievable in the high speed systems.

Although we do not provide the numerical comparison between the conventional
TDMA and BRMA here, the difference between these two is very clear, especially for
multimedia traffic. Taking the traffic of voice conversation for example, conventional
TDMA does utilize the voice activity detectors thus wastes over half of the total
bandwidth. In other words, for high speed systems, BRMA can double the channel

utilization for voice traffic as compared to conventional TDMA.

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



33

4. Bandwidth Reservation for

Multimedia Traffic

As mentioned earlier, BRMA was proposed to support multimedia traffic for high
speed high load wireless local networks where the propagation delays are very small.

We study its performance for multimedia traffic in this chapter.

4.1 BRMA Supporting Two Classes of Traffic

Different class of traffic in the wireless LAN may demand different class of Quality of
Service (QoS). In this chapter the study we will only consider two classes (or groups)

of traffic, class 4 and class B. The multi-classes traffic case is just a natural extension

of the concept.

We assume that the QoS is defined as follows. For class 4 traffic, a packet will be
considered over-delayed and dropped if it is not transmitted after a certain time Da.
The QoS is satisfied if the packet loss rate is under Ra. Similar QoS is defined for

class B traffic.
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We further assume that the number of wireless users in group 4 and group B are Na
and MNp respectively. For BRMA to guarantee the required QoS, a minimum bandwidth
in terms of slots per frame must be guaranteed to each group. We assume that in each

frame K and Kp data slots are guaranteed to group 4 and B respectively. Apparently

we have:
N=N,+N, 34)
K=K, +K,

The ratio K ,:K, is called service ratio here.

We need to determine the appropriate service ratio, the optimal frame length so that
different QoS can be guaranteed to traffic group 4 and B. We need to study also the

system performance for various kinds of traffic in this part of the study.

4.2 BRMA Supporting High Activity Video and

Voice

High activity VBR video traffic is expected to be among the major traffic components
in the wireless ATM networks. Due to its high burstiness and nonstationary property,
VBR video traffic introduces extra difficulty in efficient channel access as well as
effective bandwidth allocation. In this section, we investigate if BRMA can efficiently

handle such traffic. Since so far there are no simple mathematical models that can
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accurately capture the behavior of the real time video traffic, we choose to use

simulations as tools of performance evaluation.

Currently many multimedia services in which stored media objects can be retrieved
on demand by end users adopt the popular international encoding standard Motion
Picture Experts Group (MPEG-1) [27]. In MPEG-I, video is coded into a sequence of
Intracoded frame (/), Predictive frame (P) and Bidirectional frame (B). We use the
MPEG-I coded movie Star Wars as an example of high activity video traffic, which is
obtained from the public domain of Bellcore. The movie generates a frame sequence
of IBBP B BPBBP B B. there are frames every second, see [28] for detailed
description of this set of data. In our study we use a 6-minute segment of the Star
Wars movie to be a sample. Some statistics of this sample are shown in Table 2. We
shift the sample by some frames to obtain additional video sources so that these
sources are statistically similar. In each simulation, video and voice terminals are
connected to the BS via a common wireless channel. Packets are generated by each
terminal independently. Each packet is 53 bytes, including a 5-byte header. Each
voice terminal generates packets in the way that was described in previous section
except that the voice packet size is shorter (53 bytes instead of 72 bytes, accordingly
packets comes more often). Video packets from each video terminal are generated
uniformly in each video frame interval of 1/24 seconds. Each simulation runs 6

minutes in real time.
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Video packet loss happens when a packet is delayed Dy, or longer, while voice packet
loss happens when it is delayed D, or longer. Packet loss rates are calculated based on
measurements of lost packets in simulations. The packet loss performance of BRMA
in a 10 Mbps system is shown in Figure 18 where Dy = 20 ms and Dy = 32 ms are
chosen. The normalized utilization is 69% and the service ratio Kyigio/Kvoice is 6/1.
When the frame length is around 150 slots (which is the optimal frame length because
packet loss rates are minimized here), 7 video terminals and 260 voice terminals can
be supported such that the packet loss rate for video is under 107 and for voice is
under 1072, respectively. In traditional wireless TDMA, with which bandwidth is

dedicated to each user based on peak rate, a 10 Mbps system can only support

10 Mbps
T 24x161726 26 (33)

+

such high activity video connections with no voice connections, corresponds to a
channel utilization of 10%. Hence a significant multiplexing gain has been achieved

with BRMA.

Now we study the impact of the service ratio on the performance of the protocol. The
service ratio here sets a flexible boundary between the resources allocated to video
and voice traffic. Note that we do not consider allocating resources to “best-effort”
services such as data traffic. Our primary interest is real-time services demanding QoS
guarantees. In these simulations the optimal frame length is found to be 150

slots/frame (see Figure 18). As shown in Figure 19, for 7 video terminals and 310
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voice terminals, a channel capacity of 10 Mbps can guarantee the above QoS when
the service ratio is between 7.2/1 to 10/1. After conducting extensive simulations
using various values for the service ratio, we have found that only the range reported
in the figure provides acceptable performance in terms of packet loss rate. Note that
the packet loss rate of the voice traffic is not as sensitive to changes in the service
ratio as the video traffic does, despite the fact that it constitutes 45% of the total
channel capacity. Although video traffic consists of only 31% of the available channel
capacity, its packet loss rate is significantly affected by the service ratio. This is due to
that fact that the superposition traffic from 310 voice terminals is quite smooth while
the superposition traffic from 7 video terminals is rather bursty. Figure 20 shows the
limits of the number of users that can be supported over a 10 Mbps channel, under
various QoS requirements. Here, a Kjyigeo/Kvoice Service ratio of 6/1, and 150
slots/frame, are used to ensure packet loss rate of under 107 for voice, and under 10%
for video. Obviously, as the packet delay limit is decreased, fewer users can be
supported with the channel. Clearly, increasing the delay limits implies longer buffers

and, hence, more effective statistical multiplexing gain.
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4.3 BRMA Supporting Low Activity Video and

Voice

Low activity video traffic such as video conferencing should have less stringent
bandwidth requirement than its high activity counterpart. It usually produces less bit
rates as well as fewer abrupt changes. Therefore for the same QoS requirement a
higher utilization should be achievable. We use a 6-minute segment of an MPEG
coded video of a “lecture” video sequence as a sample of low activity video in this
study. Some statistics of the sample are also shown in Table 2. It is obvious that the
sequence has much lower activity compared to the Star Wars movie. The simulation

environment is very much similar to the one described in the previous section.

Figure 21 shows the achieved utilization for various QoS requirements. When the
video traffic dominates the traffic load, for Dygice < 64 ms and Dvideo < 40 ms, 25
voice users and 20 video users can be supported. The corresponding utilization is 63%
of the channel capacity. Comparatively for the case of high activity video as shown in
Figure 20, under the same QoS requirement, 25 voice users and 10 video users can be
supported, corresponding to 43% utilization. Obviously the high activity video
demands more bandwidth for the same QoS, and the same average arrival bit rate.
One can conjecture that supporting high activity video would require “smoothing” its

high burstiness using a low pass filter. This will eliminate the need to allocate
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bandwidth for high frequency component of the traffic, hence the channel utilization

can be greatly enhanced.

4.4 BRMA Supporting High Activity Video and

Ethernet Traffic

LAN Ethernet traffic is usually bursty. As indicated in [29], it exhibits self-similar
properties and does not have the “Poisson-like” nature. In other words, LAN traffic
does not get “smoother” when more sources are multiplexed. In fact, the burstiness of
the traffic gets worse as the traffic load increases. For such unfavorable traffic pattern,
can satisfactory multiplexing gain be achieved with BRMA? In this section we intend
to answer this question. The Ethernet traffic trace that we use here was recorded at
Bellcore on August 29, 1989 and made available to the public via FTP. We used two
six-minute segments of it as two sample traces. We assumed that each trace was
generated by 130 Erthernet users. The superposition of the two traces forms the

double-load trace, which is then assumed to be generated 260 Ethernet user terminals.

We now consider a 12 Mbps system in which 8 high activity video terminals and 260
Ethernet terminals are connected. Figure 22 shows the performance of the BRMA for

the superposition traffic. Video packets from 8 video terminals are generated as
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previously explained and the Ethernet LAN data packets are generated according to
the double load trace described above. The service ratio is Kyigeo/Kian = 5/4, and
packet delay limits are Dyigeo < 20 ms and Dyan < 50 ms. Packet loss occurs when a
packet is delayed beyond the limits. When the frame length is above 60 slots,
minimum packet loss rate is achieved for LAN traffic. The packets loss rates for

video, and LAN traffic, are approximately 7.0x10®, and 1.2x107, respectively.

~ Also shown in figure 22, are the results of similar simulations where both the traffic
load and the channel capacity are reduced by half. Now when the frame length is
about 35 slots/frame, the minimum packet loss rates are 1.6x10™ and 1.1x107 for
video, and LAN traffic, respectively. As shown in the figure, the packet loss rates for
both video and LAN traffic are reduced by about one order when both the channel
capacity, and the traffic load, are doubled. We can, equivalently, conclude that for the
same QoS requirement, the high speed system can achieve a higher channel
utilization. This demonstrates that even for the self-similar Ethernet LAN traffic, good
multiplexing gains are achievable: the protocol works better for a high speed, high

load system.
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5. Dynamic Bandwidth Partitioning

for VBR Video Traffic

In this chapter, we study the bandwidth partitioning and a variation of BRMA for VBR

video traffic that guarantees loss-less service.

The queuing behavior (such as maximum queue length, average queue length and
channel utilization) of the system with finite buffer sizes will be studied. Different
from the previous chapters, packet losses will not be permitted. Instead, different
bandwidth allocations will be made to guarantee such loss-less service with short

delay (finite buffers).

5.1 Introduction To Dynamic Bandwidth
Partitioning

In [26] and [30], it was established that the link capacity requirement at each node is
essentially captured by its low frequency input traffic filtered at a properly selected

cutoff frequency.

For VBR video traffic, the low frequency component is determined by the long term

correlation caused by scene changes, while the high frequency components is
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determined by the short term correlation. Since the time between scene changes is
usually about 1 second, the link capacity can be updated every 1 second accordingly.
Then the short term correlation can be smoothed out with finite buffers. Long term
correlation, however, cannot be smoothed out with filters. Instead, dynamic

bandwidth allocation or partitioning is required.

Dynamic bandwidth allocation can adjust the bandwidth allocated to one or more
users. When total traffic increase, higher layer protocol should increase the total
bandwidth allocated to the link, so that buffer overflow does not happen. While this
technique is totally suitable to the wired link, it may not be applicable in the wireless

channel where the total capacity is fixed.

Dynamic bandwidth partitioning, however, is applicable to both wired and wireless
channels. The goal is to dynamically adjust the bandwidth allocation to each user
while not to change the total channel capacity to achieve the similar results. In [26]
and [30], it was proposed to partition the bandwidth dynamically using following
method. In a system of capacity C, N users share the bandwidth according to the

following equation:

T xC
Ci==" (36)

2.7

=1

-~

where T; is the prediction of the filtered bandwidth for user i. The purpose of this

filtering is to get rid of the short term traffic correlation. The controller updates this
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bandwidth periodically so that the scene change of the video traffic is captured. The
results of this method were compared with the ones of the protocols in which
bandwidth partitioning were fixed, based on mean or peak traffic load respectively.
We simulated the protocol for a system of 70% channel utilization. The results agreed
with those provided in [26]. Further more we simulated the protocol performance for
a system of 90% utilization. The results are shown in Figure 23 to 26. The
improvement of the dynamic partitioning over the fixed partition was obvious: shorter
buffers were needed and fairer service quality (in terms of maximum queue lengths

and mean queue lengths) was achieved.

Such dynamic bandwidth partitioning can improve performance. However, since the
bandwidth assigned to one connection cannot be shared by another before next
bandwidth adjustment, at high channel utilization, the performance needs further
improvement. We will show ;1ext that with BRMA, the protocol performance can be
further improved due to the bandwidth sharing at frame level. In the following, we

will should how the dynamic bandwidth partition concept can be applied with BRMA.

5.2 BRMA Bandwidth Partitioning For JPEG

Video

Applying the dynamic bandwidth partitioning principle to BRMA, we consider

following case.
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Five users, each is transmitting a JPEG traffic, are sharing a wireless uplink channel
of fixed capacity C. BRMA protocol is used to control multiple access. Each user is
preallocated a certain amount of bandwidth. In other words, each user is given a
“quota” in each frame. Within its quota, a user’s request for bandwidth in each frame
will always be granted by the base station. For those users needing more bandwidth
than their quota, they can fairly share the quotas that are not used by other users. For
heavy traffic load, no bandwidth will be wasted if one or more user have packets

waiting in the queues. This is just basic BRMA principle.

The dynamic bandwidth partitioning principle comes in here. The quotas pre-
allocated to each of the five users are not fixed for the whole connection. Instead, they
are dynamically adjusted based on the traffic load. The quotas are adjusted about
every half a second - a time period that is, short enough to catch the low frequency
variation of the traffic load (therefore to catch the scene changes of the JPEG video),
but long enough not to unduly burden the bandwidth partition calculation and

processing.

Just as described in [26] and [30], the JPEG traffic were taken from the page 39, 40,
41, 55 and 56 of the movie Star Wars obtain from Bellcore’s public domain. The
video traces are filtered with cutoff frequency of 27 and sampled at time unit A, which
is 0.14 seconds (100 slices). Four As of video ahead are predicted based on previous
five samples. The prediction and bandwidth adjustment is supposed to be done within

one sample unit time. The adaptive predictor uses a RLS-based algorithm that has the
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adaptive capability of tracking the statistical variation of the nonstationary VBR

traffic. See [26] for detail descriptions.

We simulated the BRMA performance with above described dynamic bandwidth
prediction and partitioning for system of 70% and 90% utilization. The results are
also included in Figure 23 to 26. Simulation results of BRMA with fixed bandwidth
partitioning based on mean and peak trafﬁc'are also given in the same figures for

comparison.

In Figures 23 and 24 it is clear that at low utilization (70%) the system performance of
BRMA in terms of fairness and maximum buffer size for the dynamic bandwidth
partitioning is only slightly improved over the those of the BRMA with static
bandwidth partitioning based on mean and peak traffic. This is because at light load,
the basic BRMA already provides fairness control and reduces the required maximum
buffer for lossless traffic due to the bandwidth sharing at frame level. The complexity

of the dynamic bandwidth partitioning is therefore not quite justified.

At high load system, however, performance improvement is significant, as
demonstrated in Figures 25 and 26. This is because when traffic and queues build up,
the dynamic adjustment of the service quota provided in the dynamic bandwidth
partitioning will have stronger effect. In this case, the static bandwidth partitioning

scheme will not provide enough improvement.
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To compare the results in Figures 23 and 24 to those in Figures 25 and 26, we find
that at light load (70% utilization) the dynamic partitioning scheme introduced in [26]
is actually better than the dynamic partitioning scheme with BRMA. Again this is not
surprising: the overhead (mini slots) introduced in BRMA is not justified at light
traffic load. At high traffic load (90% utilization), however, the frame level
bandwidth sharing capability of BRMA far outweighs its burden of mini slots
overhead. The BRMA with dynamic bandwidth partitioning provides reasonable
improvement, compared to the dynamic bandwidth partitioning scheme studied in

[26].

5.3 BRMA Bandwidth Partitioning For MPEG

Video

The MPEG video, as discussed in Chapter 4, uses typically periodic traffic pattern / B
BP BB PBBP B B. In most cases, / frames are much larger in sizes compared to B
or P frames. / frames appears periodically every twelve frames. One period of the
twelve frames is call a Group Of Picture (GOP). Due to the periodicity of the /
frames, the power spectrum of the traffic spreads far into the high frequencies. The
energy spreaded in the high frequencies is not as insignificant as in the case of JPEG
traffic. Therefore the low pass filter applied in the JPEG case will not be able to filter

out the short term dependency of the traffic without lossing too much information. In
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short, the technique used in last section is less efficient for MPEG traffic than JPEG

traffic.

To accommodate the periodic characteristics of the MPEG video, we use a GOP as a
bandwidth update period. Typically, as mentioned before, scene changes happens ina
time of the order of a second. Considering a video frame is 1/24 seconds for MPEG, a
GOP will be half a second. Therefore updating the bandwidth every GOP will be
good enough to catch the changes of the video traffic flow due to the scene changes,

yet does not unduly burden the signal processing of the protocol.

To deal with the very bursty MPEG traffic, we dynamically partition the bandwidth
based on not only the predicted new arrivals, but also the residual queue length.
Assuming again N users are sharing the wireless channel of capacity of C, at the
bandwidth updating moment, user No. i has a queue length of g; and a predicted

arrival traffic T;, then the bandwidth allocated to this user in next time period is

described as:
c =Qﬂ—)"—c- 37
(T +4q,)

We consider two cases for traffic arrivals. Firstly, we use the predictions of the

summation of the twelve MPEG video frames as the traffic arrival parameter T
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Secondly, we use only the predictions of the / frames as the traffic arrival parameter

T.

Simulations have been done for these two dynamic bandwidth partitioning with
BRMA for five MPEG sequences taken from the MPEG movie Star Wars obtained
from Bellcore’s public domain. We assume that the video packets arrive uniformly in
each video frame. As comparison, we also simulated the BRMA with fixed bandwidth
partitioning based on mean and peak traffic arrivals. Results are shown in Figure 27 to

Figure 30.

As we can see from the figures, dynamic bandwidth partitioning improves the BRMA
performance in terms of fairness and maximum buffers sizes required for lossless
traffic, especially at high traffic load. Also, the results of the dynamic bandwidth
partitioning based on / frames are similar to those of the dynamic bandwidth
partitioning based on sum a GOP. This is because that the maximum queue lengths
are usually caused by the / frames which are much larger in size than P or B frames.

Therefore the / frames roughly reflect the traffic load of the video over time.

So far we chose to update the bandwidth every 12 video frame (one GOP). If we need
to further reduce the processing burden of the bandwidth calculation, we can also
choose to update the bandwidth in a larger window time. Of course this is a trade off:
larger window time will naturally reduce the effect of dynamic bandwidth partitioning

because it is getting less “dynamic”. In Figure 31 and Figure 32 we show the results
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of our simulations of BRMA with dynamic bandwidth partitioning at different
bandwidth update window in multiple GOPs, at 90% utilization. We show two cases:
use the prediction of the mean of / frame size or the prediction of the sum of GOP
size, as the T; in equation (37). Figure 31 shows the standard deviation of mean
queue size (an index showing the fairness of service) of the five users for different
bandwidth update window. As we indicated earlier, the service fairness will
asymptotically decrease as the bandwidth update window gets longer. We also notice
the dynamic bandwidth partitioning based on sum of GOP will be slightly more
effective than that based on / frames along. After all, the sum of GOP is a better
indication of traffic flow than the / frames along. In Figure 32 we show the maximum
buffer size that is needed to guarantee the lossless service. We can see that when the
bandwidth update window is more than 20 GOPs, the required buffer size to
guarantee lossless service will approach that the static bandwidth partition based on

mean traffic load (close to 8000 packets in buffer, as indicated in Figure 29).
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6. An adaptive version of BRMA

6.1 The advantage of variable frame length

Many wireless MAC protocols share a common technique: fixed frame length. This
technique has an important advantage: it simplifies the protocol. However, a frame
length that is changing with the traffic variation will improve system performance. In
[31], D. G. Jeong et al studied a reservation-based multiple access scheme with
variable frame length (RMAV) for wireless data communications. Aiming at short
delay under light load condition, and high throughput under heavy load condition,
RMAYV allows its frame to vary dynamically every frame. Frame length increases
(decreases) by one slot in each frame if the traffic load increases (decreases). While
this protocol'does enhance the performance compared to fixed frame length protocols,
we notice that the speed at which the frame length is adapted to the traffic is rather
slow, since the frame length can be varied by only one slot each frame. Nevertheless,

RMAYV provides some insights into the advantages of variable frame length protocols.

As we indicated in our study on BRMA, the optimum frame length largely depends on
the traffic load as well as the QoS requirement. Generally, the optimum frame length
is small when the traffic load is light and is large when the traffic load is high.
However, the value of this optimal frame length cannot be explicitly determined if the

traffic pattern is not explicitly known in advance.
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6.2 Adaptive BRMA

In order to enhance the protocol performance as well as to bypass the difficulty of
determining the optimal frame length, we consider a version of BRMA in which the
frame length is adaptive with respect to the traffic load. In this adaptive version of
BRMA, the base station includes the number of slots that this frame will contain
when the data slot assignment is broadcasted every frame. Therefore, any frame
length change can be done in one frame’s time (this is different from the RMAV). In
order to support multimedia traffic, a maximum frame length Knax is needed to limit
packet delay which is specified by the QoS of the traffic. In the adaptive version of
BRMA, when the total number of packets waiting to be transmitted is B, the number

of slots ( K) in this frame is chosen as the smaller one of B and Ky, i.€.,
K = min(B,K,,.) 38)

Apparently, under light traffic load, the number of packets waiting to be transmitted is
small, the frame length is small so that the packets do not have to wait for a long time
before being scheduled for transmission. The packet delay is therefore reduced. Under
high traffic load, the number of packets waiting to be transmitted is large, the frame
length is increased so that the effect of overhead can be reduced and a higher
throughput can be achieved. In either case, there are no unused data slots in any
frame. We simulate the performance of the adaptive BRMA and compare it with the

non-adaptive version of BRMA. Simulation environment is the same as the one
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corresponding to figure 18. The results of simulations that are comparative to those
shown in figure 18 are given in figure 33. When Kpax is around 250, the packet loss
rates for video and voice are 2.0x10® and 4.0x10™, much lower than the minimum
packet loss rates 8.0x10® and 3.0 x10” of the non-adaptive version. Shown in the
figure 34 is the comparative delay performance between BRMA and Adaptive BRMA.
Our simulations demonstrate that packet delay is also significantly reduced: when K =
150 slots (or Kmax = 150 slots for Adaptive BRMA), Adaptive BRMA reduces delays
from 8.8 ms to 4.8 ms for voice and from 7.0 ms to 4.5 ms for video respectively.
Hence we conclude that the Adaptive version does reduce packet loss rate and packet

delay significantly.

Obviously, as Kma increases, the regulation effect of the service ratio tends to
decrease. The resulting service discipline will approach that of a first in first out
(FIFO). This is confirmed in figure 33: for large values of Knax ( near or more than
400 slots), the packet loss rates for video and voice are asymptotically close to each
other. In a multimedia environment, Knax should be chosen to accommodate the most
stringent delay limit requirement. In this simulation, the video packet has a tighter
delay limit requirement ( under 20 ms) than the voice packet (under 32 ms). From
figure 33, one can choose the frame length to be 250 slots (or about 10 ms), which is

about half of the delay limit for the video traffic.
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7. Conclusions and Discussions

This dissertation focuses on the performance of multiple access control protocols and
proposes a novel bandwidth reservation multiple access (BRMA) protocol for wireless

ATM local networks.

This protocol specifies the contention-free reservation channels and collision-free data
transmission channels. High multiplexing gain in a high speed wireless system can be
achieved due to high protocol efficiency and due to low level bandwidth sharing.
With the incorporated admission control scheme, the service quota provides QoS to

multimedia traffic. This is very important in the wireless 47M networks.

Mathematical analysis of modeled traffic and simulation studies of real-time
multimedia traffic (voice, video and data) show that this protocol is very efficient.
Compared with many random access protocols (such as Aloha, Slotted Aloha, PRMA,
CSMA/CD etc), BRMA produces lower packet loss rate and shorter average packet
delays. Compared with the fixed assignment access protocols BRMA has more
scalability and results in higher channel utilization, especially for variable bit rate
traffic. Further more, multiple QoS requirements can be accommodated with
bandwidth reservation. In short, BRMA is a good choice of MAC protocol in high

speed (over 10 Mbps) high load (over 70% utilization) wireless ATM networks.
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An adaptive BRMA is also studied. We demonstrated that it has the capability to
provide low packet delay in light traffic load and high utilization in heavy traffic

load.

This protocol can have many potential applications in the wireless local networks
where the propagation delay is trivial. It can be used to provide wireless users with
access to the 4TM backbone network services. Examples of applications may include
the micro-cellular multimedia service systems, family communications systems in
which many cordless equipment are sharing the access to the interfaces that are
connected to the optical fiber networks. Of course it can also be applied to other

emerging new applications.
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Variables Values

mean talkspurt duration 1.00 second
mean silent duration 1.35 seconds
mean data packet interarrival time 0.32 seconds
channel rate 360 kbps
speech coding rate 32 kbps
packet size 576 bits

data slot duration 1.6 ms

frame duration (PRMA) 16 ms
Number of slots per frame (PRMA) 10

Priority Py:P4 (PRMA) 15:1

number of voice terminals M, 5,10, 15

[ Table | PRMA and BRMA System Parameters ]
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peak mean variance | peak/me

(bit/frame) | (bit/frame) an ratio
low activity video (lecture) 48,384 11,543 1.4e+12 4.2
high activity video (Star Wars) | 161,726 16,679 3.6e+12 9.7

( Table 2 Traffic Parameters for Video Sources J
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