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ADVANCED TELEPROCESSING SYSTEMS

Advanced Research Projects Agency
Semiannual Technical Report

December 31, 1976

1. INTRODUCTION

This semiannual technical report covers research carried out by
the Advanced Teleprocessing Systems group at UCLA under ARPA Contract
DAHC 15-73-C-0368 during the period July 1, 1976 to December 31, 1976.
Advancements have been made on all four contracted tasks, namely,
ground radio packet switching, satellite studies, resource sharing
and security. In the following paragraphs we describe that progress
and point to the list of references which represent the published
work results from this supported research.

Following this summary is a list of publications produced as a
result of the recent research on this contract covering the six months
being reported on. This list contains only those articles and reports
which in fact did appear in print. Papers which have been submitted
(of which there are many) are not listed here, but will be listed in
future reports as they appear in the published literature. As usual,
we devote the main body of this report to the detailed presentation
of one aspect of this overall research, and we simply mention the
other areas briefly in this summary.

The research which is detailed in the manin body of this report
refers to various rnultiaccess schemes in packet switched radio systems.
This particular problem lies at the core of our ground radio packet
switching studies. The problem is how to properly gain access to a
communications channel when its sources are both bursty and distri-
buted geographically. Various random access schemes have been studied
in the past under various assumptions. The work reported on here is
the Ph.D. dissertation of Michel Scholl (Chairman , Leonard Kleinrock)
and is entitled , “Multiplexing Techniques for Data Transmission over
Packet Switched Radio Systems.” A number of important aspects of this
problem have been addressed in the research reported upon here. Let
us summarize the results achieved . First , some new access schemes are
defined and analyzed which turn out to be far more efficient than time
division multiple access (TDMA). These schemes take advantage of carrier
sensing and are absolutely conflict-free as opposed to many of the
other multiaccess schemes studied . They are particularly well-suited
to a small population of terminals rather than to the large case and
perform roughly the same (slightly worse) as does polling; the advant-
age they have over polling is that they require no centralized control ,
such control being a liability from a reliability and security point-
of-view . An improved version of these schemes, namely, minislotted
alternating priorities (MSAP) is then introduced and analyzed . This

— . -~.-. ----- --- .-. —--—-~~~~~~~~ ..



I
scheme is superior to polling at all levels of traffic. Under heavy
traffic conditions, it performs better than carrier sensing multiple
access (CSMA) for all numbers of users and under light traffic conditions,
it is competitive with the CSMA only when the number of sources of
users is small. A third result of this research is to consider a mixed
ALOHA carrier sense (MACS) which permits a single large user to steal
slots which are unused by a large population of small users (each of
which operates in an ALOHA fashion). By including this large user
traffic in addition to the background traffic, we significantly increase
the total channel throughput. In summary, then, the major contributions
of this research are as follows : the introduction of performance eval-
uation of new methods for multiplexing users on a packet switched
multiple access radio channel; and secondly, the inclusion of traffic
from different sources from the same radio channel thereby providing
efficient channel utilization and leading to the design of new mixed
access schemes. Further details can be found in the abstract and
dissertation reproduced in the main body following the list of publi-
cations.

Our efforts in Task I, packet radio studies, have moved along with
considerable success in this period . First , of course, is the work
reported upon in reference 7 which follows in its entirety as the
body of this report. The work reported in references 8, 9, 10 and 11
represents our additional results in this area and is related to
theoretical as well as implementation and practical problems of ground
radio packet switching systems.

Task II, satellite experimentation , has been highly productive.
Our experiments on the Atlantic satellite have been rather extensive in
reservation TDMA and slotted ALOHA. We have observed that reservation
TDMA is a fairly efficient scheme and behaves as predicted in a rather
straight— forward way. Our slotted ALOHA measurement and simulat ion
experiments have supported the fact that such channels must be controlled
or their efficiency is badly degraded. In references 2 and 3, we des-
cribe results on various access control schemes which automatically
adapt to channel load conditions and control the slotted ALOHA system.
These control schemes provide an efficient and stable channel performance
and essentially resolve the stability problem in a very effective fashion.

Resource allocation and sharing represent Task III. Reference 4
contains work on very large network design and is a summary paper of the
work reported upon in our previous semiannual technical report. Refer-
ence S is a survey paper of progress in communications and networks.
Reference 6 describes the deleterious effects of periodic routing to
stream traffic , an example of which would be packetized speech; recog-
nizing these effects, one can properly design systems to increase the
efficiency in the face of such mixed traffic streams.

i i_ 
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During this period, considerable research progress on the security
task (Task IV) was made in the areas of operating system development,
network security design, data management security, programming languages
for secure computing, and system verification. Much of the research
centered around the design, development and verification of the UCLA
Data Secure UNIX Operating System. The Kernel of that system was
completed , including the last stages of its design, complete implement-
ation of its basic capabilities, and extensive debugging. The UNIX
interface was designed, implemented , and subjected to initial debugging.
Elementary versions of the system’s schedules and file manager were
coded and integrated with the rest of the system. The entire prelimin-
ary operating system, including all the modules mentioned above, were
readied to permit installation at another U.S. Government site for
testing. Documentation suitable for systems programmers’ use of UCLA
UNIX was produced to meet technology transfer desires as well as to
support the projected government procurement of a production quality
secure operating system. Progress in the verification of the UCLA
system was composed of a revision of the system verification specifi-
cations, for publication in the professional literature, and proposals
for changes to the ISI verification system. Those changes will be made
by the ISI research group. A member of the UCLA research team partici-
pated in the development of a new programming language called Euclid,
oriented to the implementation of verifiable systems programs. The
language, derived from PASCAL, and motivated in part by UCLA verifica-
tion experiences, was specified and its semantics axiomatized . The
language developers also oversaw the accompanying commercial compiler
implementation . Such activities in data management and network security
also were ongoing during this period . The network activity has yielded
a proposal for a secure architecture that both minimizes the amount of
mechanism involved while still permitting retrofit to environments such
as the ARPANET at modest cost . This work , as well as the other security
research, will be coord ~ted with related ARPA activities .

Following is a list of publications, after which the main report on
multiplexing techniques is given . 
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ABSTRACT

We study the behavior of a population of geographically dis-

tributed data users who use packet-switching to communicate with each

other and/or with a central station over a multiple-access broadcast

radio channel. We introduce and analyze Alternating Priorities (AP),

Round Robin (RR) and Rando m Order (RO) as methods for multiplexing a

small number of buffered users, without control from a central station.

In these access modes , we increase the channel utilization by allowing

any user to “ste al” the channel time assigned to a user who is idle (by

sensing the carrier) . These methods are effective when the number of

users is not too large ( less than 20) or when the propagation delay of

the signal is small con~ ared to the packet transmission time. Other-

wise , a large overhead leads to a performance degradation. To reduce

thi s degradation, we consider a natural extension of AP, called Mini-

4 slotted Alte rnating Priorities (MSAP) , which minimizes the overhead and

perf orms better than existing techniques (such as Polling) for multi-

plexing a small number of buffered users over a single radio channel.

In addition and of major importance is the fact that MSAP does not

require control from a central station.

A second alternative for multiplexing the users on a packet

switched radio channel is to include, on a single radio channel , the

traffic of these users (called small users) as well as the traffic of a
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large buffered user. By dynamically sharing the channel among the two

traffic classes, the required channel capacity is much less than in the

unshared case of two dedicated channels. The large user within range

and in line of sight of all small users “steals,” by carrier sensing,

the slots unused by the smal l users . Two access modes are studied which

differ with respect to the nature of the population of small users: In

the Mixed ALOHA Carrier Sense (MACS ) access mode, a large population of

bursty (small users) contend for the channel in a slotted ALOHA fashion.

Not only is the small users’ performance improved, but also the perfor-

mance of the large user is better with MACS than it is when dedicated

channels are assigned to the large user and the smal l users . The same

idea is applied in the Mixed Alternating Priorities Carrier Sense

(MAPCS) access mode. In MAPCS, a few buffered (small) users share the

total available bandwidth under the AP protocol. Although MAP~S provides

a very good performance to the smal l users, the large user’s performance

is greatly affected by the presence of the small users.

The introduction and in~lementation of packet radio techniques

is likely to have a large impact on the data communication field.

Studies such as this one are iu~ortant in that they contribute to those

techniques . 

..~~~~~~~ ~~~~~~~~~~~~~~~~~~~~~~~
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QIAPTER 1

INTRODUCT I ON

The cons tan t ly growing need for access to computers, communi-

cation channels and distributed computer communication networks~~renders

the problem of allocating these large , expensive resources among an ever

increasing number of users a rather fundamental one. It is projected

that by 1980 approximately four to five million data terminals will be

in use in the United States [K.LIU. ~72ft, and it is estimated that the data

t ra f f i c  in seventeen western European countries will grow by a factor of

six from 1972 to 1980, [EURO 73]. Kleinrock describes the resource

allocation problem a~ follows [KLEI 7 4 J :

“A ~p/ans for a l loca t ing  these resources in order to
resolve/the conf l ic t ing  demands is one of the most impor-
tant aspects of today ’s system design and operation . In
fact’, resource a l loca t ion  is at the root of mos t of the
te

~
h n i c a l  (an d non-technical)  prob l ems we face today in

beyond the information processing industry . These
!~roh1ems occur in any mult i -access  system in which the

arri val  of demands as wel l  as the size of the demands made
‘ upon the resources are unpredictable.  The resource allo-

cation problem in fact becomes that of resource sharini
and one must f ind a means to effec t th is sh aring among the
users in a fashion which produces an acceptable level of
performance.” c

~~ A ~~~~~-“~~~~
‘ ‘-“-

~~~
‘ 

~~~~~~~~~
We--cs t e ~--e -’ettentien.~t-Q’the allocation of a data communi-

cation channel; the demands placed upon this scarce resource made by

a population of users (terininals),with the following characteristics :

An example of which is the ARPANET (The Advan ced Research Projects
Agency Network) [CARR 70, FRAN 70, HEAR 70 , KLE I 70 , ROBE 701 . 

I .~~~~~~~~~~~~~ .~~
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•The  demands are unpred ic tab le  and hu r s ty  [K.Lli r 74]*

‘The users are possibly geograp h i c a l l y  s ca t t e r ed .

One of the major functions of the data  communicat i on channel  is

to provide to the users access to information processing and storage

capacity available from a computer or a network of computers . We will

also consider the communication channel as a media providing direct

communication among the users (terminals) themselves . In any cas e , the

users are connected with each other (and/or with a central node ) by

means of a communication network referred to as the t e r m i n a l  access

network.

If the major function of this network is to prOvi (le access  to

a local computer (or to a remote computer ihroug h a long-hau l computer-

computer communication suhnetwork), then the terminal access network is

referred to as a centralized network. By centralized network , it is

understood that all demands made upon the channel are made either by a

terminal which needs access to the cen tral nod e (compute r) or by the

computer which wan ts to be connected wi th any term in al ( F igure l.a).

If the function of the terminal access network is also to pro-
vide a means by which terminals can directly access each other , we are

in the presence of so-called point-to-po int communication netwo rks

(Fi gure l .b) . In such ne tworks , the transmission ’s cont ro l is distrib-

uted among the termin als .

*Measurement studies [JACK 69] conducted on time-sharing systems indi-
cate that data streams are bursty, i . e . ,  the peak da ta  rate i s  much
l arger than the average data ra te ;  the r a t i o  between them may he as h ig h
as 2000 to 1 [AB RA 73].

.
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Figure 1 .la. Centralized Terminal Access Network. All communications are directed
to or from the computer.

B F

E

c D

Figure 1.lb. Point to Point Terminal Access Network (A .C). (B,D). (C,F). etc. . .. are

connecte d w ith out control from the central computer.
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how can one efficiently provide access from the users to the

(centralized or point-to-point communication) terminal access network?

1. 1 Packe t Swi tching over Radio Channels

The simplest way to provide communication between two remote H

information processing devices is to assign a dedicated channel for

their use; a complete path* of communication links is established

between the two parties for as long as they wish to communicate. Until

the end of the six ties , this circuit-switchin g method dominated the

desi gn of communication networks. When the switching (enniputer) cost

dropped below the communication (bandwidth) cost [ROBE 7 4 ] ,  it was pos- j
sible to develop a cost-effective communication means as an alternative

to the widespread , expensive circuit-switching technology ± . This led

to the packet-switching technology .

1.1.1 Packet-Switching

At the end of the six ties , the store-and-forward packet-

switched technology emerged. In this technology , there is no dedication

of resources . A fuller utilization of each communication link is

:b
tai

~~~ 
by resource sharing.

Dial-up and leased telephone lines are availaH e and can provide

F inexpens ive communica tions for sho rt dis tan ces .
tThe users ’ behavior is extremel y bursty [JACK 69J • With the circuit-
swi tching technology , if high speed poin t-to-point channels are used,
the communication links are idle most of the time ; if low speed channels
are used , the transmission delay s are large . An alternative is to pro-
vide a single high speed channel to the users to be shared in some
multi-access method . With high probabi lity , then , the total demand at
any instant is approximately equal to thc sum of the average demands of
all users (Law of Large Numbers [FELL 68]).

4
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The communication lin ks are not allocated into paths for

specific source-destination pairs of nodes ; instead , each l ink is sta-

tistically shared by messages from different source-destination pairs.

I n add it ion , each message can be broken into packets of informat.Lon with

the addresses of the source and destin ation attached to each packe t.

Packets are individually routed through the network to their des tina tion

by “hopping” from one node to another. The required channel capacity

is much less than in the unshared case of dedicated channels. This con-

cept has not only been applied in distributed computer-communications

networks (ARPANET [BARA 641, [KLEI 64]) but also in some wire communi-

cation access schemes . These schemes include Asynchronous Time

Division Multiplexing (ATUM) [0tH 691, loop systems [IIAY E 71], [PIER 71]

and Poll ing [MART 72], [KONII 74].

More recently, packet switching techniques h ave been appl ied

to radio communications (both satellite and ground radio channels)

[KLEI 761. Packet-switched random access schemes were introduced as an

- 

. 

alternative for terminal and computer communications . These schemes

include ALOHA [ROBE 72, ABRA 73 , LAM 74 , KLEI 75A] and CSMA [TOBA 74] ,

[KLEI 75B]. One of the first packet radio communication systems was

the ALOHA system developed at the University of Hawaii [AB RA 70],

[KUO 731. The ALOHA network origin a l l y  applied packe t radio techn iques

for communica tion between a cen tra l computer and its geographically

scattered term inal s .  Termin a l s are now m in icompu ters , communica ting

among themselves through the central computer and are able to access

all computing resources of the ARPANET. The Advanced Research Projects

Agency of the Depar tmen t of Defense h as under taken a new effort whose 
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goal is to develop new techniques for packet radio communication among

geographically distributed (possibly) mobile user terminals [KAHN 75].

A packet radio broadcast network is currentl y developed as an interface

between a point-to-point wi re network (like the ARPANET) and a number

of geographically scattered terminals. This broadcast system provides H
local collection and distribution of data over l arge geograph ical areas

[KAHN 75, KLE I 75B , BIND 75C , FRAN 75 FRA L 75A , FRA L 7513, BURC 75].

Furthermore , there is currently an immense worldwide interest in the

development of satellite communications systems [PUEN 71 , AB RA 73,

CROW 73, KLE I 73, ROBE 73, TELE 73, GRAY 74 , LAM 74 , KLE I 75A j .

At last, broadcas t packe t switching may be appl ied to wire

communications . The Mitre ’s Mitrix [WILL 73], the U.C. Irvine ’s

Distributed Computing System (DCS) [FARB 73] and the Xerox ’s Ethernet

[METC 76] are examples of local computer networking experiences .

Ethernet is an experimental wire packet-switched broadcast net-

work for local communicat ion among computing stations. It uses tapped

coaxial cables to carry variable length data packets among, for example ,

minicomputers, printing facilities , f i le storage devices , larger central

computers and longer-haul communication equipment .

The shared communication f ac i l i ty  called Ether [METC 761 is a

passive broadcas t medium with no central control. Coordinat i on of

access to the Ether is distributed among the contending transmitting

station s*. Swi tching of packets to their destinations on the E ther is

distributed among the receiving stations using packet address recogni-

* DcS FARB 73] l i k e  Ethernet uses distributed contro l , while Mitrix
tW ILL 3] has a central stat i on for switching and bandwidth al locat i on .

-- .
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tion. Ethernet can be extended by using repeaters for si gnal regener-

at ion .

Packet transmissions are coordinated through statistical arbi-

tration from the tranceivers . Collisions are avoided by carrier sen-

sing (no station wi ll start transmitting wh i le hea ring the carr ier) and

by in terfe rence detection (in terference occurs when two or more stations

detect no carrier and start transmitting simultaneously). If the trans-

ceiver notices a difference between the bit it is receiving from the

Ether and the bit it is transmitting (In terference) , the transmission is

aborted and rescheduled.

An operating Ethernet of 100 nodes alon g a k i lometer of coaxial

cable has been experimented with . This experience encourages the devel-

opment of numerous computer networking and multiprocessing applications .

In this dissertat ion , we shall  focus our attention on data

communication over packet-switched ground* radio_systems as an alterna-

tive for dat a transmission amon g terminals and computers . Of interest

to this research is the consideration of a single hi gh-speed radio chan-

mel shared in some multi-access scheme, and in a packet-switching mode .

The problem we are faced with is how to share and how to control access

to the channel in a fashion which provides an acceptable leve l of per-

forinance. A number of multiple access schemes exist that we have

al re ady mentioned above . Some of the access schemes for wire commun i-

cations may al so be app l ied to a radio environment with various degrees

of success. h owever there is a need for new mul tiple-access methods.

*
We exclude here the study of satellite communications systems.
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This will be made clear by the study in Section 1.2 of existing multi ple

access schemes .

For such data commun i cations among terminals and computers ,

wire connections cou ld have been used. In the next section , we present

the numerous advantages in using packet-switched radio communications

over conventional wire communications .

1.1.2 Advantages of Radio Communications

One of the most important properties of radio communications

is the broadcas t property : Any number of users may acces s the channel

and the transmission af a signal by a user may be received over a geo-

graph i ca l ly  wide ar ea by any number of receivers. Consequently, the

collection and distribution of data over large areas are independent of

the avai labili ty of pre-existing wire networks . However if two (or

more) signals at the same carrier frequ ency overlap in time , this may

result in information destruction (interference).

In addition a broadcast mode is particularl y suitable when the

users are mobile or are located in remote regions where a wire connec-

tion is not easy to imp lement.

The second major advantage of broadcast radio systems is

rela ted to desi gn flexib ilit y . Provided that all users are in line of

sight  and wi thin range of each othe r, the provision of a completely

connected network topology by a radio channel* eliminates complex topo-

logical design and routing prob l ems [FRAN 72), [CERL 73]. Moreover ,

*

~Itie to t he I) roadcas t and mu I t i access  p rope 1 t  I(’ s 
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the size of the system and the locaticn of the users are easily

niodi fied.

Secur i ty  problems and the need for legal and regulatory

procedures may present diffi culties in the use of broadcast radio com-

munications; we do not consider those issues here .

1.2 E x i s t i n g  Mul t ip lex ing  Techni ques

Here we describe the main techniques which have been imple-

mented (or proposed) for packet switching multipl e access over a single

radio channel; in the figures below we compare their delay-throughput

profiles . These multiplexing techniques are Time Division Multiple

Access (TDMA) , Frequency Division Multiple Access (FDMA) , Pol l ing ,

ALOh A random access (pure and slotted), Carr ier Sense Mul tiple Access

(GSMA) , and finally a reservation technique referred to as Carrier

Sense ~p 1it Reservation Multiple Access (CS SRMA).

For the purpose of this simple comparative study , we cons ider

a population of N st atistically i dentical users communicating with a

“master” user (e.g., central station) over a radio channel of limited

b a n d w i d t h  W (h its/ sec) .  Each user is assumed to genera te fixed size

packets according to a Poisson point process with intensity A/N; we

assume that the full packet is instan taneously generated at those points .

The radio channel is characterized as a wideband channel with a propa-

gation del.y between any source-destination pai r which is very small

compared to the packet  transmission time *. Each technique is

On the contrary , when one considers satellite channels [LAM 74], the
propagation delay is a relatively large multi ple of the packet trans-
mission time .

_ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _  
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characterized by its maximum achievable throughput (also referred to as

the ch annel capacity) , where the throughput S is defined as the

average number of packets transmitted during a period of time equal to - -

a packet transmission time 1’ (1 bm /W i f h
m is the number of bits per

packet) ; under equilibrium , S is equal to the average input rate nor-

iualized with respect to T: S = AT. The main performance measure we

consider in our comparative study is the average normalized packet delay

D versus the throughput S, where the normalization is with respect to 1’.

1.2.1 Fixed Assignment: FDMA, TDMA

In F DMA , each user is assigned a fraction WIN of the channel ,

along with buffering capabilities required to handle the statistical

fluctuations due to the random packet arrival instants . The system can

be modelled by M/D/l queues in which the service time is the constant

transmission time of a packet on one of the channels. We then have by

the Pollaczek-Khinchin formula [KLE I 75C1

D N [l + 2(1  - S)]  
( 1.1)

In Time Divis ion Multiple Access (TDMA) , also called ~ynchro-

rous Time Division Mul tiplexing (STDM) , each user is assigned a peri odi c

sequence of time slots on the ch annel. The channel slots are usually

swi tched to users in a round- robin ( i . e . ,  cycl ic)  fashion . The system

can be modelled by M/D/l queues with a rest period (see Appendix A), in

which the service time is equal to N slots (N slot times are required

to “serve” a packet generated at a gi ven user ;  1 slot is the actua l

transmission time of the packets and (N - I )  s lo t s  are ass igned to the

other (N - 1) users). The rest period is equal to N s lots . We then

10
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have (see Appendix A):

I s  ii
D =  1 +N [2(l - S )  

~~ 
(1 .2)

Note tha t the average del ay with FDMA is hi gher than the average delay

w ith TDMA, the difference being - 1; with TDMA , the slo tting effe ct

counts for , bu t in FDMA the transmission time of a packe t is N , wh i le

it is only i with TDMA.

Both FDMA and TDMA are inefficient in channel utilization since

the bandw idth or time slots are alloca ted to each user independently of

his activity ; it is inefficient to permanently assign a segment of band-

width that is utilized only a portion of the time. For a population of

users whose requests for the channel are very infrequent (i.e., burs ty

users ) , the probab ili ty is not neg ligible that a large portion of the

channel bandwidth (FDMA) or channel time (TDMA) is unused (infrequent

requests) and thus was ted for the requests waiting at other terminals .

The latter incur a higher delay than they would incur if they had access

to the wasted part of the channel. Indeed , the channel assignment is

based on an average reques t rate (much lower than the peak request if

these requests are h igh ly  infrequent) .

A number of disadvantages of FDMA exist when compared with

TDMA : wasted bandwidth for adequate frequency separation, lack of

f lex ib i l i ty in achiev ing dynamic al locat ion of bandw idth , and lack of

broadcast operation . The major disadvantage in TOMA is the need to

provide rap id burst synchronization and sufficient burst separation to

avoid time overlap .

11
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In Fi gures 1.2 and l. T we plot the average normalized delay in

TDMA versus the throughput for two values of the number of users , namely

N = 10 and N = 50, respectively.

In order to increase the channel utilization beyond FUMA and

TDMA , statistica l multi plexing or Asynchronous Time Division Multip le

Access (ATDM) has been proposed [OIL) 69]; this is simply a sing le M/D/I

queue (possibly with burst arrivals) . Basically this techni que consists

of switching the allocation of the channe l from one user to another

whenever the former is id le  and the l a t t e r  i s  ready to transmit. ATF~M

is suitable in wired terminal-access networks when the terminals  are

concentrated and gives very small expected delays . It is less attrac-

tive when radio communication is emp loyed since the connections between

the terminals and the mul tiplexor then require some synchronous tech-

niques such as FDMA or TDMA and the performance of the system w ill he

l imi ted  by the pe r formance of those synchronous techniques. Moreover ,

i t  is inadequate in s i tua t ions  where the t e rmina l s  are geograp h i c a l l y

scattered and wan t to access each other (point-to-point networks).

1.2.2 Pol l ing

In the polling technique known as Roll -Call Polling [MART 70],

a central station asks (polls) the N users one by one in sequence *

5 whether they have anything to t r ansmi t .  I f  the user has some packets

to transmi t, he goes ahead ; if not , a negative reply (or absence of

reply) is received and the next user is p o l l e d .  Packets  generated at

a user are queued in his buffer ( i n  a first-come- First-served basis)

The cen t r a l s t a t i  on broadcasts  a po l i i  ug mess age con I a i i i i  tig the i den -

t I ii cat ion of the user .
I--
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— unt i l  the user is polled , at which time the buffer  is completely emptied

(the user captures the channel until he has no packet to transmit).* The

time axis is divided into slots of equal size and equal to the maximum

one-way propagation delay T from the users to the station. T consti-

tutes only a very small fraction (a << 1) of the transmiss ion time of

a packet T. Konheim and Meister [KOHN 74] analyzed this polling tech-

nique , deriving stationary dis tribu tions for queue leng ths and wa iting

times . In an appl ication of their resul ts to packe t radio, Tobagi

[TOBA 76A] showed that the expected packet delay (normalized with

respect to the packet transmission time T) is given by

D = 1 + 
2(1 - S) + 

~ (1 U( ~ 
+ 

Nr ) ( 1 . 3)

where a = T/T (<< 1) and r = 2 + T/T

T = transmission time of a polling message .

In Fi gures 1.2 and 1.3 , the expected delay is plotted versus

the through put for N = 10 and N = 50 respectively. Eq.  (1.3) shows that

the delay is the sum of the Pollaczek-Khinchiri terms (for M/D/i) [KLEI

75C] plus an additional term due to the poll ing time . When N is not too

smal l (N > 10) , the average pol l ing time is approximately proportional

¶ to Nra for a given throughput . With po l l ing ,  a throughput of 1 is

achievable (with in f in i t e  delays) . Indeed , when the t raf f ic  is very

hi gh each user captures the channel for long periods, and therefore

transmits packets at the rate of 1 packet/packet transmission time . It

is also noteworthy that even for small values of N (N ~ 20) , the

“Hub Go Ahead” Pol l ing  is an al ternative to Rol l  Cal l Pol l ing  wh i ch is
advan tageous on lon g lines communications [MART 70] but is not readi ly
applicable to our radio system and will not be considered throughcut
the dissertation .
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expected queue length is less than I packet/user for most values of

throughput (S < .95) [TOBA 74].

1.2 .3 ALOH A Random Access Techni ques

The ALOHA system [ABRA 70 , KUO 73] is ope ra t i ona l  and appears

to have been the f i rs t  computer-communicat ion system to employ w i r e l e s s

connections . Each user transmits packets to the centra l computer over

the same hi gh-speed data channel in a completely unsynchronized manner.

Errors are due to two major causes : ( 1) random no ise on the channel ,

and (2) interference at the receiver wi th  packets t ransmit ted  by other

terminals . If , and only if , a packet is received w i t h o u t  erro r is it

acknowledged by the central station . After transmi tting a packet , the

terminal waits a given amount of time for an acknowledgement; if none is

received, the packet is retransmitted. This  process is repeated unti l

successful transmission and acknowledgement occur , or u n t i l  the process

is terminated by the terminal . This random-access packet switching

technique is referred to as pure ALOh A. In this mode , interference due

to overlapping packets definitely prevents a channel utilization of

100%. (Whenever a portion of one user ’s transm ission ove rlaps another

user ’s transmission , the two collide and “destroy” each other.) For a

H fixed packet size , the channel capacity was calculated to be 1/2e = 18%

[AB RA 70]. Roberts [ROBE 72] suggested modificat i on of the completely

unsynchronized use of the channel by slotting time into segments whose

duration is equal to the transmission time T of a sing le packet .  If  we

require eath user to start his packet’s transmission only at the begin-

ning of a slot , then when two packets conflict , they overlap completely

rather than pa r t i a l l y .  This provides an increase in channel eff iciency , 

~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ - - 
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and the channel capaci ty i s l/e ~ 36%. This techn ique is referred to

as slotted ALOHA. Those random access modes assume a large number N of

- - 
- users who generate packets infrequently and each packet is assumed to

be successfully transmitted in a time interval much less than the aver-

age time between successive packet generations at a given user*. Thus,

for performance analysis purposes, the large population of users is

approxi mated by an infini te popula tion , each user of which has at mos t

one packet requiring transmission at any time (including any previously

blocked packet , i.e., any packet which previously “collided” and which

is in the process of being retransmitted). The traffic offered to the

channel from the population of users consists of newly generated packets

and previously collided packets , with a mean offered traffic rate

denoted by G (> S, the mean input rate). Abramson [AB RA 70] first

showed for pure ALOHA that

S = Ge
_ 2G (1.4)

Thus in pure AWIIA , a maximum throughput is achieved at G = 1/2 and

equal to If 2e ~ .184 .

Roberts [ROBE 72] extended Abranison ’s result for slotted ALOHA.

The throughput equation becomes :

S = Ge~~ (1.5)

The maximum throughput is increased by a factor of two to l/e ~ .368

(at G = 1). From these results , i t  is all  too evident that a signifi-

cant fraction of the channel’ s ultimate capacity (C = 1) is not

*This w i l l  be assumed to be tru e when the number of users is not too
small , say N > 20 (with Poll ing , when N = 10 , the expected queue length
is greater than 1 only if the throughput S is greater than .9) .



u t i l i zed  with the ALOHA access modes*. Slotted ALOHA has been analyzed

by LAM (LAM 74]. Neglecting the propagation delay and le t t ing  the Inaxi-

mum retransmission delay be an integer number K of slots , the expected

- I normalized delay is then given by [LAM 74]

D = 1 + 
E(K 1) (1.6)

-~~

where E =

r -G/K G _G 1K _ S

~~~~~ - 0-G -C/K C -G K- I  -s
-G [e +~~ - e  ] ~1 - c

S = G q +  l - q

For each value of S , an optimum value of K can he selec ted so as to

achieve minimum delay . In Fi gure 1.3 (N = 50) , the lower envelope of

al l  constant-K delay curves is plotted versus the th roughput. From

this fi gu re it is clear that for ligh t t ra f f i c, slot ted ALOH A provides

de l ays far better than those obtained w i t h  TDMA (or FDMA ) .

As discussed earl ier  (Section 1. 2 . 1 ) ,  FDMA and TDMA are

~: I _____________________

*The ALOHA random access with  FM capture (FM capture occurs i f , when two
signals coll ide , the most powerful is received correctly) may resul t  in
a channel capacity l arger than lie [ROBE 72] .
tWe did not compare the slot ted ALOH A performance to that obtained with
TDMA and Pol l ing ,  for N = 10 , s ince the ALOH A performance predicted by
the i n f in i t e  population model is not accurate enough for such a value
of N.  Indeed this mode l assumes that the expected time to successful ly
transmi t a packet is less than the ave rage time between successive
packet generations at a given user. This  may not be true for N = 10;
for a smal l number of users (N < 20) b u f f e r i n g  c a p a b i l i t i e s  are needed .
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inefficient in channel u t i l i z a t i o n , and the mot iva t ion  behind the

interest in using random access ALOh A modes (desp i te their  low ch annel

capac i t y )  over ‘I ’I~~ and FI)MA was to provide  a s i n g l e  h ig h—speed data

rate ch annel to be shared by a l l  users . Becaus e of the burs ty nature

of the t r a f f i c , providing the entire ban dwidth (scarce communication

resource) to be shared by all users is shown (see [KLEI 76]) to be far

superior to FDMA or TDMA . V

When we are in the presence of burs ty users , slotted ALOHA can

support many more users than FDMA or TDMA at the same packet delay ; in

order to support a l arge number of users FDMA and TDMA require a larger

bandwidth for the same delay performance. This motivated further con-

sideration of new protocols (CSMA , CS S RMA ) for which the maximum

throughput is h igher than un der ALOHA access modes .

Before we consider CSMA and CS SRMA , we note an importan t

characterist ic  of al l  random access modes : After  some f in i te  time

period of quasi-s tat ionary conditions , the channel w i l l  drif t  into

saturation wi th probabili ty one, i.e., the th roughput will go to zero,

whi le  the channel load w i l l  increase without  any bound. A theory has

been proposed [KL FI  75A } which characteri zes the instability phenomenon

by def in ing stable and unstable channels and contro l policies for

unstable ch annels have been proposed and analyzed. In stable channels ,

the th roughput-de l ay results obtained under the ch annel equi l ibrium

assumption are achievable over an infinite time horizon, while in

unstable channels such channel performance is achievable only for some

finite time period before the channel goes to saturation. By applying

dynamic channel control policies , a ch annel throughput-delay performance

~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ 
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close to the optimum performance envelope is achievable over an infinite

time hori zon for ori ginal ly  unstable ch annels .

1.2.4 Carrier Sense ~4iltip 1e Access Mode (CSMA)

The radio channel is cons idered as a wide band ch annel w i t h  a

propagation delay between any source-destination pai r- which  is very

small  compared to the packet t ransmiss ion  time . This suggests a new

approach for using the channel , name ly the Carrier Sense Mul t i p le Access

mode *. In this scheme , one attempts to avoid collisions before trans-

mitting by listening to the carrier due to another user’s transmission .

Based on this information about the state of the channe l , one may think

of various actions the user may take . Kle inrock and Tobag i introduced

and analyzed three protocols [KLE I 75BJ which d i f f e r by the action that

a terminal takes after  sensing the channel .  In al l cases , when a user

determines (by the absence of a positive acknowledgement) that his

transmission was unsuccessful , he then reschedules the transmission of

his packet according to a randomly distributed retransmission de lay.

The three protocols are referred to as 1-persistent , p-persistent and

non-persistent cSMA . As an example we consider below the Non-Persistent

Ct~~A protocol .

• if the channel is sensed idle , the user transmits its packet.

• If the channel is sensed busy , the user schedules the transmi s-

sion of the packet at some later time , at which point in time ,

it senses the ch annel and repeats the algori thm descr i bed.

*Sensing the ca r r i e r  p r i o r  to t r a n s m i s s i o n  is a w e l l - k n o w n  con cept in
USC for (voice) a i r c ra ft  communication , in the context of packe t rad i o
channels , ~ t was originally suggested by I). Wax of The Ibnivers i-ty of
h awaii in an internal memorandun dated March 4, 1971.

20
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A slotted version can be considered by slotting the time axis;  the slot

size is T (the maximum propagation time). All users are synchronized

and arc forced to start transmission only at the beginning of a slot .

When a packet’s generation occurs during a slo t, the user senses the

channel at the beg inn ing of the next slot and operates according to the

protocol described above. Slotted non-persistent CSMA protocol provides

the best performance among all  CSMA protocols ; this is the one we w i l l

consider and refer to throughout the dissertation.

The performance of CSMA modes is highly dependent on the sens-

ing ability of each user; unfortunately many situations exist in which

some users are “hidden” from others , either because they are out-of-

sigh t or out of range *

Us ing the same infin ite popula tion model as that used with the

ALOHA inodes~~, Kleinrock and Tohagi [KLEI 75B] derived the throughput

7 equations for all ~SMA protocols. The equations for the throughput S

are exp ressed in terms of a (the ratio of maximum propaga tion time to

packe t transmis sion time) and C (the offere~4 traffic rate: G > S ) . For

slotted non-persistent GSMA, S i s given by

-aGaGeS .
( I  a ) ( l  - e~

aG) + a

*10 eliminate the hidden terminal problem , a natural extension of CSMA
has been proposed and analyzed [TOBA 75], namely the Busy Tone Multiple
Access mode (RThIA), which performs almost as well as CSMA without hidden
te rminals .
t
in this mode J , the traffic source consists of a very large population

of hurs tv users who collective ly can be approximated by an infinite
population , each user of wh i ch has at most one packet requiring trans-
mission at any time . The traffic offered to the channel consists of
newly generated and previously collide d packets .

2 1
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The channel capacity C is obtained by maximizing S wi th  respect to G.

Slotted non-persistent CSMA provides the largest capacity ; for example ,

when a = .01, then C = .857. We note that most of the channel capacity

which was unava i lable wi th ALOHA is recove red with CSMA . Howeve r, when

.i is very large (a > .3), slotted ALOHA is superior to any CSMA mode

[KLE I 75B1.

The ~SMA mo des , as with all random multi-access broadcast

ch annel s, are characteri zed by the fact that after some finite time of

quasi-stationary conditions , the channel will dri ft into saturation .

The stability theory introduced in the study of ALOHA [LAM 74] has been

extended by Tobagi [TOBA 76BJ for CSMA modes . The interesting result

V is that whatever the number N of users may be , one can alw ays find an

optimal value of the average retransmission time (drawn from a geometric

distribution) so that the channel is stable (i.e., the throughput-delay

results obtained unde r the channel equilibrium assumption are achievable

over an infinite time hori zon). The model considered for this study

assumes a finite population of N users , among wh i ch n are b l ocked ( i .e. , 5-
-

in the process of t ransmi t t ing  a packet) and (N - n) are thinking *

(generating packets at a global rate of (N - n) o) . It is shown that up

to N = 1000, the delay-throughput perfo rmance ob tained ( a stab le channel )

is better than that predicted by the infinite population model (an

unstable channel) . For larger values of N , in order to get a s table

channel , a delay degradation is observed due to the large increase in

retransmission delay .

The average th ink ing  t ime  is denoted by 1/a .

j
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I n Figu re 1. 3, slotted non-persistent CSMA performance (stable

channel for N = 50 use rs) is compared to TDM A, Poll ing and ALOHA. When

the traffic load is not too heavy (S < . 8) ,  CSMA performs much better

than P o l l i n g ; the situation reverses beyond S ~ 0.8.

For N = 10 users , the ~SMA model (no buf fer ing capabil ities:

each user has at most one packet requiring transmission at any time) is 
V

not ac curate enough to allow us to compa re the performance predicted by

this model to T[)MA and Polling.

Tobagi and Kleinrock [TOBA 76C] modified the slotted non—

persistent CSMA model by considering a (small) number of buffered ter-

minals and a geometric retransmission time after collision (a terminal

which has a non-empty queue will avoid repeated conflicts by trans-

mitting the packet at the head of the queue in the next slot with

probability p). Simulation results [TOBA 76C] show that the throughput-

delay performance deteriorates as the number of terminals N increases ;

with N = 5, the simula tion shows tha t we already reach the “infinite

V population of unbuffered terminals” performance.

Therefore in Figure 1.2 (N = 10), we plot the delay-throughput

performance as pred icted by th is inf in i te popula tion mode l , as- an

approximation of the performance obtained by N = 10 buffered users com-

municating over the radio channel under the slotted non-persistent ~SMA

protocol. From Figure 1.2 , it is clear that Polling performs better

than ~SMA for a small number of users (N < 10).

1.2.5 Reservation Techniques

Several reservations schemes based on the slotted ALOHA random

access mode have been proposed for satellite packet-switching systems 

~~— ---~~—--~~~~~ ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ ~~~~~ 5-5-~~~~~~~~~~ V ~~~~~~~~~~~~~~ 5- V~~~_ _ _ _ _
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[BIND 72, CROW 73 , ROBE 73j . A hybrid techni que has been proposed for

satellite packet-switching systems which combines a reservation tech-

nique with a dynamic al location of the channel [BIND 75B}. In packet

radio environments , characteri zed by short propagation delays , a pos-

sible implementation of the reservations techniques is performed by

dividing the available bandwidth into two channels : one used to trans-

mi t requests for reservations , the second one used for the (information)

packet traffic itself. This gives rise to the ~plit-Channel Reservation

Multiple Access (SRMA) modes [TOBA 76A}. In SRMA , the user  makes a

request on the channel whenever he has a packet to t r ansmi t .  When a

request is received , the station schedules the allocation of the channel

to the user placing the request. Random multiple access modes (ALOHA or

CSMA ) are chosen as the method of mul t i p l e x i n g  the requests on the than-

nel. We will consider below only the case where requests compete in a

CSMA mode , referred to as Carrier Sense SRMA (cS SI~MA) , s ince  th is

latter mode gives the best performance . In CS SRMA , the bandwidth is

divided into three sub-channels:

• the request channe l

the answer-to-request channel

the ( informa ti on) pa ck et channel .

The request channel is operated as in CSMA. At the correct reception

of the reques t, the station computes the time at which the information

packe t channe l wi l l  b e availab le and transmits back to the terminal , on

the answer-to-request channel , the time at which it can start  transmis-

sion . Given the rat ios = b /b and ri = h / h  where h , h
r 

and b

are the number of b i t s  respective l y in  a (message)  packet , ;m request

‘4 
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and an answer-to-request , the optimal spl it ting of the channel in to

three parts is computed so as to maximize the bandwidth utilization and

to minimi ze the delay (for a given load) [TOBA 76A]. When ii and 11a 
-

are small (in Figure 1.3 , we choose a = .01 and 
~r = 

~a = n = .01), the

ch annel capacity in CS SRMA is found to be very close to 1 (C = .95

for n = .01).

CS SRVMA prov ides a significant improvement over CSMA , not only

in terms of maximum achievable throughput , but also in terms of delay

for a given throughput . We plot in Figure -1.3 the performance predicted

- 

- 
by the analysis [TOBA 76A] assuming a large population of users (infi-

ni te popula ti on, unstable channel). This should be an upper bound on

V the performance when N = 50* . CS SRMA performance has not been plotted

in Fi g. 1.2 since the model that predicted this performance is not sui~-

table for a small  number of buffered users .

In comparing CS SRMA to Pol l ing ,  we note from Fi gure 1.3 that

when N is large and when the throughput is not too close to 1 (e .g . ,

S < .88 with N = 50) , CS SRMA exceeds the performance of Poll ing because
V 

of the overhead due to control information in Polling. (From Eq. (1.3)

we know that the average polling time is proportional to Nra.)

1.3 Summary of Results

Random access techniques (such as ALOHA, CSMA or CS SRI4A) have

The upper bound will hold if the stable channel mode l defined for CSMA
[TOBA 76B] also holds for CS SRMA. However for larger values of N , it
is poss ible tha t we get higher delays than those predicted by the infi-
nite population model. Indeed , with increasing values of N, the operat-
ing value of the retransmission (after collision) time K , which renders
the channel s tab le , mus t be increased. This leads to s ignif icant ly
increasing delays .

~~~~~~ —V - - 
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previously been analyzed with the assumption of an infinite population

of unbuffered terminals. In the presence of a large (but f in i te )  number

of users , this model is accurate in the sense that the assumption upon

which it is based is realistic.  This assumption is that the inter-

generation time between reques ts is long enough so that there is no need

for buffe ring cap abilities .

However , when we have a population composed of a very small

number (N < 10) of users , it is necessary to provide those users with

buffering capabilities. The random-access modes discussed above may

then not be suitable for such an environment, since they assume that a

user cannot generate a packet while he is in the process of transmitting

a previously generated packet*.

Among those models discussed in the previous section which

account for buffering ( i . e . ,  TDMA , F DMA and Poll ing) , we see that Pol-

ling uses the ch anne l e f f ic ien t ly  and gives the bes t delay . However

the main disadvantage of Polling is the requirement of a “master” user

(central station) which controls the access to the channel. This con-

trol is not desirable for reliability and security reasons; in point-

to-point communication; and in mobile environments (possible reassign-.-

ment of the master user). In addition , when N increases , the polling

time increases , wh i ch leads to delays worse than those to be expected

with random access techniques when the throughput is not too close to 1.

*We already mentioned that the performance of a small number of buffered
users communicating over the radio channe l under CSMA (as well as under
ALOHA) has been simu l ated [TUBA 76C}. However nei ther an exact solution
nor a good analytic approximation has yet been found that could give a
good prediction of this system ’s performance. 
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- I Consequently , our first goal is two-fold:

(l.a) For a population composed of a smal l number of users requiring

buffering capabilities, we wish to introduce and analyze mul-

tiple access modes over a single radio channel which do not

require control from a central station. Our approach is to

introduce a new class of access modes which , in a l l  but one

case , are conf l ic t  free; in part icular, we do not treat the

conflict-prone systems (ALOHA and CSMA).

( l . b )  For a population of a larger number of buffered users, we shall

introduce and analyze new multiple access modes over a single

radio channel which do not require control from a central

station, and the performance of which is comparable to that

~ - . 1
obtained with random access techniques like CSMA .

I s
In the prev ious section , we discussed the advantage of random

access modes over fixed assignment schemes (TDMA, FDMA). Although

slotted ALOHA only provides a maximal throughput of l/e, it has the

H 1 following advantages over CSMA :

• Implementation is simple.

• ALOh A does not require that al l  users be in line-

of-sight and within range of each other. This is

an importan t cons i deration .

When we are in the presence of a large number of small users ( terminals)

which do not “hear” each other , slotted ALOHA provides excellent delays

and an efficient channel utilization at low traffic; however, we are 
V

V 
dismayed that  the maximal achievable throughput is only lie.

~
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Therefore, the second goal of the dissertation is

V (2) In order to increase the channel capacity , we shall analyze

the cas e where we include traffic from a large user (e.g., a

computer) as wel l  as traff i c from a large popul ati on of sm a l l

users (e.g., terminals communicating with the computer) over a

single channel.

In Chapter 2, we develop a general channel configuration model.

The simplifying assumptions are spec i f ied , the traffic model is char-

acterized and operational features are presented.

As a response to our first objective (Goal (1.a)), we introduce ,

analyze and compare new access modes in Ch apter 3, which use the channel

much more eff iciently than TDMA. The delay-throughput performance of

these new schemes is slightly larger than that obtained with Polling

(see Figure 1.4). At light traffic, CSMA provides s li gh tly shor ter

delays than the new schemes , tinder heavy traffic conditions , the new

schemes perform be tter than CSMA (see F i gure 1 .4) . As in CSMA , we use

the abili ty of each user to detect the pres ence or the absence of the

carrier r seconds af ter the beg inn ing of the transmi ssion , where T is

the maximum propagation time between any source-destination pair .

:~ 
In these new modes, the time axis is slotted. Each slot is

assigned to a user to transmi t a pack et, and contains an overh ead ,

during which the other users will be able to “sense” the carrier. If

the carrier is not detected , another user w i l l  transmit a pack et over

this slot. Therefore by carrier-sensing, we avo i d as much as possible ,

wasted channel time , and thus we use the channel much more efficiently

than wi th TDMA.

~~~~~~

- 
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1
However , when the number of users N increases , so does the

overhead in each slot ; there fo re we observ e a performance degrada tion

with increasing N. Chapter 4 describes modifications to the access

schemes introduced in Chapter 3 in order to reduce this performance

degradation. The delay-throughput performance improvement is signifi- 
V

can t , but s t i l l  does not achieve our second objective (Goal l.h).

In Chapter 5, we introduce and analyze a multiple-access mode ,

also based on the carrier sense capab i l it y of each user and wh ich also

does not req ui re con t ro l f rom a central  s ta t ion . In t h i s  scheme the

time axis is slotted with a slot size equal to the maximum propagation

time -r. As in Chapter 3, we use the channel efficiently by carrier-

sensing. However , we do not waste (as we did i n  Chapter 3) a certain

amoun t of channel time (overhead) at each packet transmission ; on the

contrary , we minimi ze the channel t ime lost for packet t ransmission .

Under heavy t ra f f i c conditions , this new technique (which also allow s V

buffer ing capabili ties) performs be tter than CSMA for a l l  numbers of

users . Under l ight traffic conditions , the larger is the number of

users , the better  is the performance of CSMA as compared to the perfor-

mance of this new mode. However, for all numbers of users , this new

scheme performs better than Polling (see Ngure 1.5).

Chapter 6 sa t i s f ies our thi rd objective (Goal 2 ) .  We present , V

analy ze and compare two techniques in which we include the traffic of

a l arge user as wel l  as the t r a f f i c of a populat ion of smal l  users over

a s ing le  channel .  The large buffere d user “s teals ,” by carrier

sensing, slots which  remain unused by the background of smal l  users .

No models are s tudied wh i ch d i f f e r  w i t h  respect to th e  nature of the

~~~~~~~~~~~~ V A - - -  ~~~~~~~~~~~~~~~~~
_ _ _ V  
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population of smal l users. The first assumes an infinite population of

smal l users who share the channel in a s lot ted ALOHA fashion . By

including the traffic of the large user, as well as the traffi c of the

back ground of small  users , we s i g n i f i c a n t l y  increase the total  channel

throughput. In Figure 1.6, we plot the latter versus the smal l  us ers

offered t ra f f i c  (composed of newly generated and prev iously coll ided

packets) .

In the second model , we consider a finite population of small

buffe red users which hear each other and who share the ch annel according

to any of the new schemes studied in Chapter 3. Here al so , i f we are

in the presence of burs ty users , we observ e a si gn i f i can t  increase in

the total channel throughput .

chapter 7 contains some concluding remarks, as well as sug-

gestions for future research .

In summary, the two major contributions of this research are :

(1) The introduction and perfo rmance evaluation of new methods

for mult iplexing users on a packet- -switched mul t ip le-access  radio

channel . 
V

(2) The inclusion of traffic of di fferent sources (e.g.,

computer and terminals) on the same radio channel providing e f f ic ien t

ch annel u t i l iza t ion and leading to the design of new mixed-access modes .

Although this research was motivated by the need for multi ple- F

access schemes in ground radio communication , we strongly believe that

this dissertation presents al ternat ives to f ixed  assignment and random

access methods in general reseutce sharing systems .

32
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~ 1AP TE R 2

QJANNEL CONFIGURATION

Consider a finite population of N users communicating with

each other or with a central station over a packet-switched multiple-

access radio channel of limited bandwidth .

In order to analyze the mu l tiplexing techn iques that we con-

side r throughout the dissertation and to compare them to the existing

techniques described in Chapter 1 , we deve lop a general channel configu-

ration model.

Firs t we specify some of the s imp l i fy ing  assumption s made about

the system . Second we characterize the traffic mode l and describe the

features which are common to all schemes presented in th e dissertation .

2.1 Sys tem Assumptions

We adopt the follow ing assumptions :

( A . l )  All  packets are of constant length . Let bm denote the n1b .”~er

of bits in each packet.  I f  W denotes the bandwidth of the

radio channel modulated at 1 bit per liz , then each packet

requires a transmission tim e of T = hm/W seconds .

(A.2) The channel is noise-free : errors in packet reception caused

by random noise are not addressed in the dissertation.

(A.3) Acknowledgement traffic is carried over a separate channel, In

V 

other words , acknowledgemen ts arrive reliably and at no cost.

34
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Le t Ta denote the transmission time of the ackn owledgemen t pa cket on

the acknow ledgement channel and T
m the propagation delay from the trans-

mitter to the receiver. We assume that no processing time is required

at the receiver to generate an acknowledgement. Then the period for

receiving the acknowledgeme nt is simply equal to Ta + 2T
m 

follow ing the

end of the transmission of the (information) packet at the transmitter.

(A. 4) There is no mul tipath effect : The effect of multipath on any

type of signal is to spread the signal duration by echoing it.

(A.5) There is no FM-capture effect : When two signals with different

powers (s ay P
1 

> P,) are received simultaneously, some receiv-

ers can correctly receive the stronger signal. An FM receiver

is characteri zed by its capture ratio:

P
CR = lO log p
!
2

We assum e a non-capture system , i.e., the overlap of any

S frac tion of two packe ts resul ts in des truc tion of bo th.

(A.6) The propagation delay between any source-destination pair is

very small compared to the packet transmission time : If the

maximum propagation delay is denoted by T , we have :

T < < T

Cons ider , for example , 1000 bit packets transmitted over a channel
V 

operat ing at a speed of 100 kilobits per second. The transmission time

of a packet is then 10 msecs . If the maximum distance between the

source and the des tination is 10 miles , then the packe t propagation 

- ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ V~~~~~~~~~~~~~~~~ - .~~~~~~~~
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delay is of the order of 54 usecs . Thus the propagation delay is a

very small fraction

a~~~-~~ = .005

of the transmission time of a packet.  On the contrary , when one

considers sa te l l i te  channels [KLEI 73] the propagation delay is a

relatively large multiple of the packet transmission time (a >> 1).

In subsequent chapters additional assumptions on the system

will be introduced as needed.

2 .2  Traff ic Model and Some Protocols ’ Features

The traff ic model is def ined as follows .

Traff ic  Source

Ex cept in Chap ter 6 (wh ere the t r a f f i c  source w i l l  be
V 

/ redefined) we consider a finite number N of buffered users , with un-

lim ited buffer size.  Each user generates traffi c independen t ly of the

others according to a homogeneous Po isson process. The aggrega te

packet generation rate is deno ted by A (packets/second). If N is not

too large , each user may generate packe ts frequently enough so tha t the

interarrival time between successive packets at a given user i s less

than the delay incurred by a packet from arrival to the end of trans-

mission . Thus, each use r m ay have more than one packet requiring

transmission at any t ime , which will he t ransmi t ted  on a first-come-

first-served basis. We further assume

(A. 7) Al l  Users are with in  range and in line of sigh t of each other .

Therefore any user has the abi l i ty  to sense the carrier of any

other transmission on the ch annel .
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Channel Throughput

Each packe t has been assumed to be of cons tant leng th , requir-.

ing T seconds for transmission . Let S = AT . S is the average number of

packets generated per transmission time , i.e., the input rate normalized

with respect to T. Under equil ibr ium , S can also be referred to as the

channel throughput rate [LAM 74, TOBA 74].

Channel Utilization

The channel throughput rate S is less than or equal to one.

If we were able to perfectly schedule the packets into the available

channel space with no overlap or space between packets , we could achieve

a maximum throughput of one. Therefore S is also referred to as the 
S

channel utilization (LAM 74 , TUBA 74}.

Slotted Tran smission -

The time axis is slotted. All users are synchronized and are

S forced to start transmission only at the beg inning of a slot of duration

deno ted by s. When the users are not an equal dis tance apart, their

synchronization is not simple. We assume:

V 

(A.8) This synchronization is feasible , and in this dissertation we

will not address the problems this synchronization arises.

Two slot sizes are considered , giving rise to different protocols , and

wi ll be defined in the subsequent chapters .

Control of Transmission

In the previous ch apter we discussed the following:

( 1) Class ica l  techniques l ike TDMA and FDMA are quite 

-V-—---.~~~~~~~~~~~ ~~~~~~~~~ ~~~~~~~~~~~~~~~~~ - - -
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different in philosophy than random access modes such as CSMA or reser-

vation schemes such as SRMA . While with the former we observed a low

ch annel uti l ization and th ere fore a discrepan cy in delay at low input

rate due to the burs tiness of traff ic , the latter provided a good chan-

nel utilization at low input rate , at the price of collisions increasing

wi th the input rate; this results in i.ower channel utilization at high

input rate and in unstability .

(2) Another alternative to fixed assi gnmen t ( TDMA , FDMA) and

to random access (CSMA , SAMA) is provided by Polling, where a central
— 

station is controlling the transmission , therefore avoiding collisions

and minimizing the time when the channel is wasted for the users when

the number of users is not too large .

The purpose of the techniques studied in the subsequent chap-

ters is to increase the channel utilization at low input rate without

any control from a central station (rather we use self- control of the

transmission by the users). In addition , collisions are avoided, and

hence the channel is stable . * 
S

In the following we choose:

1) a dynami c assignmen t of the ch annel to each use r for a

certain time duration . In other words , if user i is presently trans-

mi tting a packe t over the ch an nel , an assignment scheme designates a

user j (possibly = 1) to transmit the nex t packe t . At each beg inning

of a packe t transmiss ion , a l l  term in als know to which use r the cha nnel

*
Stable and unstable channels are defined as follows (see [LAM 74] and
[KLEI 75A]): In stable channels , the steady-stai e throughput-delay
results  are achievable over an infinite time hori zon , while in unstable
ch annels , such channel performance is achievable only for some f in it e S

time per iod before the channel goes to satura tion , i.e., a zero throug h-  V

put is observed because of increasing collisions. 
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is assigned.

2) as in CSMA , to use the abili ty of each user to detect the

presence or absence of a carrier t seconds after the beginning of the

transmission . All other users know after T seconds whether user i had

a packe t to transm it (carrier presen t) or not (carrier absent) . - In case

the carrie r is absen t, they all know which user (user j) is chosen to

start transmission immediately. They all listen to the carrier for the

nex t T seconds , af ter which , if the carrier is once more absen t, a third

user may start transmitting a packet , etc.

An access mode is characterized by ~the maximum number of

attempts M to find a busy user (a user who has at leas t one packe t to

transmit).

Obviously , we have

S 
l < M < N

If af ter M attempts we find no busy users , var i ous actions can be taken ,

giv i ng r ise to various pro tocols which wil l  be defined in the subsequent

V 
ch ap ters .

If M = 1: we have a fixed assignment , an example of which is

‘

F 
TDMA. We will not consider this value of M.

If  M = N:  even though only one user has a packet to transmit ,

F this user w i l l  eventual ly be chosen after M = N

(wors t case) attempts .

In subs equen t chap ters , the parameter M will be defined precisely.

Carrier Detection

Af te r  a maximum time of T seconds , any user may start detecting
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the carrier of any transmission. We assume that

(A.9) The time required to detect the carrier due to packet trans-

missions is negligible with respect to T.

thannel Capacity

Because we was te part of the avai l able channel space (be tween

the successive transmission of two packe ts , there may be an integer

V 
number of t seconds wasted for sensing the carrier) , the achievable

throughput may be less than one. The maximum achievable throughput for

an access mode is called the capacity of the channel under that mode,

denoted C:

C max S

Expected Packet Delay

Together with the channel capacity , th e expec ted packe t delay

D is an important performance measure . D is defined as the average time

- 
elapsing from the generation of a packet until the end of its trans-

V mission , normalized with respect to T (the delay in seconds is DT).

-
r We have so far defined the following variables :

N:  number of users
;_ ~

__ -~i M: maximum number of attempts to find a busy user

bm : number of bits per (information) packet 
V

W: chann el bandw idth

T: bm/W i transmission time of a packet in seconds

~ : m aximum propagation delay of any transmission

a: T/T, maximum propagation delay normalized with respect to

T (a << 1)

40 
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s:  s lot  duration

A:  aggregate (total)  mean packet generation rate (packets per

- I second)

S: normalized channel throughput rate : S = AT , channel

u t i l i za t ion

D: expected packet delay normalized with respect to T

C: channel capacity
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C1IAPT1 R 3

h EAD OF TI lE LIN E , ALTERN ATIN G PRIOR ITIE S ,

ROUND ROBIN A1’ID RANDOM ORDE R

V 

Four protocols are described and ana lyzed  in  t h i s  ch ap te r :

h ead of the Line (II OL) , A l t e rna t ing  P r i o r i t i e s  (Al’ ) , Round R o b i n  ( RR)

and Random Order (RO) . They d i f f e r  by t h e i r  dynamic  assi gnment schemes ;

however , in each of them the slot size is the sam e and a slot is never

wasted as long as at leas t one user has a packet to t r ansmi t , i . e . ,

M = N

where M is the maximum number of attempts to find a busy user per slot. S

In Section 1 , we def ine  the s l o t  confi g u r a t i o n . The various

protocols arc described in  Section 2. The firs t impor tan t  performance

measure (the channe l capacity) is shown in Section 3 to be th e same

under the four protocols and to be better thaim e x i s t i n g  techni ques only

when the number of users , N , is small (< 20). In  Section 4, we estah-

lish a conservation law wh i ch is of great use in analyzing and comparing

the delay performance under those protocols . The main result is that

the Al’, RR and l~) protocols all have the same average delay when all

users have identical average input rates .

The next two sections arc devoted to analytical results con-

cerning delay under VOL and A? protocols (the latter for N = 2 ) .  Since

we cannot compare A?, RR and RO in terms of av erage delay (they ar c the

same),  it is necessary to investigate higher moments. it is shown in

_ _ _ _ _ _ _  
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Section 8 that AP provides the smallest delay variance and RR the - 

-

l argest , although they are close to each other.

Finally, in Section 9 we compare the throughput delay perfor-

mance of those th ree protocols to some of th e exi st ing techni ques

discussed in Chapter 1. For a small number of users , A?, RR and RO V

provide a delay throughput performance close to that obtained with

Polling and are particularly suitable for the multiple  access of a

small number of buffered users. When the number of users increases , the

performance degrades. How ever if  a l l  users are very close to each other ,

with a si gnificant number of users (N up to SO) AP , RR and RO perform

better than CSMA and CS SRM A under heavy t ra f f i c condi tions . Like OSMA ,

the new sche mes have the adv antage of not requir ing the con trol from a

central s ta t ion , wh i l e  Po l l i ng  and CS SRMA do.

3.1 Slot  Confi gurat ion and Operational Features

V 
- Consider the slot configuration shown in Figure 3.1. The size

of a slot is

s = (N - l) T + T -‘- t T[Na + 11 (3.1)

-~~

where T is the maximum propagation time , T is the transmission time of

an (information) packet and N , the number of users . Thus a slot consists

of three parts :

-

- 
I 1) an ove rhea d of (N - 1) “minislots ,” each of duration t ,

fo l lowed by

2) the packet transmission time of length T, followed by

3) one min i s lo t  (propagation delay : the las t  b i t  of a packet

is received at most one minislot after it was transmitted).

_ _ _ _  
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CARRIER CARRIER MODULATED
ONLY BY DATA

J r J  l~.[J INFORMATION PACKET

MinisIot —~”- 

(N~1) ~ T 
~~~~

. 

1-i”
Minis lots

Figure 3.1. Slot Configuration.

All  users are synchronized and may start transmission of the carrier

(with no modulation) only at the beginning of a minislot , and all users

may start transmission of the (data) packet (carrier modulated with data)

V on ly at the beg inning of the second part of the slot , i.e., (N - 1) m i n i —

slots af ter  the beg inning of a slot . In each slot an ass ignment  scheme

(see below) orders the N users .

If the hi ghest order user, say u 1, has a packet to transmit ,

he starts sending the carrier (with no modulation) at the b e g i n n i n g  of

the slot , i . e . ,  at the beginniag of the fi rst minislot. Within the

fi rs t -r seconds , i .e . , after at most one minislot , all other users will

- - detect the presence of the carrier and remain quiet until next slot.

If u1 has no packet to transmit then he remains quiet and after

one min i slo t  a l l  other users know tha t  the channel is idle (carrier

absent). If the next user in order , say u2, has data to send , lie w ill

start sending the carrier (without modulation) at the beginning of the

second minis lo t .

I f  u
2 
has no packet to transmit , then he remains qu i e t  and the

next user in order , say U.y start s transmitting the carrier (with no

_ _ _ _ _ 1__ V __ _ ___ 



modulation) at the beginning of the third minislot if he has data (u
3

transmi ts if the carrier has been absent for the f i r s t  two min i slo t s ) ,

etc.

We h ave a lre ady assumed (As sumption 9, Ch apter 2) tha t the

carrier detection time is negli gible with respect to a minislot . We

further assume that

(A.lO) The time for choosing a user by the assignment scheme is

negl igib le  w ith respect to T.

We assume tha t the assi gned sequence u1, ..., ur.~ is known

by al l  users at the beginning of the slot since the assignmen t scheme

is run by all users before the end of the previous slot.

With Assumptions 8, 9 and 10 , the protocols as described above

and using such a slot configuration are considered as feasible; in this

dissertation we do not address the practical prob lems of feasibility and

implementation such as synchronization , implemen tation of sens ing and

of assignmen t algori thms . One way to satisfy Assumption 8 (synchroni-

zation prob lems due to the fact that users are not all equally distant)

- - and Assumption 9 ( carrie r detection time negl i gible) is to increase the

- size of a minis lot (previously chosen as equal to the maximal propagation

t ime  -r) , or equivalentl y to take a larger value for the parame ter a. We

- def ined a in Ch apter 2 as the ra t io  of T over the packe t transmi ssion

t ime T. We now de f ine :  
—

a A m i n i s  lot size << ~ (3 .2)  

V V ~~~~~~~~ V~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ V .~~~
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3.2 The Protocols

The four protocols considered below differ in the way the

ass ignment scheme orders the N users in each slot.

3 .2 . 1  Head of the Line (HOL)

This protocol , named after the priority queueing system fi rst

studied by Cobham [COBH 54], is devised for a population of N users on

which a fixed priori ty structure is imposed. In this syst em , queue i
V 

(i = 1 , 2 , ..., N) is served onl y if all queues of hi gher priori ty than

que ue i are empty , and before a l l  queues w i t h  lower pr ior i ty than

queue i. In each queue , customers are served on a first-come-fi rst-

served basis. The priority among queues remains constant i n  time .

Wi thout loss of genera l i ty ,  we denote by u 1 the user w i t h  the h i g h e s t

priority , by u2 the user w i t h  tu e next highest priori ty , . . . , and by

u.N the user with the lowest p r i o r i t y ; and w e  wri te u 1 > u
2 

> . . .  > UN

in each slot. At each slot , u. will transmit his data , i f  any , only i f

u 1, u2 , ..., u1 1  are id le .  if  all users are idle , then the slot is

unused.

Protoco l:

(1) The hi ghest order user (u 1) need never sense the channel and

syn chron izes h is pack et ’s transmission , if any , as follows :

(i) At the beginning of the slot he begins transmission

of the carr ier.

(ii) (N - 1) min i s lo t s  later he transmits the packet.

(2) The . th  user in order ( u . ) ( l  < i < N) senses the channel for

(i — 1) m i n i s l o t s .

46
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(i) if no carr ier is detected af ter (i - 1) min islo ts , at the

beginning of tile ~th min is lot, he sends the carrier and

(N - i) min islots la ter , he transmits the packet.

-

S 
(ii) Otherwise (u. idle or carrier detected earlier) u. waits 1-

for the next slot and th en operates as before .

3 .2 . 2  Al terna t ing  Priorities (A?)

Th i s  pro toco l , nam ed after the priori ty queueing sys tem studied

by Mille r [MILL 64], obeys the fol lowing rule:

(1) Assign the slot to that user (say user u . )  who t ransmit ted the

last packet, if poss ibl e. Otherwise (if there are no more

packets from this  user)

( 2 )  Assign the s lot  to the next user in sequence ( i . e . ,  user

ui mod N +i~

(i) If this next user is busy a packet is transmitted in -
V

this slo t, and in the fo l lowing slo t, operate as above.

V 
(ii) If this next user is idle , then repeat step 2 until S

either a busy user is found or til e N us ers have been

scanned. In this latter case (all users idle), the

slo t is unused and in the fo l lowing slot , operate as

above . (The fol low ing slo t is ass igned to user u
1)

Pro tocol

( 1) The user to wh ich the sl ot is assigned does not sense the

channe l .  If  he has a packet to transmit , he transmi ts the

carrier only , from the beg inning of the slot  and (N - 1)

Users are ordered in a given sequence which rotates as new users gain
access.

47
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BUFFER OCCUPANCY

at t 1 at t2 at t3 at t4
Ui :::::::: ~ ________ ________ I
U2 

_ _ _ _ _ _ _  I 1 11
U3 

_ _ _ _ _  H 11 ~~ _ _ _ _ _

U4 
_ _ _ _ _  H 1 11

u1>u2>u3>u4 u3>u4>u1>u2

I USED BY U1 USED BY u3 V

-

~~~~~~ 

~~~- Min~~ot~~~~~~~

J F t—’ T ~J I F+’ T 

~
] JJ J F T 

~‘~J I TIME
t2

_
~~

\ 
~~~~~~~~~ t4

- 
- 

Carrier Detected Carrier Absent Carrier Detected
By u2,u3,u4.They Wait For 2 Minis lots . u3 Starts By u1,u2,u4Unti lNext Slot Transmission

FIgure 3.2 Alternating priorities (N 4) (Cross-Hetc iung Indicates a Transmission ).
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-p
minis lots  later he starts transmitting his packet. Otherwise

(he has no packet to transmit)  he remains quiet.

(2) The user wh o is current ly ~th in sequence ( 1 < i < N) senses

the carrier for ( i - 1) minislo ts. If the carrier is absent

and if he has data , he transmits the carrier at the beginning

of the .th min. islot and (N - I) minislots later, he transmi ts

his data packet. Otherwise (carrier present or buffer emp ty )

- - ; he remains quie t .

(3) Before the end of the slot , if the channel was switched from

S 
one user to another , all users upda te their prio rity , i.e.,

the number of minislots they will have to sense the carrier

durin g the follow ing sl ot before transmitting ( i f the carrier

is absent). All users then operate as above.

- S In Figure 3.2 we consider an example with N = 4 queues . At

time t~ , priority is given to user 1 who transmitted in the previous

slot . User 1 has one packet in h i s  bu f fe r .  He therefore transmits

his packet in the slot starting at t
1
. At the beg inn ing of the nex t

slot , at time t2, h is buffer contains a packet generated between t1

and t
2

. User I still has priority and transmi ts his packet. At time

t3
, user l’ s buffer is empty and priority is given to user 2 whose

:~ buffer  is empty. Nex t in pr iority is user 3 who has 3 packets to tran s-

mit. User 3 transmi ts a packet in the slot starting at t and will keep3

transmitting until his buffer is emp ty.

3.2 .3  Round Robin (RR)

As in TDMA , each user is assi gned one slot in a round robin

- - fashion . Af ter one user ’s slot has elapsed , the channel is switched to

49 
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another user according to a fixed order , say u1, u2 ,  ..., u.s, u1
,

but if the user to whom the current slot is assigned is idle , the (N - 1)

remaining users are scanned in sequence according to the sane order *

until a busy user is found. The protocol works as follows :

(1) If the user to whom the current slot is assigned has a packet

to transmi t, he transmits the carrier from the beginning Cf

the slot and (N - 1) minislots  la ter  he t ransmits  h-i s data

packet. If he is idle he remains quiet  un t il  the end of s l o t .

(2) The ~
th user in sequence senses the carrier for i-i minislots .

If the carrier is absent and if he has a packet to transmi t ,

he t ransmits the carrier from the beginning of the ~th mini-

slot and (N - i) minislots later he transmits his data packet.

Otherwise (carrier present or buffer empty) he remains quiet

unt i l  the end of the s lo t .

(3) No matter who uses the current slot , slots are assigned to

• - users in sequence : if the current slot is assigned (not neces-

sarily used) to u1, the nex t slot is assi gned to U~ mod N+l .t

In Figure 3.3, we take an example w i t h  N = 3 queues . The slot

starting at t 1 is assigned to user 1. Users I and 2 are idle , user 3

- 
~~~~ has 2 packets to transmit. User 3 transmits in this slot. The next

If the slot is assigned to u. (1 < i < N), the nex t user in sequence

~~ ~i mod N + ~~ 
. . ;  the las t in sequence is u1 1  (or U

N 
if i 1).

t
Variant: If the current slot is assi gned to u., and u . uses the cur-

ren t slot (j = ~~~~ i+l , ..., N , 1 , ... , i-i) , then the next slot is

assi gned to u~ mod N+l~ 
If the current slot is not used (all users idle)

then the next slot is assigned to 
~
‘i mod N+1~

~ 
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— at t 1 at t2 at t3 at t4 -

Ui 
_ _ _ _ _ _ _  

-I 1~J _ _ _ _ _ _ _

U2 
__________ ___________ 1 I

U3 
_ _ _ _  I _ _ _  I

V PRI ORITY u1>u2>u3 u2>u3>U1 U3>U1>U
2 

u1>U2>U3

USED BY USED BY u2 USE D BY u3

1j [A SSR~jNED TOJ }j 1
ASSIG~4ED TOJ 1~ J ASSIGNED TO u3 ~I TIME

t~f 
t4

u.~STARTS PACKET u~,STARTS CARRIER 1 u~ STARTS C A R RI E R
-1 T~ ANSMISSION T~ ANSMISSION TRANSMISSION

~ : 
Figure 3.3. Round Robin ~N 3 )  (Cross .Hatching Indicates a Transmission.
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slot is assigned to user 2 who transmits the packet generated in the

previous slot. The following slot is assigned to user 3 who still has

a packet to transmit. The following slot assigned to user I will be

used by user 1 who has meanwhil e  generated a packet .

3 . 2 . 4  Random Order (RO )

Each slo t is ass igned at random to one among the N users by a

common pseudo-random number generator. That is , each user generates the

same pseudo-random permutation of 1, 2, .., N , and this invoke s the

same First-In-First Out (FIFO) queue of random numbers . The head of the

FIFO queue represents the user to whom the slot is assigned. If this

user has a packe t to transmit, then he transmits his packet in this slot.

If the head of the FIFO queue represen ts an idl e user, then , after

deletion the current head of the FIFO represents tile next user in order

to transmit in this slot : a second attempt is made to find a busy user

to transmit in the curren t slot , etc. Thus the N users are ordered by

the sequence of numbers in the FIFO queue.

Protocol:

(1) At the beg inning of a slot , i f  the user to whom the slot is

assi gned has a packet to transmi t, he sends the ca rrier at the

beginning of the slot and (N - I) min is lo t s  la ter , he t ransmits

his packet. Otherwise (idle user) he remains quiet .

(2) The 1th user in sequence (represen ted by the 1th number i n the

FIFO que ue from the head of the queue ) senses tt~e carr ier for

— 

the (i-l) first minis lots, after which he transmits (the

52
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a t t 1 2 t t 2 
-

Ui II 1H -

U2 I I
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PRIORITY

U5 > U 1 > U3 > U4 > U2  U5 > U3 > U4 > U 2 > U 1  -

I -I ~~~~~~~~~~~~~ 

T T TIME
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-
~ ti t2

U1 Starts Transmission Starts Transmission

Figure 3.4. Random Order (N~5) (cross-hatching indicates a transmission ) 
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carrier) i f he has a pack et to trans m i t and i f th~ carrier were

absent. Otherwise he remains quiet.

(3) Before the end of the curren t s lot, all  users update their

priority, i.e., generate a pseudo-random permutation of 1 , 2,

.., N.  The resulting sequence of numbers in the FIFO queue

- 
I 

(the same for all users) gives the priority order of the N

users for the next slot, i.e., for each user , the number of
S 

minislots during which the carrier must be sensed.

In Fiqure 3.4 , we take an example wi th five queues. u5, to

whom the first slot is assigned (5 is at the head of the FIFO queue) , is

idle. u1 is the next user in orde r (5 is deleted and 1 moves to the

head) . u
1 
has two packets ready for transmission . Then u

1 transm it s a

packet in this slot . The next slot is assigned to u5 
(S is at the head

of the FIFO). u
5 

is idle (5 is deleted, 3 moves to the head) . u
3 

is 
S

also idle (3 is deleted , 4 moves to the head) . u
4 

has two packe ts

ready for transmission . He transmits a packe t in th is slo t , etc.

— While 1-IOL is well adapted to a population of users on which a

fixed priority structure is imposed , AP , RR and RO are suitable for a

population of users iden tical in terms of average input rate and priority.

The scheduling algorithm of the RO protocol is obviously more

expensive to implement than are AP and RR.

• Ch annel capacity and de lay are the two important performance

measure s , the analysis of which w i l l  allow us to dec ide which  protocol

is best and to compare these te chni que s to exis t ing techni ques. F i rst ,

- we consider channel capacity . 

~~~
- V
~~~

- - --~~~-~~~ -V -



-- -- - - 
-•V

---—----- - --••---- 
~~~~~~~~~~~~~~~~~~

_______________3.3 Channel Capacity

The channel capacity C , unde r a given protocol , has been de—

fined in chapter 2 as the maximum achievable throughput for this pro- S

V 

- tocol. Between the successive transmission of two packets , there are

(N - 1) minislots wasted for carrier sensing, and therefore whatever

protocol we use with the slot configuration defined in Section 3.1, the

maximum achievable throughput is less than 1. Since within each slot

(of size s defined by Eq. (3 .1)) ,  NaT seconds are wasted , where a

is defined by Eq. (3.2); the channel capacity is

c = ~~ = -  ~ (3.3)s I ÷ N a

In Figure 3.5, we pl ot the capaci ty C versus the number of

users N for vari ous values of a.

On the same fi gure are plotted the capacity of Poll ing,  CSMA

and slotted ALOHA. With Polling (KOHN 721 one can always achieve a

theoretical throughput of I, since when one user transmits over the

ch anne l , he keeps t ransmit t ing at a rate of one packet per packet t ran s-

mission time . If his buffer never empties there is no waste of the

channel due to switching to (polling) another user. The capacity of

slo tted ALOh A is known to be l/ e [KLE I 75AJ . The slotted non-persistent

CSMA protocol provides the highest capacity among all CSMA protocols

[KLE I 75B]; the CSMA capacity is plotted for a = .01 , .05 , and .001.

- 
S The capaci ty of HOL , AP , RR and RO is observed to de cay ve ry

-- 
- fas t below the CSMA capaci ty when a is not too small (N = 18 for a = .01 ,

N = 10 for a = .05) and is worse than the slotted ALOHA mode for

N > 172 if a = .01 ( or N > 34 i f a = .05). h owever, when a is very 

_S_1_~ ____ _ 
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small , say a = .001*, the capacity stays high ( > 90%) for N < 110.

In Fi gure 3.6 we plo t the channel capaci ty C vers us a for

var ious val ues of N , and comp are it to the channel capaci ty of ~SMA

(slotted non-persistent) [KLE I 75h3 ] and slotted ALOHA [KLEI 75A]. For

a small  number of users (N = 10) , the protocols studied in this chapter

give a hi ghe r channel capacity than a l l  CSMA protocols for values of a —

not larger than .038, and is f a i r ly  good when a < .02 (~~ 
83% ) .  When the

number of users is larger , C quickly decays as a increases ; if N = 50

for values of a > .35 , the capacity drops below that of s lo t ted ALOHA .

After  channel capacity , the second important performance

measure we analyze is the delay incurred by a packet from its generation

- 
to the end of i ts  transmission . We f i r s t  es tabl ish a conservation law

which gives us , as a main result , the average delay under a broad class

of protocols , wh atever the number of users is , when all users have the

same input rate.

3.4 A Conservation Law

M u l t i p l e  access to a radio channel f rom a fin ite number of

buf fe red use rs can be modeled as a prio rity queueing system with one

server (serv i ce corresponds to the transmission of a packe t over one

single  channel) . Customers (packets) arrive at multiple queues to be

- V 
served according to a queueing discipline which is nothing more than a

protoco l (i.e., a means for choosing wh ich cus tomer in wh ich queue is

to be served next). Since we assumed Poisson generation of the packets

a = .00 1 ; if for example , a l l  users are less than 2 mi les apart and
transmit 1000 bit packets over a channel operating at a speed of 100
ki lobi ts per second , or i f a l l  users are less than 10 miles  apart and
transmi t 5000 bit packets over a channel operating at a speed of 100
ki lob i ts per second.

57
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we could apply a l l  the resul ts  known about M/6/ l p r i o r i t y  queueing sys-

tems (see for example [KLL I 7b], or for a more complete work on the

subject see [JArS 68]). However, in any M/G/ 1 queueing sys tem , a cus-

tomer who , upon arrival , f inds the sys tem. idle (no custome r in any queue

or in service) is immediately serviced. In any conservative * priori ty

queueing system [KLEI 65] ,  a customer who , upon arrival  finds the system

idle  (no customer in any of the queues or in service) is immediately

serviced . This is not true in our mul t ip l e  access schemes since the

- V transmission is slotted. Whatever protocol we use, a pack et which upon

- 
S 

generation finds the system empty (no packe t w a i t i n g  for transmission at

any usel; no packet being transmitted), has to wai t un til the beg inning

of the fo l lowing  slot to be a candidate for t ransmission.  - There fore we

model our access schemes as work-conserving priority queueing systems

wi th rest period. When the server goes idle (upon service completion

of the las t  customer) he goes for a “vacation ” wi th  an arbi trary dis t r i—

bution function. At the end of this vacation , he starts serv ing any

customers who arrived during this vacation, or if no one arrived, he

goes for another vacation.

Our slo tted sys tem can he modeled as a queue ing sys tem wi th

rest period where both service time and rest period are deterministic

with the same length (slot size). The queue M/G/l with rest period has

been studied by M i l l e r  [MILL 64]. Using another approach, in Appendi x A

we give some useful results concerning delay in such a queueing system .

For any M/G/ 1 system and a non-preemptive work-conserving

By “ conservative ” or “work - conserving,” we mean [KLE T 651 that no work
is created (example  of creation : server standing idle in the face of a
non-empty queue) or destroyed (example of destruction : cus tome r leaving
the system before service comp le t ion) .
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queueing discipline , Kleinrock fi rst stated and proved the f o l l o w i n g

conservation law [KLE I 65]:

P p
~

•

~?i  
PpW p = 

~ 
P < 1 (3 .4 )

where arriving customers belong to one of a set of P different priority

classes, customers from priori ty group p arrive in a Poisson stream at

rate A~ cus tomers per second , each custome r from th is  group has a mean

service time x and a service t ime second momen t x - Custon ier ~; f romp P
group p incur an average wa i t ing  t ime  an d P1)~ p and are defined

as fol lows :

p = A x (3.5)p p p

= (3.6)
I

2 2P x l~ x
= 

~~ Pp 
__2. = ~ A p -f (3.7)

p=l 2x p=lp

~ 
represents the expected residual l i f e  of the customer foun d in

servi ce upon an arrival’s entry .

Thus th is weigh ted sum of the average waiting times W ) never

changes , wha tever the queue in g d iscipline is.

- 
• 

The purpose of this section is to extend this conservat i on law

to the M/C/ l  queue wi th  rest period; by the s ame argument , t h i s  law can

be extended to the M/G/ l queue wi th  i n i t i a l  se t -up time (see Appendix t i ) .

3 . 4 . 1  M/G/ l wi th  Rest  Per iod  C o n s e r v a t i o n  Law

The fo l lowing law holds for q u cu c in g  systems w i t h  res t peri od

under the f o l l o w i n g  restrictions :
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1. Arrival statistics are all Poisson ; service statistics are

arbitrary ; and arr ival  and service s ta t is t ics  are a l l  independen t of

each other.

2. Preemption* i s  not allowed and the queueing discipl ine is

work-conserving.

3. If there are no more cus tomers in the sys tem so tha t the
— 

server goes idle for lack of work , he will be withdrawn from the system

for some time (rest period) with an arbitrary distribution function.

At the end of the res t period , the server wi l l  return and begin to

serve the customers that have accumulated during his absence. If there

is no backlog ,  he will take another independent rest period which begins

imm ediately .

it is assumed throughout that the systems under consideration

are in the steady-state equilibrium . In general , this is equivalen t to

req ui ring tha t the sys tem has been opera ting for a long time and tha t

p < 1, where p (Eq. (3.6)) is, as usual , the prod uct of the average

‘I arrival rate of customers per second ti~mes their expec ted service time :

P
-~~ . 

- A = A (3.8)
p=l

P A —

x E  ~~~x (3.9)
p= 1 P

p
p = p = A~ (3.10)

• p=l~~~

“If a customer in the process of being served is liable to be ejected
from service and returned to the queue whenever a customer with a hi gher
value of priori ty appears , the system is sai d to be preemptive . ”
[KLE I 65 1.

-

~ 
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Theorem

For any queueing discipl ine and any given arr ival  and service

time parameters subject to restrictions 1 through 3 above ,

p 
= jconstant with respect to variation (3 l1~

~=1 ~‘ 1°f the queueing disci p l ine  ‘. •

where i~ is the expected waiting time of the ~~~ priori ty group , and

S 
where P represents the total number of groups to be dis tingui shed.

In particular,

~p~p 
= 1 - p ~ O + P < 1 (3 .12)

p=l

where W0 (Eq. (3.7)) represents the expected residual life of the cus-

s- toner found in service upon an arrival entry, and t
0 

represents the

expected residual life of the rest period upon an arrival of a customer

who arrives during a rest period:

T2

= 
0 (3. 13)
2T0

Proof:

The proof follows the argument by Kleinrock almos t exactly.

Let us define U( t )  as the total unf in ished work present in the system

at time t. “In particular , lJ( t) represen ts the time that i t would take

to empty the system of all customers present at time t , i f  no new cus-

tomers were allowed to en ter the sys tem af ter time t.” [KLEI 65]. A

typical section of U( t) mi gh t look l ike the graph shown in Figure  3.7.

The instants t .  are the times of arriva l of new customers to
i

the system , each customer requi ring a serv i ce (work) of seconds . At

t., U( t) increases by an amoun t x 1. l)uring the res t period , 11(t)

_  
~~~~~~~~—~~~~~~~ - - - - -
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~- cannot decrease (i.e., it may only j ump up at t~~ and remain constant

between successive t i ’s). When the server ends its rest period , U( t )

decreases at a steady rate of 1 sec/sec as long as U( t )  is positive; as

- before , i t  j umps by x. at the times t~ , and once having reached zero ,

it remains there until the nex t customer ’s arrival.

0(t) 

~~~~~~~3 x 

x5~~~~~~

-‘ ) t~ t2 I t3 t4 t5
V 

~___..~..___dL~ A

- REST PERIODS t REST PERIOD

Figure 3.7. Unfinished Work , U(t).

I t is clear that regardless of the order of service (no matter

- what conservative queueing discipline is used), the fun ction IJ( t) w i l l

not change. It is also clear that “no matter which 1.3(t) function turns

up, as long as the same statistics are used for the t . and x., , the

expected value 1.3 of the unfinished work w i l l  be the same” (KLE I 65].

If at time t there are N (t) customers from group p in the

I queue , and if the 1th of these ( i = 1 , 2 , . ..  , N~ (t)) is to have a

service time x~ , and if x0 represents the work yet to be done on the 

- - 
__ 
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man in service (if there is any), then we may say

N (t)
(J ( t ) = x + E  

~~ 
x .

p=l i=l

regardless of the order of service .

Then taking expectations on both sides , we have

np ~o P
E [IJ(t)] = E[x 0 ] + E P[ N ( t )  = n ]  ~~ E [x . ]

1~ 
p= l n~ = 0 i= l

We observe that E[x 0 / serve r is idle]  = 0 , and that  the p r o b a b i l i t y

that the server is busy is independent of the order of service. In

particular , for a strict first-come-first-served discipl i ne, it is shown

in Appendix A that P[server is busy] = p in an M/G/ l wi th  rest period

system , as in a regular M/G/ 1 system .

Therefore
- 1

— 

E[x 0 ] ~~~~ 2i~, 
= 

0

since E [x~ ] = x11 is independent of the index i. With  the time t taken
ip p

at randan (and large from beginning) , we may write

u r n  E [IJ(t)]
t~”’

U is the l imit ing average unfinished work . Thus we have :

U — + thu E n P[N (t) = n ]X
t-~~~p=l n =0 p p p p

• p



‘ ~~~~ 
~~~~~~~~~~~~~~~~ 

- 
~~~~~~~~

-- --—
~~
= - 

~
— - ‘- -

~~~ ~~
- - - —=- -~ T~~- ~~~~~~~~~~~~~~~ - - - 

~
- a~~

---

I

However , E [N~ ] = by Li t t l e ’s result [LITT 611. Thus , we conclude

p
( J = W o + E  P )W (3.14)

l )1 ~ P

We get the same expression as the one that was obtained for the average

unf inished work in a regular M/G/ 1 pr ior ity queueing system (see Eq.

(13) in [KLE I 65]) .  Th is is not surprising since in both systems the

inc rease of work is the same and , on the average, the fraction of time

— - when the server is busy is p (and we know that in both cases when

the server is busy, the un fin ished work decreases at a rate of 1

sec/ sec.).

Now since U is i ndependent of the order of service, we may as S

wel l  calculate  If for a s t r i c t  fi rst-come-first-served discipline .

Looking at the graph shown in Figure 3.7 , one recognizes that

for an arrival occuring at time t :

i) if the arrival occurs during a period when the server

is busy (w ith probab ili ty p ) ,  then

W FcFs (t) = 1.3(t)

where WFCFS (t) is the wa i t ing  time of a cus tomer arriving at time t in

I a first-come-fi rst-served discipline. Indeed , if service is given in

order of arri val , the time a customer has to wait for service if he

arrived at time t is precisely the backlog of work at time t , i.e. , U(t).

ii) if the arrival occurs during a rest period (with proba-

bility (1 - p ) ) ,  then

WPCFs(t) 1.3(t) + 0o

where is the residual l i f e  of the res t period upon arrival.

- ~~~~~~ ~~~~- V~~~~~ -- - -~~~~ - V.- - --. -- ~~~~~~~ - ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ 
—- -V



-- — -.,-

~~~

,--- - 

~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ ~~~~~~~~~ ~~~~~~~~~~~~~~~~~~~~ ~~~~~~~~~~~~~~~~~~~~~~~~~~ ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~

p-i,
Taking expectations we may w r i t e :

W FCFS = + (1 - p)T
0 

(3.15)

T
where T

0 
is the expected residual l i fe  of the res t per iod:  T

0 
=

2T0

If we use the value of U drawn from Eq. (3.15) in Eq.  (3.14)

we have V

W FCFS - (1 - 
~~~~ 

= + (3.16)

Eq. (3.16) is true regardless of the order of service . In p a r t i c u l a r ,

if the queueing discip l ine  is FCFS , W = W
FCFS for a l l  p,  and since

= p , we f i n a l ly  obtain from Eq. (3 . 16)  .1

W FCFS 
= I 

~~~ + (3 .17)

Eq. (3.17) is consisten t wi th  the expression for the average w a i t i n g

time in an M/G/ 1 wi th  rest period (Appendix A: Eq. (A .2 7 ) ) .

S W FCFS = 

2 ( l - A ~ ) 
+ (3. 18)

Indeed , Eq. (3.17) becomes

• P —

- ~~~~~~W FCFS 
= 2(1 -- p) + •~O

and observing that x 2
= E -~~~x~ and that  p = A~ , we f i n a l l y  get

1 - 4  (3 . 18) .

~u h s t i t u t i n g  the va lue  of , as g i ven by Fq . (3. 17), i n t o

44 (3. l~~ we have the conservation law g iven in Eq. (3. 12) .
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Now , in the special case wher e = ~ for a l l  p,  then the

conservat i on law g ives

~~ 
XpWp = 1 - p  + A Th p < 1 (3.19)

— Uowever , from Li t t le ’s result  we have

P AW
E E [N] = + AT

0p=l

But this sum is merely the average total numb er in queue , denoted by
H

= 
~ 

+ A r 0 < 1 (3.20)

And applying once more Li t t le ’s result , we have

w
W i 

0 
+ T

0 
p < 1 (3.21)

Thus in the special case where ~ = x , then the average total number in
-
~~~~ p

queue and the average wa i t i ng  time in queue are independent of the

queue d isc ipl ine :
p

E A W  = AW p < 1 (3 .22)

Furthermore , one can easi ly show that when the order of servi ce

is independent of service time , then the d is t r ibut ion  of total  number of

custome rs in system , and thus the average waiting time , are both indepen-

dent of the queueing d isc ip l ine  (note that = x is a less strong

assumption than “order of service independen t of service time ”) .  The

app roach for showing th is  s ta tement  is exac t ly  the same used in a

regula r  M/ G/ l p r i o r i t y  queue ing  system [KLEI 76].

When the order of service is independent of service time , in
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-1 particular we have

H
x~~ = x  for all p and

Thus , Eq. (3 .22)  becomes

A 2
+ T

~ 
p < 1 (3.23)

~~T0 
=

with

H ( p = x i

The ri ght-han d side of Eq. (3.23) i_ s merely the average w a i t i n g  in an

H/Gil queue with rest period (Eq. (3.18)).

Thus the conservation law puts a linear equality constraint on

the set of average wai t ing  times W~ ; the wei ghted sum of t h e  average

wai t ing  time W is equal to the w a i t i n g  t im e under FCFS d i s c i p l i n e . Any

attempt to modify the queueing disci p l ine  SO as to reduce one of the

W ‘s w i l l  force an increas e in some of the other W ‘s in a way whichp p
balances the result.

3.4 .2  Average Packet De l ay in AP, RR , RO

We shal l  model our m u l t i p l e  access schemes as p r io r i ty queueing

~ 
j systems with  rest period where the service t ime and rest period have the

same deterministic dis t r ibut ion of length s = [ 1  + N a]T , and where , to

each user , corresponds a priority group , with a total  of N priori ty

groups .

Let us denote by 
~~ 

the average delay n o r m a l i z e d  w i t h  respect

to s (i.e., expressed in slots) incurred by a packet generated at user i ,

and W . denote the average w a i t i n g  t i m e  in  queu e (user ’s b u f f e r )  of the 4
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packet  ~cner ate d at user  i , norma l i zed w i t h  respect to s. Then

A . - w . + I

Any packet  r equ i  res one s l o t  of serv ice ( a l l  packets  have the

same s i ze and thus require  the s ame amount of channel t ime) whatever

user i t  is  generated a t .

We m a y  then apply the conservation law , by means of Eq.  (3.23)

wh i ch becomes

i~~l 
~~ ~i = 

~ (l ) 
+ = 2 ( 1  - p) < 1 (3.24)

where  p = Ax = As can be viewed as the tota l  input rate no rma l i zed  wi th

res pe ct to s , and where A 1 is the genera t ion  rate (packets/ second) at

use r i .

S 
Also , we may w r i t e

S 

~~l 
A~ = 

2(1 -  
+ 1 p < 1 (3.25)

Eq. (3 .24)  and Eq.  (3.25)  are true wha tever protocol is used !

Furthermore , the total  average number of packets is independent

of the protocol used and is  g iven  by

p~~~ l (3.26)

Let us def ine a sy m n m c t r i c j ~rotoco 1 as one under which , when the input

rate is the same at a l l  users , the average de l ay of a packe t is

independent  of the user at wh i ch it was generated:

i f  A.  A /N for a l l  i

then A. = A . for all i and j between 1 and N.
1 )

~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~
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Therefore , one corollary of the conservation law i s :  when the packe t

generation rate is the same at a l l  users , the average p a c k e t  d e l a y  fo r

each group is independent of the (symmetric) protocol , and g i ven by —

A. = 2(1 - 
~~~~

- + 1 i = 1, N

(3.27)

p = AT (1 + Na) < I

In pa r t i cu la r , AP, RR imd RO are three symmetri c schemes w lmi ch

g ive  the s ame packet  de l ay  g i ven by E q .  ( 3 . 2 7 )  . In  o rder  to co~ipa re

AP , RR and RO and dcci  de wh ich  one i s  the 1)05 t in terni s of d e l a y ,  wt w i l l

have to compare the de lay  van ance nuder t h e s e  v a r i o u s  p r o t ) c o l s .

Firs t however , let us t ry  to solve for the average delay in  the

general case , i . e . ,  when the input rate i s  not the same at a l l  queues .

For FIOL a mean value analysis is available which we will present in the

nex t se ction . For Al’, RR and RO , the p roblem is not easy; we w i f l

present the special case of N = 2 users and give aim exact  a n a l y s i s  of

AP. We have found a light traffic approximation for the analysis of

V 

RR in the specia ] case of (N = 2) users (unpublished note). No a n a l y s i s

r . is available for RO.

~~- 1 3.5 Head of the Line ( I IOL )

We wi l  1 show that the average de lay  of a packe t  gene ra t ed  at

queue p and exp ressed in slots is given by

- 1 + —~~~ 1 (
~ ~8)- 

2(1 -- a~
) ( 1 - °P~ l~ 

- .  
V

~
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where N S

P 
= 

~~ 
p (3.29)

V 

p

P~~= A s

I 
We choose , without  loss of generality , an external priori ty s tructure

such that queue p, p = 2, . . . ,  N , has hi gher priority than queue -

(p — 1).

For such a discipline in a regular (no rest period) 11/Gil , the

average wait ing time at queue p is (see [KLEI 76], chapter 3)

- 
I

- 1
p 

- (1 - 
~~ ) U  - 

~ ) 
(3.30)

p p+l

where is given by Eq. (3.7)

Using the same mean value analysis as for the regular HOL

V 

— 
M/G/ l , and the same notations as used in [KLEI 76] , we show that for an

-t M/ G/ l system with rest period and a IIO L queueing discipline , the average

wai ting time at queue p is given by

W 0 + T 0 (1 - p)
W = - (3.31)p ( l - a ) ( l - o  )

S _ I p p+l

p = 1, 2, . . .  , N

- . 1 where T
0 

is given by Eq. (3.13)

From Eq. (3.31) we then easily get Eq. (3.28) which also has
- 

- been directly derived by a different  approach [SPRA 72].

Consider a customer newly generated at queue p. The first part

of the delay of this customer referred to as the “tagged customer” is

due to the cus tomer he f inds  in service , or if there is nobody in

4 1 service , the first part of the delay is the residual life of the rest 

- -- - -V ~~~~~~~~~~~~~~~~ - ~~~~~~~~~~~ 5-~~ 5S~~~~ ~~~~~~~~~~~~~~~~~~~~~~ ‘-.—~~~~~~~~
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period . The second component of delay is due to customers found in the

queues by our tagged customer and who receive service before he does .

-
. Fina l ly  the third part of the delay is due to later arrivals than he.

Consequen tly , the total average delay in queue for our tagged

customer may be wr i t ten  as

-
- 

N N
I = + T

0
( l  - p) + E x.N + x Nl. (3.32)

p i=l i=1 ‘~

The fi rs t two terms of the ri ght-han d side correspond to the f i  rst

component of the delay ; the third and fourth terms correspond respec-

— tively to the second and th ird components of delay , where N. and M.

are defin ed as follows .

N. represents the average number of customers of queue i found

by our tagged customer upon arrival and who receive service before he

does . Therefore, we have N.  = 0 for i = 1, ..., p - 1.

represen ts the average number of customers of queue i who

arrive at the sys tem w h i l e  our tagged custome r is in the queue and who

receive servi ce before he does . Therefore , we have N . = 0 for
‘p

i = l , . . ., p.

From Li t t le ’s result , we also have

:~ 
= A.1. I = p . p + 1, . . . ,  N (3.33)

Indeed , on the average , there w i l l  be A 1W~ cus tomers present at queue i

when our tagged cus tomer arrives .

Simi lar ly ,  since he spends on the average W seconds in queue ,

and since each queue ’s arrival process i s independent of queue size ,

~~~~~~~~~~~~~~~~~~~~~~
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p

our tagged cus t omer waits on queue. Therefore

Ai w i = p + I , p + 2 , . - .  , N (3.34)

Thus Eq. (3.32) becomes

N N
1
p 

= + ‘o~ 
- 

~D) + + ~~ j .A .I  (3.35)
5 i=p i=p+l

p = l , 2 , . . . , N

Solving Eq. (3.35) for W~~, we have

N
+ T0 (l - p) + E ~~~ .

= 1 - 
~~l)÷l (3.36)

p = l , 2, ..., N

Solving recursively this t r iangular  set of equations , that is ,

starting with and from this finding 1N l  etc., we obtain Eq. (3.31)

We first observe that the conservation law stated in the

previous section must hold.  One can easily veri fy this by subst i tut ing

as given by Eq. (3.31) into Eq. (3.12).

We now pose the following optimization problem which has been

stated and solved in [KLEI 76]:

How should we assi gn external priorities to customers , gi ven

there is a cost ratio of C~ dollars for each second of delay

suffered by each cus tomer from queue p?

Clearly th e avera ge cos t per second to the sys tem we denote by C mus t

be
N

~~ c~i (3.37)
p= 1 P~~

where ~ is the average number of cus tomers i n the sys tem genera ted at
P
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queue p. From Li t t le ’s result we know that regardless of the queueing

discipline , we have

N = A T  = A ( W  + x )p p p  p p  p

and so
N N

= 
~ 

c + c x I
p=l p= l

To min imize C in an M/G/l  queue wi th rest period , which queueing

discip l ine (non-preemptive and work-conserving) should  we choose? The

solution of this optimization prob lem (see [KLEI 76], chapter 3) is that

of all the possible non-preemptive work-conserving disci p l ines , the II OL

discipline wi th the order ing given in Eq. (3.39) bel ow is tha t wh ich

min imi zes the average cos t given in Eq. (3.37).

If we order wi thou t loss of generality the customers such that

C C C
~~~~~~~ - < —

~~
- (3 38~

1 2 N

then the optimal ordering is :

queue p > queue (p - 1) p = 2 , . .,  N (3.39)

where the si gn > deno tes “higher priority than.”

By the s ame argument , one can easily show that a 1-JOL discipline

wi th queue p < queue (p + 1) ,  p = 1 , 2, . . .,  N - 1 , maximizes C.

In particular, choose C~, = h A p ; the higher the t r a f f i c  is , the

lower is the cost of delay in the system.

From Litt le ’s resul t , C is  me re ly  the sum of the average t ime s

- 
S in system: 

N
C = ~~~~~ T1,

P=l
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If we want to minimize this sum , we mus t then choose a HOL discipline

that gives highest priority to 1 , and lowes t priori ty to N , if the

fo l lowing  inequali ties hold:

and a HOL discipline with queue p < queue (p + 1) , p = 1, 2, . . . ,  N - I

will maximize C.

As another example , choose C = x ; C becomesp p
N N

-

- 

- c =
p=l ~ p=l ~

Any queueing discipline so lves min imum C , since by the conserv ation law ,

C is constant wi th respect to the queueing discipline . This is consis-

tent with the fact that the inequalities (3.38) become

X l xN

3.6 Alternating Priorities, N_= 2 Users S

We wish to solve for the delay of a packet generated at user i

when the rule of selection among users is Ar, whose protocol has been

defined in Section 3 . 2 . 2 .  When the traffic is equally distributed among

V all users (A
~ 

= 
~~

. , i = 1, . . . ,  N ) ,  the average delay is given by

~~ 
.
~ Eq. ( 3.27) . When the rates of packe t generation , X~ , i = 1, . . . ,  N

are not equal , solv ing for delay is a more complicated problem and does

- - not seen to result in explicit or closed forms, for N > 2.  Below we

analyze the particular case of N = 2 users .

The Model

The scheme defined in Section 3.2.2 is modeled as follows :

We deal wi th  a s ing le  server queueing system with arbitrary rest period
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I
denoted by T0, with distribution function R

0
(.), independent of service

time and arrival processes. This queueing system serves several classes

of customers. Customers of class i arrive at points of time generated

by a Poisson process with intensity X .. A service time distribution

fun ction B ( •) is associated with class i . Wi thin a class , service

times are identically distributed and are independent of each other and

of other class service time distribution fun ctions and of the arr ival

processes . Customers are selected in first-come-first-served order

wi thin classes .

The alternating priorities discipline decides from which class

the next customer is to be selected, as follows :

i) Choose the next customer from the same class as was the
V 

customer whose service was just completed , if possible.

ii) If there are no more customers of the same cl ass , the

server then chooses one from a differen t class (see Section 3 .2 .2)  and

continues working on that class unti l  the system is empty of this class :1
members . If there are no customers at all from which to select , the

server becomes idle and goes for a vacation (rest period) of length T0 . S

S 
At the end of this rest period , the server beg ins to serve the customers

that have accumulated during his absence. If there is no backlog, he

will immediately take another rest period . If there is a backlog , the

V first arrival during the rest period obtains the attention of the server

- - for members of his class.

For the case of (N = 2) c lasses , there is no need for an addi-

itional rule to select the next class when the switch is made .

For the case of a fixed size packet swi tch ing  s lot ted system

76
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the rest period and service time of any class are identically distrib-

uted according to a deterministic distribution function.

Protocols for Starting a Busy Period

The model described above differs from the protocol defined

in Section 3.2.2 by the rule of selecting a class when the server finds

members of different classes at the end of a rest period .

Wh ile the model selects the first arrival , the protocol chooses

a customer of clas s 1 (or a customer of the same class as the one who S

ended the previous busy period) . Cle arly , the former rule (first-come-

first-served) is not easy to implement in our distributed environment .

However , let us divide a rest period into minislots (of length r ) and

make the follow ing assump tion , cons istent w ith the nature of the arr ival

process (Poisson process) when the minislot is small: —

(A . h l ) At most , one arr ival may occur at any queue during one

inin islo t .

S With this assumption , the server can choose the class of the first

arrival to start the busy period. Indeed if at the end of the minislot

during which a packet is generated at user i , the carrier is absent

then queue i knows it  has priority (the packet generated at queue i was 
S

the f i r s t  to be generated during the rest period) . User i starts trans-

mitting the carrier so that other users upon packet generation (if any)

wil l  detect the presence of the carr ier and therefore know they do not

have pr ior ity.

-t -

~

-

~ 
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Average Delay: N = 2

The following notation will be used .

x~~: average service time at queue i , i = 1, 2.

x
2 : second moment of serv ice time distribution at

queue i .

B~(s) : Laplace-Stieljes Transform of service time at

queue i .

T . :  Average delay at queue i (i .e . ,  sum of the average

service time x. and the average waiting time W
~
)

S*(s) : Laplace-Stieljes transform of delay (service time

plus waiting time) at queue i.

and as usual ,

A
1

: input rate at queue i.

p .
1 11

, T~~: first and second moments of rest period distribution

R0
(.).

-

- 
- R~ (s) : Laplace-Stieljes transform of the rest period.

The Laplace-Stieljes transform of time in system, and therefore

the average delay , have been solved by Miller (MILL 64) for a system

identical in all respects to our model , except that  there is no rest

period . (The idle period ends with the arrival of the first customer

who starts service immediately.)

Using a s imilar  approach , we so lve  for the Laplace-St ie l jes

transfo rm of delay (or t ime in system) at each queue St(s) and obtain

the f i rs t  moments , i . e . ,  the average delay i’~ at each queue .

LI 78
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Definitions

A cycle is def ined as the length of time which elapses between
V the beginn ing of a res t per iod and the beginn ing of the following rest
- I period. The length of a cycle is denoted by T .  The busy period

(time between the end of the rest period and the end of the cycle) has

a leng th (wh ich may be zero) denoted by Tb . Type i cycles are the

cycle s where the busy per iod starts with a class i customer (type i busy

per iod) ; the leng th of a type i cycle is denoted by T
~~ 

and the length

of a type i busy period is denoted by Tbi .

Furthermore a busy period is divided into intervals called

phases , the length of wh ich is denoted by Tikj ’ with Laplace-Stieljes

t ransform Rtki(s) where T i k .  is , for class i customers , the length of

the k th sub-busy period within  a busy period which started with the

service of class j customers. We have

- 

- 

T .  = T O + T b .

= 1, 2 (3.40)
~~ 2

Tb.  = 
~~~~ 

T i k .

r - 

k=0 i= 1

As an example , cons ider a type 1 cycle. As dep icted in

~~~
:- i Figure 3.8, the busy period starts with a phase of length T111 ; this

phase is a busy period for class 1 customers who arrived during the

rest period . This phase is followed by a phas e of leng th T211, which

is a busy per iod for clas s 2 cus tome rs ini tia ted by cus tomers wh ich

arr ived during the “rest period” of length T
0 

+ T111.

IL 
_ _ _ _  
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I

Tiii 
I

T12h

I~~_~~I 

Tiki 
_ _ _

1211 T2k 1 T0
a) Type 1 cycle

TO 1112 T1k2 T0

T212 T222 2k2

b)Type 2 cycle

Figu re 3.8 Examples of Cycles

The next phase , of length T 121, is a busy period for cl ass 1

customers initiated by customers who arrived during the “rest period”

of length T211, etc.

To solve for the transform of time in system for class 1

customers , Si(s), it is enough to solve for the transform of tune in

system given they arrive in a type 1 cycle , denoted by S~1(s) and for

the transform of time in system given they arr ive in a type 2 cycle ,
— I

denoted by S12(s) .

Si(s) is given by

Si(s) = S~1
(s)PiClass 1 customer arrived during a type 1 cycle)

+ St2(s)P{Clas s 1 customer arrived during a type 2 cycle)

(3.41)

~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ _ _ _ _ _
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We have so far def ined the fo l lowing variables :

T : len gth of a cycle.

T . : length of a type i cycle (i = 1,2).

T
b

: leng th of a busy period .

Tb .: length of a busy period in a type i cycle Ci = 1,2).

1
ikj 

length of the kth 
phase of class i customers (i = 1,2).

serviced within a type j  cycle ( j  = 1 , 2)

R
~kj (s) : Laplace-Stieljes transform of Tjkj.

Sr(s) : Laplace-Stieljes transform of delay at queue i Ci = 1,2).

S~ .(s): Laplace-Stieljes transform of delay at queue i (i = 1,2) ,

given that the customer arrived during a type j cycle

( j  = 1, 2 ) .

Laplace—Stieljes Transform of [)elay at Queue i

Cons ider a type 1 cycle and a tagged customer arriv ing at

queue 1 dur ing a type 1 cycle.
For simplicity , we will denote by {T

~kJ }~ 
the interval of

length Tik) as l ong as there is no ambiguity about the instant when this

~ 
interval starts .

If our tagged customer arrives during {T0 
+ T

111 } 
he will be

served during {T111}. More generally if the tagged customer arrives

during {T2k1 + ~~ k+l i~ 
he will be served during {Tl k+l l } for

k = 0, 1 , 2, ... where of course {T
20l} 

= {T0 }.

Now since the arr ival process is Poisson , we have :

II 

_ _  _ _ _  _ _ _ _ _ _ _ _



Ptcustomer arrives in {T2k1 
+ T

1 k+1 i~ 
given

he arrived in a type 1 cyc1e~

= 

E{T2k1 + T
l k+l l}

E{T }
Cl

We therefore have the following relationship:

S~1
(s) = ~~ S~ 1

(s/k) ~~~~~ 
+ 

l,I~~1,l (3.42)
E{T }

ci

where S~1(s/k) denotes the tran sfo rm of our tagged customer delay ,

given he arrived in {T2kl 
+ Tl k+l l} 

. But S~ 1
(s/k) is the transform

of time in system in a queue with res t per iod which we have solved in

Appendix A. (See Eqs. (A.23) and (A.39)). Therefore we have

B~(s)[1 - R
~kl(s)]

S~ (s/k) = (3.43)
11 E T 2kl + T

l k+l l}[A 1
B*

l
(s) ÷ s — A

1]

Substituting Eq. (3.43) into Eq. (3.42) we get

B*(s)
S~1

(s) = ~~~~~ [1 - R
~kl (s)] (3.44)

• E{T 1[A 1
B
~

(s) + s - A 1] k=0
1

where R~01
(s) ~ Ri(s)

by similar derivations, we get for type 2 cycles :

By(s)
S~2

(s) = E ii - R
~k2 (s)] (3.45)

E{T }[A 1
B~ (s) + s - A

1] k=l
2

where R~12 is defined as the tran sfo rm of T0 + T)12~ 
with second moment

E1(T212)
2
]~ E[(T0 

+ 1212)] 

-~~
• •~~~~ •~~~~~~~~~~~~~ _

. .
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Since we will never have to consider either the transform of

the interval of length T212 alone or its second moment, we choose this

rather ambiguous notation . Rowever , we keep çj as the average length

of the first phase of service of type 2 customers in a type 2 cycle.

It remains to evaluate:

P{class 1 customer arrived during type j cycle)

Since the arrival process is Poisson , this must be equal to
• 3

the fraction of time represented by type j cycles, divided by the

• 

• 

expected length of a cycle E{T
~
}. But the fraction of time represented

• by type j cycles is equal to the expected length of a type j cycle

multiplied by the frequency of occurrence of type j cycles.

Thus we have A .
3x + x  t c.

P{class 1 customer arrived during type j cycle) 1 2 
~~ j~ 1,2

E{T )

(3.46)

Substitution of Eqs . (3.44), (3.45) and (3.46) into Eq. (3.41)

gives an expression for the transform of time in system of our tagged

customer:

B*(s)
Si(s) = (A

1 
+ X

2
)E{T )[X

1
B~ (s) + ~ - x 1] ~~~~~ 11 - R

~kl (s)]

+ A 2 ~~~~~~~ 
[1 - R

~k2 (s)])  (3.47)

To evaluate E{T } we observe that this is merely the expected length

of a cycle for a queue with a rest period. We therefore have (see

Eq. (A.39))

~~~~~~~~~ • •
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E{T } = 
- 

(3.48)

A A
where p = = (A 1 

+ A
2)( A

1 

1 
1 

+ 
~ 

~ 2 
= + p

2

The final expression for Si(s) is given by

B*(s) (1 - p)
Si(s) = 

— 

1 ( A
1 ~~ [1 - R

~kl (s)]XT0[X1B~(s) + s - A] \ k=O

+ A2 k=l [1 - R*2k2 ( s )])  (3.49)

We have been unable to find a closed expression . The sums

appearing in Eq. (3.49) will converge if p < 1, since then the busy

• period will end with probability one.

Taking the der ivative at s = 0 of the right-hand side of

Eq. (3.49) term by term, we have , af ter some algebraic manipulation:

= 

~l + 2( i - p
1) 

+ 

2A~0(i 
- P1~ 

[x 1 
~~~~~ 

(T2k 1)
2 

+ A
2 
~~l 

(T2k2)
2]

(3.50)
where the bar is used for the expected value of a random variable.

This formula takes the form of the Po llaczek-Khj nchin

relation plus an additional quantity which remains to be evaluated .

(T2k1) 2 is the squ are momen t of the kt phase of service for

class 2 customers given a type 1 cycle. These customers arrive either

in the “rest period” {Tlkl } or during the busy period {T2k1}.

From Appendix A we know the expression of the second moment of the busy

period in a queue with rest period , in terms of the parameters of the

system (Eq . (A. 42) ) .  We then have

- -



I 

- 

~~~~ 

— 
______________ ~~~~~~~~~~ — -~~~~~~~~~~ ~~ - — -~~ ~~~~~ _____________

(T 2k1
) 2 

= 

(1 

A 2x2 
Tlkl + 

(1 
2 Tlkl ) 2 k > 2

:1 (1
21l

) 2 
(1 

A2:: (T0 + T111) + 
P2 (T 0 + T111)

2 k = 1

(T 201) 2 = T~ k = 0 (3.51)

Similarly,  we have

_ _ _  
2 

_ _ _ _ _A x  
_ _ _ _ _  

p
• (T2k2)

2 
= 

2 2 
~ 

T1 k l 2  + 
2 

2 
(T l k 4 2)

2 k 2
C (

_ _ _  

T2

~T212 ) 2 
= 

2 2 0 
+ 

0 k = 1 (3.52)
(1 - p 2) (1 - p2)

The last equation is obtained by observing that (T212)
2 is the second

moment of the interval which has been defined as the union of the rest

period {T Q ) and the first phase of clas s 2 customers ’ service in a

type 2 cycle. This is precisely the second moment of the cycle (rest

period and busy period) in a queue with rest period that we can get

by taking the secon d derivative of the cycle time transform (see

Appendix A Eq. (A .43) ) .  Similarly we get

_ _ _ _  
2 

_ _ _ _

2 A 1x 1 
__________ 

2(T lk2 ) 3 T2k2 + 2 (T 2k2 ) k > 2
(1 — p 1) (1 — p 1)

_ _  
2 

_ _ _

(T 112
) 2 

(1 

1 1  (T0 + T212 ) + 
P 1 

~
To + T212) 2 k 1

(T 102) 2 
= T~ k = 0 (3.53)
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and
• • 2 2 

_ _ _

~~lkl~ 
= 

(1 
T2 k l l  ÷ 

p 1 (T 2 k l l )
2 k 2

-
• (T

111
) = E [CT0 

+ T 111) 2] = 
1 0 1 

+ 
0 

2 k = 1
(1 — p 1

) (1 — p 1) (3 54)

We wish to solve for E (T
2kl~

2 
and E (T

2k2)
2 

. Eq. (3.51)

and Eq. (3.52) summed over the indicated vaiues

k

~~ 
k will contain sums

of the first moments of Tlkj~ namely

E T lkl ET lk2

To solve for the first moments of f . , we wil l  once more observe that1k)
in a queue with rest period (Eq. ( A . 4 0 ) ) ,

b 1 - p  0

and apply this last relat i ship to each ph ase of service of type 1

customers in either type 1 cycle or type 2 cycle . We get , after

summing over k ,

p P

1~~~
T
lk1 1 - p

1 ~~~~
T2kl 4

~ 1 
_~~

1
T0

- • (3.55)

~~~ 
T lk2 = I _ p

1 ~ 
12k2 + 

1 -
‘
p
1 

~o

Similarily we get synEetric expressions for £ ~2k2 and

~~~ 
T2k1 and by substituting the la t ter  in Eq. (3.55) , we have
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p
A

1
1k 1 

= 1 1k2 = 
1 

(3.56)

which is indeed the fraction of time the server is busy with type 1

customers in a cycle (
~ 

= 
1 

T
0

p ;f

H £T2k2~~~~~l
T2kl ~~~~

This is the fraction of time in a cycle that the server is busy with

type 2 customers . Summing over the indicated values of k, Eqs. (3.51),

(3.52) , (3.53) and (3.54) , subst i tu t ing Eq. (3.56) we get four equations

2 . . .
c with four unknowns (T.k.) Ci = 1 , 2 ; j  = 1 , 2). By solving this

k

system in 
~~ 

(T 2k1)
2 and in E (T2k2)

2 
we eventually have :

2 
— _____ 

A 2x~~(l - p 1) 2 
+

k=0 ~ 2kl~ 1 - 
~~ (1 - p 1) 2

(l - p
2 ) 2 

- P~ P~

and 

+ + 
( 1 -  p 1) 2 ( l -  P 2 ) 2

P~ P~~
] 

(3.57)

• 
2 

T
0 

X
2
x
2(1 

- p
1

) + A
1
p
2x1

2_i 
(T
2k2
) = 2 2 2 2k= l 1 - p (1 - p 1) (1 - p

2) 
— p

1
p
2

+ 

(1 - p
1)
2(1 - p

2)
2 

- p
~
p
~ 

(3.58)

Substitution of Eqs. (3.57) and (3.58) i•nto Eq. (3.50) finally gives
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A 1x~ A 2 (1 - p )

2 x 2 
+ A 1p~ x~T 1 = X

1 
+ 2 (1 - p )  + 2(1 - p 1) ( 1 - p ) [ ( l  - p 1) (l  - p2) + p1p~ ]

T~ [ A 1 A 2 (1 - - A 1p
2 (1 - 2P 2 ) 1

+ — 
[T + 

A [(l - p 1) ( 1  - p.,) + 
~~~~ j (3.59)

and s imi la r i ly

2 2~~ 2~~— — A
2x2 

A
1

(1 - p 2 ) x 1 
+ A 2

p
1x ,

T
2 

= x2 + 2( 1 - P 2 ) + 2(1 - p 7 ) ( 1  - p ) ] ( 1  - p 1) ( 1  - p 2 ) + p 1p~ ]

• I T~ [A 2 X 1(1 - P2 ) - A 2p 1(l - 2p
1) 1+ 

~ [T + 
A [(1 - P 1) ( ’  - P 2 ) + P 1P 2 ]j  

( 3.60)

It is interesting that these formulas take the form of the

relation obtained by Miller [MILL 64] (Alternating Priorities in an

M/G/1 queue without rest period) plus an additional term (the fourth

term) relating the supplementary delay due to the fact that a busy

period may start only at the end of a rest period .

The first two terms are those of the Pollaczek-Khinchin

formula, the third term is due to the time periods during which the

server is unavailable to customers of the class in question .

We check the conservation law and find that Eq. (3.12) is

verified, i.e.,

2 2A 1x 1 + A
2
x
2 

F
0p

1W1 + p
2
W
2 

= 
~~ 2(1 - p) + P ~~~~

0

where W . = - x. , i = 1, 2

which is the average waiting time at queue i.
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Furthermore , if A 1 
= A 2 = A/ 2 = = S and = =

then

W 1 = W2 ff1 - ) (p = As)

which is , as we might have expected , consistent with Eq. (3.27).

3.7 Del ay Variance under the Protocols AP, RR and RO

• The analysis of Section 3.4 predicted the same average packet

delay under the pro tocols AP , RR and RO , provided that each queue has

the same input rate. It is therefore necessary to look for higher

moments of the delay distribution in order to compare these three

protocols in terms of delay .

The delay variance under these protocols has been obtained from

• simulation only. It turns out that the variance is only slightly dif-

ferent from one scheme to the other , as shown in Figures 3.9, 3.10 and

3.11 below .

In the fi rst two figures, the delay variance (expressed in

• (slots)
2) is p lotted versus the total input rate normalized with respect

to a slot ( i . e . ,  p), respectively for N = 2 users and N = 5 users .

The delay variance under three special disciplines in a slotted

system are also plotted :

First-come-first-served (FCFS)

Random order of service (ROS)

Last-come-first-served (LCFS )

The f i r s t system is a special case of FCFS M/ G/ 1 queue with rest

period. In Appendix A , we give the delay variance in such a queueing
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system [Eq. (A.34)]. In the particular case of a slotted system we

have :

VA
~~CFs

(
~
) = VARFCFS(~MGl) 

+ in number of slots

where the first term of the right hand side is the variance of del ay in

a regular FCFS M/G/l queue with deterministic service time equal to 1

slot and the second term is the variance of the residual life of a slot.

The second system is a special case (slotted system) of an

M/G/l queue with rest period and random order of service(ROS). The

latter system, by the conservation law, provides the sane average delay

as the former system. In Appendix B we study this M/C/1 system with

rest period and ROS and derive the second moment of the waiting time

denoted by W~~. The main result of that derivation is

2 - FCFS
WRO

_
p
2

where WFCFS is the second mpment of a FCFS M/G/1 queue with rest period.

This is precisely the relationship found in [TAKA 63] between

the second moments of the waiting time in a regular M/G/1 queue with

random order of service and in a regular FCFS M/G/1 queue.

The third special discipline , last-come-first-served (LCFS),

provides , by the conservation law, the same average delay as FCFS and

ROS. It is easy to show (see Appendix C) that the second moment of the

waiting time , denoted by W
~cp5 

is related to W
~CFS by
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)
This is precisely the relationship found in [TAXA 63] between the

second moments of the wai ting time in a regul ar (no rest period) LCFS

M/ G/ 1 queue and in a regular FCFS M/G/ 1 queue .
-Y -

~~~In Summary , the following relationship between W FCFS , WRO,

W
~ CFS holds for the M/G/ 1 queue with rest period as well as for the

• • regular (wi thout rest period) M/G/l queue.

WFCFS = (1 - - P~~ LCFS (3.6l~

Kingman showed that under a work-conserving, non-preemptive

• queueing discipline (independent of the service time) in a G/G/l queue

(without res t period) the variance of the waiting time is no t less than

under the FCFS discipline [KING 62]. Recently , Vasicek [VAS I 76] showed

the following interesting and general result.

Theorem:

The expected value of any convex function of the waiting time

(such as the vari an ce) in a general single-server queue under a general

queueing discipline (independent of the service time) does not exceed

that under the LCFS discip line , and is not less than that under the

FCFS discipline.

It is easy to show that the same result holds for an M/G/l

queue with rest period. Let us apply the Kiugman argument to an M/G/ 1

with rest period to show that the variance of the wait ing time is not

less than under the FCFS discipline . Us ing the same type of argument

we then show that the variance of the wait ing time does not exceed that

un der the LCFS discipline .

• Consider the cust omers c1, . . . ,  c , who are served in any one

___- a-_ __•-____ - - -- •
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particular busy period. Suppose c~ arrives at time t~ and has a wai t ing

time w1; if the instants  when the server begins to serve a new customer

are s~ , there exists a permutation R(j) of (1, 2, . . . ,  n) such that

cR ( . ) enters service at S .  and then

W
R( i )  

= S
i 

— t j~(~~)

t R(k) < S)~ k = 1, 2, . . .,

The effect of the queueing discipline is to determine R ( j ) .  The average

waiting time over this particular busy period is

w = ! 
~~l 

(s. - t
R(i)

) = -

where s and are the averages over the busy period of the instants when

the server begins to serve a new customer and of the arrival times .

— n — — n
• w2 = 

~ j=l 
(s. - tR( i ) ) ~2 

+ - 
~~~ 

S i t R(i)

There fore ,~~~ is independent of R ( j ) .  w 2 is least when 
~~ 

S
)
tR (j )  ~~

maximum ; w is maximum when 
~~ S•t Rr ~~ 

is minimum . It is wel l  known
i= 1 ~

• [HARD 34] th at this occurs respectively when the sets s
3 

and t R(j) are

respect ively simi larly ordered and in reverse order. There fo re the

R ( j )  permutation is respectively:

R1(j)  (1 , 2 , . . . ,  n) which corresponds to FCFS, and

R2 ( j )  = max [i j  ~ R2 (k) , k = 1, 2 , . . .,  j — 1; t . < s ~~]~

j = l , 2 , . .., n

which corresponds to LCFS .

If  we now average ove r a large number of busy periods , we see
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- that the mean waiting time is independent of the queueing discipl ine ,

while the variance attains its minimum when customers are served in

• order of arrival , and attains its maximum when customers are served in

• reverse order of arrival.

- 
• In Figure 3.11, the delay variance normalized with respect to S

and obtained by simulation under AP ,RR and RO, is plotted versus the

number of users N for a value of p 0.6.

When N incre ases , the smallest  variance is to be expected

H under AP and the l argest under RR , the difference between the two being

-
- less than 1 (slot) 2 , while the variance under RO converges to that of a

• M/G/l queue (slotted) with random order of service; this result was to

• be expected since when N is very large, there is at most one packet

waiting at each user. Therefore, to select at random which of the

(non-idle) users will transmit a packet is equivalent to selecting

randomly one packet among all packets present in one queue.

We may thus conclude that the three protocols are quite

equivalent in terms of throughput de lay perfo rmance . This is no longer

true, when the input rate is not the same at all users. In Figure 3.12

we take an example of N=2 users and plot the average packet delay

(exp ressed in slots) at user 2 versus user 2’s input rate p2 (packets/

slot) for various values of user l’ s input rat e p 1 under AP ,RR and RO.

First we observe that if p
1 

p2 ,  the three prot ocols provide

I the same delay . This we know from Section 3.4 (see Eq. (3.27)). When

p
2 

< p 1, RR and AP provide respectively the smallest delay and the

largest de l ay at user 2. But from the conservation law (see Eq. (3.12))

any attempt to modify the queueing discipline so as to reduce W 2 w i l l

~~~~
•
~~~-~~----
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force an increase in W
1 
in a way which balances the result. Therefore,

when p2 < p1. the delay at user 1 is the largest under RR and the short-

est unde r AP.

A queueing discipline is said to be fa ir  if it provides shorter

delays to users with smaller input rate. Thus RR is fairer th an RO and

AP since among the three protocols , RR is :he one which provides, as we

m i ght have intuitively expected , the shortest delay to the user with the

smallest input rate.

When p2 > p 1, the situation is reversed (see Figure (3.12)).

• I AP provides the shortest de l ay at user 2 (and therefore the largest de—

lay at user 1) wh i le RR prov ides the large st del ay at use r 2 ( and

there fore the shortest delay at user 1) .

From the solution of the opt imizat ion problem studied at the

end of section (3.5) , it is clear th at , if

~~~~~~~~~~~~~ ~~~~
• 

• the fairest discipline is the HOL discipl ine that gives to user p

• higher priority than user p + 1, p = 1, 2 , ..., N - 1.

Let us now compare the performance of AP, RR and RO to tha t

of exist ing mul t ip le  access schemes .

3.8 Compari son wi th  Exis t ing Techn iques

In chapter 1 , we described a certain number of existing tech-

ni ques of multiple access over a ground radio ch annel .  The de l ay

th roughput performan ce of these has been compare d in Figure s 1. 2 and 1.3.

The best access modes appeare d to be s lo t t ed  n o n - p e r s i s t e n t

CSMA , P o l l i n g ,  and the reservation scheme re fe rred to as CS SKMIZ .
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Depending on the environment and the system parameters, one scheme is

• more sui table  than the others .

In Figures 3.13, 3.14 and 3.15, we plot the average packet

delay normalized with respect to the packet transmission time versus

the throughput for CSMA , Polling, CS SRMA and for our new schemes (AP,

RR and RO).

As in our comparative study of existing techniques (chapter 1)

the following parameters ’ values have been chosen:

The ratio of the maximum propagation time over the packet

transmission time is a = .01. The ratio of the request packet length

over the information packet length in CS SRMA has been chosen to be

= o~ one mninislot is assumed to be enough to transmit a polling

message so that the polling time r (see chapter 1) is:

r = 1 + 2 = 3 minislots

As an example , consider 1000 bit packets transmitted over a channel

• operating at a speed of 100 kilobits/second. If the maximum distance

• between the source and destination is 20 miles , then a .01. The

request packet in CS SRMA has a length of 10 bits . The slot size in

Poll ing is equal to the maximum propagation time (one minislot), thus

the polling message has a length of 10 bits.

Figure 3. 13 depicts an example of performance for N = 10 users.

The number of users being small , the channel capacity achieved under

AP, RR and RO is close to 1 (.91) and the delay under those protocols

is slightly larger than that under Polling , for all values of the

throughput rate. At very light traffic, however, the delay is

larger under AP, RR and RO because of the slot s ize .  Indeed , a packet
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which upon generation finds the system empty must wait, on the average,

for half a slot before starting transmission, while under Polling such a

packet would be de l ayed , on the average, only by the time taken to poll

half  the number of queues; this time is much less than half of a large

slot (in Polling, the slot size is much smaller, being on the order of

the maximum propag at ion time T) -

Let us now compare AP , RR and RO to CSMA. In Figure 3.13 we

plot the CSMA perform~nce predicted by the infinite population model

[KLE I 75B]. As mentioned before (see Section 1.2.4), it was shown in

[TOBA 76C} that the performance predicted by this model is a very good

approximation to the performance of N = 10 buffered users contending for

the channel under CSMA . We note from Figure 3.13, that at light traf-

fic, CSMA provides the shortest delays. But when S is greater than .5,

the new schemes perform much better than CSMA.

CS SRMA performance has not been plotted in Figure 3. 13 since

the mode l that predicted this performance is not suitable for a small

number of queues. Indeed when N is small , buffering capabilitites are

needed at each user; the CS SRMA model assumes that a user cannot

generate a new packet when it is already in the process of transmitt ing

a packet.

In Figure 3.14, a = .001. Even for a more significant nuaber

of users (N = 50), AP, RR and RO provide a performance comparable to

that un der Polling or CS SRMA . We did not plot the performance of

CS SRMA predicted by the infinite population model [TOBA 76A] for the

sake of clarity, since it lies between that of Pol l ing and th at of the

new schemes . The performance of CS S RMA (unstable channel:  no steady
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stat e ove r an infinite time horizon) is likely an upper bound for the

steady state performance (stable channel )  for N = 50 users, which per-

forinance has not been studied. However, under heavy traffic conditions,

the infinite population model performance is very accurate. The same

remark holds for CSMA (th e steady state perfo rmance of which has been

studied [TOBA 76B] but was not available for N = 50 and a = .001).

Now comparing AP, RR and RO to CSMA, we note from Figure 3.14,

as might be expected, that at light traffic, ~SMA provides the shortest

delays . tinder heavy traffic conditions , the new schemes perform

better than CSMA .

In the last example (Figure 3.15) we choose N = 50 and a = .01.
The delay is significantly higher under the new protocols. At very

small traffic (S 0), the delay is 1.5 slots, i.e., 2.25 in number of

packet transmission times since the overhead in each slot is Na = .5;

and this gives 1.5 slots times 1.5 packet transmission times/slot = 2.25.

The capacity of the channel is only 2/3, while it is .84 for CSMA

[TOBA 76B], greater than .9 for CS SRMA and 1 for Polling. When the

-
• traffic is not too high CS SRMA provides a bet ter  perfo rmance than

- . . NraPolling, for which the de l ay due to po l l ing ,  proportional to 2(1 - S)

(E q.  (1.3) ) is very s igni f icant . This trend will increase with N , the

number of users. h owever when N is very large, one may hypothesize

higher delays under CS SRMA than that predicted by the infinite popu-

lation mode l, since in order to have a stable channel the retransmission

time of a conflicted request must be increased.

In conclusion, for a small number of users*, AP, RR and RO

In particular , when the product Na is small. A typical value is
N a <  .1 , e.g., N = 10 , a = .01 or N = 20 , a = .005.
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provide a hi gh channel capacity (C = 1 + N a  > .9) and a delay-thioughput

Eerformance close to that obtained with Polling. The new protocols are
- 

I particularly suitable for multiple access from a small number of buf-

fered users without the control from a central station (Figure 3.13).

When all users are very close to each other (a smal l, e.g.,

a = .001), AP, RR and RO accept a significant number of users (N< 50)

without performance degradation and under heavy traffic conditions they

perform as well as CS S RMA and Polling and better than CSMA (Figure

3.14). But Polling does not require all users to be in line of sight

and in range of each other. However the new schemes, as CSMA , have the

advantage of not requiring the contro l from a “master” user (central

station) while Polling and CS SRNA do.

When a is not too small (a = .01) the performance degrades

• with the number of users. Indeed in each slot , the overhead is propor-

tional to the number of users. In the following chapter, we modify the

protocols so as to decrease the overhead in order to reduce the perfor-

mance degradation .

- .•, 

--—-•--•



• ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ 
------

~~~~~~~
-—-

~~~
—--—— —-------— 

~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ 
--

CHAP TE R 4

RAN DOM ORDE R WITH ALO h A CO NTENTION

When the number of users increases , we observe a degradation of

the delay-throughput performance with the multiple access modes studied

in chapter 3. This degradation is due to the large overhead existing in

each slo t, which is equal to N minislots . This suggests the following

modification of the slot confi guration and of the protocols descrihed in

Chapter 3 so as to reduce the overhead .

If , in each s lot, at most M attempts (M < N) are made to find

a busy user, then the overhead is only M rninislots long and the channel

capac ity is

C = 1 +
‘
~ 1a (4.1)

instead of C = 1/ 1 + Na (Eq . ( 3 . 3 ) ) .  Under heavy t raff i c condition s ,

the probabil i ty of f inding no busy user af ter  M attempts in a given slot

is very small , and we get a performance (wi th  M < N) bet ter  than that

obtained in ch apter 3 since we can achieve a hig her throug hput (see

Eq. ( 4 . 1 ) ) .  However , at l igh t t r a f f i c the probability of choosing H

idle users is hi gh .  Thus , i f  a f t e r  H unsuccessful  a t t empts  (M i d l e

users) , we choose to wai t un t i l  the next s lo t  (we waste a s lot )  , we

penalize any busy users among the (N - M) remaining ones (wi th  the

schemes of Chapter 3 one of them could have t ransmi t ted  a packet in the

current slot) and therefore we increase the de lay performance under

li ght traffic conditions .
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In order to avoid this high delay performance at light traffic , H

— we introduce the following techn ique: The N users are split in k groups

IM + k < N). After N unsuccessfu l attempts , one among the k groups is

chosen. A l l  busy users* in this group will transmit their packet in

the current slot . As in slotted ALOHA , if more than one user (a mong the

N/k users of this gro up) is busy , there is a coll ision , and those (busy)

users must retransmit their packet in a later slot . If only one user is

busy, h is packe t is successful ly  t ransmit ted .  F i n a l l y ,  if all  users of

the group are idle , then we choose another disjoint group of users who

operate as above , etc.

With this techni que , we obtain a much better throughput-delay

performance t h an  that obtained in Chapter 3. In pa r t i cu la r , the

capacity of the channel is

C = 1 + (P4 + k ) a  (4 .2 )

h owever , the improved performance is s t i l l  lower than that of the

existing multi ple access schemes (e.g., CSMA and Polling) when N is

large (N 100) .

• Sin ce AP , RR and RO are equivalent  in terms of de l ay-throughput

performance (same average delay (Eq . (3.27)) and their normalized delay

variances are close to each other (Figure 3.11)), we choose , without

(much) loss of generality to study the Random Order mode (RO ) throughou t

this chapter. The modified pro toco l is described in Section 4 .1. The

came technique could have been applied to AP or RR . In Section 4.2 we

present the delay-throughput performance ob tained by simula tion for

- 

- 

users who have at leas t one packe t ready for transmission.1~
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various values of M a~d k (number of groups of users contending for the

ch annel in a slotted ALOH A fashion) .

4. 1 Protocol

\\The protocol considered below is not conflict-fre e, since in a

given slot , after  M unsuccessfu l attempts , users contend for the ch annel

in a slotted ALOHA fashion .

Slo t Conf iguration

Each slot consists of three parts (Fi gure 4.1):

CARRIER ONLY CARRIER MODULATED BY DATA

~ 
INFORMAT I ON PACKET

T

MINISLOTS

Figure 4.1. Slot Configuration.

1) an overhead of M + k - I minislots*, fol lowed by

2) the packet transmission time of length T, followed by

3) one minislot  (propagation time) .

Al l  users are syn chron i zed and may star t transmiss ion of the carr ier

only at the beginning of a minislot , and all users may star t the

*as defined in ChBpter 3.
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transmission of the (data) packet only at the beginn ing of the second

part of the slot , i.e., M + k - 1 min i s lo ts af ter the beg innin g of a

slot.

As in Section 3 . 2 .4 , in a given slot the N users are randomly

ordered in sequence. If the resulting random ordered sequence in the

current slot is u1, u2, . . . ,  UN , u~~, then user u 1 has highest

- . priori ty , and the lowes t orde r user i s UN .

If user u
1 has a packe t to transm it , he star ts sending the

carrier (with no modulation) at the beginning of the slot.  If u 1 is

idle he remains quiet , and after one minislot user u., knows tha t u
1 
is

idle (ca rr ier absen t) .  If u
2 has a packet ready for transmiss ion , he

star ts sendin g the carr ier at the beg inning of the second minislo t, etc.

Until now , the technique is identical in all ways to the

Random Order (RO ) mul tiple access technique studied in Ch apter 3; in

part icular  al l  system assu mptions and opera tional features defined in

Chapter 2 and in Section s 3.1 and 3 . 2 . 4  ho ld .  The protocol described

below d i f f e r s  from RO as fol lows :

If after M attempts , we do not find a busy user ( i . e . ,

• u1, . . . ,  U
M 

are idle) then a group of users is selected randomly among

k d i s jo in t  groups , the union of which is the set of the N users ; e.g.,

each group contains 
L~~~i 

use rs* ex cept the las t one which contains

N - (k - 1) [
~J users . All busy users of this selected group know tha t

the channel is idle (carrier absent for (N - 1) minislots) , and trans-

m it their packet in the given slot . (If more than one user transmits,

* I N i  . Nwhere ~~
- represents the integer part of
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they collide and must retransmit the i r  packet the next time they are

selected.)  If none of these [
~
] users has a packet ready for trans-

- 
I mission , another group is chosen , the users of which know that the

channel is idle (carr ier  absent for M - I + 1 = M minislots) and may

transmit in this slot, etc. If after k successive attempts (i.e., a

• total of M + k attempts in th is  s lot ) , the carr ier  is absent , then al l

users are surely idle; the slot is unused and a l l  users w a i t  until the

next slot .

Let us denote by g 1, g 2 ,  ..., g~ the k groups into which the

N users are split , e . g . ,

= {u1, ..., uLN/kJI ... = {u (k l)LN,kJ+i
, ...,

In each slot , the k groups are randomly ordered as were the N

users (see Section 3 .2 .4 ) , i . e . ,  each user generates  the same sequence

of pseudo-random numbers between 1 and k , and t h i s  invokes the same

F 1FO queue of random numbers ; we now have at each user two random

numbers queues : one for the users as in Section 3 . 2 . 4 , ca l l ed  the

“users-queue” and one for the k groups , cal led the “groups-queue .”

The head (i) of the groups-queue represents the group g 1 to whom the

slot is assigned (if the N first users selected are i d l e) . If a l l  users

of group g. are idle , then i is deleted from the groups-queue , and the

new head j represents the group g
3 

of users to whom the s lot  is assi gned

• if the f i r s t  M users and a l l  users of group g. are i d l e , e tc .  —

I -
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Protocol:

I 1 I’he h I )~I~ ’St 0 flI(’ r LISt ’  I~~ I U the c ur r e i lt  S lo t  nt ’ed not sense the

~Iiaiinet and syiichron i ze~; his p a c k e t ’ s t r a n s m i s s i o n , j f
S 
any , as

F o l l o w s :

( i )  At the b e g i n n i n g  of the slot he begins transmission of

t he c a r r i e r .

( i i )  (H + k - 1)  m i n i s l o t s  la ter  he t r ansmi t s  the packe t .

( 2 )  The i u s e r  in scqt icnce~ (1  < i < M) in the curren t s lo t ,

senses the channel  for the f i r s t (i - 1) minislots.

I i )  I f  no carrier  is  detected af ter  (I - 1) m i n i s l o t s , he

synch ronizes his packet’s transmission , i f  any,  as

follows :

a )  At the b e g i nn i ng  of the ~
th minis lot he begins trans-

mission of the c a r r i e r ,

1)) (H + k - i )  m i n i s l o t s  l a t e r  he t r an smi t s  the packe t .

( i i )  Ot h e r w i s e  (users i d l e  or c a r r i e r  detected e a r l i e r )  he

w a i t s  for  the nex t  s l o t  and then operates as above .

• ( 3 )  A l l  users of the 1
th i n SeqiIenc c~ ( I  < j  < k )  in  the

cur ren t s lot  , sense the channel  for the fi rst (N — I + j)

minis lots

( i )  If  no carri er is detected af ter  (H - 1 + ~) minislots ,

al l  busy users of the ~th group synchronize their

represented by the head of the (F I FO) users-queue
tThe ~th user i n  sequen ce is represented by the ~th number in the (FIFO )
users-queue , starting from the head of the queue.

5 me ~th group in sequen ce is represented by the 1 th  number in the FIFO
groups-queue , starting from the head of the queue .
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packet’s transmission as follows :

a) At the beginning of the (M + J )
th 

minislot *, t1~ey

begin t ransmiss ion of the carrier , —

h) (k - j )  m in i s lo t s  later * they transmi t t h e i r  packet .

( i i)  Al l  idle users , as well as all busy users i f  the carr ier

was detected ear l ier , wai t for the next  s lo t  and then

operate as above ’ .

(4) Before the end of the current s lot , a l l  users update t h e i r

priority, i.e. , take the following actions :

(i) Generate a pseudo-random permutat ion of 1 , 2, . . .,  N;

The resul t ing sequence in the FIFO users-queue ( t h e

same for all users) gives the priori ty order of the N

users for the next slot .

(ii) Generate a pseudo-random permutation of 1 , 2 , ...,

The resul t ing  sequence of numbers in the F I F O  groups-

queue (the same for a l l  users) gives the pr iority order

of the k groups for the next s lot .

Before study ing the throughput-delay performance obtained under this

pro tocol , let us evaluate the channel capacity .

Ob serve f i r st , that despite the possible collisions among UserS

of a same group (when the f irs t N sel ected users are i dl e) , the channel

never dri fts into sa tura t ion , and a maximum th roughput  Sm = 1 packet

* 
The k th group ’s users t r a n s m i t  t h e i r  pac k et  rig ht away I i i - no carrier

is detected after (H + k - I )  minislots ).

Among the users of the ~th grou p in sequence , some ( i d l e )  users may
have been selected in Step 2. If  m e a n w h i l e  a packet was generated at
those users , they compete w i t h  o ther  users  of the  j t h  group .
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per slot is achievable (with infinite delays). Indeed , when the input

ra te S is clos e to one pack et per slot, the probabil ity tha t the first

M selected users are idle is close to zero ; a busy use r w i l l  even tua l ly

be selected within the M attempts . This user will successful ly trans.-

mit his packet.

Then the ch annel capacity is

Smax 
= 

1
1 + (N + k ) a  1 + (M + k ) a

since in each slot , an overhead of (M + k) minislots is wasted for

packet transmission . By setting k = 0, we ob tain the channel capac ity

(E q. (4. 1) )  of the p rotoco l ment ioned at the beg inning of this chapter.

W i t h  t h i s  protoco l , a given slot  is wasted if after M attempts no busy

• user was fo un d (no ALO UA contention) .

4 . 2  Thro~1~ put-l)e l ay Perfo rmance

In t he  i n t r o d u c t i o n  of th i s  chapter , i t  was pointed out that

by reducing the number of attempts M to find a busy user in a given slot,

the overhead in each s lot  is reduced and therefore the channel capacity

is increased (Eq . 4.1). l lowever , it was mentioned that one consequence

of this overhead reduction was an increase of the packet delay under

li ght traffi c conditions. The sma l l e r  M is , the l a rge r  is the channel

capacity , but the larger is the packet delay under li ght traffic. Let

us e v a l u a t e  the packet delay I) at any user when the total input rate S

is clos e to zero (fo r k = 0 ) .  We eas i ly show that

N 10 = + ~~
- (slots) (4.3)
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when S = 0, assum ing as in Chap ter 3 tha t  a l l  user packet a r r i v a l

processes are statistically identical (Poisson with intensity A/N).

To obtain Eq. (4.3) let us evaluate (when the input rate A is

very smal l )  the probabi l ity 
~L 

that a slot is wasted , given there is

at least one busy user. We have

N-M
p = ~~~ ~~ i users are busy and the H sd t-ctcd

i= l  u ser s  arc’  Ch O s C f l  out  of the (N — i
i d l e users }/I ~~at leas t -  one user is htis~’ }

= 

N-M 
~ ~ 

M users are chosen out of the (N — i ) 1~ ~L i l  t idle users / i out of N users are busy J i

H 
V

where P .  P {i out of N users are bu sy }

= 
N - i N ~ 1 

~ 
N - i - M  + I I’ . / P

since the users are ordered randomly. Then

N-N (N H) N

~~i 
V.__(

V~~
_) V

~~ _  ~~~ P .

Assuming that  at very l i g h t  t r a f f i c  (A ~ 0) , the events  {user j busy )

j = 1 , . . .,  N are ind ependen t of each other , we obta in the f o l l o w in g

expression for P.

I N \  i N-iP. =~~ .,p 
(1 — p)

• where p is the probability that any u s e r  i s  b usy .
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‘[‘he smaller A is , the bet ter  is the previous assumption . Then ,

P 1 = 

~~~~~~ 

(N  - M
) p

’(l - p) N~~I/ 1 - ( 1 - ~) N

= (~ 
- p) M N

~~
I

( N  
- H) p1(l - ~)

N.M.i/1 - (1 - ~)N

M N(1 - p) - ( 1 - p)
L NI - (1 - p)

Since A is close to zero, so is p and we can write

- 
1 - Mp - (1 - Np) + 0(p)

L N p + 0 ( p )

= 1 - + 0(p) (4.4)

where 0(p) is such that

- 

i im 0
~~~ = 0

p-V’-0 P

Therefore, in the l imi t, when A = p = 0, the probability of loss 
~L 

~~

M

Eq. (4 .5 )  may he d irectly ob tained by obse rving tha t the probabil i ty

that  a packet wh ich upon arrival f inds the sys tem empty (all  users idle - 
-

except one user who has one packet ready for transmission) w i l l  not be

transmit ted in the next slo t, wi th probab il ity

~ 
N -  l~~~ N - 2 ~~ ... 

~~ 
N - N

L N N - l  N - M + l

where the ~
th factor is the probabi l i ty  that at the 1th attempt
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(1 < i < M), an idle user is sele cted. Therefore

M
L 1 N

Knowing 
~L ’ we easily get the expected delay D when A ~ 0

The latter is composed of two parts : The first part is 1/2 slot , which

is the average time elapsing from the packet arrival instant until the

beg inning of the next s lot;  the second part , denoted by x , is the

expected value of the number of slots ~ i t  takes for the user j (where V

the packet was generated) to be selected. Recall that since A ~ 0, the

packet generated at user j will eventuall y be transmitted before any new

packet is generated. Then

= k} = P~~~ (l - 

~~~ 
k = 1 , 2, 3, ...

and -

then
1 — 1 ND = ~~~ + x = ~~- +  ~~~

In conclusion , at very light traffic, the closer M is to N , the

lower is the de lay . But to increase the ch annel capacity , we requi re a

small value of M , and thus we expect a large value of 0. This is why

the protocol with ALOH A contention described in the previous section was

introduced. With this protocol , even with a very small value of H, we

now have , at A = 0:

0 = 1 + -
~~

- = 4 (4.6)

i

i 

~

lth
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~~~~~~~~~~~~~~ •~~~~~~~~~ - V -V-V-V-.”~



- - V ----V--, -.-,——- -—-—-----•----.- -—--V -----. - ---,- V.-V~~~--—,,—-’--—. V. -V - V~~ V V V  V. ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ 
- - - -V - ~1~~

I I -  I

Indeed , with this protocol , when A = 0 , a packe t f inding an
- - empty system upon a r r iva l  w i l l  eventual ly he transmitted in the slot

id low ing it arriv a l . W i t li I nereas i h g  values of the input rate A , how

is  the average delay expected to behave wi th  the new pro tocol?

I f N is sma l l , at larger values of the input rate ( e . g . ,  N = 50 ,

N = 5 , S = 0 .5 packe t s/ s lo t ) , the prob ab i l i ty  is i n t u i t i v e l y  high that

in a gi ven slot , no busy user is found after M attempts and that L~i- - users w i l l  contend for the channel (after M unsuccessful attempts , a

f irs t group of L~i 
users is al lowed to t ransmit  in this s lot .  If none

of these users is busy , another group will contend for the channel

in  t h i s  s l ot , e t c . ) .

In order to t ransmi t  a packet success fu l ly  in this slot , then ,

one expects  no c o l l i s i o n  among users of the same group . The smaller the

group s ize  L~i 
is , the less l i k e l y  is the co l l i s ion , and therefore a

va l ue of k not too smal l  ( e . g . ,  k = 20 when N = 50) should be chosen .

But if k i s  t oo l a rge , the increase in  the channel capacity with  this

protoco l is not significant (see Eq. ( 4 . 2 ) ) :  The smaller  (M + k) is,

the highe r is the channel capacity.
-

4

No analytical  optimal value was found for M and k (when N is

given).

However , by simulating the system , we may choose for a given N ,

the va lues  of N and k such that , at a l l  values of the i nput rate , we

si gn i f i c a n t l y  improve the expected de l ay . The simulation verifies the

expected fo l l owing  trends :

(a) H-ef fec t :  For a given k , sma l l e r  values  of M provide hi gher

delay s at a l l  values of the input rate not too close to one packet/slot ,

- 117 
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but provide a larger maximum achievable throughput. When N is

very small the delay is not significantly decreased, even with

l arger values of k.

(b) k-effect :  Small values of k provide low delay s only at smal l
- 

- 

input rate values , A < A 0 . For a given M , the larger  k is , the

higher is the input rate range (0 < A < A 0) for which the delay

is sign ificantly low .

The tradeoff will be to choose between a small value of (p.1 + k )

(hi gh channel capacity but hi gh delays at mos t va lues  of A) and va lues

of N and k large enough (low delays at a l l  values of the throug hput not

too close to one packet/slot , hut low achievable throughput).

In Figures 4 .2  and 4 . 3 , the expected packet de lay , obta ine d by

s imulat ion,  is plot ted versus the th rough put  for N 10 ( F i g u re 4 . 2 )  and

N 50 (Figure  4.3) , for various values of M and k .  l)e l ay and throug h-

put are normalized wi th respect to the packet t ransmiss ion  t i m e  1.

For small  values of N (N = 10) , the protocol RO , defined in

Chapter 3 , is close to the opt imum . For the sake of c la r i ty , in  Fi g-

ure 4 .2  we did not plot the delay contour for (H = 7, k = 1) which  is

very s l i gh t ly  below the delay contour of RO (M 10) . With  M = 5 , k = 1,

we obtain a channel capacity of .95 ( 1(0 ’ s capacity is .92) , and the

delay is very close to the de lay  provided by RO when the th roughput  is

less than .85. For very small values of H (N = I ) ,  even i f  k i s  l arge ,

- 

- 
(k = 5 ) ,  al though we obtain a large capac i ty  ( .95)  for  th roughput s

larger th an .75 , the delay is hig her than  tha t  provided by ThMA . When

k = 0 , the delay is very large for most values  of throug h put , e .g . , for

N = 3 and k = 0, at zero throughput the n o r m a l i z e d  de l ay (E q . ( 4 .  3 ) )  is
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but provide a larger maximum ach i evable throughput.  When N is

very small the delay is not si gn i f i can t ly  decreased , even w i t h

l arger values of k.

(b) k-effect :  Small  values of k provide low delay s only at sma l l

input rate values , A < A 0 . For a g iven H , the larger  k is , the

— higher is the input rate range (0 < A < A
0) for which the de lay

is significantly low .

The tradeoff w i l l  be to choose between a s m a l l  v a l u e  of  (H + k )

(high channel capacity but high delays at most values of Aj and values

of N and k large enough (low delays at all values of the throughput not

too close to one packe t/ s lo t , but low achievable  through p u t ) .

In Figures 4 . 2  and 4 . 3 , the expected packet de lay , obta i ne d by

simulat ion , is p lo t ted  versus the th roug hpu t  for N = 10 ( F i g u r e  4 . 2 )  and

N = 50 (Fi gure 4.3) , for various values of M and k .  Ile l ay and through-

put are normalized wi th respect to the packet transmission time T.

For smal l  values of N (N = 10) , the protocol RU , def ined  in

ch apter 3 , is close to the optimum . For the sake of c l a r i t y , in Fig-

ure 4 .2  we did not plot the delay contour for (H = 7, k = 1) wh i ch is

very slightly below the delay contour of RU (N 10) . With  N = 5 , k = 13

we obtain a channel capacity of .95 (RD ’s capac i ty  is .92) , and the

delay is very close to the delay provided by RD when the throughput is

less than .85. For very sma l l  val ues of H (N = 1) ,  even i f  k is large , j
(k = 5) , although we obtain a large c a p a c i t y  ( . 9 5 )  fo r  th rot~ghpu t s

larger than .75, the delay is hig her t han  that provided by iDMA . When

k = 0 , the delay is very large for most v a l u e s  of throughput , e.g., for

M = 3 and k 0, at :oro throughput the normalized de l ay (Eq . (1.3)) is
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Figure 4.2. New Scheme: 0 versus S. (N = 10).
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3.9 (= (
~ 

+ .
~
.) (1 + Ma)). In conclusion , wi th the new protocol we do

not get a significant improvement over RID for small values of N (N < 10).

In Fi gure 4.3, the expected del ay D is plo tted versus the

throughput S for a value of N = 50. The improvement obtained with the

new protocol is important: Firs t , we note the very good delays obtained

at low traffic for any value of N and k (
~~ 

0) ; e . g . ,  if M = 10 and k = 1,

then D = 1.65 at S = 0 (w i th k = 0 , F) = 6 at S = 0) .  Second , when N is

-

~~ 
- 

smal l (e .g . ,  N = 10 , k = 1) we note  the large delays (k-ef fec t )  for

intermediate values of S ( . 2  < S < .8) leading to a choice of k large

( e . g . ,  M = 10 , k = 5 ) .  Third , we note that when M is very small  ( e . g . ,

M = 6 ) ,  even with a value of k = 5 , D increases fast  when S increases

(N-eff ect). Finally, keeping (M + k) constant, we observe the improve-

men t in delay ob tained by decreas ing M and increasing k (e.g., i) M = 10 ,

k = 1 and N = 6, k = 5; i i )  N 14 , k = 1 and M = 10 , k = 5) for the

same channel capacity . The values M = 10 , k = S provide a performance

close to the opt imum at a l l  values of throughput and a channel capac ity

V of .88 instead of .66 obtained w i t h  RO (N 50) .

In Fi gure 4 .4  the delay-throughput performance is compared

between RO (H = 50) , our new protocol wi th  M = 10 and k = 5, Pol l ing ,

CSMA and CS SPNA . As prev iously men tioned (F igure 4.3) , the delay is

lower with the new scheme (M = 10; k = 5) and the capacity is much

higher than w ith RO (N = 50). At low traffic (S < .4) , Pol l ing and the

new scheme (M = 10, k = 5) prov ide the same delay , hu t wi th Pol l ing we

may ach ieve a throughput of 1, wh ile the max imum ach ievable th roughpu t

wi th  the new protocol is .88. We plotted the (‘SMA perfo rmance as

V obtained in [TOBA 7613] and the CS SRMA perfo rmance predicted by the
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infinite population model [TOBA 76A] (unstable channel performance,

upper bound for the stable channel performance : see Ch apter 1). Both

V. GSMA and Ch SRMA provide a lower channel capacity than our new protocol ,

bu t perfo rm much better over a large traff ic  range.

Un ti l now , the ra tio a of the max imum propagation time T to

the packet transmission time I has been chosen

a = .01

as a typical value for groun d radio communications. We already showed

in Ch apter 3 (F igure 3.6) how the ch annel capaci ty of AP , RR and RID

decreases when a increases under CSMA channel capacity and ALOH A channel

capacity. - -

In Figure 4 .5 , the ch annel capaci ty C is plotted versus a , wi th

N = 50 , for Pol l ing (C = 1 for all a ) ;  ~SMA [TOBA 74J ;  l~D (C 1 + N a

our new protoco l (M = 10, k = 5, C = 1 + ( M +  k ) a ~~’ 
and slotted ALOHA

(C = l/e).

For a < .018, the new scheme prov ides a be tter channel capaci ty

than CSMA ( ins tead of a < .001 wi th  RO) . For a < .11, the new scheme ’s

channel capacity is larger than lIe (instead of a < .035 with J~D).

In conclu sion , the protocol introduced in this chapter as an

extens ion of RO h as been shown to perform much be tter than RO, and to
r

prov ide , under li gh t traff ic condi tions , the s ame performance as Polling ,

and a better performance than GSMA under he avy traff ic  condi tions when N

is riot too large (N < 100) .

When the number of users N is very large (N > 100), we can

sti l l  f ind val ues of M and k for wh ich the new protocol

~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~
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b) provides the same de l ay performance as Pol l ing  at low

t r a f f i c .

h owever , the throughput-delay perfo rmance for such values  of H and k

will be lower than that obtained with cSMA .

In  the next chapter , we introduce another mu l t i p l e  access

scheme which provides a better throughput-delay performance for all

values of N and a than Polling does, and which performs be tter than the

random access techni ques (cSMA , ~S SRMA ) under heavy t ra f f i c conditions ,
V 

- since t h i s  new technique , l ike Po l l i n g , al lows a maximum achievable

th roughput of one.
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QIAPTF R 5

MINI  -SLOTTE D ALTE i RNATIN C PRIORI T I I : s

The major l i m i t a t i o n  of the schemes s tud ied  in  Chapter 3 has

been shown to be the large overhead (increasing proportionally with the

number of users N ) ,  rendering those schemes s u i t a b l e  o n l y  for a popu-

la tj on  of users composed of a ra ther  sm al  I number of users (N < 20) ,

- 

- 

and providing a performance far below that obtained with (S SRMA , ~SMA

V or Po l l ing  when N is large (N > 50) and a is not too small (a = .0 1) .

In order to decrease this  overhead , the protocols  of Chapter 3 are

modified in Chapter 4.  This resu l t s  in a si gn i f i c a n t  i n i pr uvement  of the

performance which , howev er , stays below that obtained with existing

techn iques for large values of N (N 50). Ilelow we introduce and

analyze a conflict-free scheme referred to as M i n i - S l u t t e d  A l t c r n a t i n ~

Priorities (MSAI’), wh i ch also allows buffering capabilities and a l s o

does not requi re contro l of a centra l s t a t i o n .  l’~e s h a l l  cas i ly solve

1’ for the average packet delay under NSA!’ and show tha t NSAP perf orms

better than CSMA (and CS SRI4A) under heavy traffic conditions , and

performs better than Polling for all tra ffic levels and a l l  numbers

of users .

5.1 Protocol

The major  d i f f e r en ce w it h the schemes AP , RR , RO and J IOL

studied in Chapter 3 comes from the s l o t  s i z e  w h i c h  is now taken as

equal to the maximum propagation delay i , i . e. , what we ca I l ed a
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minislot in Chapter 3 is now referred to as a slot. As with the former

schemes , we use the carrier sense capability of each user. However

we now t r y  to minimize the citantiel time los t for packet transmission ,

i .e., the overhead due to carrier sensing in order to “steal” a slot

assigned to an idle user. The protocol obeys the Alternating Priorities

rule as follows

(1) Assign the channel to that user (say i) who transmitted the

las t pa cke t, if possible; otherwise ,

(2) Ass i gn the channel to the nex t user in sequence *.

By car rier sensin g, at most one slot later, a l l  users detect the end of

transmission of user i (absence of carriert); in particular, so does the

next user in sequence (user ( i mod N + 1 ) ) .  Then

i ) ei ther: Use r ( i mod N + 1) starts transmission of a packe t ;

in this case , one slo t af ter the begi nn ing of transmiss ion , all

others detect the carrier. They wai t until the end of this

pack et ’s transmission and then operate as above.

ii) or: User (i mod N + 1) is idle; in this case, one slot later,

a l l  the other users do not detect the carr ier , they then know

th at it is the turn of the nex t user in sequence , i.e., user

(i mod N + 2 ) ,  and operate as above.

When all users are idle , the “turn ” keeps changing at each slot until

it is the turn of a non-idle user.

*Users grasp the channel according to a fixed order , say 1 , 2, ..., N,
without loss of generality .

~The ca r r ie r  detection t ime is assumed to be neg l ig ib le  (Assump tion 8) .
A l l  users kn ow whose turn has come at mos t one slot af ter the end of
transmission of a packet.
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In Fi gure 5. 1 we consider  an example  w i th  four users . Two

slots af ter  the end of user 3’ s t ransmiss ion , user 4 be ing  i d l e , use r 1

s tar ts  transmission , lie transmi ts three packets , fo l lowed by user 2

and then user 3.

Two remarks are noteworthy :

a) We could have chosen the Random Order RuJe or the Round

Robin rule .  The la t ter  is su i tab le  for unba lanced t r a f f i c ;  i . e . ,  when

some users have a sma l l e r  input rate than others . Then the Round Robin

rule provides to users wi th small input rate a more frequent access to

the channel than the A l t e r n a t i n g  P r i o r i  t i e s  ru le  does . l k ) w e v c r , the

Alternating Priorities rule is chosen here , in  order to r n i n i m i : c  the

“ changeover ” t ime between users . T h i s  ch angeover t i m e , w h i c h  is los t

for packet transmission , is shorter with Alternating Priorities than it

is with Round Robin (or Random Order) ~~ . The maximu m channel  u t i l i z a t i o n

is obtained with the Alternating Priorities rule wh i ch allow s the system

to achieve full utilization of the channel. When one queue is s ;ituratec l

and keeps the channel for its own use , there is no changeove r and there-

fore the throughput is S = I packet/packet transmission time . Thus

the capacit~ of MSAP is equal to 1.

b) In P o l l i n g ,  the channel is  assi gned to the  users  accordinF

to the same rule.  The onl y difference is t h a t  the p o l l i n g  t i m e  or

changeover t ime between the two users i s  equal to the polling message

transmission time (of length b (> 1) slots) p lus tw ice the propaga tion

*
This overhead (one slot per swi t ch o v er  t ron one r i ser  to  ano the r )  i s

very smal l , con~ a red to that incu rred with the schemes studi ed in
Chapter 3 ( fo r  which N m i n i s  lots are los t at each packet transmission
t i m e) .
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t ime between users and s ta t ion .

If  we denote this  changeover t i m e  by r , we thc!1 have for

a) Pol1in~ r = I~ + 2

b) tstSAP r = l

Since the pol l ing message conta ins  the i d e n t i f i cation of the user which

is polled , b will increase with N (in particular , it mus t grow in

proportion to log N). Also , b depends on the p ;ira uur cter  a.  I f  a

increases , b w i l l  decrease down to a minimum of 1. From the list

statement  and Eq. (5.1)  i t  is evident  tha t  th e- changeover t i n c  i s  much

smaller with MSAP than with Polling.

5.2 Expected De l ay

W e may apply the results of Konheiun and M e i s t e r  [ KONI I 72 ]  fo r

Polling to tI&SAP by choosing the “polling” time r equal to I in Lq.  ( 1.3) .

This equation gives the expected normalized delay in ground radio Polling

[TOBA 76A]. Then, with MSAP , the expected normalized packet delay is —

given by

D = I + 2(1 - S )~ 
- + 

1 - S ) 
( 5 . 2 )

Therefore, from Eqs . (1.3) , (5 .1)  and (5 .2 ) , with P o l l i n g , a packet

incurs an average de l ay which exceeds the one he would  incur  w i t h  NSAP

by an amount 11 , namely ,

A = 
a 

- S ) ( N ( h + 1)) (5 .3)

When N is l arge (N > 10) ,

.. N a ( b+ l )
— 2 ( 1  — S)
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Consider , for example , 1000 bi t  packets transmitted over a channel

operating at a speed of 100 ki lobi ts  per second. The transmission time

of a packet is then T 10 mseconds . If the maximum d istance be tween

the source and the destination is 20 miles , then i = 108 pseconds. Thus

T
a = 

~~ 
~~~ .01

To pol l  N = 50 users , one s lot  (10 bi ts)  is enough:  b = 1 and

A = 2 (1  S) To p011 N = 1000 users , two slots are necessary*, and

then : b = 2 and A = 2( 1 - S) As N increases , 1~~AP by far exceeds the

perfo rmance of Pol l ing  (Fi gure 5.2) .

Let us now compare MSAP to CSMA and CS SRMA . In Figure 5.2

we plot  the CSMA perfo rmance as obtained in [TOBA 76B J ,  for N = 50 and

N = 1000. In the same figure , we also plot the CS SPI4A perfo rmance 
V

predicted by the i n f i n i t e  population model (unstable ch annel) [TOBA 76A] .

As mentioned before (Chapters 1 and 3) ,  it is l ike ly  that this perfor-

mance is air upper bound for the steady state performance (stable channel)

in the case of N = 50 users . However when N = 1000 , the need to incre ase

retransmission delay s in order to have a s table channel may lead to a

V perfo rmance worse than the one predicted by Figure 5 .2 .

In comparing ~tSAP to CSMA and CS S RMA , we note from Figure 5.2

that , at l ight  t r a f f i c, the larger is N , the more do CSMA (an d SRMA) V

exceed the performance of MSAP ; but under heavy t ra f f i c conditions , ~~AP —

alway s performs be tter than CSMA . For N = 50 , the delay wi th  ~~AP is

better  than that  obtained wi th  CSMA , for a. throughput equal to 0.6 or

h igher.

*since we need 10 hits for i dentifying the 1000 users and at least 1 bit
for error detection purposes.
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Figure 5.2. D vs S :  Comparison to Existing Techniques
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MIXE D MULTIPLE ACCESS MODES FOR ONE LARGE USER

AND A POPULATION OF SMAL L USERS

With a large population of bursty users (referred to as small

users), we already pointed out in Section 1.2 that the use of slotted

ALOHA prov ides f l ex ib i l ity , simplicity (of implementation) and a more

efficient channel utilization with much lower delays at light traffic

than does TDMA or F DMA . However the maximum achievable th roughput with

slotted ALOHA is l/e. This sugges ts that we include a large user on the

same channel in order to increase the channel capacity . We assume that

this large user does not require a short response time (packet delay) as

does the b ackground of small users . As an example , we mi ght consider a

back ground of bu rsty in teractive users, together wi th a user transmitting

a large amo un t of data ( f i l e  user) . Several papers have suggested the

use of a radio ch annel in an environment including small users and a

large user. L. Roberts did so in an unpublished note ; Abramson [AB RA 73]

provided a model where all users (including the large user) use the

channel in a slotted ALOI-IA fashion and determined the channel capacity ;

Lam [LAM 74] s imulated the packet delay at the large user. Gitman et

al .  [GITM 74] s tudied such a model to determine whether one should share

the radio channel by the large (or possibly by a finite number of large

users) and the small  users or whether one should sp l i t  the channel so

that  one part is used by the large user and the other part is used by

the small  users .
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Binder [BIND 75A] introduced arid s imulated a techni que for

regulating file traffic (large user) in a s lo t t ed or un slo t t ed A LOH A

ch an nel when interactive users ’ (small  users) t r a f f i c is also present .

V 
Throughout this chapter , we assume the large user to he within

range and in l ine of sigh t of all  smal l  us ers . This large user will

sense the carrier and w i l l  not t r ansmi t  a packet unless a l l  s m a l l  users

are quiet.  We give priori ty to the smal l users and since they are

controll ing the entire ban dwidth , the smal l  users perform bet ter  than i f

they were dedicated on ly a part of the  ava i lab le  bandwidth . However ,

since the large us er has l ower pr iori ty , he may incur hi gher de lays and

achieve less throughput than if he was dedicated a part of the ch annel

(of smaller bandw idth).  We study two cases wh ich di f f er wi th respect to

the nature of the back ground of small users :

a) A large population of small  users who contend for the

channel in a slotted ALOHA fashion.

V In Section 6.1 , the Mixed ALOH A Carrier Sense (MACS ) mode is

analyzed. The MACS performance is shown to be better  than the perfor-

mance of the “large user model” mentioned above [AB RA 73] and also

-

- better than the performance obtai ned when the available bandwidth is

opt imal ly  sp l i t  in two parts , one for the large user , the other one for

the smal l users . With MAcS, a good channel utilization is obtained

(greater than 2/ e for a l l  small  users ’ input rates) . The large user may

achieve a s ign i f i can t  throughput (> h e ) . In addit ion , by provi ding the

entire available bandwidth to al l  users with  MACS . we ob ta in  a through-

put de l ay performance which is bet ter  for both the large user and the

small  users than that ob ta ined  when the large user and the back groun d
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use separate channels of smaller bandwidth.

b) A small  number of buffered users wi th in  range and in line

of s i g h t  of each other sharing the channel according to the AP access

mode s tudied in Ch apter 3.
V In Section 6 .2 , the Mixed Al terna ting Pr iorities Carrier Sense

(MAPCS ) mode is analyzed. This mode is conflict free*. The MAPCS

perfo rmance is shown to he better than that  predicted by the slo tted

ALOh A mode mentioned above [ABRA 73]. With MAPCS, a total channel

utilization of is obtained where N is the number of small1 + (N + l ) a

users and a is the ratio of the maximum propagation time to packet

transmission t ime . This ch annel u t i l i z a t i on  is fair ly  good when N is

F not too large (N < 30). The throughput-delay performance of the small

users is better with MAPCS than when the channel is optimally split.

At the large user , however , the hi gher the smal l  users ’ traffic, the

larger is the degradation of the delay-through put performance compared

to the “spl i t  channel” mode where the large user and the small users

have dedicated separate ch annels.

F ina l l y , in Section 6 .3 we compare MACS and MAP CS . When the

number of smal l users is not too large (N < 30) , one may achieve a

h i g h e r  total  channel through put wi th  the second scheme (MAPCS) . When

N increases , the f irs t sch eme ( MACS) turns out to be bet ter .  The

performance at the l arge user is shown to be be tter wi th the firs t

scheme ( MACS) . In addi tion , MACS does no t requi re th at all small users

“hear” each other while MAPCS does ; however MAPCS allows a hi gh through-

put rate for the small users .

*In MACS , sma l l  users conf l ic t  (in a slotted ALOHA fashion).
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6.1 Mi xed ALOHA and Carrier Sense Mu l t i p le Access (MACS )

We consider a large user and a large n umber of smal l  users, a l l

competing for the same channel. The access to the channel is modeled

as fo l l ows.

6.1.1 The Model

V 
We include on the same single channel (of bandw i dth W) an in f i —

V 
nite popula tion contending for the channel in a slotted A LOHA fashion

(small  users ) and a buff ered user (a large user) wi th  an i n f i n i t e  b u f f e r

size and a Poisson arrival process (intensity X
2)* 

independent of the

small users ’ (Poisson) arrival process . The l arge user and sm a l l  users V

transmit packe ts of f ixed leng th b
m 

bits . The large user is in l ine of

sigh t and within range of all small users . The slot confi guration is

1 
gi ven by Figure 6 . 1 .

H SLOT

j. I r J PACKET TRANSMISSION TIME (T) J r J
~~~~TIME

- V Figure 6.1. Slot Configuration.

- 

V

*packcts generated at the large user queue up and arc served on a f i r s t-
come - f i rs t -served basis.
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When a small  user has a packe t ready for transmission (newly

V 
generated or previously collided packet (see [KLEI 75A])) ,  he transmi ts

the carrier for the f i rs t  t seconds of the slot and then transmi ts the

(information) packet. t represents the maximum propagation time from

a smal l user to the large user; -r is considered to be very small in

comparison with a packet’ s transmission time , T = ; a = is
+

chosen to be equal to .01 in the numerical calculation throughout this

chapter.

When the large user has a packet ready for transmission , he

senses the carrier at the beg inning of the slot during ~r seconds . If

the carr ier is not de tected af ter T seconds , the large user immediately

transmits his packet. If the carrier is present (one or more small

users are transmitting in the current slot) the large user stays quiet

- 

- 
until the beginning of the next slot and then operates as above.

The last T seconds of a slot account for the (maximum prop a-

gation ) delay between the end of packe t transmission and the end of

packet reception .

The delay -throughput performance of the A LOHA population is not

affected by the presence of the large user*; an analysis of the small

users performance in a ground radio environment (a << 1) can be found in

[KLEI 75BJ which is simi lar to the satellite treatment by Kleinrock and

V 

Lam (see [LAM 74] and [KLEI 75A]).  On the other han d , the l arge user’s

- 
- transmission is very sensitive to the ALOHA traffic: the higher the

ALOHA t r a f f i c is , the lower the large user ’s through put wi l l  be. 
V

*excep t that the slot size is (1 + 2a) T , instead of T when there is no
large user 

V _

~~~~~~

3
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-
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6.1.2 Large Users ’s Throughput and Channe l Capacity

In chapter 1, we described the slo tted ALOH A access mode wh i ch

has been thoroughly studied in [LAM 74] and [KLE I 75A]. Three kinds of

slots can be identified in a slotted ALOHA mode .

i) “successful” slots: slots in which one and only one user of

the ALOHA population is transmitted. One packet is success-

ful ly  transm itt ed.

ii) “conflicting” slots: more than one ALOh A users are transmitting

a packet in t h i s  slot . Packets “c o l l i d e” and mus t be retrans-

mitted.

iii) “idle ” slots: No ALOHA user is transmittin g in this slot;

each user either has no packet to transmit or has rescheduled

the transmission of a previousl y collided packet for some later

time .

In the first two cases (successful or conflictin g slot) the channel is

sensed busy by the large user. in the third case (idle slot) the chan-

nel is sensed idle. Thus , the large user may “steal” these idle slots
V 

for transmitting his own packets. By allowing this large user to steal

• the “idle” slots of an ALOHA population , we increase the total channel

utilization ; a packet is successfuly transmitted in a g iven s lo t  i f  this

slot is “successful” or “ id le . ” I f  the propor t ion  of i d l e  s l o t s  is not

too small , we may achieve a s ignif ican t th roug h put , S2 ,  for the large

user. We easily show below that

= 
-G (6. 1)

where C (average number of packets per slot) is the offered traffic

rate (newly generated plus previously c o l l i d e d  packe t s )  of the Al. Ohl A

- .  ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ _ _ _ _ _ _
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population , and where S .~ is the throughput in number of packets per slot

for the l a r g e  user .  The Al. OII A channe l  t r a f f i c  ( w i t h  mean G) is a random

var I i ll )  I e rep resent  i ng the to t a l  numb e r of p~Ic ’~ et t ransm I t ted 1w a 1 1

ALOh A users in to  a slot, it is assumed that (see [LAM 74])

(A . l 2 )  The ALOH A channel t r a f f i c  is Poisson d is t r ibuted.

The accuracy of Assumption A .12 has been examined in [LAM 74] through

s imula t ions  and has been shown to be f a i r l y  good .

To evaluate  
~~~~ 

let us cal l the “servi ce time” of a packet at

the large user (denoted by ~). the number of slots elapsing between the

end of the s lot  during wh i ch this  packet was generated and the end of

the ( successfu l )  packet t ransmission . From Assumption A . 12 , we have

for a g iven  s l o t :

l’[a packet is sent from the large Lls e-rj = P [ i d l c  s l o t ]  
V

-G

Then

= k] = (1 - e ) k
~~ e~~ k > 1 (6 .2)

Therefore , the “service time ” as defined above is geometr ica l ly

distributed with par ameter e G
, and

- _  — C
H 

l:(x) x = e

may be def i ned as the expected val ue of the random va riable

~~, the number of pack ets gene rated at the l arge user tha t are al lowed

to get “through” the channel in a given slot . Then

S2 = E (~) = 1 p {~ = i} + 0 x = o}
Observing tha t  P {~ = l }  = P {i d l e  s l o t}  = e~~~, we get Eq. (6 .1)
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Note that under steady s ta te  cond i t i ons , t h i s  m a x i m u m  through-

put S
2 

is achieved at the large user with infi nite delays . For finite

del ays , the n o r m a l i z e d  input  ra te , S~ at the large user must he such

that

S2 k
2

( l  + 2a) T < = e
_ G 

-
~~~

for  a given ALOHA t r a f f i c  r a t e  ;.

I f  we denote by S 1 th e t o t a l  ALOHA channe l throug hput r a t e ,

we know that  under steady state conditions (see, for example [KLfI 75AJ)

= (e~ (u.3)

Fro m Eqs. (6 .2 )  and (6 .3)  we o b t a i n  the to t a l  ach i ev ab l e -

throug hput of the c h a n n e l :

S = S
1 

+ S2 = (G + 1 e ~~’ ( p acke t s/ s lo t)  16. 4)

The maximum va lue  of S is achieved (with infinite delays at the  large

user)  when C = 0 (no t r a f f i c  from t he  ALOHA background ) :

S = 1 p a c k e t / s l o t

We then may ob ta in  the chann:l c a p a c i t y  C. C is the ma xi m um number of

packets that  can “get through” the system (see Chapter 2) d u r i n g  one

~ f 
packet transmission time I

= 
max

i + m

I. 

l = I 
(( 5)
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Eq. (6.5) illustrates the fact that for each packet t ransmitted , a part

(a << 1) of the channel is wasted (in each slot , the f i rs t T seconds

and the last -r seconds cannot hc used for data transmission) .

In Figure 6.2 , we plot the total channel throughput S and the

ALOHA throughput S1 (normalized w i t h  respect to a slot)  versus the

ALOHA traffi c rate C. S decreases with increasing values of G, from

1 (C = 0) to 0 (G = oo) . Becaus e of the ALOHA popula tion , the channel

eventually drifts into saturation , i.e., the throughpu ts (S
1 
and S)

w i l l  go to zero , w h i l e  the channel load w i l l  increase without  any boun d

(see Chapter  1 and [KLE I 75A }). But by apply ing dynamic control poli-

cies [KLEI 75A] , we can get a s table ch annel with a bounded ALOHA

t r a f f i c .  Therefore , the probabili ty of an “idle slot” is greater than

zero and we can achieve a throughpu t at the large user S
2 

which is

greater than zero .

Since the perform ance ob tained for slo tted ALOHA by applying

contro l pol ic ies  (stable channel) have been shown by Kleinrock and Lam

[KLEI 75AJ to be close to the quasi-stationary performance (unstable

channel), clea rly the same will be t rue when we include the large user

as we l l  as the ALOH A backgro un d which controls the channel. Throughout

this chapte r we will , as above (Eqs. (6.1) to (6.4)), use the ALOHA

results achievable only for a f inite period of time (uns table channel)

as approximative results for a s table  channel and assume G < 1.

When C = 1 (Figure 6.2) the ALOh A background achieves a maxi-

mum throughput

S1 = l/e

the channel th rough put  is S = 2/e and the l arge user throughput is also
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H .
’

H S2 = l/ e

When ( goes to zero, so does S~ , hut S2 increases to one .

From Figure 6.2, it is clear that the probability of a conflict

in a given slo t (confl icting slot) be tween more than one user (equal to

1 - 2/e when G = 1) goes to zero as C goes to zero; meanwhile , the

probability that the slot is idle (large user throughput S
2

) inc reases V

up to one when (~ goes to zero. (Figure 6.2)

The probability that a given slot is “conflicting ” is

S
w

l _ S

and represents the wasted channel capacity . In Figure 6.3, SW’ S1 and

S
2 
are pl ott d versus C.

Before solving for the packet delay at the l arge user, let us

compare the large user and the total throughputs predicted with our model

(E qs. (6.1) and (6 .4 ) )  with the throughp.ut predicted by the model called

the “large user model” that we mentioned above [ABRA 73].

Large User Model:

In this model , first studied by L. Roberts in an unpublished

note and la ter generalized by Abramson [ABRA 73] and Lam [LAM 74], we

consider a large buffered user and a popula tion of small  users (modelled

by an infinite population as described above). The large user and the

small users compete on the same channel in a slotted ALOHA fashion .

We define by A 1 and A2 the throughput rates (normalized with respect to
b

I = -
~~~~ ) of the small  users ’ popula tion and the large user , respectively.

V 

A 1 = A 1T

A2 = A 2T
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V 
The large user ’s packets conflicting with small users ’ packe ts

must be retransmi tted , and the offered t r a f f i c  rate at the large user

H is grater than A 2 . 
~‘ l rep resents the offered t r a f f i c  rate from the

smal l users . C
1 

and C2 are norma l i zed  wi th  respect to T. I t  can be

shown [ABRA 73], [LAM 74] that the l imi t ing  through puts are

-G
A
1 

= C
1e 

1 (1 — G2) (6.6)

-: -G
- A 2 = G2e 1 (6.7)

The limiting channel throughput rate is then
-G

V A = A1 + A 2 = (C 1 + G2 — G1
G
2
)e 1

Then , given either A 1 
or A2, A is maximized if the condition

G
1
+ G

2
= 1

is satisfi ed [LAM 74].

The interest  of this app roach is that we can exceed the l/e  
V

limitation on the capacity of a slotted ALOHA channel. (If the small

users ’ traffic C
1 
goes to zero , then the ch annel is ded icated to the

large user and a channel th roughpu t rate arb itrarily close to uni ty can

be achieved-- this is then simply an M/D/ 1 sys tem ) .

However , the throughput performance predicted by this model is

much lower than the performance predi cted by our model , as can be seen

H’ in Figure 6.4 where we plot A2 
and A versus the ALOHA traffic rate C1

for both sys tems .

6.1.3 Packet Delay at the Large User

In this section we wish to solve for the average delay incurred

by a packet at the large user. As usual , we define the packet delay as
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FH
the time period elapsing from the generation instant ~J the end of trans-

mission. Let us denote by A2 the expected del ay normal ized wi th respect

to a slot and by D2 the expected delay normalized wi th respect to the

packet transmission time T:

= (1 + 2a)A
2 

(6. 8)

Let us de f in e th e “service time ” ~ of a packet , as in Section

6.1 .2 , as the number of s lots  i t  takes to transmi t the packet from the

fi rst time we sense the carrier for this  packet unt i l  the end of the

transmission of this  packet .  From Section 6.1.2 , we know that ~ is

geometrically distributed with pa rame ter e G (G is the ALOHA traffi c

rate).

A large user packet which finds the large user emp ty upon

generation mus f wai t  u n t i l  the beginning of the next slot before sensing

the carr ier , i . e . ,  before the “service” starts.  Thus we cannot repre-

sent the large user s imply  by an M/G/1 queueing system. However , we can

mode l the large user as an M/G/ l queueing system wi th  rest period*

where the rest period is de t e rmin i s t i c  wi th length one s lot ;  the Poisson

arr ival  process has an in tens i ty  A 2 and the service time is geometric

(wi th  parameter e~~ ) .  Prom Appendi x A (Eq . ( A . 2 6 ) ) ,  we know that the

average delay F) in an M/ G/ 1 queue with  res t period is given by:

V T~ (6.9)

See Section 3.4 or Appendix A for the def in i t ion  of an M/ G/ l  queue
w i t h  res t per iod .

- V 
- 
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~~~~ where i and x2 are the f irst  and the second moments of service time ,

T0 and T~ are the fi rs t and second moments of the rest period and A is
V 

the arrival rate.

V. 

Recal l that S~ is the arrival rate at the large user normal ized

with respect to a slot (normalized input rate) . We have

S~ = A 2(l + 2a) T (6.10)

The rest period being determinist ic  (wi th  a length of one s lot)

we have

T2
- 

—~~— =  -
~~
- (s lo ts)  (6. 11)

2T~

V 
Finally we have

— C
V x = e  (slots)

= (2 - e~~ )e 2G 
( [s lots] 2) (6 .12)

Substituting Eqs. (6.10) through (6.12) into Eq. (6.9) , we obtain the

follow ing expression for the normal ized average packe t delay at the
-

- 
V l arge user:

2 - S
A 2 = -G ~

‘ + ~ (s lots) (6. 13)
2(e  - S~ )

6 .1 .4  E~ - 1ay-Throughput Character is t ics

ALOHA and large user through puts are compared on Figure 6.5 for

G > 1, and on Figure 6.6 for C < 1 . The sh aded reg ions in both figure s

identify the feasible regions. In Figur e 6.5 (G > 1 ) , the con tour

V.~-V~~~~~~~~~~~~
V 
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S2 versus S 1 for C < I is represen ted by dotted lines . When C increases ,

both S
1 
and S2 go to zero (the channel drifts into saturation). When

C = 1, bot h S
1 

and 
~2 are equal to 1/e. In Fi gure 6.6 (C < 1) ,  the

contour S
2 versus S1 for C < 1 is a limiting contour which corresponds

to infinite delays. Contours s2 versus S
1 

are drawn for some fin ite

values of A2 
(packet delay at the large user). The region inside the

boundary del imited by the axes S1, S2 and the contour S2 versus S1 for

a given value  of A 2 ( e . g . ,  A 2 5) represen ts the feasible ach ievable

throughpu ts at the large user and small users with the constraint of a

maximum delay at the 1r~rge user equal to A2 
slots. Clearly, with a

maximum delay A
2 = 5 , the maximum achievable throughput at the large

user is close to the l imi t ing  through put ( i n f in i t e  delays : A
2 =

for all values of ALOh A throughput. Constant total throughput S lines

are drawn in Figure 6.6 and i l l u s t r a t e  how S~ de creases when S
1 
increases

for a given value of S. The l ine S = 2/c delimi ts the region where there

arc no i n f i n i t e  delays ( a l l  those S 1 and S2 for which S = S 1 + S2 
< 2/e).

6 . 1 . 5  Split Ch annel versus S ing le  Ch annel

At the beginning of this chapter, we introduced the idea of

including traffic from two independent sources (small users and large 
V

user) on the same channel. The motivation behind this inclusion is

two- fo ld :

i )  Since the smal l  users are accessing the channel in a

slo tted ALOHA fashion *, we want to increase the channel utilization

beyond the l/e l imi ta t ion  of slotted ALOHA channel capacity .

~See the introduction of this chapter and Section 1.2 for the discussion
about the choice of ALOHA access mode for the small users .

V A V - 
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ii)  By increasing the bandwidth available to the small users

we provide them better throughput-delay performance.

The results of Section 6.1.2 justify the inclusion of traffic

from the two differen t sources on the sam e channel since this provides

a very good total channel utilization (> 2/e) and a signifi cant large

user throug hput (> 1/c) .

Here we approach the prob l em from a synthesis viewpoint. That

is, given Source 1 (small users) and Source 2 ( large  user) , the question

is whether one should split the channel so that one part , r~W of the

bandwidth (a < 1), is assigned to the large user and the other part ,

(1 - a)W , to the small users ; or whether one should mix the two traffi c

sources according to the MACS access mode studied above .

W~ already know tha t  for the sinai !  users , the bes t perform ance

is obtained when they are provi ded the ent i re  b a n d w i d t h .  For the s m a l l

users it is better  not to split the channel , for by splitting the ch annel

we increase the small users ’ delay by a factor of 
1 

1 
a and it is not

certain that we achieve the sane throughput.

[low about the large user? Is the packet delay lower with a 
V

:~ 
sp l i t  channel or with a mixed use of the entire bandwidth at the large

user? How signifi can t is the degradat ion in throughput at the larg e

V user when we mix the t r a f f i c ?

Our optimization problem now becomes f i n d i n g , for a channel  of

limited bandwidth W and for g iven values of the input rates of the l arge

user (A 2) and of the small users 
(A 1 ) , the value of a, namely ct0,

such that a split channel with u a0 provides a lower delay at the

large user than the mixed use of the entire bandwidth , and a split

LV.~~~ V. V~~~~~ 
~~~~~~~~~~~~~~~~~~~
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channel w i t h  a a
0 

provides at the large user a l arger delay than the

mixed use of the entire bandwidth .

- I Sp l i t t i ng  the channel with a > a0 w i l l  produce a smal l users ’

-: delay of at leas t 1/( 1 - a0) times l arger than that obtained under a
V 

mixed mode . Therefore, if a0 
is too close to one ( e . g . ,  ct0 > .5) one

may prefe r to choose the mixed mode and thus penal ize  the large user ,

rather than the smal l  users .

More p rec i se ly ,  let us cal l D5 (a) the expected packet delay at

the l arge user when the channel is split into two parts of respec tive

bandwidths, aW for the l arge user and (1 - a)W for the smal l users .

D
5(a) is normalized with respect to T = bm/W~ 

T being the packet trans-

mission time on a channel of bandwidth W . Modeling the large user by

an M/D/ i queue , we have by the Pol laczek-Khinch in fo rmula [KLE I 75C]

— / 1 A 2 (T/a) 1
= ~ + 2 ( 1  - A 2 (T/a))] 

(6.14)

- S u b s t itu t i n g  Eq. (6.13) into Eq. (6.8) , we obtain the expected packet

delay 
~

2 ,  at the large user (normalized with respect to T) ,  under the

mi xed mode (MACS )

r ~~- s ;
V I D2 = C + -

~~~~~ (1 + 2a) (6.15)
L2(e - S )  J

We wish to solve for a0, which gives

V ~2 = Ds(a) (6.16)
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such t ha t :

1) i f 0 < a < c t0 ,  D2 < 1 ) s

V 2) if a.~ < a < I , <

3) a0
> A

2T = A
2

1 - a  s L
V 

4) e 
0 

-
~~ ~ +

1
2a = A 1 (6.17)

The third constraint insures us that the input rate at the large user

when the channel is sp l i t  (with a value of a = a0
) is less than the

servi ce rate , i.e., the number of packets tranmitted per unit of time .

In oth er words , the u t i l i z a t i on  factor p (see [KLEI 75C]) of the M/D/1

queue representing the large user mus t he less than I .  We have

p = A 2 — < 1 for a l l  a > a
0

where is the transmission time of one packet (a lT is the service rate) .

Thus we get the third constraint in (6.17). Similarly , the fourth con-

straint indicates that the feasible values of a for the sma l 1 users are

such that on the separate channel of bandwidth (I - a)W, the s m a l l  users ’

through put is less than or equal to 1/c.

-

- Eq u a t i n g  the ri gh t -hand sides ol l~q. ((~. l 4 )  and Eq.  (6 . 15) , and 
V

substituting Eq. (6.10) we obtai n a second (legr -e equation in ~, for

which there is at most one s o l u t i o n , a0 respec t ing  the constraints in

Eq. (6.17).

It  turn s out that  for > .2 , the s o l u t i o n  a0 of Eq. (6.16)

does not sa t isfy  the fourth constraint (Eq . (6.17)). In other words ,

L~~ 
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when C ~ .2 (A 1 > .16), to get a large user delay lower than that

obta ine d  w i t h  the iii i xed mode , one mus t dedi cate  a part  greater than a0W

to the large user , such that  the remaining part  (1 - a0)W of the band-

width is not l arge enough to achieve the small users ’ throughput (A
1
) ;  V

this , of course, is unacceptable.

In Figu res 6.7 and 6.8, a is plotted versus A2 , the large user ’s

input rate (normal ized  with respect to T), for two small  users ’ traff ic :

C
1 

= .01 (A1 = .0 1) and C = .1 (A
1 

= .09). Five regions appear in each

of these f igures .

L n the f i r s t  (shaded) region , the mixed mode is not feasible.

A vertical line delimits this region; at the large user, one cannot

achieve a throughput greater than .98 (A 1 = .01 , Figure 6.7)  or .89

(A 1 = .09 , Fi gure 6.8) because of the presence of the smal l users .

I n the second and th ird regions , the “split-channel” mode is

not feasible;  the sh aded reg ion (a < A 2) is forbidden , since with a

bandw idth aW one cannot achieve a throughput A
2 

greater than a at the

V la rge  user. The shaded region (a > (1 - eA 1))  is also fo rbidden ,

since with a bandwidth (1 - ~ )W , one canno t achieve a throughpu t grea ter

than 1/c for the smal l  users . 
V

in the two remaining regions, both the split-channel mode and

the mixed mode are feasible and comparable. The contour for a,~, which

is the s o l u t i o n  of Eq. (6.16), is plotted versus A
2. The contour a

0

versus A
2 

delimi ts the two regions . Below this contour, del ays at the

large user are lower with the mixed mode than those obtained with a

spl i t channel (D
2 

< 0s~
• Above this contour the sp li t-channel mode

provides lower delays (Ds < than the mixed mode .
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From Figures 6.7 and 6.8, it is clear that:

a) The large r the small  users input rate is, the more importan t

is the increase in the total channel throug hput achievable with  the

mixed mode compared to that achieved when the channel is split. Given

A 1, the large user throughput achievable with the mixed mode (.89 at

C = .l) is larger than that which we achieve with a split channel (.76

V at C = .1). This difference increases with C.

b) The mixed mode improves the throughput-delay performance

V (more throughput, lower delays) of the small users. In addition, it

improves the large user ’ s delay, for a l arge range of large users ’

throughputs (A 2 > 8~ , where < .46 if  C > .1). Even if values of

a (a > a
0
) exist such that a split channel is better (in terms of the

large user’s delay ) , we will not select such an a because the smal l

users incur a si gn i f i c a n t l y  higher delay with  this value of a than they
V 

do when they share the entire bandwidth (e.g., G .1 , A2 
< .46 small

users ’ delay mul t i p l ied by 3). Furthermore, from a given traffic at the

small users (G > .2) ,  splitting the channel results in a worse delay

performance at both the large user and the small users; the contour a0

lies above the maximum value of a allowed if we want to support the

smal l  users ’ t ra f f i c (constraint 4 in Eq. ( 6 . 1 7 ) ) .

Thus , the mixed mode (MA SS) is  not on ly j u s t i f i e d  in  terms of

the smal l  users ’ perfo rmance and channel u t i l i z a t i o n , hut  i t  also

improves the large user ’s performance. By sharing the entire bandwidth ,

the large user achieves more throughput with de lays comparable to those

incurred when he is ded i cated a part of the channel.
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6. 1. 6 Conclus i on

The MACS access mode is p a r t i c u l a r l y  su i tab le  for a population

- composed of a large buffered user  and a large numbe r of s m a l l  burs ty

users .

- 
I Indeed , it was shown in Section 6.1.2 that MACS provides a good

channel utilization (> 2/e), and that the ach ievable throughput at the

l arge user is important when the smal l users ’ t r a f f i c  is not too large,

- and in any case greater than lie. In addition , the small  users ’ packet

- delay is significantly decreased by allowing the latter to share the

en t i re  bandw i dth . Final ly ,  it was shown in Section 6 .1.5  that  MACS

performs bet tor  than a mode where the channel is sp l i t  in to  two sub -

channels , one dedicated to the smal l  users , the other one to the large
L
- 

user-; MACS improves the performance of both the large user and the

small users.

lJriti l now , the population of small users has been considered

- large in number. In the next  sec tion we consider the cas e of a smal l

number of users requiring buf fe r ing  capabi l i ty  and we int roduce a mixed V

-~~ mode wh ere we in clude the traff ic of these small  buffered users , as wel l

as the t r a f f i c  of a larg e buffered user on a s ingle ch annel .

V 6.2 Mixed A l t e r n a t i n g  P r io r i t i e s  Carrier Sense Mul t ip l e  Access
- MAP CS

L We consider a population composed of N buffered users , cal led

s m a l l  users ( N not too large , e . g . ,  N ( 20) and one larg e buff ered use r.

A l l  (N + 1) users are w i th in  range and in line of s igh t of each other.

All users transmit packets of length b
m hi ts and have Poisson packe t
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arrival (generation) processes which are independent of each other .

The (combined) intensi ty of the smal l  users arrival  process is A 1 ; the

arrival process intensity at the large user is A
2
. We wish to share a

single channel of bandwidth W among those (N + 1) users . As in the

V previous section , we require a short response time (packet delay) for a

small user , and thus we wish to give priori ty to the smal l  users over

the l arge user. Since we have a f i n i t e  number of buffered users hearing

each other , one may here apply the methods developed in Chapter 3 for

multiplexing the (N + 1) users ove r the  channel.

6.2.1 Extension of the Access Modes Studied in Chapter 3

In Chap ter 3, we introduced four protocols , HOL , AP , RR and RO.

Below , we define a fifth protocol which is, as a matter of fact, a

mixture of HOL and any of the three protocols , AP , RR and RO. This

protocol has exactly the sane features as the four protocols developed

in Chapter 3. In particular, the ch ann e l model is that introduced in

Chapter 2, and the slot configuration and operational features are those

described in Section 3.1. We def ine the n ew protocol by defining a new

assignment rule. Denote by U 1, ... , l-~~, U~~~1 
the (N 1) users . Then

the assi gnment rule orders the (N + I) users in a g i ven slot. Let

7~ iT 
•

~~~~~~~

‘ iT
N 

iT

be the ordered sequence of users in the current slo t ({ir 1,  m~, iTN+l }

is a permutation of 1 , 2 , ... , N , N + 1 ) .  The user has the highes t

priori ty to transmi t a packet  in this  s l o t .  If u
iT 

has no packet to

transmi t , u
iT 

has the hi ghest  p r i o r i t y , etc. if  u
iT 

, ... , u~ are i d l e ,
2 N

IL 
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I

and if uiT has a packet to transmit in this slot , he will transmit it.
N+l

Otherwise the slot is unused and the assignmen t ru le orders the users

in sequence (pos s ib ly  the sam e sequence) for the next  slot , at the

beg inning of w h i c h  the process s tar ts  again . By sens ing the carrier ,

each user knows if higher priority users are idle or not, excep t the

highest priori ty user who transmits without sensing the carrier (see

Section 3.1). The slot configuration is reproduced below in Figure 6.9.

0-

~
V.

SLOT

r 
~
‘‘  ‘

~ 

IN FORMATION PACKET r J V

Minislot —~

-
~~~~ N Minis lots -

~~~~ T

Figure 6.9. Slot Configuration.

6 . 2 . 2  Protocol

The large user always has the lowes t priori ty and thus transmi ts

a pack et (if any) in a given slo t only if all small users are idle in V

this slot. The N smal l (identical) users compete for the channel

according to the AP protocol (we could also hav e chosen RR or Ic) .

They arc not a f fec ted  by the presence of the large user and the protoco l

under  which they operate is that  described in Section 3 . 2 .2 * . The l arge

‘~~er senses the carrier at the beginning of each s lo t if he has a

packet to  t ransmi t

!IIat the overhead in each slot is no~. (N + 1) minis lots (Figure . 
V

~
. •)  I n % t - I d  of N (Figure 3 .1 ) ,  and therefore the transmiss ion of V

t~~r f~~n t— r m a t i o n )  packet at each smal l user is delayed by a supplemen -
~~~~~~ s i n~ s l o t  i - -ce Section 3 . 2 . 2 ) .
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( 1) If after N ininis lo ts  (NT seconds ) the carrier  is not  detected ,

-~ the large user transmits his packet .

(2) Otherwise (carrier present) , he waits  for the next  s lot , and

- 
V 

then operates as above.

-

- 
6.2.3 Delay-Throughput Characteristics

-
- 

6.2.3.1 Throughput , Channel Capacity

The maximum ach i evable throughput is

- - S = 1 packet/ s lot

- I Indeed (see Sections 3.1 and 3.3), as long as the system is  not idl e in

a given slot (at least one among the (N + 1) users has a packet  to

transmit) , one packet is successful ly transmi t ted in this  s lo t . Thus ,

we have a conflict-free system. However, in each slot there is an over-

head of (N + 1) min islo ts los t for packe t transmiss ion. Therefore the 
V

channel capaci ty is

C -  1 (6 18)l + ( N + l ) a

Denote by S
1 
the (combined) small users’ throughpu t and by S2 the large

user ’s th roughput ; S 1 and S2 are normalized with respect to one slot.

We then have

V = A 1(l + (N + l )a) T (A 19)

S2 = A
2(1 

+ (N + l)a)T (6.20)

S1 + S2 = S < 1 (6.21)

For a gi ven sma l l  user ’s throughput S1 , the maximum achievable

through put at the large user (with infinite delays) is

L. - 162
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S2 
= 1 - S

1 
-

V 6.2.3.2 Comparison with Slotted ALOIJA Finite Population

-~~ As we d id for MACS. we compare the through put performance under

MAPCS wi th  that obtained when the (N + 1) users ( 1 large user and N

smal l  users ) compete on the same channel in a slotted ALOHA fashion .

(Here all users have the same priority.) This slotted AL HA finite

population mode l was first studied by Abramson [ABRA 73].

This approach, as in the app roach to the slo tted ALOHA larg e

r user (plus infinite population) model (see Section 6. 1.2  and [AB RA 73}),

— - 

allows us to exceed the lie limi t on the slotted ALOHA capacity , when

the l arge user ’ -~ traffic is highe r than the (comb ined) sma ll  users ’

traffic. Indeed the large user is buffered and his packets never con-

f l i c t  with each other; they conflict only with the small users ’ packets.

V In addition , this model does not require all users to hear each other.

We use the same definitions and notation as those of Section 6.1.2 for

the “large user model.” The only difference between the two models is

that the population of smal l users is finite in number. It can be

shown [ABRA 73], [LAM 74] that

A
1 

= G 1(l - ~~ ) (l  - C2 ) (6 .22)

A2 
= — —i-

) 
(6.23)

and the maximum channel  throughput ,

A = A
1 

+ A, (6.24)

when
G 1 + 

~
‘2 = (6.25) —
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Throughput and t r a f f i c  rates are normalized with respect to the packet

transmission time T = b 1W.m

When the small users ’ traff ic is very smal l  (G
1 

= 0, A 1 = 0 ) ,

the large user may then achieve a throughput of 1; A2 = 1. In other

words , the total channel u t i l i za t ion  may reach 1 (when the smal l users

are quie t) .

In the MAPCS mode, for all values of the small users ’ traffic ,

H the maximum total channel util ization cannot exceed 
1 + ( N +  l ) a

(Eq. (6.18)). In Chapter 3 we discussed at length the degradation of

performance under AP , RR and RO , with increasing values of N. We are

interes ted in finding, for each value of the th rough put rate A
1 
of the

smal l users , the critical value of the number of small users Nen t

beyond which the maximum channel throughput C under MAPCS is lower than

that A obtained under slotted ALOHA : C = 1/1 + (N + l )a  = A.

Solving the system composed of the previous equation and Eqs.

(6 .22)  th rough (6.25), we get N . as a function of A . N . iscni t 1 cni t

plotted versus A1 in Figure 6.10 . Four reg ions are show n in th i s  figure .

The first (shaded) region is delimi ted by the contour A 1 = 
~ + (N + 1)a •

Above this contour , MAP CS is infeasible .  The second (shaded) reg ion is

V J  the infeasible region for ALOHA; for A 1 
> lie , the maximum number N of

users decreases very fast with A1 
(N = 5 for A 1 = .4 , N = 2 for A 1 = .5 ) .

The contour N . versus A for A < l/e del imi ts the two remainingcrit 1 1

(non-shaded) regions where both AL~EA and MAPCS are feasible. Above

this contour , ALOHA provides a hi gher total  channel throughput  than

MAP CS does. MAP CS perfoms bet ter  below th i s  contour.

In conclusion , one main advantage of MAPCS is to allow much
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p

higher small users ’ throughputs than ALOI-IA for a sign i f i can t number of 
- 

V

users (N max = 66 for A
1 

= .6; Nmax = 25 for A 1 = .8) .  In addi tion , for

small users ’ throughput of less than lie , the number of users N must be

fairly large in order to obtain a channel throughput with slotted ALOHA

which is hi gher than that obtained with MAP~S (N 90 if A 1 = .1

V 

N 140 if A 1 = .2) .

6.2.3.3 Delays

The average packet delay L~ at a smal l user is given by

Eq. (3 .27)  where we now replace p by S
1 

(indeed , p = S
1)

A 1 = 
2~] s + 1 (slots ) (6.26)

1’

To derive the expec ted packet delay A
2 

at the large user, we

can either apply the conservation law (Section 3.4) or use a direct

argument.

Conservation Law:
V 

Since the system is conservative and non-preemptive (see

Section 3.4) the expected waiting times at each user are related by the

following linear equation (Eq . (3. 12)):

N+l

~~1
P iW I i ~~~ p W O + P T 0

where the expected waiting at the small users is

= A 1 - 1 = 2(1  
~~~ 

(s lots)  i = 1 , N

and
N

p. = X 1(l  + (N + 1)a)T = S1
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V

~N+l 
= + (N + l)a)T = S2

N+ 1
p = )~ p~ = s1 + s2 = s

i= 1

where as given by Eq. (3.7) becomes

Wo = (slots)

= ~~~~~— = 4 (slo t)

and = A
2 

- 1 is the expected waiting time of a packet at the l arge

user , our unknown.

Then Eq. (3.12) becomes

W N 1  = 2(1 - S) (l - 5) 
(slo ts ) (6 .27)

and the expe cted pack et delay is

A2 
= 1 + 2(1 - S ) ( l  - S1) (6.28)

Direct Argument :

H For the large user , the N small users behave like a single user

with higher priority. We then obtain the packet delay at the large user

by considering the whole sys tem as an HOL sys tem w ith two users , one V

wi th (combined) input rate S
1 

(per slo t) and the other one w ith input

rate 
~ 2 (per slot) .

Therefore, the del ay at the large user (user with lower priority)

is gi ven by Eq. (3.28)

A
2 

= 1 + 
2(1 - - 

(6.29)

-
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V 
where 

VI

= A 1(1 + (N + l)a)T = S 1 (6.30)

= A 1(l + (N + 1)a)T + X 2 (1 + (N + 1)a)T = S (6.31)

Substituting Eq. (6.30) and Eq. (6.31) into Eq. (6.29), we ob tain

Eq. (6.28).

It remains to compare the performance predicted by our model

(Eqs. (6.18), (6.26) and (6.28) with that obtai ned when we dedicate

separate channels to the l arge user and the sma l l  users .

r~~ 
V 6 . 2 . 4  MAPCS versus Spl i t  Channel

Given the two independent sources , i.e. , the large user and the

small  users , the question arises as to whether one should m i x  them on

the same single channel of bandw id th W , according to a mode l i k e  MAP CS ,

or whether one should split the channel into two parts , one of band-

width ctW for the large user, and one of bandwidth (1 - a) for the small

users.

Since the small users control the channel under MAPCS (the

small  users have pr ior i ty  over the large user), they perform best wi th

MAP~S which provides them the entire ban dwidth . By splitting the

chann el , we decrease the maximum achievable throughput for the small

use rs by a fa ctor of approx imate ly ( 1 - c~) and increase the packe t

- 

- 

del ay by a factor c lose to 
1 a 

Therefore , one reason for int roduc-

ing the MAPCS mode is to decrease the packet delay and increase the

achievable th roughput for the sma l l  users .

In  MAPCS , the la rge  user ’s performance is much a f f e c t e d  by the

presence of the  smal l users . In p a r t  i c u l a r , I f the sma l I users i n p u t

H 1~ 8

~
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- 
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rate (A1
) is high , the large user’s th roughput (A

2
) is small ,

(A2 = 1 + (N -f l)a - A
1)  

, and the average packet delay at the large

user may become prohibi tive so tha t one may be led to choose a

separate channel for the large user.

As in Section 6. 1.4 , we wan t to determine the regions in the

(a , A2) plane for various values of the input rate A 1 of the small users,

V 
in wh i ch sp l i t t ing the ch annel wi l l  provide a better performance at the

large user without degrading the small users performance too much

(a not too large) .

V When the large user is dedicated a separate channel of band-

width oW , the expected packet delay at the large user Ds(a) (normalized

wi th respect to T = b /W) is given by Eq. (6.14) .

The expected packet delay at the large user 112 ,  normalized wi th V

respect to T, under MAPCS is

= (1 + (N + l)a) A2

where A2 is given by Eq. (6.28) . We have

D2 = ( 1 +  ( N +  l )a)  [ 1 +~~~(l - S ) ( l  ~~S~ )] 
(6.32)

Recalling that

5 = (
~~~ 

+ X 2 ) ( 1  + (N + l )a) T (6.33)

- $ V 

= (A
1 

+ A 2 ) ( 1  + (N + l)a)

and

V 

~ l = A 1(1 + (N + 1)a) T = 1t1(l + (N + l)a) (6 .34)

169

~ 

- - 



- ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ 
V~~~~~~~ ~~~~~~~~~~~~~~~~ 

______________________ -~~ -~~~~~~~

We can find a0 which solves the fo l lowing  system 
V

D2 
=

H

-
- 

- 
a

0 
< 1 - A

1 (6.35)

if 0 < a < a0 then 1)
2 <

if a
0 

< a < 1 then 1)
2 > D

5

Equating the right-hand side of Eq. (6.14) and Eq. (6.32), substituting

Eq. (6.33) and Eq. (6.34) , we obtain a second degree equat ion in cx.

For g iven values of the (combined) input rate of the s m a l l  users A 1,

$ and the input rate of the large user A2, the sys tem (6.35) has one

and on ly one solution a0.

- In Figures 6.11 and 6.12 we plot a0 versus A2 for N = 25 users ,

- - for various values of the input rate A
1 
(.16 (S

1 
= .2) and .56 (S 1 ~ . 7 ) ) .

1 As in Figures 6.7 and 6.8 , five reg ions are de l imi ted ;  three

shaded regions are forbidden, one for MAP CS (A2 > 1 + (N+ l)a A 1),

V 
the two others for the split channel mode (a < A2, 1 - a < A

1
). In the

two remaining regions MAPCS and the split channel mode are comparable.

These two last regions are delimited by the contour a0 
versus A2

.

Above the contour, if we spl it the ch annel , we get lower delays at the

large user than with the mixed mode ; below the contour, MAPCS provides

lower delay than that obtained by splitting the channel.

Comparing MAPCS to a “split channel” mode , we observe different

~rV trends than the ones we observed when compari ng MACS ( large user and a

large number of small users , see Sec t ion  6 . 1 . 4 ) ,  namely

a) by spli tti ng the channel , one may ach ieve a hi gher
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the small users’ performance. The niaximum achievable throughput A.,

depends on A 1 and N :  I f  N = 25 and A
1 = . 16 (S 1 = .2)  (Figure 6.1 1) ,

then A2 
< .84 (instead of .63 wi th  MAPCS) . But to achieve a l im i t i ng

throughput of .84 , we have to sp l i t  the channel so that  a > .84 ,

increasing then the delays at the small users by a factor of approxi-

mately 5.

V b) The choice of the access mode (MAPCS or split channel) will

depend on the small  users ’ t r a f f i c .  I f  the l a t t e r  is high , sp l i t t ing

the channel will not signifi cantly degrade the small users ’ delay :

If A 1 = .56 (S
1 = .7) (Figure 6.12) , by choosing a = .4 we approximately

double the delay for the smal l users ; we have a better delay for the

large user for most values of A
2 
and we may achieve a large user

V through put of .44 (ins tead of .23 with MAPCS) . I f  the smal l  users ’
V 

traffic A 1 is small (Figure 6.11) , splitting the channel degrades the

small users’ performance quite signifi cantly .

Therefore, compared with a split channel mode, MACS and ?‘IAPCS

dif fer  in the fo l l owing respects :

1) For N = 25, MAPCS achieves a smaller channel utilization

than the split mode*, while MACS achieves a larger channel utilization

than the s p l i t  mode .

2) The larger N is, the smaller is the maximum achievable

th roughput wi th  MAP CS. The large user throughput is greater wi th  MACS

than wi th  MAPCS if N is not too smal l  (N > 30) and A 1 < l/e (see nex t

*The larger N is , the smaller is the channel utilization with MAPcS.
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3) When N is not too large (N < 171), the small users maximum
. 1

throughput is greater with MAPCS than with MACS (i + (N + 1)a >

at the expense of a smaller throughput at the large user.

4) The large user ’s delay is lower by splitting the channel

than with MAPCS, but is higher than with MACS .

Let us compare precisely MACS and MAPCS in terms of total

channel utilization and packet delay at the large user.

6. 3 MACS versus MAPCS

We first compare the throughput characteristics under both

schemes . In Figure 6.13 the total maximum achievable throughput A ,

normal i zed with respect to T = bm
/W and the maximum achievable through-

1. 

I 
put of the large user A2, are plotted versus the small user ’s normalized

input rate A
1
. For MACS we plot A versus A1, and A2 

versus A
1 

for al l

values of G (G = 0 to 
~~) ,  as given by Eqs.  (6.4) and (6. 1 ) whe re

S = A(l + 2a) and S2 = A
2(l 

+ 2a). As discussed in Section 6.1, only

- V . 
values of G < 1 will be considered as an approximation for a stable

channel (a channel which never drifts into saturation) . With MAPCS , A

1
is equal to 

~ + (N + 1)a (Eq. (6.18)) for all values of the small users’

input  rate , and the maximum achievable throughput at the l arge user is

V 
A2 = 1 4- (N+ l)a 

- A and A, are p lo t t ed  for two values of the nun-

ber of small  users : N = 10 and N 50. When N is l arge (N = 50), MACS

achieves a higher throughput than MAP CS . When N is small (N = 10) , this

is true only for A
1 

< .32. However with MACS one can only achieve a

small users ’ throughput of less than or equal to lie ; for A
1 

> l/ e

~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~
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only MAPCS is feasible . But if N is very large N > 171 ,

1. + (N+ l)a 
< then the maximum achievable throughput of the small

• j users , as well  as the capaci ty of the ch annel under MAPCS , are less than

that provided by slotted ALOHA.

These statements are illustrated in Figure 6.14, where fe asible

region s for both MAPCS and MACS in the (N , A
1

) plan e are sh own . For

A
1 

> 
~ + (N+ l)a MAPCS is not feasible. MACS is not feasible when

A
1 

> ~~
-. The infinite population model in the analysis of slotted ALOh A

[LAIvI74], [KLEI 75A] assumes that we are in the presence of a large n uin-

her of unbuffered users. This is no longer appropriate when N is small.

In particular, those N (< 10) users now require buffering capabilities

(when N is large , for all values of the (combined) small users ’ input

rat e , buffers are not necessary since the expected packet intergener-

at ion time is larger than the expected packet delay). h owever N = 10

represents un upper hound to the number of users for which buffering is

required. Indeed for very small  A 1, even with five users we prob ably do

• not need buffering capabilities.

In the remaining regi on , MACS is feasible (and also MAPCS if

1 + ( N +  l ) a  > lie , i .e . ,  N < 171). In this region MACS and MAPCS are

comparable . We wish to compare them in terms of maximum achievable

throughput at the large user for A 1gi ven , and there fore in terms of

• total channe l throughput for A
1 

gi ven .

By solving the fol lowing system in N , we obtain the minimum

value N crit of the number of users , beyon d which MACS provides h igher

throughput than MAPCS:
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~~~~~ = (1 + G)e~~ /l + 2a

I A1 = = 
Ge~G

S
J~1p.pCS 

= 
1 + (N +l)a (6.36)

• 
= SMAPCS

For each value of A
1 

= A
1
T < l/e( 1 + 2a) , there is one, and on ly one

solution Ncrit (A
i
) and this we plot in Figure 6.14. In the region be-

low the contour N . versus A (which turns out to be very narrow),crit 1

SM~~CS exceeds SMACS. Above this contour, i.e., nearly in every point

where MACS is feasible , SMACS exceeds 
~~~~~~ 

The larger is N , the

larger is the diffe rence SMACS - ~~~~~ (e.g., i f N 171, and if A
1 

= 0

SMAPCS = lie, SMACS = .98).

It remains to compare the delay performance of the l arge user

• under MACS and MAPCS . Eq. (6.15) and Eq. (6.32) give the exprcssion

for the expected packe t de l ay D
2 

normalized with respect to T. D7 is

plotted versus A
2 for various values of A 1 in Figure 6.15 (N 10)

and in Fi gure 6.16 (N = 50). We note from these two fi gures that  when

the small users input rate A
1 

is smal l , MACS performs the best. As a

matter of fact, the larger N is , the more importan t is the di fference in

delay performance (at the large user) between the two systems .

However when we approach A
1 

= l/e (fo r MACS , l/e is the limi t-

ing throug hpu t at the small  users w ith inf in ite delay s at the smal l

users) , the delay at the l arge user increases very fast in MACS . Thus

for v a lue s  of A 1 around 1/c , MAI ’CS p r ov i d e s  lower  d e l ay s  at  t h e  la rge

user.

~1— 
178



• ______________

20 
a = .01 MAPCS
N 10 / A 1 = lie MACS

I ,
I~~ A1 A 1 = 0

I I
&,I 1 0 -  / I I I i  I

I / I I I
I 1 ii  I
F I I I I

IL’ I0
G = l

/ I
/ /

H / / /
i j

‘

F / \  /
/ / G= .26

/ / / 6 = 0/ / /
C / /, ,

/ ,
(M/D/I SLOTTED)

z 2

.-~~~~

0 .~ .~~ .4 .5 .6 .7 .8 .9 1
LARG E USER THROUGHPU T A2

Figure 6.15. Effect of Small Users Traffic on Large Us.r s Throughput
Delay Psrfo,m.nce D2 vs A2.

-~~



20
a = 0 1I ~~ . A 1 = 1/e 

_ _ _ _f ~~— v  MAPCS

~~~~~~~~~ MACS

1LL 
- I

G = l /  / / / A i - 0 - .~~~~

~~~
5 .  / f / /

,1 II // //
-J 

Jr /
/ G = .26 /

N /
* -J , 

~~ G = 0
“
4, /

4,’ 4,~o — —Z 2 (M/D/I SLOTTED)

• 1 I I I I I I I I I
0 .1 .2 .3 .4 .5 .6 .7 .8 .9

LARGE USER THROUGHPUT A 2

Figure 6.16. Effect of Small Users Traffic on Large User ’s Throughput
Delay Performance : 02 vs A2.

~~~ 180

_____________________________ —~~~~ -— - —— --— — — _~~t~~~~~ _/ •~• & - -- • ——



1~~~ ~~~~~

-

~~~~~~~~~~~~~~~~~~

-•• 
-

~~~~~~

=

~~~~~

-- — — —

~~~~

In conclusion, the Mixed A l t e rna t i ng  Pr ior i t ies  Carrier Sense

mode (MAPCS ) is particularly appropr iate when the back ground of small

users is not large in number (N < 10). MAPCS allows high input rates

at the small users , bu t requi res tha t all  small users be in line of

• sight and within range of each other.

The Mixed ALOHA Carrier Sense mode (MACS ) does not al low input

rates in the back ground exceeding l/e, but does no t require that all

users hear each other. MACS is particularly suitable for a background

composed of a l arge number of bursty users and performs better than

MAPCS .
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CHAPTER 7

CONCLUSIONS AND SUGGESTIONS FOR FUTURE RESEARCH

7.1 Conclusions

Packet-switched ground radio systems provide a t t rac t ive

solutions to the interconnection between (po ten t i a l ly  mobi le )  terminals

scattered over wide geographical areas and packet-switched computer

communication networks. New packet-switched radio techniques have been

introduced in the past few years as an alternative to the conventional

wire commun ication techn iques which have been adapted to a radio envi-

ronment. These new techniques , called random access techn iques (e.g.,

ALOHA , CSMA) provide the multiple access of a broadcast channel to a

lar&e number of users . Measurement studies [JACK 691 conducted on time-

sharing systems indicate that both computer and terminal data stream s

are bursty. Consequently, if a high-speed channel is used for the com-

munication between two points (terminal and computer), the channel

utilization is low since the channel is idle most of the time . On the

other hand , if a low-speed point-to-point channel is used , the delay is

large. As a resul t, random access techni ques have been introduced in

which the channel is dynamically shared among all users and the required

channel capacity is much less than in the unshared case of dedicated

channels. This concept has also been applied to conventional schemes

(e.g., Pol l ing) . However , random access techniques present the advan-

tage of not requiring the control from a master user , while conventional

techni ques (such as Poll ing) do. This control from a central station
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(e.g. , computer) is not desirable for many reasons including rel iab i l ity ,

d iff icul ty in mobile environments , cos t in overhead , or compl exi ty in

point-to-point communications.

When we are in the presence of a small number of users requir-

ing buffering space for more than one packet , random access techni ques

are not necessarily optimal. New multiple access techniques are

needed.

The first objective of this research was to provide the

communication system designer with new access modes to the radio chan-

nel. These access modes are suitable for a small number of users and do

not require control from a central station. Alternating Priorities (AP),

Round Robin (RR) and Random Order (RO) were introduced as new multi-

plexi ng techni ques . The ir performance was shown to be heavily affected

by the number of users N, and the major assumption was made that all

users are in l ine of sight and with in range of each other . When N < 20 ,

the capacity of the channel is larger under those new modes than that

obtained wi th CSMA , and they prov ide a delay perf ormance comparable to

that of Polling . However the performance of AP, RR and RO degrades

badly when N increases. A mod i fication to AP , RR and RO was introduced

which reduces this performance degradation when N is not too large

(N < 50).

A good solution to the problem is prov ided by a new mul tiple

access schem e , Mini-Slotted Alternating Priorities (MSAP). MSAP was

shown to achieve a channel capacity of one and to perform better than

Polling. Compared to random access techniques (CSMA ), MSAP provides

better delays under heavy traffic conditions. At light traffic, when
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the number of users is very large (N > 100), CSMA provides much better

delays . For N < 100, the packet delay under MSAP is sl ightly larger

than under CSMA . MSAP assumes that all users are within range and in • -
~

l ine of sight, but presen ts the fol low ing advan tages :

i) It is suitable for all values of the number of users N.

ii) It allows buffering capability at each user .

iii) It does not require the control from a master user.

iv) Its performance is optimal when the number of users is

- • 

I 
large , except at light traffic , in wh ich case random access

techni ques perf orm better.

AP , RR , RO and MSAP have been introduced as new method s of mul tiplexing

a homogeneous population of users.

The second objec tive of this di ssertat ion was to introduce new

methods of multiplexing a buffered large user and a population of small

users on the same radio channel. The communication channel is to be

shared by two independent sources of traffic (a large user and a popu-

lation of small users); the simplest solution is to assign a dedicated

channel to each source. However , by dynam ical l y  sha ring the channel

in some fashion among the two sources , the required channel capacity may

be much less than in the unshared case of ded icated channels , especial ly

if one (or both) source (s) is (are) bu rsty.

Three examples of application are considered :

(1) One file user and a collection of interactive users.

(2) A repeater* (or cen tral station) and terminals

In wide geographical areas , repea ters are required to extend the range
of terminals and computers.
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(3) A computer and repeaters .

The Mixed ALOHA Carrier Sense (MACS) access mode was introduced as a

method of multip lexing a large popula tion of bursty (sma l l )  user s and a

large user within range and in line of sight of all small users (examples

(1) and (2) above). The small users contend for the channel in a slotted

ALO! IA fashion. The slotted ALOHA access mode [KLEI 75A] is an efficient

random access method of multip lex ing a large number of bursty users and

presents the advantage of being very simple to implement . But the chan-

nel util ization with slotted ALOHA is very limited (lie) . By providing

the total available bandw idth to the small us ers , we increase the

achievable throughput at the small users and decrease their packet delay.

Wi th MACS , the large user “steals” a large part of the wasted capacity

(which is 1 - lie in slotted ALOHA). We have shown that not only is the

small users’ performance imp roved, but also the performance of the l arge

user is better with MACS than it is when dedicated channels are assi gned

to the large user and the small users.

If the population of smal l users is composed of a few buffered

• 
- 

users (example (3) above), we may apply the same i dea. This was done in

the Mixed Alternating Priorities Carrier Sense (MAPCS) access mode. In

MACPS , the small users share the total ava ilable bandwid th under the AP

protocol. The large user steals the slots unused by the small users .

MACPS provides a very good performance to the smal l  users. However the

large user ’s ierformance is much affected by the presence of the small

users. MAPCS allows a high input rate at the small users, but this high

input rate at the small users implies a smal l throughput and high delays

at the large user .
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7.2 Extensions to this Research

7.2.1 Extension to ~V1SAP and Polling

ftSAP has been shown to provide the best performance of all

existing groun d radio mul t i ple access techniques for a homogeneous popu-

lation of (possibly) buffered users w i t h i n  range and in l ine  of sight of

each other , under heavy traffic conditions .

At light traffic , if the number of users is large (N < 50) ,

random access techni ques provide a better delay then MSAP or Polling.

We make the following suggestion to reduce the delay at li ght traffi c

under MS AP and Polling :

The N users are split into k disjoint groups (k > 1) , each of

them composed of h = [
~J users*. After H (< N) unsuccessfu l attempts

to find a busy user under the original protocol (~~ AP or Polling) , a

group of users contend for the channel in a slotted ALOHA fashion .

Either  (a) One , and only  one , user among the h users of the group

has a packet to transmit. This packet is succcssfuly trans-

mi tted. At the end of the transmission , operate as in the

original pro tocol , or

(b) More than one user in the group transmit a packet; thei r

packet transmissions collide. At the end of transnission , the

h users are scanned one by one as in the original protocol , or

(c) No busy user is found. Then (one mi ni slot later in MSAP,

r (> 1) minislots later in Polling) another grou p of h users

contend for the channel in a slotted ALOHA fashion and we

* excep t one group wh i ch is composed of N - (k - 1 )

‘t~H

— 
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operate as above.

7 .2 .2  E x t e n s i o n  to MACS and MALCS

MACS and MA LCS are two techniques of multiplexing a large user

and a population of small users on the same radio channel. We sugges t

to extend the same idea to various types of small user populations . As

an example , we mi ght consider a population of a a small number of bursty

users who do not require a fast response time . We might then multiplex

these users in TDMA and allow the large user to steal the slots  assi gned

to an idle user.

Another extension would he to stud y the inclusion on the same

channel of the traffic of qn i n f i n i t e  popula t ion  of small  users as wel l

as the traffi c of a finite number (> 1) of large users .

7.2.3 Packet Radio Netwo~ ~s

Throughout this dissertation we considered single-hop systems :

a number of users communicating with each other or with a central station

in line of sight and within range of all users . In wide geographical

• areas , repeaters arc required to extend the range of terminals and com-

puters , thus giving rise to multihop networks , where a packet must be

stored and forwarded by at least one node (repeater) when being trans-

• ‘ mitted from source (terminal) to destination (terminal or computer).

The desi gn of pack et radio networks involves a wide range of

unsolved problems , e.g., routing, behavior and performance evaluation

of existing multiple access schemes for various configurations , charac-

terization of the traffic burstiness , etc. We make the following

sugges tion concernin g the cho ice of access modes :
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For various confi gurations , systems where the channel is shared

among all users according to a common access scheme (e.g., ALOHA , CSMA)

ought to he compared to dedicated channel systems . In the latter ,

dedi cated channels are ass igned (possibly dynamically) to clusters of

users (repeaters) in the network . Within each cluster , various schemes

may he chosen. We suggest a study of the decomposition of the network

in clusters , such that :

• In each cluster , a particular node forwards all traffic from

— the cluster ’s users toward another cluster to which it also

• belongs .

• Each cluster is assigned a dedicated channel. The allocation

of chaniiel bandwidth mus t take advantage of the f o l l o w i n g

considerations :

• Two “out of range ” c lus ters  may use the same bandwidth

without  any packet interference.

• • The t r a f f i c  of a c lus ter should  he as “unburs ty ” as pos-

s ib le .  When two neighbor clusters are hursty , it may

he preferable  to make them share the s ame ban dwidth .

• A cluster could he modelled as a population composed of

• One (or more) large user(s): the repeater(s) forwarding

- - 
• 

the c l u s t e r ’ s t r a f f i c  toward nei ghbo r c lus t e r s .

• A p o p u l a t i o n  of s m a l l  users : the repeaters ( t e r m i n a l s )

of the cluster.

Then , we might Lunsider MACS , MAPCS , or other similar schemes , the study

of which has been suggested in Section 7 . 2 . 2 , as methods for multip lexing

t he  users  of a c l u s t e r .

~ 

_ -



The ol)timal decomposition of the network into clusters depends

on various parameters , such as the network topolog ical configura t ion ,

the traff i c burs tiness , etc.

• • 7.2.4 Application to Distributed Packet Switching for Local (w ire)

Computer Networks .

The schemes introduced and analyzed in this dissertation are

applicable to distributed local (wire) Computer Networks. As an example,

we consider the operating Ethernet (see [METC 76] and Ch apter 1) exper-

imented along a kilometer of coaxial cable with a speed of 3 Megabits/s.

All the sys tem assumptions def ined in Ch apter 2 are appl icable to the

• Ethernet environment. In particular , there is no mul tipath effec t

(Assumption 4).  indeed there is one and only one path for any source-

destination pair (tree structured topology). All stations are within

range of each other (Assumption 7).  The l arger the packet size is ,

• the better is Assumption 6. Indeed for packet sizes of 1024 bits

and 4096 bits , the ra tio of the max imum propaga t ion delay between any

source-destination pair over the packet transmission time is respec-

tively a = .02 and a = .00 5. The delay-throughput performance of AP

and tv~~AP ought to be compared to that obtained with the scheme currently

implemented in the Ethernet [METC 76]. In any case, AP and MSAP are

sui table to such a network in which contro l is distributed among sta-

• tions. In addition , the schemes in troduced in Chapter 6 (MACS and

MAPCS ) are suitable for the connection between separate local networks.

‘ 

Indeed , consider two Ethernet like networks connected through a ga teway

(large user) wh i ch stores and forwards all packe ts the source and
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destination of which do not belong to the same network (and therefore

are not within range of each other). This gateway’s traff ic competes
- 

on each of the network with the stations local traffic (small users).

• 
- The introduction and implementation of packe t radio techniques

is likely to have a large impact on the data communication field.

Studies such as this one are important in that they contribute to those

techniques. 
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• APPENDI X A

ThE QUEUE M/G/1 WITh REST PERIOD AND

- • FIRST-COME-FIRST-SERVED (FCFS) ORDE R OF SERVICE

The queue H/C/ i with rest period and FCFS order of service has

been studied by Mi l l e r  [MI LL 64] .  u s i n g  a s impler approach we solve

for the z-tran sform of the distribution function of the number in sys tem

in such a queueing system . The method we use is based on the “imbedded

Markov chain” approach introduced by Kendall [KF.ND 51] and used exten-

sively in queueing theory [KLEI 75C]. We then give some results

concerning the delay and the busy period duration in such a queueing

system. These results were f i rs t obtained by M i l l e r  [MILL 64].

- g A . l  11-ic’ Model

Customer arrival instants are generated by a Poisson point

-
~~ process with intensity A . Each customer requires from the single server

a random amount of service time , ~~ . The service times are identical ly

distributed with Laplace-Stieljes transform (LST) , B*(s) , and are

independent of each other and of the arrival process. When the server

completes a customer ’s servi ce , he will select the next one in queue ,

• if any , accord ing to a FCFS discipl ine and begin to serve him immedi-

ately. If there are no more customers in queue waiting for service so

that the server goes idle for lack of work , he will be withdrawn from

the system for some time (which we call a rest period) , T
0 

w i th
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LST Rd(s). At the end of the rest period , the server w ill return and

beg in to serve the customers that have accumulated during the rest

period . If there is no backlog, he w i l l  take anothe r rest peri od wh i ch

starts immediately. The rest periods are independent of each other and

of the arrival and service processes .

The main derivation is that of the z-tran sform Q(z )  of the

distribution function of the number in system ~ just after customer

departure instants . It is shown in [MILL 64] that the solution at these

imbedded Markov points provides the solution for all points in time ,

under steady state conditions .

A .2 z-Transform of the Distribution Function of the Number of

Customers in System just after the Departure Instants

Theorem:

The z-transform of the d i s t r ibu t ion  funct ion  of the number of

customers just after the departure instants (and therefore that of the

number of customers in system at all points in time) is given by

B* A - A (1 - p ) ( l  - R*( A - A z ) )
— X E(T 0) B*(X - Az )  - z

where , as in a regular M/G/ l queue (without rest per iod)

p = AE (x) (A.2)

In addition ,

A 
— p ) ( 1  — R~ (A ) )

P[systeni is idle] = - XE(T
0) 

(A.3)
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Eq. ( A . l )  may he rewrit ten as

Q(z)  = 
~M, ;/l~~~ 

x V0 (z )  (A .4)

where QM/G/ l (z) represents the z-transform of the distribution function

of the number of customers in a regular M/G/l queue , and is given by

(see [KLEI 75C]):

(z) — 
B * ( X  — ~ 

-~ (1 — p)(1 - z)
‘
~M/G/ 1 — Z j  

B* (A  - Az )  - z

and V0 (z)  represents the z-transform of the d is t r ibut ion  function of the

number of arrivals during the residual l i fe  of a rest period and is

given by

(1 - R~ (A - Az))
V0 ( z )  = C~ (A — = E(T

0
) ( A  - A z) (A. 5)

• where Ct(s) is the LST of the distribution function of the residual life

of a rest period .

Indeed , given any time interval ~ with LST of the dis tr ibut ion

function denoted by T*(s) , it is easy to show (see for example

[KLE I 75C] p. 197) that the z-transform V(z)  of the d is t r ibut ion

function of the number of (Poisson) arrivals during this time interval

t is given by

V(z) = T*(A — Az) (A.-6)

Observing that the LST, Cs(s) of the distribution funct ion of the

residual life of a res t per iod is given by

1 - Rd (s)
C*( s)  - 

A 7- 

5E (T
0

)

We then get Eq. (A.5).
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Thus , the number of cus t omers in system just after the depar-

ture instants (and therefore the number of customers in system at all

points in time) is the convolution of the two following independent

random variables :

number in sys tem in a regular M/G/ 1 queue

number of arrivals during a time interval distributed 
- 

-

as the residual life of the rest period .

This result is not obvious and could not be proven directly.

In addi tion , by taking the first derivative of the right-hand

side (RIJS) of Eq. (A.4) at z = 1 , we obtain the expected number of

customers in system E(q) just after the departure instants (and there-

fore the expected number of customers at all points in time)

(1) A 2F(x 2) A E(T~)E(q) = Q (1) = AE (x) + 2 ( 1  - p) 
+ 
2E (T

0) 
(A.8)

The suni of the first two terms of the RIIS of Eq. (A.8) represents the

expected number in system E(~~/~ / 1) in a regular M/G/1 queue (P-K

formula, see [KLEI 75C], p. 187).

Proof:

., Let us define the following sequences of random variab les
th . .related to C , the n customer entering the system at time t :

x : service time for C
n n

q~ : number of cus tomers lef t beh ind by the departure of C

v : number of customers arriving during the service time of Cn n

( 
number of customers a r r i v i n g  during a rest period) if C,~ finds the system empty (C~ is the first customer

w~ : ~ arriving during this rest period)

( 0 , otherwise
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We choose q~ as our state variable: We proceed to solve for

the system behavior just after the departure instants. These instants

in time form an -imbedded Markov chain. The solut ion at these points

will also provide the solution for all points in time [MILL 64].

Our fi rs t step is to f ind an equation relat ing the random

variable q~~ 1 
to the random vari able q

~ 
by considering two cases. The

firs t is shown in Figure A. l  and corresponds to the case where C~ leaves

behind a non-empty system (i.e., q
~ 

> 0; C~~1 
is al ready in the sys tem

when C
n 

departs) .  Clearly we have H

q
~~ 1 

= q
~ 

- 1 + vn+l 
> 0 (A.9)

Indeed, the number of customers left behind by the departure of C~~1 is

equal to the number of customers left behind by the departure minus one

(departure of C ÷1 ) plus the number of cus tomers that arr ive during the

service interval  xn+1

C C +
q
~ 

LEFT fl 1 
~n+~ LEFT

BEH IND~~~?.~~._—~
_ Xfl+1 ~~ 

BEHIND
SERVER _ _ _ _ _ _ _ _ _  _ _ _ _ _ _ _ _  _ _ _ _ _ _ _

j Cn+i TIME ~~
QUEUE I — _ _ _ _ _ _ _ _ _ _

t ~

—

~
—— 

—.

~
.-

,——-

Cn Cn+i
ARRIVE

Figure A.1. Case where > 0.
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Now consider the case where q = 0 (i .e. , C leaves behind ann n
empty system). An example of this case is illustrated in Figure A .2.

At the departure of C
n~ 

the server takes a first rest period. When he

returns , there is no backlog (C~~1 has not yet arrived by the time the

• server returns). The server takes a second rest period , during wh ch

C~~1 arrives . At the end of this rest period , the server begins to

serve Cn+l

REST C
=0 

C~ 
PERIOD PERIOD n+1 

%÷i LEFT
q~ _________ ~ -

~~~~~ 

BEHIND
SERVER

C,.~ TIME —~~

QUEUE A A 
- 

-

T T —.._—‘--~~~~~-.......‘
C,~ 

~~ ii~r 
- 

I,

Vfl+ 1
W

~+1

Figure A.2. Case where q
~ 0.

We have

q = w  - 1 + v  q = 0  (A.1O)n+l n~ 1 n+l n

Indeed, the number of customers left behind by the departure of C~~1 is

equal to the number of customers arriving during the las t rest period

$ minus 1 (departure of C~~1
) plus the number of customers that arrive

during the service interval ~~~~

Collecting together Eq. (A.9) and Eq. (A .l0) , we may now wr it e

the single equation relating q
~~1 to q~ 

as
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q
~~1 

= — I + V
1 

+ (A. ll)

Let us define

~j = 1 im q ~

E(~j~) = u r n  E(~~)

These limits exist if the imbedded Markov chain is ergodic. Assuming

ergodicity and forming the expectation of both sides of Eq. (A. ll) , we

have in the limit a s n - ~-co

E(~ ) = E(~) - 1 + E(i~) + E(~)

which yields

E(~ ) = 1 - E(~) (A.12)

E(~), which is the average number of arrivals during a service time is

given by

E( ~ ) = A E( ~ ) 
~ 

p (A.13)

E( 5?) is the expected value of the following random variable:

number of customers arriving during a res t period ,
given there is at leas t one arr ival during th is

-
~ res t period, if the last departu re lef t beh ind an

>‘ empty sys tem

0 , otherwise

Clearly, we have

P[there is at least one arrival during a rest period] = 1 - R~ (A )

and

E [number of arrivals during a rest period] AE(T
0)

~

- - 



Then
AE(T )

E(5~) = PE~ 
= 0] 1 - R*(X~ 

+ 0 x (~ - P [~ = 0])
0~~~

Denoting P[~ = 0] by p ,  we have

AE (T )
E(~ ) p

0 ~ - R~ (A) (A.14)

Substituting Eq. (A.l3) and Eq. (A.l4) in Eq. (A.12 ) ,  we obtain p

which is also the probability that the system is idle (empty) :

p = _ _ _ _  - R~ (A ) )  (A . lS)

$ Eq. (A.lS) is precisely Eq. (A.3).

For stabil i ty we, of course, require p0 > 0 or equivalently

as in a regular M/G/ 1 queue

p = Afl (x) < I (A.16)

We now proceed to calculate the z-transform Q(z) of the distribution

function of the random variable j:

— q
Q(z) = E[z’~J = u r n  Q~(z) = u r n  E[z ~]

fl -3~ fl4~~

From Eq. (A.ll) we have

q q — I+v ~wn+l n n+l n+1
E[z I = E(z I

Since Vn+l is independent of q
~ 

and also is independent of the subscript

(n+l) we may write

= 
~ [

V
] I~ 1

~~n~~~+ ‘ i (A. 17)
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By the same argument as above (Eq. (A.6)), it is easy to show that

LEZ
v
I = B~ ( A-  Az) (A~l8)

ii
Let us examine the second factor of the ri ght-han d side of Eq.  (A . l 7 ) :

q
~

q +~~ 
E[z ] if q

~ 
> 0

n n+lE[z
y~41

E [z ] if q = 0

where 
~n+l 

is the number of arrivals during a rest period given there

- I is at least on arrival . This random variable is independent of the

subscr ipt (n+1). Therefore

E r  ~
‘n-i- l 1 — 

R(z) - R(0)
j Z 

~ 
— 

1 — R ( O )

where R(z) is the z-transform of the distribution function of the number

of arrivals in a rest period and R(0) is the probability there is no

arrival during a rest period. Using the same argument as before

(E q.  ( A .6 ) ) ,  we have

R(z )  = R~ (A - A z ) ,

then
37n÷l R~ (A - Az ) - R~ (A )

E[z ] =  l - R ~ (A)

Thus we have
q +w o-~
fl fl -I- I , i n+l

-. 
F[z 1 =  p .z + p  0

E [z ]
1=1 fl , i fl ,

where 
~~~~ 

i = 0 , 1, 2 , ... denotes P E ~~ — i]. We finally obtain 

~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ _
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q~+w~~ 1 R~ (A - Az) - R~ (A)
Efz ] = Q~ (z) - 

~~~~ 
+ p

fl ,~~ I - R~~~~(A )

R * ( A  - Az) - 1

—1 E[z~~ 
n+l

] = Q (z) + 
~~~~~~~ 

0 
- R~~~~(A)

Substituting Eq. (A.18) and Eq. (A.19) into Eq. (A.17), we have

B*(A - Az) R~ (A - A z ) - I
+ 

~n ,0 1 - R~ (A ) }
We now take the limit as n goes to infinity . Denoting by p0 the limit

as n goes to infinity of we have in the limit

— A z — 1B*(A - A z )~ _ _ _ _ _ _ _ _ _ _ _ _Q(z) = - 
~Q(z)  + p 0 ~ - ~~~~~~~~~~~

B*(A - Az) 
- R~ (X - A z )

Q(z) = p0 B*(A - Az) - z 1 - R~~~~(A )  
(A .2 0)

Since Q(l) = 1, p0 
must satisfy the following limit:

B*(A - Az)[l - R~~~~(A - A z ) ]
P0 [B’~(A - )

~z) - z][l - R~ (A)]

Applying L’I -Iosp ital rule , we then have

= 

~~ (T
0) 

~ 
- R~(A)) (A.2l)

which is the expression obtained earlier for p
0 

(Eq. (A.15)).

Substituting Eq. (A.21) in Eq. (A.20) , we final ly have the expression

for Q(z) as given by Eq. (A.1).

This equation provides the solution for all points , i.e., the

z-transform of the distribution funct i on of the number of customers in

sys t em at i i i  instants
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We may then eas i ly der ive the LST , S*(s) of the distribution

function of the delay (time in system) incurred by a customer from his

arrival instant until his service completion .

A.3 LST of the Distribution Function of the Time in System

Using the same argument as before (Eq . (A. 6)) ,  we observe that

S*(A - Az) is the z-transform of the distribution function of the number

of customers arriving during the time spent in sys tem by any customer

(waiting time plus service time). But this number of customers is

precisely the number of customers which arrive after a given “tagged”

customer and left behind after his departure. Therefore we may write

[KLE I 75C]

Q(z) = S*(A - Az) (A.22)

By mak ing the change of variable

-~ 
- S = A — A z

which gives

z = l —
~~

and by substituting Eq. (A.22) in Eq. (A.1) we then have

B* -, (
~ — p ) ( 1  — Rd (s))

-. • S* (s) — _____ ____________________

E(T
0

) s - A + XB*(s)

(A .23)

wh ich i s the LST of the dis tribution function of time in sys tem.

Eq. (A.23) may be rewritten as

S*(s)= s _ A + X B *(s) (A.24)
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The fir..t factor of Eq. (A.24) is the LST of the distribution function

of time in system in a regular M/G/l queue (see for example [KLEI 75C]).

The second factor of Eq. (A.24) is the LST of the distribution function

of the residual life of a time interval distributed as the rest period

(see Eq. (A.7)).

S*(s) = X Cs(s) (A.25)

Thus the time spent in system is equal to the convolution of the two

following independent random variab les :

i) time a customer would spend in a regular M/G/ l queueing

system (without rest period) with the same arrival and

service processes , and

ii) additional delay distributed as the residual life of

the rest period.

By taking the first and second derivatives at s = 0 of the

right-han d side of Eq. (A.25) we obtain the first and second moments of

time in system , which we denote by E(T) and E(T 2 :

E(T) = E(T
~~c,i

) + E [residual life of a rest period]

XE 2 E(T~)E(T) = E(x) + 
2(1 - p) 

+ 
2E(T

0) 
(A.26)

The sum of the f irs t two terms of the right-hand side of Eq. (A .26) ,

(E(T
M,G,,l

)) represents the Pollaczek-Khinchin mean value formula

[KJ-EI 75C]. Then the expected waiting time E (w) is given by

2~ E(T~ )
1 (w) = • 1 ~~~ ) + —— (A ‘7)- 2(1 - p) 2L (T 0

)

~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ 2O2 
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The second moment E(T2) is given by
• ., 

3

2 2 E(T ~~~ ) E ( T 0 )
E(T ) = E(T

~,l,G,l ) + 2E(T
M,G,l) 2E (T

0)~ 
3E(T

0) 
(A.2 8)

2 . .where E(T
M,c,l) is the second moment of time in system in an M/G/l

queue. Then we have

2 2
= E(w

~i~,1
) + 2E (w

M,G,u
)E(x) + F. (x ) (A.29 )

where Ii (w
M,r,l ) and E(w~1~11 ) are the f i rs t and second moments of

waiting time in an M/G/l queue and are given [KLEI 75C] by

2
E(wM,G,l) = 

2(1 - p) (A. 3O)

E(w
~,c,u

) = 2[E(wM,c,l)]
2 

+ 
3(i

)
) (A.31)

But the second moment of waiting time E(w2) is such that :

E(w2) = E(T2) - 2E(w) E(x ) - E(x 2) (A. 32)

S u b s t i t u t i n g  Eq.  (A.28 )  , (A.2 9) , (A.30) and (A. 31 ) into Eq. (A. 32)

we ob ta in  a ft e r  some man ip u l a t i o n s  H

E (w 2
) = 

AU(x 2j E (w)  + 3(~~
( )

~ + 3F( (A .33)

F i n a l l y , we may observe that the vari ance o of time in system

• 
- 

is e qua l to the  var iance of t i m e  in an M/ G/ l queueing sys tem w ith

the s ame arr ival and service processes (w ithou t rest per iod) plus the

variance of the residual life of a rest period

~ 



- 
‘
~~~~~ •T~ -~~ 

-
~~~~~ J~~~~~~~~~~~

- 
~~~~~~~~~~~~~~~~~~~~~~~~~~~~ 

— - -

p

-, 2 2
0 = 0  # 0  . -M/G/l residual life

3
2 2 I’ (T o ) F(T~) 1

a = °M/ r/ l 
+ - LCE (To)i 

(A.34)

By looking at the expression of S*(s) as given by Eq. (A.23)

we were able to decompose the tine in system as the convolution of two

independent random variables (we were not able to prove this result

direct ly)

i) time in system if there were no rest period

ii) additional delay distributed as the residual life of the

rest period

When the distribution function of the rest period is such that any rest

period duration is smaller than or equal to any serv i ce time *, then

• this additional de lay is the time t
1 elapsing between the arrival

ins tan t  of the fi rs t customer (custome r who s tar ts  the busy peri od) and

the end of the rest period. Clearly (Poisson arrivals), the random

vari able t
1 is distributed as the residual life of the rest period.

This is illustrated in Figure A .3 where the unfinished work tJ(t) (back-

log in seconds of service) is plotted for both systems (with and without

rest period) versus the time for a part i cular busy period. However ,

below we give two counterexamples , where the additional delay is not the

time t
1 elapsing between the arrival of the firs t customer , denoted by

C1, and the end of the rest period , although this delay is distributed as

the residual life of the rest period ; this we know from Eq. (A.23).

*As an example , we H) j~Ii t cons dci’ an WI)! I s lotted queue i ng s~~~ tern in
wh i ch the rest period and the service time are identically distributed
and deterministic with length equal to one slot.
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In these two counterexamples t 1 is longer than the service time of the

first customer. In the first one , illustrated by Figure A .4 , six cus-

tomers arrive during the rest period. However , if there were no rest

period , during the time interval of length t1 starting at C1
’s arrival ,

we would observe three busy periods . Three, two and one customer would

respectively be served during these three rest periods . Let us denote

by X1, X2 ,  X
3 the respective lengths of these three busy periods , which

are respectively initialized by customers C
1
, C4 and C6. In the system

- 
- with rest period , C1, C2, C3 spend a time in system which is equal to

the time in system they would spend if there were no rest period plus

a delay equal to t
1
. However C

4 
and C

5 
incur an additional delay which

is equal to X
1 

+ t 4, where t 4 Ic the time elansing f rom C
4’s arrival

to the end of the rest period. C
6 incurs an additional delay which is

equal to + X
2 + t

( J  whe re t~ is the tine elapsing from C
6’s arrival

to the end of the rest period . More generally, if there are n busy

per iods, all customers of the ~th busy period initialized by customer

C
3 

Ct
3 

seconds before the end of the rest per i od) incur an addit ional

delay which is equal to + ... + + t~ where + ... + X. 1  is

the amount of backlog (in seconds of service) accumulated during the

res t period before the arr ival of customer C ..
- - 3

-I;
In the second counter—example illustrated by Figure A.5, three -

customers are served i n one busy period (Figure A.5(b) : Mf G/l with

rest period). However if there were no rest period , w e would observe

two busy peri ods , i . e . , an idle period between the service of (‘ , and the

serv ice of C
3

. C
1 
and C2 incur an additional delay t 1 , where t 1 is

defined as above while (‘~~ incurs an a d d i t i o n a l  de lay y . It looks
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Figure A.4. Unfinished Work and Time in System : First Countere xample for a Particular Busy
Period of 6 Customers.
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(b) MIW I QUEUE WITH REST PERIOD (T’~ TIME SPENT IN SYSTEM
BY CUSTOMER C,, I - 1,2.3)

Figure A.5. Unfinished Work and Time in System: Second Counterexample for a
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l ike , when we introduce a rest period , the fi rst busy period is shifted

on the time axis by t1 seconds . If  dur ing the las t t
1 seconds , a new

customer arrives and initiates a busy period (in the system without rest

period : Figure A. 5 (a) ) , then th is customer and a l l  his “descendants”

are going to incur the same additional delay y (in the system with rest

period : Fi gure A.5(h)).

A.4 cycle, Busy Period, Probability the server is busy

Following Miller [MILL 64], we define a cycle as the length of

time which elapses between the beginning of a rest period and the begin-

ning of the following rest period (Figure A.6). We denote this random

variable by T and the LST of its distribution function by G*(s). The

server’s busy period has a length denoted by Th and las ts from the end

of a rest period until the start of the next rest period (Figure A.6).

the 1ST of it s dis tribution function is denoted by G~ (s). Th’ which has

a finite probability of being equal to zero is the time during a cycle

when the serve r is busy . Us ing an argumen t referred to as delay cycle

analysis ,* Mi ller derived G~(s) and Ga(s) [MILL64]:

G*(s) = R~(s + A - AG*(s)) (A.35)

:~ t G~ (s) = R~(A - AG*(s)) (A.36)

where G*(s) is the LST of the distribution function of the length of a

busy period in an M/G/ l queueing sys tem, wi th first and second moments

denoted by g1 and g2.

*
See [KLfl I 76], Section 3.3, for a descr ip tion of the delay cycle

analys is.

~~ 209 

-
~~~~• - - ~~~~~ -- -



—- - ~~~~
- 

- 

~~TiJ~~± ~~~~~~~~~ ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ 
- -

I

CYCLE 1 —it.. — CYCLE 2

SERVER S BUSY fe__REST PERIOD - 
[“ P RIOD ~~ SERvER’S BUSY PERIOD1 

~

T~, Tb 
TIME

IC

Fi uu A.6. Eximpi. of Cycis..

G*(s) is given [KLEI 75C] by

G~ (s) = B*(s + A - A G* (s ))  (A. 37)

By taking the first derivative of Eq. (A.37) , one easi ly ge ts g
1

= ~~~ (A.38)

By taking the first derivative of Eq. (A.35) and Eq. (A.36), we have

E(T ) (1 Ag1)E(T
0)

E(T
h) Ag

1
E(T

0)

Therefore, substituting Eq. (A.38) into the two previous equations we

ob tain
E(T 0)E(T

c) 
= 1 - 

(A.39)

p E(T 0)E(T
h
) = 1 - 

(A.40)

where p has been def in ed (Eq . (A.2)) by

p = AI (x)

210

- -—- - -- ~~~~~~~-~~~~~~~~ - -- ~~~~- -~~~~~ -- - -—-  ~~~ -—~~~~~~~-~~~ ---~~~~ - .-



-.
~~~~~~~~ ~~~~~~~~~~~~~~ ~~~~~~~~~~~~~~~~~~~~~

By taking the second derivative of E q. (A. 37) we get

- 
E(x ~~) (A 4 ? )

( I  —

Taking the second derivative of Eq. (A.36) and substituting the value of -

g2, as given in Eq. (A.41), we f inal ly  obtain

2 2
E(T~) = 

A E(x )
~ E(T

0
) + 

p 
2 E(T~) (A .42)

(l - p) ( l - p )

Similarly, we obtain

E (T
2

) = 
A E(x 2) E(T

0
) + 

1 
2 E(T~) (A .4 3)

C (l - p) ( 1 - p )

Busy Fraction

The proportion of time during wh ich the server is idle (i.e.,

is tak ing res t periods) is given by E(T
0

) / E ( T ) .  This can be seen from

the following argument:

At any ins tant during the realization of N cycles , the proba-

bil ity that we find the server in a rest period is equal to the total

time represented by the rest periods divided by the total time of the N

cycles . Dividing the numerator and denominator by N and letting N grow

large , the nume rator tends to E(T0), 
while the denominator tends to

E(T
~
). It can he shown more formally from renewal theory [COX 62]

[ROSS 70] that if E(T ) < and the distribution of is non-lattice ,

then

- . 
E (T 0)

u r n  P(server is idle at time t) = E(T 
~ 

(A .44)
C

From Eq. (A.39), the condit ion E(T ) < Co becomes

F:(T
0) 

< and p < 1 .
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Substituting the expression of E(T
~
) as given b y Eq. (A.39)

into Eq. (A.44) we final ly obtain

P{server is idle} = 1 - p (A.45)

and of course

P {server is busy } = p = AE (x) (A.4 6)

For p < 1, we see then that the busy frac tion in an M/G/ l queue w ith

rest period is equal to the busy fraction in the M/G/1 queue (without

rest period) having the same arrival and service processes. Thus, the

busy fract ion is independent of the distribution of T
0
. If T

0 
is long ,

then the busy period is long and the cycle is long. When the cycle is

long, there are fewer rest periods per unit of time . Thus there is a

self-regulating effect such that the M/G/l queue with rest period has

the sane non-saturation Condition (p < 1) as does the regular M/G/1

queue .

Denoting by p0 the probability that the system is idle , i.e.,

there are no customers wa it ing for serv ice or being served , we have in

an M/G/ l queue

p0 = P[syste rn idle] = P[server idle] = 1 - p

whi le in an M/ G/ 1 queue w ith res t period , we have

1 - p - p0 
= P[server idle and there is at least one

customer waiting for service ] > 0 .

Unti l now , a cycle represented the interval elapsing from the

beginning of a rest period to the b e g i n n i n g  of the following rest period.
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Below , such a cycle is referred to as an elementary cycle with length T
~
.

Let us define a large cycle by the time interval elapsing from

the end of a busy period to the end of the following busy period

(Figure A.7). A large cycle , the length of wh ich is denoted by TL, is

composed of N( >1) consecutive rest periods (“vacation” of leng th Tv)

fol lowed by one server’s busy period. Let us denote by E(TL) the

expected length of a large cycle. By the same argument as above [COX 62]

we have
E (T 1)

“0 = E(T L) (A .47)

where
E(T

1) = ~~
— (A . 4 8)

is the expected length of an idle period of length T1, i .e., a period -

where there is no customer either waiting for service or being served.

-* TL (LARGE CYCLE)

I” (ELEMENTARY ) CYCLE s.

REST PERIOD —0.~~
-. (.s._ ,~~~0 H 

SER~~~ ;~~~USY 

____

T~ 
TIME

T~ (VACATION ) Tb 0

T 1 (IDLE PERIOD) .4.~. TB (SYSTEMS BUSY PERIOD)-.

Figure A.?. Lirge Cyds, V.cstion. Busy m d  ku Periods.
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We have

P {N = k } = {i - R~ (A ) } [ R~ (A ) J~~~ k = 1, 2, . . .

and therefore , the expec ted leng th of the vacation is

E(T 0)
E(Tv) 1 - R~~~~(A)

- - But this is also equal to the fraction of time in a large cycle (1 - p)

where the server is idle times the expected length E(TL
) of a large

cycle. We then have

E(T 0)
E (T L) = ( 1 - p ) ( l  - R~ (A ))  (A. 49)

Substituting Eq. (A.48) and Eq. (A. 49) in Eq. (A.47), we f in a l l y  have

(1 — p)(l — R~ (A ))
P0 = A E(T

0)

which is precisely Eq. (A.3). F

Defining the sys tem ’s busy per iod (of length  TB) as the period

in which there is at least one customer waiting for service or being

served , we also have

E(T
L

) E(T
8
) + E (T 1)

and thus
E(T

0) iE(T
B) (1 - p)(l - R~ ( A) )  - 

A
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APPENDIX B

SECOND MOMENT OF TILE WAIT ING TIME IN AN H/Gi l QUEUE

WIT U REST PERI OD AND RAN DOM ORDE R OF SERVICE ( ROS)
— — —

The queue M/G/1 with ROS has previously been studied and

rcported upon [KING 62 , TAKA 63]. Following a similar approach to that

wh ich can he found in [KING 62], we derive below the second moment of

the waiting time in an M/G/l queue with rest period and ROS. We know

that Eq. (A.l) gives the z-transform of the distribution function of the

number in system (since the order of servi ce is independent of service

time ; see Section 3.4). Moreover , the average waiting time mus t be the

same as for FCFS (see Eq. (A. 27) and Section 3 .4) .

The model we consider below is identical to the model studied

in Appendix A in all respects excep t that the service discipline is now

chosen as ROS ; the server chooses a customer to be served at random

from among all customers present in the queue .

We consider a tagged customer C entering the system. There

are two possibilities , with respective probabilities p and (1 - p).

Either the server is busy , in which case C must wait a time u
1 
before

the server becomes free and we may write

= 
~‘l 

+ “1 ( B . l )

or the server is idl e, in which case C must wai t a time u
2 

before the

server ends his rest peri od and we may write

w2 - u 2
+ v

2 (13.2)
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- The first and second moments of the d i s t r i b u t i o n  funct i on of the waitin g

time w, are then expressed as

- 

E(w) = pE(w
1
) + (1 - p)E(w

2) (13.3)

E(w 2) pE (w~ ) + (1 - p )E (w~) ( B .4 )

First we evaluate the first and second moments E(w
1

) and E ( w ) of the

- 
waiting time of C, given that C finds the server busy.

We denote by S, the service time of the custome r bein g served

when C arrives [KING 6 2 ] .  u 1 is un i form ly d i s t r i b u t e d  in  (0 , ~ ) and

from a well-known result in connect i on with forward recurrence time~;

- in renewal theory (see for example [(X)X 62j) , the distribution of S is

- given by

- Co

P{s  < t }  = ~ SdB(S)/  SdB (S)
— 

0

~
— In part i cular , we have

)

- 
F (S) = E(x )/F(x) (13.5)

E( S 2 ) = fl(x
3
)/F(x) (D.6)

• Let us denote by n the numb er of customers i n  the system

(excluding C) just after the end of the service time S and by m the

n umber of customers left behind by the previous departure (the last

customer served before the period S) [KING 62]. From Appendix A

(Eq. (A.l)) we know that

t i
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(1 - p)(l - ~* (X  - Xz) )

Z - XE (T
0
) B*(A - Xz) - z

Then it is easy to show that

n = m - A m + k  (B.8)

where Eun 1 if m > 0 and 0 otherwise , and where k is the number of

arrivals (excluding C) during the service time S. The generating func-

tion of k is given by

E(z k/S) = ~~~~~~~~~ (B.9)

— Thus

E[ z ~’/S] E(Z
m_Am+k

,S)

and since k is independent of m , we have

E(z~/S) = E(Z
m_Am

)E(Z
k
,S)

= E(Z
m
~
Am
)C~

AS( 1
~

z)

Using the same argument as in Appendix A to evalulate E(Z
m_A m

), we

-
~~~ 4 fina l ly  hav e

(1 - p)(1 - R~ (A - A z) )  
XS(l )E(z /S) = 

AE (T
0)[B*(A - Az ) - zi 

e -z 
(B.lO)

In par ticular

2
E(n/S) = AS + 2 ( 1  - ) 

+ 
213(T

0) 
(B.ll)
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)
and

E(n(n - 1)/S) = 
A 213(x

2) 
~~~~~x~~

y + AS] + (AS) 2 
+ 

X)~~

A E(T0) r A2E(X 2) 
1 

A~ E(T 0)
+ E(T

0
)L2 (l - ~~ 

+ ASJ + 
313(T

0) 
(13.12)

The problem of determining the waiting time w
1 

is thus reduced to that

of finding the distribution of v1, given n [KING 62]. In particular ,

we may write

E(w
1
) = 13(u 1) + E(v1

) (B. 13)

E(w
1

) = E
5

(E ( w
1/S)) (B.14)

13(w
1
/S) = S/2 + F(v

1/S) (B.l5 )

)3(v /5) = 13 (fl(v /S ,n)) (B.]6) —1 n 1

Sim i l a r l y , we have

2 2E(w
1) = 13(u

1) 
+ 2E(u

1
)E(v

1) 
+ E( v ~~ (B . 17)

2E(w ~~ = E5
(E(w

1/S)) (B.1 8)

E(w~ /S) = E(u~/S) + 2E( u
1/S)F (v

1
/S) + E(v~ /S) (8.19)

1 2 2E(w~/S) = S /3 + SE(v 1/S) + }3(v 1/S) ( 13 .20)

E1 (v~ /S) = E (E(v~/S ,n)) 

2The problem is thus reJuced to that of finding E(v
1/S ,n ) and E(v

1 /S ,n)).

Kingman solved for the d i s tribution func tion of v 1, conditioned on S

and n [KING 62]. Takacs evaluated the first and second moments
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[TAKA 63]:

E(v
1/S ,n) = (B. 22)

2E (v 1/S ,n) = An (n - 1) + Rn (13 . 23)

-~ 

- 

where A = (2 
2[E(x)]

2 
( 13 .24)

2
and B = 

(6 - p)E(x 
~ (B .25)

(2 - p
~~(3 

- 2p)

From Eqs. (B.22) and (B.16) we have

E(v
1
/S) = 

E(x) E (n/S) 
(B.26)

From Eqs . ( 13.21) and (B. 23) we have

E(v~/S) = AE (n (n - l)/S) + BE(n/S) (B. 27)

Substituting Eq. (B.ll) in Eq. (13.26), we obtain an expresssion for

E(v
1/S). Substituting this expression in Eq. (B.15) we have

~I3 2
) 

E(T~)
-

- I 
E(w

1 /S) = S/ 2 + 
2 p S + 2 ( 1 - ) 

+ 
213(T

0
) (B.28)

Substituting Eqs. (B.12) and (13.11) in Eq. (8.27) , we get an expression

- for E(v~/S) that we substitute together with the expression for E (v1/S)

— in Eq. (13.20). We then have

* 
I (w~/5) = + [

~ 
~~ + AB~ ~s + 

2(1 - p) 2F 0)] 

3 1 T3

+ ~~
2 [s2 

+ 
(A 13(x

2) 
+ 
~\~~~~~

2
) 

+ 

L(T 0 )\ 
+ 

A E(x 
+ 

-( 

~~~~ 1- L \2(l - p) )\l - p E(T
0)/ 

3(1 - p) 3E(T
0)j

- 

(B.2 9)
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From Eqs. (B.5), (B.14) and (B.28), we finally have

E(w
1
) 2 - p [(2 + + 

~~ ~ 2 ( i - p) + 

E(T 2
~~~~~~~

] 

(13.30)

From Eqs. (8.5), (B.6), (B.18) , (B. 24), (B. 25) and (B. 29), after  some

algebraic manipulations , we have the result we were sec-king :

3 1 1

E(w2\ = 
2A13 (x ) + 

[AE(x JJ
~, 1/ 3P(1 — P)(2 — P) 

— )~~(2 —

2 E(T ~ ) 1

+ 
2P — _ _ -~Q_ - + ~E ( x l(2 — p) (3 — 2p) 3) (T

a
)

1
E (T ~ ) 1 I (1  ~~~~~

X _______ ~~~
__

~~ ____ ____- . I ‘ + ~~~~ 
— -‘ — (B.31J2E~ T ‘ I I - p

‘ 0’ (2 - p) (3 - 2f l )  L

It remains to evaluate the first and second moments E(w2
) and

E(w~ ) of the wa it ing time of C , given that C arrives during a rest

period . We denote also by S the l ength of this rest period . u2 
is

uniformly distributed in (0, S). From the same renewal argument as

above [COX 62], we have

P~S <  t~ =j  SdR~(S)/J SdR
0
(S) (8.32)

• where R
0
(S) denotes the distribution function of the rest period . ln

particular we have

13(T2)
E(S) = ~~-~-~~~~-~

- (8.33)

0
3

1 13(T )
and E(S~ ) = (B. S4)

UI0)
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Denoting also by n the number of customers in the system (excluding C),

at the end of the rest period , we have:

E[Z
n
,SJ e~~~~~~

1) (B. 35)

and E(n/S) = AS (B.36)

E(n(n - 1)/S) = (AS)
2 

(B.37)

The problem of determining the waiting w
2 

is reduced to that of finding

the distribution of v
2 
given n, which is precisely the distribution of

v
1
, given n. We may then apply the results obtained above.

In particular , substituting Eq. (B.36) in Eq. (B.26) , we have

E(v
2/S) 

2 
(B.38)

but E(w
2/S) = ~~

- + E(v
2
/S) (8.39)

then E(w
2
/S) = 

2(2 - p) 
S

I + 
E(T~ )

and 13(w
2) = 

- 213(T
0) 

( B 4 0)

• Substituting Eq. (B.30) and (8.40) in Eq. (8.3), we verify , as we might

expect, that the expected waiting time is the sane as in an M/G/l queue

with rest period and FCFS order of service (see Eq. (A.27)):

XE 2 E(T 2)
E(w) = + 0 B 42(1 - p) 2E (T

0
) .

Substituting Eq. (B.36) and (B.37) in Eq. (B.27), we have

E(v~ /S) = A( A S) 4 + BAS (8.42)
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but

E(w~/S) = + SE(v
2
/S) + E(v~/S) (B.43)

Substituting Eqs. (B.24) , (B.25) , (B.38) and (B.42) into Eq. (B.43), we

have

E(w~ /S) s2 [
~

+ 2 -  + (2 - p)(3 - 2~)] 2 S

Iinconditioning on 5, we obtain the result we were seeking:

2 
- 

E(T~) [‘ p 2p4 1E(w
2) 

- E(T
0
) 

~ 
2 - p + (2 - p)(3 - 2~~~)]

H - 2 13(T~~~) 6 - p
+ AE (x 

~ UT ) 2 ( B . 4 4 )
0 (2 - p) (3 - 2p)

Knowing the second moment of the wai ting time in both cases

(server idle or busy), we can f in al l y obtain the second moment of wait-

ing time. Substituting Eq. (B.31) and Eq. (8 .44)  in to Eq. (8.4), we

have , after some algebraic manipulations :

2 
- 

2 [ XE (x~) XE (x2) (xj.(x
2
) 

+ 

E(T~) 
+ 

E(T ~) 1(w — 2 - p 
L3U 

- 
+ 

- p ~2 ( l  - p ) 2 13 (T
0))  3E(T 0)j

(B . 4 5)

Comparing Eq .(B.45) to Eq. (A.33) , wh ich gives the sec ond moment

of the waiting time in an M/G/l queue with rest period and FCFS order

of serv i ce , we have the following relationship.

2
2 t~ ________E (w ) = W~~5 = 1 - p /2 (8.46)

This is precisely the relationship i~ound in [TAKA 63] between the second

moments of the waiting time in a regular (no rest period) ROS M/G/1

queue and in a regular FCFS M/C/l queue . 
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In Appendix C , we show that  the second moments of the wai t ing

time in a LCFS M/G/ l queue w i t h  rest period , and in a FCFS M/G/ 1 queue

with rest period are related by the fol lowing equation :

2 
- 

FCFSW LCFS - 1 - 
(B .47)  -

From Eq. (B.46) and Eq. (8.47) we obviously have

FCFS < ROS < LCFS
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APPENDIX C

TIlE QUEUE M/G/l WITh REST PERIOD AND

LAST-COME-FIRST-SERVED (LCFS) ORDER OF SERVICE

The queue M/G/1 with LCFS order of service has been extensively

studied [VAEJ L 54, RIOR 61, TAKA 63]. Kleinrock gives [KLEI 76, Sec. 3.5]

the Laplace-Stieljes Transform (LST) of the distribution function of the

waiting time , using a delay cycle analysis. Following almost exactly

the same argument, we solve for the 1ST of the distribution function of

the waiting time W
~cFS

(s) in an M/C/ l queue w ith res t period and LCFS

order of serv ice. We know that Eq. (A.l) gives the distribution function

of the number in sys tem (s ince the order of serv ice is independent of

j service time ; see Section 3.4). Moreover, the average waiting time must

be the s ame as for FCFS (see Eq. (A .27) and Section 3.4) .

Laplace-Stieljes Transform of the Distribution Function of the

Waiting Time WLCFS (s)

The model we consider below is identical to the model studied

in Appendix A in all respects except service discipline , which is now

chosen as LCFS . All the sys tem ’s parameters are denoted as in

Appendix A.

A new ar: ival f inds  the server ei ther  busy (w ith probability p,

see Appendix A), or in a res t per iod (w ith probab ility I - p) . In any

case the new arrival is not affected by the customers , i f any, present

in the waiting line.
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If the server is busy , only the customer found in service makes

the new arrival wai t, and h is delay is due to arrivals that enter the

system after he does and before his service ’s initiation .

If the server is idle , the new arrival has to wai t until the

end of the res t period, at which point in time his service is initiated

only if no new arrivals occurred meanwhile. Otherwise (new arrivals

occurred before the end of the rest period) he incurs a supplementary

delay due to arrivals that enter the system after he does and before his

entry into service .

Then we may apply the delay cycle analysis [KLEI 76] where the

ini tial delay is either

the res idual life of the customer found in servi ce , or

the res idual life of the res t period;

and the delay busy period is the time interval necessary to serve all

those arrivals that enter after he does and before his initiation of

service.

If we now express W
~c13s

(s) in terms of the LST’ s of the

distribution functions of the waiting time conditioned on the server

- -
~ state (busy or idle), we have

W LCFS (s) E[e /server busy upon arri val]p

+ E[e /server idle upon arrival](1 - p) (C.1)

First we consider the case where the server is busy . The 1ST of the

distribution function of the residual life of the customer found in

service by the new arrival Ga(s) is given by

1 - B* ( ~= — -‘ rc 2)0’ ‘ sE(x)

- -~~~~~~~~~~--- --
~~~~~~~

- - ---~~~~~~~~~~~~~~ - _
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Thus we have

E~~~
Sw
,server busy upon arrival] = G~(s + A - XG*(s)) (C.3)

where G*(s) is the 1ST of the distribution function of the busy period

in an M/G/l queue . Substituting Eq. (C.2) into Eq. (C.3). we have

-sw . 1 - B*(s + A - XG*(s))E[e /server busy upon arrival] = [s + A - AG*(s)]E(x) 
(C.4) -

Simi larly , in the case where the server is idle we may write

down the conditional transform for waiting time as

E[e
SW /server idle upon arrival] = C*(s + A - AG*(s)) (C.5) -

where C*(s~ is the 1ST of the distribution function of the res idual life

of the res t period and is given by

1-Rd (s)
C*(s) — E(T

0) 
(C.6)

Substituting Eq. (C.6) in Eq. (C.S) we have

— 1 - R~(s + A - XG*(s))
E[e /server is idle upon arrival] = 

~ + A - Ac*cs)]E(T
0)

(C.7)

Substituting Eq. (C.4) and Eq. (C.7) in Eq. (C.l) , we have the exp ress ion

of W *( S)  we were seeking:

W*( ) - p (l - B*(s + A - XG*(s))] + 

(1 - p)[1 - R~ (s + A - AG*(s)]
S — 

Es + A - AG*(s)JE(x) [~~ 
+ X - AG*(s)]E(T

0
)

- - 

(C.8)

where G*(s) is given [KLEI 76] by

G*(s) = B*(s + A - AG*(s))
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P
By taking the first and second derivatives of Eq. (C.8) at 5 = 0, we - -

f ind the fi rs t and second moments of the waiting time :

2 13(T2 )

LCFS 
- 2( 1 - p) 2E(T

0
)

¶ 
E(W

~c13s
) = 

A E(X 2) E(W LCFS) + + 
3 )  

X 
1 - p

(C.l0)

As we stated earl ier , E(W LCFS) is of course equal to E(WFcFS), the

expected waiting time in an H/Gil queue with rest period and FCFS order

of service (see Eq. (A.27)).

— I But the second moment (W
~c13s

) is larger than E(W
~c13s

) the

second moment of the waiting time in an H/Gil queue with rest period and

FCFS order of service (see Eq. (A.33)). From Eq. (A.33) we may simplify

Eq. (C.lO) to give

2
2 

E(W FCFS)E(W LCFS) = 1 - 
(C.ll)

This is precisely the relationship found in [TAX A 63] between the second

moments of the waiting time in a regular (no res t period) LCFS M/G/ l

queue and in a regular FCFS M/G/l queue.

In conclusion, the second moments of the wai ting time W
~CFS,

and W
~CFS are related by the following equation (see Appendix B

and Chapter 3, Eq. (3.61)).

WFCFS = (i - = U - P)W LCFS

This result holds for the M/G/l queue with rest period as well

as for the regular M/G/l queue (without rest period). 

~~~---~~~~ -~~~~~~~ ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ -
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APPENDIX D

TIlE QUEUE M/G/l WITh INITIAL SET-UP

TIME AND FCFS ORDE R OF SERVICE

We solve for the z-transform of the distribution function of

the number in system Q(z) in the queue H/G/l with initial set-up time

and FCFS order of service . The method we use is exactly the one we used

for the FCFS queue M/G/ 1 with res t period (Appendix A) and is based on

the “imbedded Markov chain” approach [KEND 51, KLEI 75C]. We then

extend the conservation law first obtained by Kleinrock [KLE I 65] to

such a queueing system by exactly the same argument used for the H/Gil

queue with rest period (see Section 3.4).

The model we conside r be low is identi cal to the regular M/G/ l

queue with FCFS order of service in all respects except that there is a

“set-up time” ~ associated with the beginning of a busy period. The

idle period ends with the arrival of the first customer; y seconds after

the first customer’s arrival , the server starts to serve the fi rst cus-

tomer. When the server completes the first customer ’s service , he

starts immedi atel y to serve the next one in queue , if any, accord ing to

a FCFS discipl ine, etc. The set-up time y is drawn from an arbitrary

dis tribution function with Laplace-Stieljes transform Y*(s) and first

and second moments denoted by E[y] and E[y
2
]. The set-up times are

independent of each other and of the a r r i v a l  and se rv ice  processes.
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D .l  z-Transform of the Distr ibut ion Funct ion of the Number of

Customers in System at all Points in Time, and Expected

Time in Sys tem

Following the notati ons of Appendix A , we choose the number of

thcus tomers q
~ 

left  behind the departure of the n cus tomer , C~ , entering

the system as our state variable. We proceed to solve for the system

behavior just after the departure instants (which form an imbedded

Markov chain). Following the same approach as the one used in [MILL 64]

for the H/Gi l queue with rest period , one can show that the solution at

these points will also provide the solution for all points in time .

We may then relate q
~~ 1 to q by the fol low ing equation :

q 1 q - Aq~ + V~~ 1 
+ ( 1 - Aq~ )u~~1 (D.l)

whe re

(1 if q > 0
n

- 
- Aq

‘~ 
~ 0 if q

~~
= 0

and U~~~ 1 
represents the number of customers arriving during the set-up

time, given that C~~1 
starts the busy per iod. We proceed now to cal-

culate Q(z). Assuming ergodicity , the follow ing limits exis t :

~j =  lim q ~
n - ~~~

Q(z)  = E[z ] = lim E[z
n + ~~

We have from Eq. (D.l)

~~~~~~~~~~ - 
q - t~q +V ~~1

+ (l-1~q ) u~~1E [ z  J = 13[z I
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‘ Following the same approach as in Appendix A , one easi ly

- obtains the following expression for Q(z):

- 

i Q(z)  = 
B*(A - Az)[l - zY*(A - Az)] 

2B*(A - Az) — z (D. )

where p
0 ~ 

P{~~ = o} = lim P{~q~ = 0) represents the probability of an
n -+-~~

emp ty system and is given by

— D 3
- ~O 

— 

1 + AE(y) 
( . )

- where p = I - AE(x) .

One can also derive Eq. (D.3) by the following argument;

- - I 
It is easy to show that*

P[server is idle] = 1 - p (D.4)

then we have

- 

p
0 

= P[system idle/server idle] x P[server idle] (D.5)

From renewal theory [COX 61], one can eas i ly show tha t

P[system idle/server idle] = i/A
1

~~E (y) (D.6)

~
- - i

since the interval of time during wh ich the server is idle is the

convolution of the (system’s) idle period (average length 1/A) and the

• set-up time (average length E(y)).

Substituting Eq. (D.4) and Eq. (D.6) into Eq. (D.5), we get

Eq. (D. 3) .

In a regular M/G/ 1 queue [KLEI 75C), we have 
—

P[system empty] = P[server idle] = 1 - Ax.

II,

~~~~~~~~~~~~~~~ -~~~~~~~~~~~~
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H
And of course , we have

P[set-up time ] = (1 - p) 
1/A~~

>T?
~(y) 

(I).7)

By taking the f i rs t  derivat ive of the RIIS of Eq. (D.2), at

z = 1, we have

‘ 2 2 2
E( ) — + 

A E(x ) 
+ 

A E(y ) + 2A E(y )
q — p 

2(1 - p) 2(1 + AE(y))

and from Litt le ’s resul t we obtain the expected time in sys tem

E (T) = E(x) + 
2 (1-p) 

+ 
AE
~~~~+

+
~~~
(
~~ (D.8)

The sum of the two first terms of the RI-IS of Eq. (D. 8) represent the

Pollaczek-Kh inchin mean value formula [KLE I 75C]. One may easily show ,

as in Appendix A, that the 1ST of time in sys tem is given by

S*(s) = 
(1 - P)8*(S) j-~~ (A - s)Y*(s)]

1 1 + XE(y) 5 - A +

The results of this section are consistent with the results

- derived by another approach in [MILL 64] for a slightly different model

(FCFS H/G/ l queue where the firs t customer served in a busy period has

-
~ a service time drawn from a distribution function B

1
( )  different from

all  other customers ’ service time distribution function 8(1.)).

- i D.2 Conservation Law
- We can easi ly extend the conservat ion law firs t s tated and

proved by Kleinrock [KLEI 65] to an M/G/l queue with initial set-up time

4 
and any conservative, non-preemptive queueing discipline which is

- independent of any measure of the service time (see Section 3.4). 
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Firs t, one may easily show that Eq. (3.14) holds for such a queueing

system. Using the same notations as in Chapter 3, if arriving cus tomers

belong to one of a set of P dif ferent classes , the expec ted wa iting

times are related by the following linear equati on:

(D.9)

where U denotes the expected backlog , and p are given respectively

by Eq. (3.7) and Eq. (3.5). Eq. (D.9) holds for any conservative ,

non-preemptive and service-independent queueing discipl ine.

Now since U is independent of the order of servi ce , we may as

well calculate ff for a strict FCFS discipline. For an arrival occur ing

at time t, one recognizes that :

1) if the arrival occurs during a period when the server

is busy (wi th probability p), then obviously

WFCFS (t) = 1J(t)

2) if the arrival occurs during a (sys tem’s) idle period

(with probability (1 - X 

1 + XE(y) , see Eq. (D.3)), then

WFCFS (t) = U(t) + y

Indeed at t, the backlog is U(t) = 0, and the customer has to wait ~

seconds (set-up time).

3) if the arrival occurs during the set-up time (with

probability (1 - p) x 
~ 

AE(y) 
, see Eq. (D.7)), then

*
Customers from group p, p = I , ..., P, incur an expe cted wai ting
time ~~

232
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WFCFS (t) = U( t) + z

where z is the residual life of the set-up time . Indeed , the customer

arriving at t has to wait z seconds before service starts plus U(t)

seconds. (U(t) is the time it takes to serve all customers who arrived

before our customer.)

Taking expec tations and observing that E(z) = we have

- U +  E ~~~~~~ 
r) 

+ 
E(Y~) (1 - p )A E(y)

FCFS — 
1 + AE(y) 2E(y) 1 + XE (y)

2
WFCFS = 11+ (1 - c~) 2 ( l + A E (y~

’) 
D.l0

If we use the value of U drawn from Eq. (D.IO) in Eq. (0.9), we have

WFCFS - (1 - ç
~ 

2E(y) + XE (y) 
= 

~o + 

~~~ 
P~,

W (D.l1)

Eq. (D.ll) is true regardless of the order of service. In particular,

if the discipline is FCFS, = WFCFS for all p, and since 
~~~l ~~ 

=

we finally have

— 

W
fJ 

+ 
2E(y) + AE(y

2) 
D 12FCFS — 

1 - p 2(1 + AE(y)) ( . )

Eq. (D.l2) is consistent with Eq. (D.8) since = AE(x2)/2 when the

discipline is FCFS.

Substituting the value of WFCFS as given by Eq. ( D . l2 )  into

Eq. (D.ll), we have the following conservation law :

~~~~~ 

= p 
~~~~~~~~~~~~~ 

+ 

~ 
2 3

+
+
A~~~~~ P < 1 (D.l3)

~

-

~

-

~
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throughput at the large user, at the expense of a large degradation of

the small users’performance. The maximuz~ achievable throughput A2

depends on A
1 

and N : If N = 25 and it~ = .16 (S
1 .2) (Figure 6. 11),mo then A

2 
< .84 (instead of .63 with  MAPCS). But to achieve a limiting

throughput of .84, we have to split the channel so that ci > .84,

increasing then the delays at the small users by a factor of approxi-Q mately 5.

b) The choice of the access node (MrWCS or split channel) will

depend on the s—all users’ traffic. If the latter is high, splitting

the channel hil l no~ significant ly degrade the small users ’ delay :

If A
1 

.56 (S
1 

.7) (Figure 6.12), by choosing ci .4 we approximately

do~~1e the delay for the smal l users ; we have a better delay for the

large user for ~oj t  val..e~ of A
2 

and we m ay ach ieve a large use r

thr .~hL.~ of .fl (instead of .23 with ~IAPCS). If the small users ’

tr. - r t 
- 

~~~ I - . ~ ~~~~~~ e ~ 11) , i ~~~~~ th~ ~~~~~~ degra~L~ th~

sr.iU use r s ’ rfor’an~ e quite si gr~ificantly .

Therefore , compared with a split channel mode , ~IA~S and MAPcS

diffe r in the fo11o~.ing respects :

1) Fo r N 23 , MAPCS ach ieves a smaller channel util ization

than the split mode , wh i le MACS ach ieve s a large r channel uti l iza tion

than the split node.

2) The larger N is, the smaller is the maximum achievable

throughput with ~L3.PCS. The large user throughpu t is greater wi th MACS

than with MAPS if N is not too small (N > 30) and A1 < 1/e (see next

The larger N is, the smaller is the channel utilization with MAPcS.

173

_ _ _  • ~~~~~~~~~~~~~~~~~~ •


