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| Abstract

The performance of integrated transmission of voice and data on

L token passing ring LAN's is investigated in this paper. The aim is to

BB optimize the performance of the integrated transmission of voice and data
i on token passing ring LAN's by optimizing the average data packet size.
- Genetic algorithm is used to solve the optimization problem.

| Introduction

Local area networks (LAN's) have conceived as low cost high

E twoughput structure for data traffic transport. Interest in LAN's has been
¥ growing in the last few years in view of inlegrating real-time services,
j and voice is the first natural candidales among real-time sources lo be
. tonsidered for a service integration. The round-robin nature of token ring
| networks which provides reasonable packet delays at light loads ,and
ballows the packet delay to be bounded at high loads makes them very

Fatractive as inlegrated service LAN's [1].

* Studying he performance of these nelworks is an important issue lo
foblain (he best use of it. But the fact thal perfonnance objectives vary
Bremendously from one type of services to another, prescnls a real
ebhallenge to designers of network algorithins and protocols [2]. For
ample, for data traffic, real-tiine data delivery is not of primary
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importance, bul strict error control and recovery procedures are required
On the other hand, for voice trafTic, excessive declays can have seric
disruptive cfTects on hwman conversation [3].

Many prolocols and algorithms are inlreduced to perfonn the best
performance of these networks. An access prolocol  for efficient
voice/data integrtion in a token ring nctwork which is based on the
adoplion of a variable size of voice packet that is determined by the
actual load condilions is introduced in {1] which consider voice source to
be always in lalkspurt state. Another protocol which models voice as
having alternating talkspurts and silences, with generation of voice packet
at a constant rate during talkspurts and no packet generation during
silcnce periods is introduced in [3]. The efliciency of such networks
greatly increased through the use of sophisticated scheduling and
dropping algorithms within the queues formed atl the nelwork access
points and use cost-based scheduling and cost-based dropping to optimize
the network performance [2).

In this paper, the network performance is oplimized through the
optimization of the data packet size. The genetic algorithm is used to
achieve the optimum performance along the network model reported in

tl.
The organization of this paper is as follows:

Network and tra{Tic mode! is introduced in section (1). In section (2)
the access protocol is considered, In scetion (3) the basic features of the

access  protocol is discussed. It section (4) the performance evaluation of

the network is introduced. The genetic algorithm is introduced in section

(5). Seetion (6) shows the simulation results, and section (7) contains [

cotelusions and discussions.

I. Network and traflic model

The following notations are introduced to describe the network
model and the trafTic process {1].

N number of stations evenly spaced on the ring each supporting
either a voice or a dala source.

d : ring length (Km).
C,  :network bit rate (bits/sec).

T : signal propagation delay (sec/Km).

n
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b, :signal latency in a slation {bit),

Ny : numiber of data sourccs, presumed o be poissonian,
g :average trafTic ordered by a data source (packet/sec).
e o data packet lenpth, with average value 1, (bit).

N, :number of voice sources.

C. :speech coding rate (bit/sec).

l,  :voice packel length, with average value L, (bit).

L. :total number of framing overhead bils.

Ly, :number of headcr bits in the [rame format.

UL Access Protoco)

The access protocol described is based on two concepts. First, voice

' information is transferred by means ol variable size packels and second, a

Fsuitable  scheme  is adopted Lo give voice packels priority over dala

b packets  that  guaraniees  a minimum data bandwidth fairly allocated
among stations [ 1].

I1l. Basic Features of the Access Protocol

The characteristics ol the aceess protocol includes tiree {catures [1).

1-Voice packets have a variable size and the dala packels
translerred through the nclwork cannot be longer than L., bits
(users information units longer than Ly, are segmented into
more than onc data pucket Lo satisly this boond).

This feature implies that, the voice packel size ls depends on the
voice cycle period, that is the time between two consecutive evenls of
faccess permission receipt by a voice station. The limit Lyng, on the data
packel size, logellier with the access mechanism itself, allows the voice

feyele perid to be bounded. Uhe adoption of a  variable size of voice
fpackets  corresponds  to muximizing the nctwork throughput and

minimizing the access time of voice packets. ‘The voice packel size
increases with the number N, ol voice source, owing to the longer cycic
period caused by a larger number ol voice sources. With a very small

s
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number of voice stations, voice packets become very sinall. Bandwidth is
wasled as the overhead per packet becomes too large, and no real need
exists for the smallest voice packet delays, e.g. less than lms. For (his
reason, a lower bound L, is defined for the size of voice packets,
mecaning that a voice packet becomes ready to be transmiitted only when
the coder has  generated Loy, bils. This causes a decrcase in the average
voice cycle period for a small number ol voice users, and henec an
increase in the dala bandwidth for low voice traflic levels. Since a large
Lomin determines a better performance of data traffic, Ly, should be
sclecled as the largest value corresponding to a reasonable minimum end
to end delay of voice packels. This minimum delay is essentially given by
the packetization delay Lyyi/Cy. Nole that the delay requirement of voice
packels can vary [rom source o source. For example, a local call within
the LAN can well accept packet delays of the order of 200ms, for the
packel voice transfer in the LAN.

2- Voice stalions access the network with priorily over data stalions,
by issuing a request to reecive the access right, and Lhe delay
between  Lhe aceess request and the subsequent voice packet
Lransmission is suitably bounded.

3- A cerlain minimum data bandwidth is always guaranteed, which
is fairly allocated among ail data stations.

The sccond and third features imply that, two kinds of cycles are
defined, a voice cycle and a data cycle, cach allowing only one kind of
stations  to  {ransmit, Two occurrences vl a cycle type arc always
interleaved by an occurrence of  the other eycle type and o voice
(data)cycle begins at the start of iransmission of the first voice (data)
token/lrame in the cycle. Every voicc slation is given the acecss
opportunily in a voice cycle and al least one data slation can issue an
information frume in a dala cycle. The data-to-voice cycle transition
oceurs cither upon a request by a voice station or alter a token round
without any data frame transimitled. In (his protocol a votce slalion can
transmit only during a voice cycle and can request the network access
only swhenra duta frame is actually refayed by the station. (The term frame
rclayed by u stalion slands [or a frame lransmilied but not gencrated by
the  station), The voice-to-data cycle ransition lakes place when all voice
stalions have been given the aceess opportunily.

The above protocol corresponds to provide network access to voice

stations on rcgular bases and to guarantec at the samc time a given data
bandwidth,
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1V. Performance Evalualion

To cvaluate the performance of the single token access protocol the
following assumptions are considered:

L0, ditta praackets have a fixed length Ly, voice silences are not
suppressed (i.c. cach voice source gencrates C, bits/sec, as the source is
always preswmined to be in the talkspurl state), the queues of data stations
are ncver emply, and al Jeast one voice source offers traffic lo the
nelwork.

In the network under study, the ring latency b, in bil transmission
lime is given by:

br =(NU+Nd)b: +drCr (l)

Depending on the voice and the dala packel sizes, a time gap can
separate the transmission of an information frame and the following
token. This occurs il the fame transmission is completed belore the
frame header is completely received by the same source station, that is

,+L, <6 +1L,, (2-2)

I +L,<b +L, (2-b)

Without loss of generality, steady-stale conditions are considered in
the network, so that (2-a) is either always or never satisfied for a given
nuinber N, of voice sources. Therefor, those limiling cases in which the
access mechanism detehnines voice packel sizes both below and above
the thresheld of egu.(2) are not considered here.

Let by and t, denote the transmission times of a dala frane and a
voice frame, respectively, and t., indicaltes the voice cycle period, defined
as the time clapsed between 1wo conseculive receipts of the voice token
by the same voice station, Let Ty, T, and T, be the average values of Ly,
tie and , respectively, hence by considering that the voice packet size is

proportional to the average voice cycle period, yiclds

L =CT, G)
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and

T = L, C-'rrLo @
Ty= %{—Lo‘ ()
Applying cqn.(3) into eqn.(4), then

T =C~£C—'—{“—' ©)

r

As each voice station issues a voice frame between any two data
frame transmissions, T, also represents the data [rame period, that is the
average lime belween lwo conseculive staris of dala cycle. In adala
frame period. each aetive voice station generates a voice [rame, one dala
stalion issues a data [rame, and a cerlain propagation time is required for
the token to move between adjacent stations. (1wo data [voice] stations
"a" and "b" are said to be adjacent i1°b" is the [irst data {voice] station to
receive a data [voice] 1oken issued by "a”, or vice versa).

‘fhe average token propagation time in a data frame period is
b (1+1/Ng) bits. In fact, it takes an average time of b/Ny bits for the data
loken transfer between 1wo adjacent dala stations and b, bits for a ring
round of the voice token. Thus, by taking eqns. (2) into consideration, the
avcrage voice cycle period can be writlen as:

I o= max(Ly + Ly, b, + Ly )+ N, max{(L, + Ly,0, + L, )+ 6,(1+1/N )
e T C

r

(7

Taking into account that no values of N, satisflies egn. (2), the
average voice cycle period can be reexpressed as [5]:
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I = max(L, + Lg,b, + LY+ N (L +L)+b,.(1+1/N,)
or Cr
t)
Applying eqn.(3) into eqn.(8), then

o max(Ly + Lyb, + L)+ Ny(CT, +Ly) 46,41/ N,)

(= Cr
9)
By some algebraic manipulation, it can easily be shown that:
I = max(L, + Ly,b, + L, Y+ N, Ly +b,(1+1/N ;)
“ (C.-N.C.)
(10)

In the study reporied here, three parameters are considered in the
performance evaluation. First, The maximum net work throughput p_,,
which is defined as the maximum ratio betwcen the average traffic on the
network, i.e. the avernge bit mte resulting from frame transmissions, and
the network capacity C,. It can be formulated mathematically by:

_ L, +Ly+ N, (L, +Ly)

11
Poss XA (n
Second, the nonmalized average data bandwidlh expressed as:
T,
W, =4 12
d T (12)
Applying eqn.(5) and (10) into eqn.(12),then
” (Ly+ L XI-NC./C)) (13)

T max(Ly +Lg.b, + L)+ N L, +6,(1+1/N)

Third, the average voice packel end - 10 - end delay T... It is one of
the most constraining, characteristics for voice transinission in the
nccessity to inaintain little or no delay, while this delay is not important
in data transmission [5]. Therefore, the average voice packel end-to-end
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delay T, has an important meaning for such a study. By asswning that
the distance between source and deslination stalions to be half ring, then
the average voice packet end-to-end delay can be forinulated as:

b
ch=Tn- +Tv+_r 14
LAY {(14)

applying eqn. (6) into eqn. (14), then
r o1 04Ceys Lo tb 12
C C

r r

(15)

V. The Genetic Algorithm

Gieoetiv algorithm  combines the survival of the (iitest with the
innovalive [air of human search. It is considered as a fonn of the random
scarch method which is suitable for discontinuous and mullimodal
problems. The genetic algorithm adopled here [4] can be summarized as:

Step | : {Initialization]

n=4

llecuristically choose a population of m candidates

. . 0
x,.(optimal  candidates) = x|

Step 2 : {evaluate filness)
Dol=l,n

Find fitness f(x; ) where f(.) is a defined objective

function.
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Step 3

slep 4

Step 5

If F(x')>/flx,)

END IF

END DO

: {check the termination criterion]

1f the terimination criterion is satisfied

GOtoslep 5

: [produce the next generation]

create {&™', 8", 224"} from (&, x7,..., X7}
according Lo the weights of litness f(x!'}, i=1,2,....m
Generate {x*',x;*",...,x"*'} by crossover and mutation
n=n+l

Go To Step 2

: [END]

PRINT the optimal candidate x,, and its fitness f(x,, )}
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In this paper, The objective function for a given candidate
x/'in the nth generation is defined as:

\ 200-T,
Xy=| e e |2
=+ 20T

V1. Simulation Results

From the preceding discussion, it is [ound that the network
performance can be optimized by oplimizing the Ly. The genetic
algorithm is used to compute the optimum vaiue ol Ly, hence the
optimum value ol L, is then computed using eqn.{3).

In the simulation experiments, the following paranicters arc choscn
for (he network: b=2bits, 1=5x10"scc/Km, L,=168bits, C,=64Kbps,
Ly=120bits, C,=I, 4 and 16Mbps, and d =500m. These parameters are
typical values [or a coaxial cable LAN adopling PCM voice coding
scheme [3] and framing ovcrhead specified in the IEEE 802.5 standard
for token ring {1].

Figures (1), (2) and (3) show thc relationship between N, and
Lauticun (for difTerent values of Ny (number of data stations) and C, = 1, 4
and 16Mb/sec respectively. It can be seen that as N, increases, Lgpimun
increases until a specific N,, this is because increasing N, increases the
average voice cycle period and so, the amount of data transfcrred
decrcases S0 Laoprimuny  10CTCascs Lo compensale the decrease in data
transferred. Aler this specific N, the value of Lyguimum Optimum average
daa packct sizc) decreases with more increase of N,. This is becausc with
the increase of N, the average voice packel end-to-end delay (T..)
increases and so Lgopiman  decreases lo maintain T, within its maximum
valuce,

Figures (4), (5) and (6) show the relationship between p, (the voice
load,p.=N,C/C,) and pug{iaximum network throughput) for different
values of Ly and Lggpinen for C=1.4 andl 16MUb/see respectively. From
these figures, it can be seen that pyg, signilicantly  inereases with the
incrcase ol L, for small voice loads but, with more incrcasc in the voice
load the maximum network throughput becomes dependunt on Ly. This is
because with small voice loads the network is not fully occupied so there
is a [ree space which if it is allocated to the data users (by increasing Ly)
Py Will increase. But, with more increase in voice loads the nelwork will
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be highly occupied with the voice users (due to the priority of voice users
over data uscrs) so, pm,. will not be significantly affecied with the
increase of L.

Figures (7), (8) and (9) show the relationship between N, and W, for
diftferent values of 1y and for Lypiuam for C;=1, 4 and 16Mb/sce
respectively. It can bee scen that Wy signilicantly increases with Ly,
unless large values of N,. is used. On the contrary, W, decreases as N,
increases by approaching the value 0 when the voice throughput saturates
the nelwork eapacity

Figures (10), (11) and (12) show the relationship between N, and T,
for different values of Ly and for Lygiomsn for C,=I, 4 and 16Mb/sec
respectively. These figures show that the data packet size significantly
affects the avcrage packet delay only for small number of voice stations.
An increasing number of voice stations makes the voice cycle peoriod less
dependant on the data frame size, as only one data station transinits aller
the transinission by N, voice slations. Also, these figures show that,
although, minimum T, is not obtained for thc curves of Lyggimum but, the
valucs of T, for the curve that uses Lyyimm still within the limits of
Tewmin a0 Tevmas that specilied before. In the same time the maximum

valucs of P, and Wy are kept.

From (he above discussion, it can be concluded that, optimum
performance is obtained for C,=4 and 16 Mb/sec. For C=1 Mb/sec the
optimizalion process does nol provide significant improvement to the
nelwork performance. Moreover, the maximum oumber of voice uscrs on
the network change with the change of the bit rate.
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VL. Conclusions

in  this paper, simulation modcls were developed to optimize the
perlormance of a token ring LAN for the integration of voice and data. As a
result of this study the opthimum average data packet size L soptimuen-18 obtained.
Morcaver, it is shown that how the maximum number of voice users supported
by the network is allected by the uetwaork bit rate.
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