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A Random Token Protocol for Voice/Data Integration in High-Speed Networks
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ABSTRACT

We propose a voice/data integration protocol for high-speed networks based on a random token protocol. In this protocol, a
TDMA-like service is provided for voice traffic and the random token protocol is used for data traffic. We use a framed approach
with a movable boundary scheme. The protocol incorporates minimal network information and requires only limited synchroniza-
tion like random access schemes. Therefore, the protocol is suitable for high-speed networks with frequent reconfiguration and
also for mobile networks, where integrated voice and data service is required. We analyze our proposed voice/data integration pro-
tocol for both voice and data. We get the probability of voice clipping and the fraction of wasted bandwidth for voice perfor-
mance. We also get the delay-throughput performance for data. We show that the fraction of speech loss can be maintained under
a specified maximum by suitable choice of maximum size of a voice region in a frame and that the channel can be operated at a
throughput close to unity. We also show that the protocol is robust and fair to data packets, requires little overhead to implement,
and the voice performance is not affected by data traffic. In addition, we discuss numerical results obtained for various system

parameters and verify them by simulation.
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[. INTRODUCTION

Historically. voice and data communications
have been handled by different networks.
Today. data traffic is mostly carried by local
The use of different

networks for voice and data communications

area communications.

is due to the fact that voice and data signals
have fundamentally different characteristics.
Voice traffic usually requires a stringent
delay for its real-time interactive application,
On the

other hand. data traffic can tolerate longer

although it can tolerate some loss.

and variable delays. but it requires an error-
free delivery.

Recently. applications of local computer
networks are steadily increasing. While inter-
connection of computers and resource sharing
have been typical of their applications, their
envisioned role lies in office automation
which is receiving increased attention today"
Thus,

real time applications as interconnection of

much interest is being focused on such

workstations with the capability of handling
voice and data in the office environment.
This requires a network capable of transimit-
ting the various types of traffic between the
stations”. Transmitting voice and data traffic
over the same medium is desirable. because

duplication of facilities can be avoided and
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the utilization of the network resources can
be increased.

For voice communication in computer net-
works, the analog voice signal is first digi-
tized and collected into packets at its source.
Then the voice packets are transmitted over
the network to their destination, where they
are received and decoded to reproduce the
original signal. Since the characteristics and
transmission requirements of voice traffic are
quite different from those of data traffic. a
framed approach is often employed for inte-
In this

which is repeated,

grating voice and data traffic.
approach, a frame, con-
sists of a voice subframe followed by a data
subframe. The size of a frame may be fixed .
or variable, and the boundary allocation
between the voice region and the data region
may be fixed or movable.

The strong requirement for integration of
voice and data over a single communication
channel has stimulated to propose a number
of integrated protocols for bus networks” ™"
In the shared bus

environment, most protocols are variations

and ring networks™ "%,

and extentions of carrier sense multiple
access with collision detection(CSMA/CD)®. It
is well known that CSMA/CD performs well
for data traffic"®. CSMA/CD pro-

vides poor performance for voice packets

However.
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when voice traffic is added to the data"”.

Several integrated voice/data protocols based
on CSMA/CD have been proposed in the last
few years. These protocols combine the time
division multiple access(TDMA) protocol for
circuit-switched voice transmission and a
CSMA-based protocol for packet-switched data
transmission into one protocol™ ™.

Maxemchuck proposed a combined
TDMA/CSMA protocol which does not incorpo-
rate a framed approach, where TDMA-like
voice proposed transmissions are interspersed
in with periods of data transmission and the
order is detemined by each call generation
time™. In this approach. a full packet must
be transmitted even if the call is in the silent
state and voice packets have high overhead to
provide TDMA-like service. Meditch® and
Chlamtac™ used a fixed length frame and a
fixed voice/data boundary scheme in their
TDMA/CSMA protocols. in which synchro-
nized clocks are needed to maintain the frame
structure. Sharrock et al.” proposed a
CSMA/CD-based, integrated voice/data proto-
col. They use a variable size frame and a
movable boundary scheme, and no synchro-
nized clocks are needed in their protocol.
However, some modifications should be done
to CSMA protocols in order to provide a
TDMA-like service for traffic. In addition, no
precise analyses have been done for the above
protocols, and thus the behavior of protocols
has been investigated via only simulation or
approximate analysis.

In this paper, we propose a voice/data inte-
gration protocol for bus and radio networks,
based on a random token protocol. The ran-
dom token protocol is an upward extention of

U8 1t is similar to the

random access protocols
p-persistent CSMA protocol except that the

former has a scheduling period. In the p-per-

sistent CSMA and the random token protocol,
a ready user who has a packet to transmit
senses the channel. If the channel is sensed
busy, it persists until the channel becomes
idle. Then it transmits its packet with proba-
bility p or waits with probability(i-p) in the
p-persistent CSMA. On the contrary. in the
random token protocol, the user selects its
scheduling time from a uniform distribution,
waits until its scheduling time, and then
transmits its packet if the channel is still
idle or waits until the channel becomes idle
otherwise. Thus the scheduling is obtained by
random, implicit token passing”®. Although it
is not a strict demand-assignment protocol,
the performance is superior to the random
access schemes. In addition, priority functions
can easily be invoked and voice/data integra-
tion can easily be done, since scheduling peri-
ods exist.

To avoid the capacity loss due to silences,
we employ a movable-boundary scheme for
our voice/data integration protocol in which
the voice subframe size is determined by the
number of active voice stations in talkspurts
at the start of the frame. Access to the data
subframe is provided to the data stations via
the random token protocol. For voice, we
determine the fraction of speech loss and
wasted bandwidth by formulating a Markov
chain for the number of ready voice stations
at the frame boundary. For analysis of data
performance, we employ a Markov chain by
considering the voice region of frame as a
long packet with priority. Simulation results
are provided to validate our anslysis.

Following this introduction, in Section I,
we give a description of the voice/data inte-
gration protocol. In Section [, we provide an
analysis of our proposed protocol. In Section

V. we present the analytic and simulation
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results. Finally, we make conclusions in

Section V.

[. VOICE/DATA INTEGRATION PROTOCOL

A. Overall Frame Structure

We consider a bus system with N, active
voice stations and N, data stations. and
assume that voice and data packets are of the
same length. We assume that a station has
no knowledge of the total number of stations
in the network and of their logical ordering.
nor of relative physical locations of stations.
We further assume that the system is fully
distributed. Thus, when executing a channel
access protocol, a station can only utilize
local information obtained by sensing the
channel state: idle, successful transmission,
or collision. The channel is sensed busy when
successful transmissions of collisions occur.
Channel time is partitioned into frames of
variable length. The reason for the variance
of frame size is that the choice of a node
maintaining the frame structure for the net-
work varies over time. Each frame is parti-
tioned into one voice region and one data
region. with the voice region occurring first.
The boundary between the voice and data
regions shifts from frame to frame according
to the number of talkspurts of active voice
calls during each frame. We also assume that
time is minislotted with duration r where 7 is
the end-to-end propagation delay. Fig. 1
illurstrates the frame structure with voice
and data. The voice region contains one slot
for each established voice call. The size of a
slot is T where T is the packet transmission
time. A station in a silent state sends a burst
carrier during ¥ minislots to inform that it is
silent. For convenience. T and 7 are assumed

to be integer multiples of minislots(i.e.. inte-
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ger multiples of 7).

Fig. 1 (a) shows a frame with both voice
and data where K is the maximum of voice
slots in a frame. If there are so many voice
calls that the total number of voice slots is
greater than K, then some packets of those
calls are lost, and thus voice clipping occurs.
It is also possible for the frame to be com-
pletely occupied by data as shown in Fig. 1
(b) if there are no calls. The slotted struc-
ture of the voice region results in a collision-
free virtual circuit for each established voice
call. The remainder of the frame time following
the voice slots comprises of the data region. In
the data region. data and call-related packets
are transmitted using the random token proto-
col. Since the end of carrier(EOC) serves as a
time reference for each station in the random
token protocol, there is no need of system-
wide synchronization clocks to maintain the
frame structure. The voice and data regions

are automatically delimited by the protocol.

K

DATA REGION

(b)
K : MAXIMUM SIZE OF VOICE REGION

F - FRAME SIZE
T : VOICE TRASMISSION TIME 7y : CHANNEL JAMMING TIME

Fig. 1. Frame structure for voice/data transmission. (a)
Case with three of four active voice stations in
talkspurts. (b) Case with all four active voice
stations in silence.
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B. Voice Station Protocol

Let W be the channel bandwidth and R be
the digitization rate of a vocoder in bits/s.
Then F=[W/R) is the frame length in slots
where [a] is the largest integer smaller than
or equal to a. For our protocol we require
that K<F. Let t; be the beginning of the
frame j, (j=1,2,--). We assume that a
speech packet is created at the voice station
and transferred into that station’s buffer at
t, If the station is in the talk state at ty
and t; the amount of speech collected will be
sufficient to make a complete packet. If the
station is silent at t;; and t; no speech pack-
et is made. Otherwise. a partial packet is
created with which a full packet is made by
filling in its silent period. The packet assem-
bled during frame (f1) is transmitted in
frame J

Every voice station maintains three vari-
ables: COUNT, ORDER, and M,. If a voice
station wishes communication, it should
obtain a voice slot. To obtain it, the caller
must successfully broadcast a call request
packet during the data region. If the call
request packet is successfully transmitted,
then it increments COUNT by one, which
denotes the number of calls in the system
(that is, the number of active users), and
sets ORDER to COUNT where ORDER repre-
sents its position in the voice region of a
frame. As a result, it obtains a voice slot of
number ORDER. If the call request packet is
not successfully transmitted, it canot obtain a
voice slot. A new frame always begins every
F solts. Whenever a new frame starts, every
active voice station sets its variable M; to
ORDER. and then decrements M; by one
everytime it detects an EOC. It also counts
the number of voice slots of size T. When M,

equals one, the station transmits its voice

packet following that EOC if it has a voice
packet to transmit, or sends a burst carrier
following that EQOC if it is in the silent state.
However, it does not transmit a voice packet
which will be lost when the number of voice
slots transmitted of size T is greater than K.
When more than K voice stations are ready to
transmit packets in a frame, only K stations
whose ORDER values are smaller than the
others can transmit packet. Then, stations
whose ORDER values are greater than K sta-
tions having transmitted packets will lose
their chances to transmit packets. resulting
in packet losses and consequent clipping of
corresponding speech. If the station wishes to
stop communication, a call clear packet in
which its ORDER value must be contained
should be successfully broadcast. If a call
clear packet is successfully transmitted, it
decrements its COUNT by one, and sets its
ORDER and M, to zero, and then the connec-
tion is cleared.

verytime call request packets broadcast by
other stations are received, every voice sta-
tion increments its COUNT by one. Similarly,
whenever call clear packets broadcast by
other stations are received. every voice sta-
tion decrements its COUNT by one. If the
ORDER value of received call clear packet is
less than its ORDER value, the station also
decrements its ORDER value by one, so that
its position number in a frame decreases as
calls with lower position numbers terminate.
It should be noted that all stations should
update their variable COUNT whether they
set up their calls(that is, virtual circuits) or
not.

Initialization is performed in the following
manner. The value COUNT=0 means that
there is no voice call, so the channel is used

by data users only. If a voice station wants
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communication and its COUNT value is zero,
then it broadcasts a call request packet. If it
is successfully transmitted. then it sets its
COUNT, ORDER. and M, to one. and senses
the channel. If the channel is sensed idle, it
transmits its voice packet. Otherwise, it per-
sists and transmits its voice packet at the
EOC. In that way. a new frame is construct-
ed. The voice station whose ORDER value is
equal to one is identified as a head station. A
head station should sense the channel every F
slots after its transmission whether it has a
packet or not. When the channel is sensed
busy. a data packet is being transmitted on
the channel, so it waits until the channel is
idle. Thus the frame size is variable in dura-
tion between F and F+1 slots where the slot
size is T. When the head station wants to
terminate its communication, it broadcasts a
call clear packet. Then the station whose
ORDER value is equal to 2 becomes a head
station. Every station can know the start of
the frame by its timer since the next frame
starts at least I slots after the start of the

current frame.

C. Data Station Protocol

The data region is the frame time remain-
ing after the voice region and delimited by
one idle minislot. The protocol operating in
this region is the random token protocol and
is used for transmitting both data and callre-
lated packets. We assume that there are N,
data stations and that each station has a sin-
gle buffer. Arrivals at a station are assumed
to occur according to a Poisson process with
rate A when its buffer is empty.

Let r be the maximum end-to-end propaga-
tion delay in the network and the time is
slotted with the duartion of 7. For conve-

nience of analysis. we shall assume that sta-
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tions are synchronized to slot boundaries. We
define a scheduling period(SP) which begins
at the end of a transmission to be an interval
of time dedicated to channel access resolu-
tion. In the scheduling period, each station
waits for a period equivalent to a scheduling
delay prior to attempting transmission. At
the beginning of a scheduling period, each
station calculates the scheduling delay k slots
where k~ Uniform(1---M-1]eI.

1) If. following this delay, the station has
a packet for transmission and finds the chan-
nel idle, it transmits the packet.

2) If the channel is found busy. the user
reschedules its transmission to the next
scheduling period(that is, the user waits until
the channel is idle and repeats step 2).

3) If. on the other hand, the station senses
the channel idle for a period of(M-1) slots
following the transmission, the system enters
s contention period, no schcduling delay is
calculated so that stations at which a paket
arrives will transmit at the beginning of the
next slot boundary. Since the transmission of
a voice packet always begins at EOC, we can
say that the scheduling points of voice sta-
tions are always 0. For data stations. the ‘
scheduling points have the value larger than
0. and therefore, there is at least one idle
minislot after EOC for data transmission,
which delimits the voice and data regions in
a frame. In other words, we can say that
voice stations have a priority over data sta-
tions. Hence the analysis of data can be done
by assuming that two priority classes exist in

the system.

. ANALYSIS

A. Voice
We model a speech source by the three-state
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Markov process shown in Fig. 2, based on
statistical measurements®. In the idle state,
no conversation takes place, but the source
becomes active when its call request packet is
successfully broadcast. Then the active source
alternates between the talk and the silent
states, and the active source becomes idle
when its clear request packet is success—
fully broadcast.

In our analysis, we assume that N, voice
stations are continually active. The time
interval spent in the talk and silent states is
exponentially distributed with mean 1/2 and
1/#. respectively. For our model we will use
1/a =1.5s and 1/# =2.25s which are typical val-~
ues estimated by experiments™. Thus the
speech activity is #/(u+a)=0.4,

Each voice station has a vocoder which digi~
tizes speech at a rate of R bits/s. Silent peri-
ods in speech are suppressed. Each voice sta-~
tion can transmit only one packet in a frame
and the duration of a frame is less than the
maximum tolerable speech delay which is
about 300ms for natural speech. We assume
that over the duration of a frame. and active
voice station makes at most one transition
between its talk and silent states, and there-
fore we assume that short talkspurts are
ignored and short silent periods are filled-in.

-

Fig. 2. Three-state speech source model.

Let X be the packet length in bits, W be
the channel bandwidth in bits/s, and f the
length of a frame in seconds where the actual
length of a frame varies between f and f+
X/W. Then we have

X = Rf. (1)

A constraint on the choice of X, and,
hence, on f is the maximum delay tolerable
by speech signals "”. The voice station whose
packets suffer the longest delay is the station
of the last slot of the voice region. Actually,
the speech samples in that packet were col-
lected at the beginning of the previous
frame, which means they have alreay been
delayed by f s at the beginning of the cur-
rent frame. If K = F, then the frame can be
completely used by voice stations, implying
that the voice user using the last slot in a
frame waits for a period of f from the start
of the frame. Thus, the maximum delay suf-
fered by speech is 2f, ignoring the propaga-
tion delay and the variance of frame length.
Therefore, the condition f<D,,,/2 where D,,,
is the maximum delay tolerable by speech
excluding the propagation delay. Then we
require that

X< DpaxR/2. (2)

We denote by t; the instant when frame jis
generated by the head station. Let n; be the
number of voice stations that will have pack-
ets for transmission in frame j We assume
that all voice stations are independent. Since
n; depends only on n;, the sequence {n; j=
1,2~} forms an imbedded Markov chain.

Since the voice stations are independent,

7" can also be determined "” by

T 0=y C 212 (3)
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where =0,---, N, ,;C;= NI and z = #/(p+a) Since the voice region of a frame consists of

(-pljr-
is the probability that a voice station is in
the talk state at an arbitrary instant.

When the maximum number of voice slots
in a frame K is larger than N,, all the voice
successfully transmitted.

packets are

However, when K is less than N,. voice clip-
ping at some voice stations occurs if the num-
ber of active sations in the talk state is

greater than K. Thus we have

P 0 if N, <K

clipping =

NV
PRI il N, >K.
n=K+1
When there are n active users in the talk
state where n<K, then there are(N,~n) active
and thus(N,-n)y

minislots are wasted. Thus the fraction of

users in the silent state.

wasted bandwidth of the voice region. W,. is

continuous voice slots. we can regard the
voice region as a long data packet, whose
arrivals take place regularly. Note that the
voice region begins in the contention period or
following an EOC. and that there is at least
one idle minislot following an EOC for data
transmission. Therefore, we can say that the
integrated voice/data system is like a system
using the prioritized random token protocol
where a voice region has priority over data
packets. In terms of the random token proto-
col, a voice region(i.e., a long data packet)
has its scheduling point which is equal to 0
with probability one while data stations have
scheduling points between 1 and M-1.

We assume that there are N, active voice
stations in the talk state and that there is no
N,<K. Let T, be the

length of the voice region. Let N be the num-

voice clipping. i.e..

given by ber of active voice users in the talk state at
N the beginning time of a frame. Assume that
v N, —
W, = Zf(—ny—-——n:” if N, <K N=n. Then, we have T;=nT+(N,~n)y. We con-
A nT+ N, ~n)y ) . )
sider a finite population model, in which
K -
E_SN"_")Y_,“(V) there are one user of voice whose packet
Lo T+ (N, —n)Y .
| (5) length is T, and N, users of data, where the
i N ™. —K) voice user has high priority. Let C be the
i 4 v Y V) I . . . . A
Pt =TT o T it N, >K. durat f coll islots for data.
L n:%‘*i KT +(N, -K)y uration of collisions In minislots for data
Let S; be the average data channel through-
B. Data put defined as the fraction of channel time of
/ f+s
>0 nwp 0= n =0 =0 =g n >0 n:()
vorce || ‘ : L VOICE [—] i . VOICE
T e T N I
FRAMED - 1) FRAME{) FRAME{r + 1)
Fig. 3. Activity on the channel showing voice and data subframes.
1638
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a successful transmission and D be the aver-
age packet delay defined as the time between
the arrival of a packet and the reception of it
by a destination.

We construct a semi-Markov model by
observing the system at the end of a trans-
mission. Let n(t) represent the numbers of
backlogged data users in the system at time
t. Then we define the state of the system at
t. as (n(t,)) where t, denotes the time of EOC
at which there is no voice user. The activity on
the channel is depicted in Fig. 3. Let {£"}" 1w
be the sequence of EOC's such that there is
no voice user in the system at t,”. Let P be
the transition probability matrix for each

class. The steady-state distributions 1 = {m”

) )]
n.lm)‘ ...',,Ndm }. where m,

is the steady-state
probability of finding k packets at the end of
a transmission, are obtained by solving a set

of linear equations

Nd
MP=1 and Y rP'=1 (6)
k=0

In order to get the steady-state distribu-
tions I, we should first obtain the transition
probability matrix P={P;} where Pj; is the
probability of transition from state i to state
j Before we obtain P, we define some compo-
nents of P; and calculate them.

Let F be the frame length in minislots.
Then a voice region begins every F minislots,
i.e.. the voice packet of size T arrives every
F minislots. Thus the arrival of voice packets
is uniformly distributed between 0 and F.
Hence the arrival probability process of a
voice packet during x minislots, given that

there are i voice packets(i=0,1), is given by
)= (Y (1= Ey =
o;(x) (F) Q F) ,  i=0,1. )

Let g ;(x) be the probability of k arrivals

in x minislots, given that there are i data
packets in the system. Using the binomial
distribution. we get

Ny=i-k

8

Let ¢, be the probability that none of the i
packets given at EOC is scheduled at schedul-

Qi (=N, Co(l-e ) (e ™)

ing points 1,---,t-1, and B, . be the probability
that none of the k packet arrivals which
occurred during the time interval between the
beginning of the scheduling period (=EOC)
and t, is scheduled at scheduling points
1., t-1. From(18), a;, and B, are given by

-1
o, = (1-772‘) . lzeeM (9)

-1 ~dm
l-e 1
1- [ S
(- T

met 1€

it

Bes 2<t <M~1

1, t=1

where M, = M-M,.

We also define B, as the probability that
none of the k packet arrivals is scheduled at
scheduling points 1t with the same condi-

tion of A ,. Then. 8, is given by

] e p=hm
B =(-y iz Ly

Sl ™ M,

I<t <M -1, (1

With these probabilities, let P(ESP=t| i k)
be the conditional probability that ¢t is the
earliest scheduling point(ESP) at which there
is at least one packet ready for transmission,
given that there were [ packets at the begin-
ning of the scheduling period and k arrivals
occurred during the time interval between the
beginning of the scheduling period and t.
From ™, P(ESP=t| i k) is given by

P(ESP=t ‘ j,k)=ai.t ¢ :Bk,t-ai,ul N ﬂk,t,- 1_<_65M_1 (12)

We now define the conditional probability

of a successful transmission, S;(t,k), with the

1639
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following three conditions:

1) There are i packets in the system at the
beginning of the scheduling period.

2) During the time interval between the
beginning of the scheduling period and
t. k packets arrived.

3) The earliest scheduling point at which at
least one packet ready for transmission is
t.

Then, it is given by

1 . ] .
.C]‘F‘ui—l.m'ﬁt,, +kcl‘m'ﬂ.,:+1'ﬁk~1.r
S.(k) = -

P(ESP=1 11 k)

13
1<t<M-1.

Finally we define AR(k, k,;} as the condi-
tional probability that k; and k, arrivals of
voice and data packets, respectively. occur in
the cycle prior to a transmission which is ini-
tiated in the contention period. AR(k,. k;) is
given by

AR (ky ko) = 0 (M~1)qx oM =1)Be a1

4, (1) qejo( 1)
+ M =1y qoo(D) T
0,0

(14)
(0<k, <1, 0<k;SNy).

With the above conditional probabilites we
can get the transition probability P;. Consider
first the case n(t,”)=i*0. Note that the
imbedded points are EOC's at which there is
no voice packet in the system. Thus the EOC
at which the transmission of a voice packet
ends is not an imbedded point. The time
elapsed between t,” and ¢,"" consists of a
data transmission or data plus voice transmis-
sions as we can see in Fig. 3. Let t,” be the
time of the first EOC following te(r) and L,
the time duration between ¢, and t.”" given

that there is m voice packets(m=0.1) at t,’,

1640

i.e.. Lp=t/""-t,”. Apparently L0 and L=T,.

Then we have

Py =0, i#0, j<i-1

Na=ipr I

2 X @i OPESP= i )Y (S, ¢ ko +T +1)

k=0i=M, m=0

"G5 ke ,.k(T+1+Lm)+(l_Sj(t,k)) ‘ ”m(t+C+1)
“Qpig ek (CH1+ L)), i#0,7 >i-1. {13

Consider now the case n(t,”)=0. At t,”, a
contention period can start. If arrivals of
data packets occur before their respective
scheduling points during M-1 slots in the
scheduling period. a contention period does
not begin. Otherwise, a contention begins.

The transition probability that there are j,
voice packets and j , data packets at t.,

given n(t,”)=0, is given by

le[n(te’):jz 1 n(te”))=0

J2 M-1

=Y Y quolt)PESP=1 104)[Se(t k)

£<0=M
s T+ 0 1+ T +1)+(1

= Sot k) aa (C +1)0; (4 +C + 1))
+AR (1,0)'q,-2,0(T, + 1)~8/-I_0+AR (0,1)

'OII(T + 1)-q,1_1(T +1)
Na
+ > AR (0k )0, (C +1)q; 4 4(C+1)
N, k=2 (16)

+ 3 AR(LA)q; 4 x(C + 138 00 0<j,<1, 0<jpsN,.
k=l

Thus Py is given by
Py = Pyln(t,’) = jl n(t,")=0) an
;
+ 3P (e, )=k Ln @) =0) g, (T + 1),
£=0
O<j <N,
Thus, the transition P consists of "® and
an
Now we get the throughput and the delay.

Since we have assumed that there are N=n
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active voice users in the talk state at the
beginning of a frame, we get the conditional
throughput Sg(n) and delay D(n). Let L and
P, denote the average cycle length and the
probabilty of a successful transmission,
respectively. Then, from the theory of regen-

erative process, Sy(n) is calculated as

T-P,
S4(n) = s it

Also, let B and I\—fH denote the expected sum
of the backlog over all minislots in a cycle
and the average channel backlog, respective-
ly. Then we have

= 19

oyl

Then we can obtain D{(n) from Little's for-

mula as

Ny

S0y @0

D(n) =

In order to get Sy(n), we should obtain L
and P,. Let L; denote the length of a cycle
beginning with i packets in the system. For
00,L; is given by

Ny=i gy
E Z gy (1YP(ESP=¢ 1] k) Z {S; (1 .k)
k"Ol—Ml m=0

~a (t+T+1) - (b+T+1+L,) +(1-Sit, k)

s (t+CH1) - (t+CHI+ L)), )]

For i=0. we let Ly=R;+R, where R, gives the
average cycle length if the contention period
does not begin. R, gives the average cycle
length when a contention period starts. The
calculations of R, and R, are given in
Appendix. Then the average cycle length is
given by

Ny
[ = D).
L= Eon, L;. @

The probability of a successful transmission
is given by

Nyigg

Ny
SRS T qu 0P ESP=1 114)S,0.4)
i=0

k=0 (=M

Y. AR0.1) @3

Consequently, the conditional throughput is
obtained by substituting (22) and (23) in
(18).

To compute B we define Qx(x) be the
expected sum of backlogs over all slots in a
period of x slots, given that there are k
packets in the system at the beginning of
that period. It is given by

N~k
Qex) 2 T T k+i)gi (1) ®)

i=0 =

Using @Qi(x) and decomposing into states =0

and o, we obtain

Ny=ip-1

B = Zn“”l Y Y ()P ESP=11ik)(k+it
k“)"Ml
1
+ Y S k)YO (4T +1)Qu i (T+1+L,,)
m=0
+(1=5; (X)) O (1 +C + 1104 i (C +14+L,)1) )

+7§7 AR (1,0)Qo(T + 1)+ AR (O.1) i G (T+1)

QuT +1+L,)+ ZAR(ox) 2 0 (C +1)Q:(C

k=2 m=0
+1+L,)
Nd
+ Y AR(1LE)YQu(C+1+L))] . 25

k=]

Thus we can obtain the average channel
backlog 1\74. and thus the average packet

“  Removing the condition on n,

delay from
we have the throughput and the delay as fol-

lows.
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Fig. 5. Probability of voice clipping for various number of voice users (R=64 kbits/s).
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V. NUMERICAL RESULTS

In this section, we present numerical
results to illustrate the characteristics of our
proposed voice/data integration protocol with
various system parameters. For voice perfor-
mance, we get the clipping probability and
the fraction of wasted bandwidth in the voice
region. For data performance, we get the
delay-throughput characteristics for various
configurations. We also present simulation
results to verify our analysis.

We choose D_,,=100 ms and R=64 kbits/s.
Then we get X<3200 bits from . Thus, we
let X=1000 bits. Then we have f=15.62 ms
from . Since the packet transmission time is
T=X/W=0.5 ms if we have W=2 Mbits/s, then
we get 31 slots of size T in a frame. For
W=10 Mbits/s, we have 156 slots in a frame.
In Fig. 4, we show the clipping probability as
a function of K. For W=2 Mbits/s. we have
N,=20 and 30, and for W=10 Mbits/s, we have

N,=100 and 200. We can see that the clipping
probability is a decreasing function of K as
expected. It is obvious that the more voice
slots exist, the less clipping occurs.

In Fig. 5. we show the clipping probability
as a function of N,. For W=2 Mbits/s. we set
K=10. 20, and 25, and for W=10 Mbits/s, we
set K=50, 80, and 100. We can see that the
more active users exist, the more clipping
occurs. For the quality of voice signal, we
require that Peipping<0.005. For Pgjippin=0.005,
we have N,=20, 40, and 50, with K=10, 20,
and 25, respectively, for W=2 Mbits/s. Thus,
we can say that the number of active users
for the good quality of voice signal is about
twice the maximum number of voice slots in
a frame. Therefore, 2K calls can be accepted
for good voice communication. We can see
this is also true for W=10 Mbits/s.

In Fig. 6, we show the fraction of wasted
bandwidth in a voice region as a function of

N,. In our protocol, the stations in the silent

0l

....... W= 2 Libifs

0.08 ——— W =10 Mbits/s

0.04

0.02

FRACTION OF WASTED BANDWIDTH o)

50 100

150 200 250

NUMBER OF VOICE USERS (¥,)

Fig. 6. Fraction of wasted bandwidth of voice region (R=64 kbits/s).
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state transmit burst carriers for ¥ minislots
to maintain the synchronization between
active voice stations. Thus, some bandwidth
is wasted due to this burst carrier. We set
K=10, 20. and 50 for W=2 Mbits/s. and set
K=50, 100. and 125 for W=10 Mbits/s. We can
see that W, slightly increases as N, increases
when N, is less than 2K. However, W, is an
increasing function of N, when N,=22K. This
is because the more stations send burst carri-
ers when N,>2K. We can also see that the
wasted bandwidth is below 2 percent for W=2
Mbits/s and below 4 percent for W=10 Mbits/s
when we have N,=2K. Thus. we can say that
as more stations become active for communi-
cation, the more bandwidth is wasted and the
more clipping occurs. Therefore, there exists
an optimal number of active voice stations for
a given system configuration., and we can say
that the optimal number of active voice sta-
tions is about 2K.

We now consider the data performance. In

Fig. 7. we plot the average delay of data
packets versus the total throughput(S,.;) with
N,=20, NF10, W=2 Mbits/s, K=10, and M= 3,
6, 10, and, 12. We find that 20 voice stations
consume about 25 percent of the channel
capacity. From light to mid loads, the data
delay is less than 3 slots. We also find that
the maximum throughput that can be
achieved is almost unity. We can see that
there is little difference among four curves in
Fig. 7 although the value of M=3 gives the
best performance. Thus, we can say that the
performance is less sensitive to M in the
voice/data integration protocol than in the
random token protocol.

In Fig. 8, we plot the average delay of data
packets versus the total throughput(S,.s) with
N#10, W=2 Mbits/s, K=30, M=3, and N,=2.
20, 30, and 40. We can see that the perfor-
mance becomes better as the number of active
voice stations decreases. For very small value

of N,. it is almost like the case where only

L ew e e SIMULATION

DELAY(in number of T)

1 - L i

1 1

02 0.4

THROUGHPUT(S

0.6 0.8 1.0

th)

Fig. 7. Average delay versus total throughput (S..;) with various of M (R=64 Kbits/s. W=2 Mbits/s, N,=20. N=10. K=10).
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Fig. 8. Average delay versus total throughput(S,.4) with various values of N, (R=64 Kbits/s, W=2 Mbits/s,
NF10, K=30, M=3).
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Fig. 9. Average delay versus total throughput(S,.y) with various values of N, (R=64 Kbits/s, W=2 Mbits/s.
W=2Mbits/s. N,=30. K=20, M=3).
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Fig. 10. Average delay versus total throughput(S,.,) with various values of W (R=64 Kbits/s, N,=30,

NF10, K=30, M=3).

data users are in the network. As N, increas-
es, the voice throughput increases. and thus
the data delay increases. The reason why the
starting point of each curve in Fig. 8 is dif-
ferent is that the voice throughput is differ-
ent from each other.

In Fig.9. we present the average delay of
data packets versus the total throughput(S,.,)
with N,=30, W=2 Mbits/s. K=20, M=3. and
Ng5, 10, and 16. We can see that the perfor-
mance becomes better as less data users are
in the network. Finally. in IFig. 10, we show
the average delay of data packets versus the
total throughput(S,.,) to illustrate the effect
of changing the channel bandwidth. We have
N,=30, NF10, K=30. M=3, and W=2. 5 and 10
Mbits/s. We find that as W is increased, the
fraction of the channel bandwidth used by
voice drops since the number of voice calls is
fixed. With increasing W. we also find that

the data delay decreases since the data region

1646

becomes longer. Hovever, we can see that the
maximum achievable throughput decreases as
the channel bandwidth increases. This is

characteristics of a broadcast bus network.

V. CONCLUSIONS

We have proposed and studied a voice/data
integration protocol based on the random
token protocol. We used a framed architec-
ture with variable length and a movable
boundary scheme. A TDMA-like service is
provided for voice traffic while data traffic is
served via the random token protocol. By a
suitable choice of the maximum size of a
voice region in a frame, we found that the
fraction of speech loss can be maintained
under a specified maximum. We also deter-
mined the fraction of wasted bandwidth due
to the protocol and found that the channel

could be operated at a throughput close to
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unity. For data performance, we obtained the
delay throughput characteristics analytically
for various system parameters. Further, we
gave simulation results for validation. We
found that the protocol is robust and fair to
data packets, requires little overhead to
implement, and the voice performance is not
affected by data traffic. The protocol also
incorporates minimal network information
and requires only limited synchronization like
random access schemes, and therefore it is
suitable for local area networks and mobile

radio networks.

APPENDIX

Here, we calculate the components of the
average cycle length, E; and R, in the case
that the cycle begins with zero numer of

packets of each respective class.

Na M1 1
Ry=3 3 quolt)yP(ESP=110k) Y [Solt k)0,
£=015M m=0

AT+ +T + 1+L,) +(1 =860 L))o, (¢ +C

+(+C+1+L,)]
(A1)
Su{1)go0(1)
1-ay(1)qon(l)

ag(1)q,0(1)
F=og(1)q00(1)

Ry= ay(M-1)qodM~1)[M -1+

. o1 (1)qon(l) el +
—r + 1)
1-0o(1)qou(l)

1
3 o T+ +1+L,)

m=0

a1 (1= qoo(D)—q,0010) &
I=oulqon 2 0m(CHD(C+]

o(1)-(1 - qo0(1))
1-0(1)qo0(l)

tLn) + (C+1+L))]

+qooM ~1)ya (M ~1)(M +T)+co(M -D)gq, oM
1B

1 Ny
2 O T+ M T +L,)+ 3 g oM -1)By o
m=0 . k=2

1
Y A (CH+) (M +C+L))+o(M-1)
m =0

N

d
Y qoM =By (M +CHL))
k=t

(A.2)
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