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Fasnet is a high-speed local area network with a pair of unidirectional
communication channels. While individual stations control their own access
to the medium, global scheduling of the medium for various types of traffic is
controlled centrally. Centralized scheduling permits a slot to be endowed with
a type, so it is feasible to integrate synchronous and asynchronous traffic
services on Fasnet. In this paper we describe a policy for admitting new voice
calls into the system and an approximate analysis of the queueing behaviour
of data packets in an integrated voice and data services environment. Queueing
behaviour can also be studied by means of simulation, which is, however, an
expensive undertaking, particularly at high transmission rates, for example,
at 100 Mb/s, The approximate method described in this paper allows the
performance evaluation for high-speed local area networks.

I. INTRODUCTION

Packet-switching technology has enhanced the potential for com­
plete integration of different types oftraffic on a common transmission
facility, more particularly within a local environment where signal
propagation delays are relatively small. Over the past decade a number
of papers have been published on the integration of voice and data.l"

We will address the problem of integrated voice and data services
using a specific local area network (LAN), Fasnet," as the backbone
support. The techniques explored and evaluated here would carryover
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to other related systems (e.g., certain implicit token-passing systems
and some ring networks) with small modifications.

Fasnet is a dual-channel, packet-switched LAN. Channel time is
partitioned into contiguous slots, each of a duration long enough to
transmit one packet of data plus the necessary overhead to allow for
access control, addressing, error checking, etc. A voice source, engaged
in a conversation, may be silent (either listening to the other party in
the conversation or in a short pause between speech spurts) or active
(producing a speech spurt). An active voice source is partitioned into
segments, each of length T seconds. Each segment of voice is mapped
into one information packet. The length of an information packet is
thus determined by the code rate of the incoming voice source and the
transmission rate of Fasnet. To maintain voice continuity, it is nec­
essary to transmit one voice packet of the same source every T seconds.
From the LAN's point of view, to maintain an approximate continuous
service, it must offer service to voice once every T seconds. The initial
portion of the T-second interval will be devoted to serving voice calls.
The interval T between consecutive starts of voice service will be
referred to as a service cycle. The service cycle period can be expressed
in terms of the number of slots, and it is conceivable that the number
of voice sources connected to Fasnet is larger than the number of slots
in one service cycle. Obviously, the system cannot accommodate more
simultaneously "active" voice source than the number of slots available
in one service cycle without degrading the signal in some way; some
kind of admission control needs to be exercised.

In this paper we assume that a station may be handling voice, data,
or both. If we consider voice only, a station that is not in a voice
session will be referred to as idle. A nonidle station producing a speech
spurt (talk spurt) will be referred to as active; it will be referred to as
silent if its voice session is in a silent condition.

From an operational point of view, calls already in progress, whether
they be in a talk spurt or in a silent interval, must be guaranteed
channel time when needed. Since data can be buffered and voice needs
continuity, voice will be given a higher priority than data. New calls
that are not admitted will be blocked. In the event that a subscriber
is blocked, an appropriate tone (short busy) is returned to the sub­
scriber and he/she would try again at a later time. (Of course a
satisfactory system design would provide sufficient channel capacity
that such an event would occur with no more than a prespecified
probability.) On the other hand, unused voice capacity is available to
data traffic until there is an increase in voice traffic. In this paper we
propose an admission policy for new calls under the constraint that
ongoing sessions are guaranteed channel access and that the average
number of active voice calls is controlled to within a small neighbour-
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hood of the target operating value, n; (Due to statistical variations
in the number of active voice calls and the fact that ongoing voice
sessions cannot be dropped, the mean number of active voice calls can
only be controlled to within a neighbourhood of Nt.) We evaluate the
performance of data under this admission policy. An alternative strat­
egy has been explored in Ref. 10, in which data traffic is guaranteed a
minimum capacity. Voice stations returning from the silent state to
the active state are not guaranteed a voice slot, and clipping of a
speech spurt can occur as experienced in an overloaded Time Assign­
ment Speech Interpolation (TASI) system." The maximum voice load
is thus determined by the amount of clipping that may be tolerated.
The study showed that, in the distributed environment of the LAN,
performance approached very closely that of an ideal TASI system.

The priority admission mechanism and the data queueing behaviour
in Fasnet are similar to those in Welnet.8 The difference lies in the
media access control, the network architecture, and the method of
switching from one traffic type to another. In Fasnet, a "dead time",
referred to as a sojourn time, usually accompanies switching from one
type of service to another. In Welnet, provided the packet transmission
time is greater than the propagation delay, there is no dead time due
to switching of traffic type. Otherwise, the service disciplines of Fasnet
and Welnet are similar.

Allowing voice sessions to capture the channel when needed will
cause the service rate for data to fall below the data arrival rate during
some epochs when the system is heavily loaded with voice and data.
When such an event takes place, the traffic intensity, defined as the
ratio of data arrival rate to service rate, will temporarily exceed unity.
In this mode of operation, the aggregate data queue will experience a
sustained growth with a nonstationary distribution, and the queueing
process will be temporarily unstable. An approximate analysis method,
based on a periodic switching single-server model and the fluid ap­
proximation method.F was developed in Ref. 8 to analyze the data
queueing behaviour for integrated voice and data services on Welnet.
The approximate analysis method involves a decomposition of the
queueing process into stationary and nonstationary queues and a
determination of the mean queue contribution from each of the oper­
ational modes. With a suitable modification to account for the sojourn
time, the approximate analysis method developed in Ref. 8 is used to
analyze the data queueing behaviour for integrated voice and data
services on Fasnet,

This paper is organized as follows: Section II briefly describes the
Fasnet architecture, which includes a description of the frame format
of a Fasnet slot and the concept of a voice cycle. Section IIIdiscusses
the evolution of the state equation for voice, which leads to the
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proposal of an ad hoc admission policy for new calls in Section IV.
Fasnet provides centralized control of classes of traffic, where a class
may be a traffic type, a priority, or some combination. However, access
by individual stations is a distributed function, being determined by
the station itself. It is important to assure that the centralized control
is implemented in such a way that service to each traffic type remains
fair. (We define a fair system as one in which all active stations have
an equal chance to access the common channel.) In Section V we
evaluate the performance of data for a "fair" Fasnet, under the new
voice admission policy introduced in Section IV and the constraint
that ongoing voice calls are guaranteed service.

II. FASNET ARCHITECTURE

Fasnet uses two channels with unidirectional signal propagation in
each." The first station (the head station in Fig. la) in each channel
exercises centralized access control. In the event the first station
malfunctions, the second station senses the lack of timing information
and assumes the role of the first station. Since there is complete
symmetry in the two channels, we will consider the information flow
in one of them only.

Each channel has M taps, each of which supports a signal processor
that handles both transmit and receive functions. The processor will
be referred to as a station. Each station will support a number of user
machines or processes. The first station permits access to each class
by issuing a slot of a given type. A new class of traffic may be admitted

FORWARD PATH (CONTROL IN SAND B SUBFIELDSI

REVERSE PATH (CONTROL IN E SUBFIELD)

(a)

~ I
I ~~ I Ir--- FIELD ---!------INFORMATION FIELD------,

1.------------ -SLOT LENGTH-- - - - --------1
(b)

Fig.l-Fasnet: (a) topology; (b) frame format.

310 TECHNICAL JOURNAL, FEBRUARY 1984



by sending a request to the first station, which, in turn, upgrades its
traffic classification to accommodate the new class.

2.1 Fasnet frame format

Channel time is divided into slots, each of a duration sufficiently
long to transmit an information packet plus control, addressing, and
cyclic redundancy checking information. A Fasnet slot comprises an
access field and an information field in a manner depicted in Fig. l.
The access field is endowed with an S (Start), an E (End), and a B
(Busy) subfield. The S subfield contains a code that designates the
start of a sequence of slots of a particular traffic type. The B subfield
is a single-bit subfield that indicates whether the information field is
full or empty. Individual stations have the capability to read and write
into the B bit. Guard times on either side of the B subfield allow for
the read and write deliberations. As shown in Fig. 1, the contents of
the information field are under the control of the individual stations.
A slot is initiated with an empty information field and the content of
the B subfield is a "O".IfB = "I", the slot is busy; ifB = "0", the slot
is free. Stations can only write into free slots of the correct type.

2.2 Channel occupancy

Let r in b/s be the code rate of a voice source, R in b/s be the
network transmission rate, and H be the number of overhead bits. H
includes the access field, the source/destination addresses, control,
and Cyclic Redundancy Check (CRC). Then, the slot length in bits is
given by

F = H + rT bits/slot. (1)

(2)

The number of bits transmitted by the system in T seconds is RT,
and the number of bits in an information packet is rT. The voice cycle
length, L, in slots, is then

RT
L = H + rT slots.

Let C = 1 be the normalized channel capacity, i.e., the channel can
be utilized to transmit at most one packet per slot. Since a slot is
longer than the time necessary to transmit one information packet,
the maximum channel occupany, Um ax , is

rT
Um ax == H + rT slots.

The capacity required to coordinate packet transmission, C., is

(3)

C, == C - Um ax • (4)
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2.3 Code designations of priority scheduling

A voice cycle repeats every L slots. All admitted voice sessions are
guaranteed one slot per voice cycle. It is expected that the number of
slots taken by voice calls during any voice cycle will be less than L
slots so that there will be slots available for data transmissions on a
per-cycle basis. The concept of a voice cycle is depicted in Fig. 2, with
a single slot expanded to emphasize the characteristics of the access
field. The access field of each slot has three subfields, namely, S, E,
and B. As indicated in Fig. la, the first (or head) station issues slots
in the forward path, and the last (or end) station echoes acknowledg­
ment in the reverse path. The S subfield contains a code word that
designates the traffic type for that slot. The B subfield contains a
token bit to indicate whether the slot is full or empty. The code word
in the S subfield is set by the head station when the slot is issued. The
B bit is to be set by the transmitting station. The end station observes
whether a slot, after traversing the entire channel, is full or empty. If
the slot is empty, then every station with the designated type oftraffic
has transmitted the permitted number of packets. The status of an
empty slot is indicated (by the end station) in the E subfield. The
occurrence of an empty slot signals the end of one type of service and
the start of a new service type. The dead time associated with the
circulation of an empty slot, as indicated to the head station by the
marked E subfield, has been referred to earlier as the sojourn time.

The S subfield, which takes on one of the code words H, G, V, D,
and C, determines the mode ofthe slot. To ensure "fairness", admission

START OF START OF
iTH CYCLE Ii + nTH CYCLE

(j-l)TH 1---------iTH SERVICE CYCLE--------ili+l)TH
CYCLE + CYCLE

.. ·1 I I I.. ·
i-- :~ICE ~LOTS -1 lsoj 1--- DATA SLOTS----I

l .................
I ........
I ' ..... ,
I .... ,
I '
I '"I -,
I <,

I ' ....
I iT~ -, ~LINK
~ ' ....~LAYERI _..-;... <, I

I _-~...:--- ..................:
~ IACCESS
~L- LAYER
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Fig. 2-Service cycle.
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of new voice is carried out in two stages. Upon arrival, a new call
enters the wait state. When the new voice in the wait state sees an H
in the S subfield, it transits to the hold state and ultimately transmits
when a visiting slot is free. The station model for new voice admission
is depicted in Fig. 3. The code words H, G, V, D, and C have the
following connotation:
H is a type designation that allows new voice in the wait state to

transit to the hold state and to start competing for a slot
G allows new voice in the hold state to start competing for a slot
V allows old "active" voice to start competing for a slot

NEW VOICE

SoH

NO

YES

NO SLOT
FREE?

BECOMES OLO VOICE

Fig. 3-New voice admission algorithm.
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D allows "active" data stations to transit from the wait state to the
hold state and to start competing for a slot

C allows active data stations in the hold state to start competing for
a slot.

A data subcycle differs from a voice subcycle. Since a data subcycle
may be interrupted by a voice subcycle, a data subcycle may span
more than one service cycle. The access control code, D, starts a new
data subcycle after all data stations in the wait state have been served
so as to maintain fairness amongst the data stations. There are
basically three types of services, namely, new voice calls, old voice
calls, and data. Both Hand G admit new voice calls, and both D and
C allow data stations to transmit. However, each H (D) slot is issued
at most once per voice (data) subcycle. That is, an H slot is followed
by a string of G slots and a D slot is followed by a string of C slots.
Fig. 4 shows the flowchart for the issuance of slots by the head station
using feedback information, denoted by an asterisk, that arrives from
the end station, after one channel propagation delay. The quantity nj,
determined in Section IV, is the number of new voice calls to be
admitted in the jth admission cycle.

III. EVOLUTION OF 5TATE EQUATION

Consider just the voice subcycle. A station can be either in a voice
session or idle. A voice session can be in a talk spurt or silent. Figure
5 shows the state diagram of a voice source.

Figure 5 depicts the state transitions at the start of the jth service
cycle [or at the completion of the (j - l)th cycle]. The symbols used
have the following notations:

nj-l denotes the number of active voice stations in the (j - l)th
cycle

dj - 1 denotes the number of stations moving to the silent state after
the completion of the (j - l)th cycle

Dj - 1 denotes the number of stations terminating their voice ses­
sions at the completion of the (j - l)th cycle

b, denotes the number of stations moving from the silent to the
active state during the (j - l)th cycle

B, denotes the number of stations with new calls that are admit­
ted in the jth voice cycle

Gj denotes the number of new calls arriving in the jth voice cycle.

Then, the number of calls not accepted in the jth voice cycle is Gj

- B j • The state equation at the beginning of the jth voice cycle is
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Fig. 5-State transition diagram for voice at start of jth service cycle, assuming
deaths occur while in active state.

(5)

Under the access control mechanism described in Section 2.1, ni-i is
the only known quantity in the above equation. (It is possible to obtain
information about Dj - 1 and dj - 1 by the incorporation of a more
complex access control mechanism.) We will describe, in the next
section, an admission policy for new calls under the Fasnet structure
described in Section II and the state development in eq. (5).

IV. NEW VOICE ADMISSION CONTROL

It is desirable to maintain an equilibrium operating state such that
the mean number of active voice sessions (in talk spurt) will be ii ~
Nt, where N; is the target number of active voice sessions. Let N be
the total number of voice sessions to be supported and p be the fraction
of voice sessions that are active. Then, ii = pN. In this paper, we let p
= 0.4, i.e., 40 percent of the time a (nonidle) voice source is in talk
spurt.

Suppose we call each run of identically designated slots, i.e., H, G,
V, D, and C, a sequence denoted by Sx, x E IH, G, V, D, Cl. The
termination of a sequence is detected by the last station whenever it
sees the first empty slot. Before a new sequence of slots can be
initiated, a sojourn time, Jsoj , elapses. Jsoj equals one slot time plus one
round trip propagation delay. (The round trip propagation delay equals
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(c)

(a)

~ ... I EM~TY IEM~TYG·· ·
I.---n;----l----I,oj--- ..J----DATA SUBCYCLE

j " R* P, R = 1, 2, 3, ••.
NO ADMISSION

(b)

~.··IEM~TyfFG •••

1--- NEW VOICE---!--OLD VOICE....J---- I,oj -- --I----DATA

j = R * P, R = 1, 2, 3, .••

Gj ~ nj

j = R * P, 2 = 1, 2, 3, •••

Gj < nj

Fig. 6-Concept of sojourn time in jth cycle.

2· r01 where 0, measured in slots, is the propagation delay in one
direction, if the starts occur at the same instant in each channel, and
the symbol r· 1 denotes the integer greater than or equal to its
argument.)

At the start of a new service cycle, the first station issues a sequence,
Sa, of OJ H- or G-designated slots (see Fig. 4). The number actually
admitted is

(6)

The format of a voice cycle is shown in Fig. 6. A sequence Sy will
follow Sa. If Gj ~ OJ, there will be no sojourn time separating Sa and
Sy. Otherwise, there will be a sojourn time :5Isoj slots separating Sa
and S v, Also note from Fig. 6 that there is at least one sojourn time
between an S» and an Sc sequence within a service cycle, where Sc
denotes a sequence of D or C starts.

Admission of new voice calls is controlled by the design parameter
Nt. Since a cycle time is quite short, it is only necessary to admit new
voice calls once every P cycles. Let /).j be the accumulated number of
calls that left the system since the last admission cycle. Then /).j may
be estimated by
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(7)2l.j = ± ni .'£
i=j-P+l P Th '

where T is the cycle length in seconds, Th is the holding time of a
voice session, and p is the probability that a voice session is in talk
spurt. The value njp is an estimate of the total number of voice
sessions in the system in the jth cycle. On the assumption that, at
steady state, the net movement from silent to talk spurt and vice versa
is zero, the maximum. number of active voice in the jth admission
cycle can be approximated as

(8)

The objective is to drive the system to operate at a point such that
the average number of active voice approximately equals the design
parameter Ni, We propose to compute a running average iij by the
following recursive formula:

iij = 'Yiij-l + (1 - 'Y )nj, (9)

where 'Y, in the range 0 < 'Y < 1, is a constant factor that determines
the relative weighting of the last running average and the current
number of active voice. The constant 'Y also fades the memory of the
recursive process and hence affects the size of the moving average
window. To have a relatively large window, 'Y should only be slightly
less than unity, e.g., 'Y = 0.98. Thus, during start-up, iij will be small.
By the same token, the number admitted is expected to be considerably
larger than the number that leaves the system. Then, during start-up,
the number of new voice already admitted should play an important
role in controlling the admission process. When the system attains an
equilibrium condition, the running average will approximately equal
N, and should assume primary control of the admission process. That
is, at equilibrium, the number admitted should balance the number
that left the system.

Let Cj be the parameter that accounts for the difference between the
number admitted and the number that left. The number admitted in
the past admission cycles should only be remembered until the system
attains steady state, i.e., until iij attains a value close to N«. It is
proposed to compute the control variable Cj by a recursive equation of
the form

(10)

where 0 < 1] < 1 is chosen to fade the memory at an appropriate rate.
1] should be related to the time constant with which the system attains
steady state from start-up. In fact, the combination of (9) and (10)
forms a robust iterative algorithm so that an optimum choice of 1] is
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not critically important. The strategy is to admit new voice calls
whenever iij + c, < Nt. The number to be admitted in the jth cycle is
governed by the equation

OJ = max(O, N, - iij - Cj). (11)

We have run numerous tests of the admission control algorithm
described in this section. In all cases, the system quickly locks onto a
small neighbourhood of the target operating point, Nt. It is noted that
admission control takes effect only when the total number of active
voice exceeds Nc. If the total number of voice calls is fewer than N, so
that the total number of active voice in the system is fewer than Ni,
no admission control would be needed, and all calls would be admitted
into the system.

v. QUEUEING ANALYSIS OF DATA PACKETS

Although the topology and the media access protocol of Fasnet"
differ from those of Welnet," the operational features of the two
systems are similar. That is, each of these two systems has a deter­
ministic media access protocol, which allows for priority scheduling
and a bounded packet delivery time. With appropriate modifications,
the periodic switching model and the mean value approximation
method used in Ref. 8 to analyze the data buffer queueing behaviour
are applicable here. The queueing analysis described below assumes
that the procedure for admitting new voice calls is able to maintain

(a)

•___I I_I1-----+i·G)l---

•

(T, tjl

___11_11-0
(b)

~ SWITCH OPENS EVERY T SECONDS
AND CLOSES tj SECONDS AFTER
SWITCHING OPENING TO START
THE jTH CYCLE

Fig. 7-(a) Single-server model. (b) Periodic switching model.
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the voice service operating at the target value Nt, i.e., the mean number
of active voice in the system approximately equals Nt.

The periodic switching model shown in Fig. 7 opens every T seconds
and closes tj seconds after the opening of the switch at the start of the
jth service cycle. Here, tj is the time needed to serve n, active voice
plus the total (i.e., including also those sojourns occurring in the data
subcycles) sojourn time incurred in the jth service cycle. We have
hitherto used nj to represent the number of active voice calls. Since
each active voice occupies one slot per cycle, in what follows, nj will
also denote the number of slots occupied by voice in the jth cycle.

Let m; denote the number of sojourns in the jth cycle. We then
have

_ (nj + m/soj)T . d
tj - L ' III secon s, (12)

(13)

(14)

(15)

where T, L, and Isoj are as previously defined. The time available for
servicing data packets in the jth cycle is then T - tj seconds or (L ­
n, - m/soj) slots. Since the transmission of each packet requires one
slot time (L - n, - m/soj), data packets can be transmitted in the jth
cycle. We define

L - (nj = k) - mj Isoj k /
Ilk = T pac ets s

to be the service rate available to data in the jth cycle. The mean
service rate is then

L - ii - mIsoj
Ild = T packets/so

Let Ad be the aggregate data arrival rate in packet/so The data utili­
zation, Pd, is defined by

AdT
= -;:---=---::-;0--L - n - mIsoj·

For stable operation, it is required that Pd< 1. For a given total number
of voice calls in the system, N, there is a small probability (caused by
the statistical fluctuation in the number of active voice calls in the jth
cycle) that, in a certainjth cycle, Aj> [(L - (nj = k) - m/soj)]/T and
the system is said to experience temporary overload, where Aj is the
number of arrivals in the jth cycle. Under the fluid approximation
model to be discussed below, we approximate Aj by Ad, the mean arrival
rate, and define the data utilization in the jth cycle by
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Fig. 8-Fluid approximation model for the jth cycle.

AdT
Ph = . (16)

L - (nj = k) - m/soj

Depending on the value of k, Ph can exceed unity.
The mean value, or fluid, approximation method'" is depicted in

Fig. 8, where Nc(v) is the critical number of active voice at which the
service available to data in the fluid approximation model equals the
number of data packets that have arrived in the same cycle. The jth
cycle is on the verge of overload when the combination of voice,
sojourn time, and data is such that the queue at the end is the same
as at the beginning of the jth cycle, i.e., Qj+l = Qj. At this operating
point, the number of active voice is Nc(v). If nj > Nc(v), there is a net
growth in the queue and Qj+l > Qj. The queueing process temporarily
becomes unstable and the system experiences overload. Since the
number of voice in talk spurt obeys a binomial distribution and since
the mean time between transitions from silent to talk spurt, and vice
versa, is long compared to a cycle time (e.g., 1.50 seconds compared to
10 ms), once the system enters an overload state, there is every
likelihood that it will stay in the overload state for many consecutive
service cycles.

To analyze the queueing behaviour, we separate the service cycles
into two sets, a stable set in which the queueing process is stationary
and an overload set in which the queueing process is nonstationary.
In addition, during the interval when the system is servicing voice
only, new data arrivals will have to be scheduled for transmission. Let

VOICE AND DATA ON FASNET 321



ns and no be the sets of stable and overload states, respectively. The
average queue in the system is given by the sum of the contributions
from the stable and overload states and the temporary queueing due
to scheduling:

where

Q(s) = E[Qlk E ns]·Pr(k Ens)

is the contribution from the stable states,

Q(o) = E[Qlk E no]·Pr(k E no)

(17a)

(17b)

(17c)

(18a)

is the contribution from the overload state, and Qsch is mean queue
due to scheduling of the data packets during a service cycle.

An approximate queueing analysis method, based on a decomposi­
tion of stable and overload operational modes, was developed in Ref.
8 for the queueing analysis of integrated voice/data services on Welnet.
Functionally, the media access protocols of Fasnet and Welnet differ
only in that Fasnet may incur a sojourn time whenever a change in
the type of traffic to be served takes place. With the incorporation of
the sojourn time into the analysis model, the method developed in
Ref. 8 can be used to analyze the data queueing behaviour on Fasnet.

When the number of active data stations is small (at light loads),
there will be many data subcycles within one service cycle and consec­
utive data subcycles will be separated by a sojourn time. While the
existence of sojourn time represents a loss of channel capacity, not
every occurrence of a sojourn affects the data queueing process. The
ultimate limit occurs when every data station has packets to be
transmitted (as is likely to happen in an overload state). We define
the mean number of sojourn times per service cycle, which represents
a loss in channel capacity, by

L - ii(o) - tii-L .m= M P sOJ + 1,
• max

where the 1 in the right-hand side of (18a) represents the sojourn
between the end of the voice subcycle and the beginning of the data
subcycle, ii(o) is the mean number of active voice in the overload state,
M is the number of data stations, and Pmax ~ 1 is the maximum
number of packets that an active data station is permitted to send per
data subcycle. A value of Pmax > 1 is beneficial for small M, so that
the mean number of sojourn times in the overload state is a minimum.
For M> L - Nc(u), a value of P m ax = 1 suffices. The expression for
mcan be rearranged to yield
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(18b)
_ L - ii(o) + M·Pmaxm=

M·Pmax + t.;
It can be shown that the mean number of voice while in the overload
state, ii(o), is given by Ref. 8:

N

L in, = k).Pr(nj = k)
ii(o) = _k=_N-,,-c(:....;ul_+_l::-:- _

N

L Pr(nj = k)
k=Nc(ul+l

From Fig. 8, we deduce that

AdT = L - Nc(v) - rnIsoj '

(19)

(20)

That is, when the number of active voice ri, = Nc(v), the number of
packets arrived in the jth cycle equals the number of packets served
in the same cycle. The above equation can be rearranged to yield

Nc(v) = L - AdT - rnIsoj '

Substituting AdT by Pd(L - ii - rnIsoj ) from (20) and rearranging, we
have

Nc(v) = L(1 - Pd) + Pd·ii - rii.Isoj(1 - Pd). (21)

The parameters rii and Nc(v) are related by a set of transcendental
equations. rii and Nc(v) can be computed by the following algorithm:

1. Substitute Nc(v) for ii(o) in (18b) and then combine the result
with (21) to obtain

[L(1 - Pd) + iipd](M.Pmax + Isoj )

Nc(v) = - Isoj(1 - Pd)(L + M.Pmax )

I soj (1 - Pd)(L + M·Pmax )

2. Calculate Nc(v).
3. Using this value of Nc(v), calculate ii(o) by eq, (19).
4. Calculate tii using (18b).
5. Recalculate Nc(v) using (21).

The approximate analysis model developed in Ref. 8 is based on the
fact that the number of active voice obeys a binomial distribution and
that the system (for voice) is at equilibrium when the number of active
voice equals the mean, ii = pN, where p is the probability that a voice
call is in talk spurt and N is the total number of voice calls in the
system. When the number of active voice calls deviates from ii, there
is a tendency for the system to move towards the equilibrium point.
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Define dk to be the net drift toward the equilibrium point. Then, at
any operating point nj = k, the net drift, dk , is given by Ref. 8:

dk = «-Tvtn, = k) - {3.T.(N - (nj = k))lk E 00 slots/cycle, (22)

where a-I and (3-I are, respectively, the mean holding times of a talk
spurt and a silent event and T, as previously defined, is the cycle
length in seconds. With probability Pr[overload] = Pr[k E 00] =
Prjn, > Nc(v)], the system is in the overload state. Once it enters the
overload state, the mean time that the system spends in the overload
state is a function of the net drift dk given by (22). The mean and
second moment of the duration that the system spends in the overload
state is given by Ref. 8:

~ (N - (nj = k))Pr(nj = k)

k=Nc(v)+l dk
7 0 = N

L (N - (nj = k))Pr(nj = k)
k=Nc(v)+1

~ (N - (nj = k))Pr(nj = k)
k=Nc(v)+l a·T.(nj = k) - {3·T·(N - (nj = k))

N
L (N - (nj = k))Pr(nj = k)

k=Nc(v)+1

(23)

and

~ (N - (nj = k))Pr(nj = k)

k=Nc(v)+1 [a· T· (nk = k) - {3. T· (N - (nj = k)W
So = N

L (N - (nj = k))Pr(nj = k)
k=Nc(v)+l

(24)

The coefficient of variation of the duration in the overload state is
then given by

(25)C2 _ So
o = [7

0]2
- 1.

It turns out that Co « 1. This is a consequence of the fact that the
increase in the number of active voice, which drives the data queueing
process into an overload condition, is a slowly fluctuating process.
Thus, the second moment of the overload duration has negligible effect
on the queueing behaviour when the system is in the overload state.

As observed in Ref. 8 and depicted in Fig. 9, a transient state always
follows an overload state. The chain of service cycles depicted in Fig.
9 will be referred to as an "overload/transient" chain. The contribution
to the average queue in the system from an overload/transient chain
is given by the queue in a typical overload/transient chain multiplied
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(26)

by the probability of the occurrence of an overload/transient chain.
The mean duration of the overload portion of the chain depicted in
Fig. 9 is To. The queue growth in the overload state is given by the
difference of the queue size at the ends of consecutive service cycles,
i.e., fj"Qj = Qj+l(V) - Qj(v). The average queue growth per cycle will be
denoted by E[fj"Q]. The average queue growth in an overload state is
then given by an accumulation of the growth per cycle over the
overload duration, i.e.,

f TO 1
L iE[fj"Q],
;=1

where rx 1 denotes the integer part of x + 0.5, plus AdNc(V)P/2R,
which is the average growth in the cycle when the system enters the
transient state. The queue shrinkage will be slightly faster than the
queue growth so that the mean duration in the transient state is
nominally shorter than To. This is due to the fact that the number of
active voice while the system is in the overload state is larger than
that when the system is in the transient state. The average number of
slots available for data per overload cycle is L - ii(o) - m.l.oj; that
per transient cycle is L - ii(t) - m.l.oj, where ii(o) and ii(t) are the
mean number of active voice in the overload and transient states,
respectively. ii(o) is given by (19), and ii(t) -sNc(v). For convenience,
we approximate ii(t) by Nc(v) and define

h = L - ii(o) - m.l.oj -s 1
L - Nc(v) - m.l.oj

to be the fractional contribution from the transient portion to the
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queue size in an overload/transient chain. Then, the number of packets
in an average overload/transient chain is given by Ref. 8:

E[QI kEno]

= (1 + h) {r T O1,( r
2

T O 1 + 1) E[LlQ] + Ad'~~)'P},

where

(27)

(28)

is the average queue growth per cycle when the system is in an overload
state. The average queue contribution from the overload/transient
chain is then given by

(2(0) = E[Qlk E no]·Pr[k E no]'

The stationary contribution can be written as
Nc(u)-l

(2(8) = L E[Q In, = k]Pr(nj = k),
h=O

(29)

(30)

where E[Q Inj = k] is the mean number of packets in the system given
the number of voice in thejth cycle is less than Nc(v) and, for Poisson
arrivals, is given by the M/G/1 formula:

p~(l + C~)
E[Q Inj = k] = Ph + 2(1 _ Ph) • (31)

Ph is the utilization defined by (16) and CJ is the squared coefficient
of variation of service time. Since voice changes slowly compared to a
cycle time, CJ « 1.

The Pollaczek-Khinchin M/G/1 formula describes the queueing
effect at the imbedded points of the service process which, in our case,
correspond to the ends of service cycles. During the initial part of the
service cycle when the system is serving voice stations, the data
stations experience a temporary queueing. The average temporary
queue per cycle corresponds to a delay during which a typical data
packet is scheduled for channel access. Depending on the state of the
system, the number served in a given cycle may be fewer than the
number that has arrived during the same cycle. The queueing of those
new arrivals that are not served in the same cycle is accounted for by
the M/G/1 formula. To compute the queueing due to scheduling, it is
only necessary to consider new arrivals when the system is in the
stable mode. Consider the fluid approximation model depicted in Fig.
10. The total number of packets that need to be queued temporarily
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Fig. lO-Fluid approximation model for the evaluation of mean queue due to sched­
uling.

in the jth cycle is given by the area under the triangle; the average
number of packets in the temporary queue is given by the area divided
by the base. Thus, the average number of packets in the temporary
queue due to scheduling during one cycle is given by

The mean number of packets in the system is then given, as indicated
in (17a), by the sum of Q(o), Q(s), and Qach' which are prescribed
respectively by (29), (30), and (32).

VI. NUMERICAL RESULTS

Recognizing the difficulty with an exact analysis of the data
queueing behaviour in an integrated voice and data service environ­
ment, we have introduced an approximate analysis in Section V.
Another approach to evaluating the system performance is by means
of computer simulation or emulation. Emulation portrays all the steps
involved in the actual system. The drawback in an emulation process
is that it is extremely time-consuming and that it is not feasible to
emulate a high-rate system. We compare the approximate analysis
results with those obtained by means of computer emulation. Based
on the closeness of the approximate analysis results to those obtained
from emulation on a lO-Mb/s Fasnet, we conjecture that the perform­
ance results obtained for a high-rate Fasnet (e.g., 100 Mb/s) using the
approximate analysis method are reasonable portrayals of system
performance.

VOICE AND DATA ON FASNET 327



6.1 Simulation
The simulation consisted of an emulation at the packet level. We

assume the system operates at 10 Mb/s. The length of the line was
assumed to be 2.5 km, resulting in normalized propagation and signal
processing delay for a single line of 0.2 slot. Data and voice stations
were randomly positioned along the line. We assumed that 142 voice
station pairs were in conversation with an additional 20 active data
stations. The other parameters used in the simulation are r = 64
kb/s, T = 10 ms, and P = 700 b/packet.

An ongoing voice conversation is modeled as a two-state Markov
process. It spends 40 percent of the time in the active state and 60
percent in the silent state (activity factor = 0.4). The average talk
spurt duration is 1.5 seconds and the average silent interval is 2.25
seconds, both with an exponential length distribution. All data stations
generated traffic at the same mean rate and each station transmits a
maximum of three packets from its queue during one data subcycle
(Pmax = 3). Data packets arrive at each station according to a Poisson
distribution.

Each simulation run was for 500,000 packets, corresponding to a
duration of 35 seconds. The simulation started with voice conversa­
tions assigned to talk and silent stations in the same proportion as
the steady-state distribution. To ensure that the steady state was
reached before data were recorded, statistics were not gathered until
after the first 20,000 packets.

Performance is measured in terms of the average number of packets
in the system. In a given service cycle, there is temporary queueing
when the system is serving the voice stations. The queue at the end of
each cycle is smaller than it is during the cycle. The simulation results
shown in Fig. 11 reflect the effects of temporary queueing due to
scheduling during one service cycle.

For each data point shown in Fig. 11, the results for between five
and twenty independent runs were combined. At lower data rates, the
variance is small and few runs were required to obtain accurate
measures of the mean data queue. At higher data rates, the variance
was significantly larger. The simulation did not guarantee that the
average amount of voice traffic would be equal to the value used to
calculate the theoretical results. This affects the measurement of the
average queue size for data since the channel capacity available for
data depends directly on the capacity taken by the voice stations. To
improve the estimate of the mean queue for data, the average number
of active voice conversations (which was measured for each run) was
regressed against mean queue and, from this regression, the value at
56.8 (0.4 X 142) active calls (the value used in the calculations) was
estimated. An example of this is shown in Fig. 12, where the experi-
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mental points, regression line, and 95-percent confidence interval are
shown.

6.2 Calculation

The same parameters used in the simulation were employed to
calculate the average queue contributions from the stable and overload
modes and channel access scheduling, using the equations developed
in Section V. The calculated results are tabulated in Table I. For
comparison purposes, the mean number of packets in the system is
plotted in Fig. 11 for the cases with and without the mean scheduling
queue per cycle. Inspection of Fig. 11 shows that the calculated results
closely approximate those obtained from simulation.

The data arrival rate in packets/slot is expressible as AdT/L. Then,
by Little's formula," the mean packet delay is given by
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Table I-Mean number of packets in the system as a function of the
arrival rate Ad in packets/s"

Pr[over-
Pd A.i Nc(v) m. load] QSCh Q(s) Q(o) Q

0.50 4091.80 97.72 1.68 2.644ge-12 5.19 1.01 6.21
0.60 4891.12 89.43 1.82 1.6032e-08 6.86 1.38 8.24
0.70 5691.21 81.19 1.95 1.4707e-05 8.78 1.96 10.73
0.80 6483.12 73.01 2.08 2.3096e-03 11.02 3.25 0.23 14.51
0.85 6877.15 68.94 2.15 2.324ge-02 12.01 4.71 4.31 21.03
0.90 7269.90 64.88 2.21 9.4180e-02 12.16 6.86 30.56 49.58
0.95 7895.67 60.83 2.28 2.6206e-01 10.54 8.64 228.68 247.86
0.98 7895.67 58.41 2.32 3.8351e-01 8.02 6.30 1512.02 1526.34

* R = 10 Mb/s, r = 64 kb/s, H = 60 bits, P = 700 b/packet, a 1= 1.50 seconds, /3-1
= 2.25 seconds, L = 142 slots, N = L, M = 20, Pmax = 3, Iooi = 2.

d = QL/~T.

The analysis and simulation results of the delay-throughput charac­
teristics are shown in Fig. 13. These curves are an alternative pres­
entation of the results shown in Fig. 11.

To demonstrate the effects on data queueing when the number of
voice calls is reduced, we compare in Fig. 14 the cases for N = 128,
136, and 142. It is observed that at a relatively high data rate, the
average queue decreases significantly when the number of voice calls
is reduced by approximately 5 percent, i.e., from 142 to 136. The
improvement in queueing comes from the fact that a reduction in the
number of voice calls is accompanied by a relatively large reduction in
the probability that the system is in the overload state.

330 TECHNICAL JOURNAL, FEBRUARY 1984



1000

U>
f-a
...J
U>

~ 100
>--c
...J
w
Cl
f-w

"CJ«
0..

z«w
:;:

10

CD MEAN PACKET DELAY UNDER PERFECT
SCHEDULINGo MEAN PACKET DELAY INCLUDING
SCHEDULING

J: SIMULATIDN WITH 95 PERCENT't CONFIDENCE

R = 10 Mb/s
P = 700 BITS
r = 64 kb/s
T = 10 ms
N = L = 142
M = 20

Pmax = 3
a-1=1.50s

/J-l = 2.25s

1.00.7 0.8

DATA UTILIZATION Pd

1 '--_-'---_-'--_-'--_-'--_-'--_-'--_-'-------J
0.6

Fig. 13-Mean data packet delay characteristics.

As the voice arrival rate r decreases or the network transmission
rate increases, the number of slots in a cycle increases. For example,
with R = 100 Mb/s, r = 64 kb/s, P = 700 b/packet, and T = 0.01
second, the number of slots per cycle is approximately 1408. For r =
32 kb/s and P = 380 b/packet (H = 60 bits in each case), the number
of slots per cycle is approximately 2624. Letting the number of voice
calls N = L, the average number of data packets in the system as a
function of the traffic intensity Pd is plotted in Fig. 15. It is noted that
the mean contribution to the queue due to scheduling is the same for
the two cases, since the packet length for the r = 64 kb/s case is 1.8421
times longer than that of the r = 32 kb/s case. The longer cycle length
(due to a shorter packet length) case exhibits better long-term
queueing performance (excluding scheduling queueing). Consider for
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Fig. 14-Effects on queueing with a decrease in the total number of voice stations.

example, at o« = 0.95, the average number in the system (excluding
scheduling queueing) is 18.21 packets for the r = 64 kb/s case and
12.72 packets for r = 32 kb/s, Since the relative packet length ratio is
700/380, the effective mean queue for the 64 kb/s case is 2.64 times
that of the shorter packet case. Thus, the mean queue for the case
where P = 700 bits is equivalent to 33.58 380-bit packets at o« = 0.95
compared to 12.72 380-bit packets for the 32 kb/s case at the same
utilization.

For comparison purposes, the MIDII curve is also plotted in Figs.
11 and 15. The MIDII result is based strictly on a stationary distri­
bution, i.e., ignoring the statistical variations associated with the
speech spurts. At light loads where the system always operates in a
stable mode, the MIDII represents a reasonable lower bound. At
heavy loads where the system experiences a reasonable percentage of
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overload, the MIDI 1 curve serves no useful comparison (see Fig. 11).
Of significance are the numerical results shown in Fig. 15, in which
the perfect scheduling Fasnet results deviate from the MIDII curve
by almost a constant amount up to 95-percent data utilization. This
is a consequence of the fact that, at the higher speed (R = 100 Mb/s),
overload does not become significant until the data utilization ap­
proaches unity. The discrepancy between the MIDII and the perfect
scheduling Fasnet curves can be attributed to the presence of sojourn
time in the Fasnet access discipline.

VII. DISCUSSIONS AND CONCLUSIONS

In previous work, Limb and Flamm'? described a scheme for accom­
modating voice and data that differs from the present method in that
calls returning from idle may get clipped. New calls are accepted until
an unacceptable level of clipping is approached, whereupon they are
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blocked. Unused voice capacity may be utilized by data, although a
sojourn time is required to switch between the voice subcycle and the
data subcycle unless the voice subcycle is full.

A direct comparison between the two schemes is difficult because of
the different way in which the voice traffic is treated-the new calls
admission policy and the clipping of talk spurts in one case and the
absence of clipping in the other. However, a couple of observations
can be made: Both systems have comparable performance since they
both utilize the available slots efficiently when traffic is heavy; clipping
may be undesirable in certain instances, for example, where a number
of Fasnet links are connected in tandem. A speech spurt could be
clipped more than once, leading to a noticeable degradation. In this
instance, the present method would be preferable.

The global access control that is enabled by the endowment of each
slot with a type designation renders Fasnet particularly suitable for
integrated services. We have described the ramifications for integrated
voice and data services on Fasnet and a policy for admitting new voice
into the system. Once admitted, a voice station is guaranteed service
when needed. Voice stations are served on a periodic basis, so that
each voice source sees almost synchronous service, i.e., the service is
synchronous within the statistical variations dictated by the binomial
distribution of the silent and talk spurt intervals in a voice process.
The mean interpacket delay can be expected to be negligibly small.
Note that the service discipline described will not clip any voice
packets from a talk spurt.

Since data traffic can be buffered, it is not necessary to maintain
continuous service for data. During intervals when the system is
servicing voice stations, data stations are temporarily locked out and
have to be buffered. Depending on the data input load relative to the
service time available for data during one service cycle, the temporary
queues may be cleared entirely at the end of the service cycle, or some
residual packets will carry over from one cycle to the next. If the latter
phenomenon occurs over many consecutive cycles, the system will
sustain a net growth in its queues. Under this condition the system
experiences overloading, and the data utilization during these cycles
will exceed unity for a short period and the data queues will experience
significant growth.

The conventional approach to analyzing the queueing behaviour is
the generating function analysis method. However, the size of the
state space in a practical network renders the generating function
method impractical. An approximate analysis method, based on a
merge of a periodic service single-server model and a fluid approxi­
mation method, has been developed in Ref. 8 to analyze the queueing
behaviour for integrated voice and data services on Welnet, a local
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area network in which the service discipline is functionally similar to
that of Fasnet. With a suitable modification to account for the sojourn
time that accompanies each switch in the type of service by the Fasnet
access control, the approximate analysis method introduced in Ref. 8
was used to analyze the data buffer queueing behaviour for integrated
voice and data services on Fasnet.

System performance may also be evaluated by means of computer
simulation. Simulation is time-consuming and it is impractical to
simulate high transmission rate systems. In this study, we simulated
a lO-Mb/s Fasnet and measured performance in terms of the mean
queue in the system as a function of the data input load. The analytic
results closely approximate those obtained from simulation. It is
conjectured that the analysis method yields reasonably accurate re­
sults. Analytical results for a lOO-Mb/s Fasnet have been presented.
An interesting observation is that the larger bandwidth has the effect
of reducing the system overload probability.

In this paper we used an approximate model to analyze the network
performance. We verified the reasonableness of the approximate
model. An alternative approach is to approximate the correlated voice
source by a memoryless process, e.g., a birth-and-death process. The
validity of such an approximation needs to be shown. An analysis of
the backlog in the buffers for a birth-and-death process is discussed
in Ref. 14.
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