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ABSTRACT

Packet -transmission of voice on a broadcast bus  type
local area network is studied. Two multi-access protocols
are cqmpared, CSMA/CD and ,HYHAE. A real-time simulator
based on an B80B6 CPU is designed to study the speech guality

subjectively.

Packet delay distribution and packet discard prop;bilitj,
which are the inputs to the simulator, are obtained from a
separate simulation program ungder varioﬁs network
environments, The independent variables are the number of

users and the maximum allowable network delay.

A packetization-freezed protocol is proposed to eliminate
the sﬁcceésive collisions due to possible synchronization of
packet generation among stations. The variance of the
network delay is bounded by discarding packets which have
not ,beeﬁ transmitted within a certain amount of time.
Speech-silence is not transmitted and the packet sequence

number is used for silence recovery. Smooth speech output

can be obtained by introducing additional buffer-delay at

the receiver.
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~ Chapter 1
INTRODUCTION

The circuit switched public telephone network evolved
over many years with the goal Qf proyidiﬁg voice
communications. In circuit switching, a dedicated path
bgtween the users exists once a call has been setup and will
exist until the <call is finished,. The wutilization of éhe
ﬁath is relatively high because when people-are talking, it
is wunusual for- gaps in the conversétion te last ? few
minutes. However, when computers are communicating, circuit
switching has .a relatively low wutilizatgion because of the
high peak-to-average data traffic. -In other words, human-
to-human traffic needs continuous use of a low-bandwidth
channel, whereas computer-to-computer traffic needs
intermittent wuse o¢f a high-bandwidth channel. Packet
switching and computer networks eherged as an alternative to

handle computer traffic.

The main goal of a computer network is to iqterconnect
scattered computer facilities as a whole so  that all
programs, data and other resources are available to anyone
on the network without regard to the physical location of
the resocurce and the user. An example of this is the ARPA

neﬁwork which interconnects between many large computer

e
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centers located throughout the Continental United States

with é$nnections to Hawaii and Europe via satellite links.

In‘contrast to the long-haul network which spans a large
area is the local area network, LAN, which spans a radius of
a'feu Km. An example of this is the Ethernet:[i][32], which
is based on a broadcast bus (a coaxial cable) type
architecture and CSMA/CD multi-access protocol. The network
runs‘at 10 Mb/s and can support 1024. userd simultaneously
within a distance of 2.5‘Km. The introducticn of LAN is
mainly due to the superior price/performance ratio of small
‘computers over large ones. Mainframes ares roughly ten times
fasfer'than the largest' single chip hicroprocessors, but
they cost a thousand time more [1]. In many offices or -
institutions, a collection of micro-computers may be used to
outperform the large mainframes at lower cost. A wide range’
of'applications can be supported in a LAN such as a data
base retrieval system, file transfer among computers, shared

use of expensive peripherals and distribution of electronic
mail [2]). \

However, voice communication remains an important. mode of
communication in an office environment 1in the form of
two-way communication, one-way broadcast or non-real-time
applications such as dictation and voice message system.
Due to the advances in digital logic circuitry, it is now

inexpensive to perform analog-to-digital conversion of voice

¢
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and to perform sophisticated digital switching. ’‘Moreover,
digital transmission has more tclerance to noise than gnalog
transmission. Also, compression as well as encryption cén
be more easily implemented digitally. These advanéqs result
in a trend toward integrating voice commﬁnication- onto the
digital data networks {31[41[5])[e]. However, before
studying the effects of the integration, one has to study
the transmission of voice. alone on a data network. The

purpose of this thesis is .to perform such a study.

In the past few years, some research has been done on the

packet transmission of voice overrtwo' different types of
networks, namely large scale and local area networks. With
respect to the former, Lincoln ﬁabora;ories carried out the
first experiment with paeketized voice which was conducted
over the ARPANET [71. Minole (8] derived a
store-and-forward link model which was wused to obtain the
delay distribution and packet loss rate. Embedded speech
coding was proposed by [9]} as an adaptive packetized voice
flow:-control scheme. The real-time simulation carried out
at the City Colleée of New York [10] proposed some system
design parameters. Regarding ppacket—vcice over local
computer networks, most .of he research work has so far
concentrated on broadcast bus \ type network architectures.
Some corporations [2i[i1] studied the feasibility of
carrying packetized voice on Ethernet. Their results were

optimistic. Computer simulations were done by [12][14]
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based on the CSMA/CD protocol to study the packet loss rate

in terms of the packet délay and the number of users.

In this thesis, a‘real%time simulator will be designed to
study the voice transmission on a broadcast. bus type locél
area network based on two multi-access protocols, namely,
_Carrier- Sense Multiple-Access with Collision Detection,
(CSMA/CD) [16] and Hybrid Multiple-Access (HYMAP) (15].
Syétem design parameters of a-packet-voice station are
éﬁven as a result'of'the.simulation. Due to the low cost
and flexibility ~of the microprocessor, an 8086

microprocessor system is used as the base'of the simulator.

In the CSMA/CD protbcdl, every station first listens to
the broadcast channel before packet tfansmission takes place
(i.e. carrier sense). I1f the channel is sensed idle, the
station will transmit- its packet. If the channel is sensed
busy, someone is transmitting, then the station will defer
its transmission until the channel 1is sensed idle. During
transmission, the station moniteors its own transmissi§n and
checks if there 1is any interference from other st&tions
(i.e. collision detect). Their transmissions are aborted if
there are two or more stations transmitting at the same
time, A jamming éignal,is sent by the collided stations to
make sure that all the involved stations know of the
collision. Retransmission takes pléce,after a random period
of time based on the baék-off'algorithm; The one used in

this study is the binary-exponential back-off élgorithm.

_4_
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The HYMAP . [15] protocol wutilizes the best features of
both CSMA/CD and a cocllision-free preotocol. When there is
no collision, all stations transmit their packets based on
the CSMA/CD protocol. As soon as one collision occurs, all
stations will switch to a colligion-free protocol imstead of
entering into the back-off state. The collis{on—frée
protecol synchronizes all statidﬁs in such a way that each
station will t}ansmit its packet only after the previous
station has already|transmitted. All statians have to be in
sequence and the best way to .arrange them is -by numbering
them, say in ascending order, from cne end of the channel to
the other end. When a collision occurs, the leftmost or the
rightmost station on the channel starts the synchronization
sequence. It transmits a negative bit sequence if it has‘no
packet to ‘transmit. If it has a packet to transmit, a
positive bit sequence ;ill be transmitted and the packet
transmission follows lright after. = The next station will
repeat the same procedure when it receives eiGher a negative
bit sequence or senses the end of a packet transmission frém
the last station. All stations follow this precedure. until
all packets have been transmitted at which time the protocel

returns to CSMA/CD.
&

Pt



The reasons of studying packetized voice on a broadcast

bus type network are [12]:

1.

Voice is -an important mode of comﬁunication in an
office enQironmentu_ ;ts,applicationé include two-way
cohﬁersationsfh diﬁtaﬁion_ and voice message systems
etc. |

The possibility of integrating data and voice on the
same network, |

The broadcastiéype' LAN is considered because of its
simplicity; in terms of topology .and  device

interconnection, -and its flexibility in satisfying

the"grouth and variability fequirements in the

environment.’

-The low bandwidth of digitized speech allows a

reasonable number of users ( >100 ) to be supported

in current LANSs:

ke S bt tiein s P




The organization of this thesis is as follows:

. !
Chapter 2 outlines the digitization techniques. The

characteristics of conversational speech' as well as various

methods on speech quality measuremerit will be given.’

Chapter 3 describes the design issues of a packet-voice

station as well as their impacts on system performance.

Chapter ¢ describes the packet-voice simulator in two
sections, hardware and software. The simulation experiments

and results will be given at the end of this chapter.

Chapter 5 describes the packet handling problem of data
and voice. A block diagram of an integrated data and voice

station will also be given.
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' Chapter II
VOICE DIGITIZATION TECHNIQUES

Voice is an analog phenomenon, A conversion has to be
done in order to carry analog voice through a digital

transmission system. "This requires the use of an

"analog-to-digital converter (ADC) at the input and a

digital-to-analog converter (DAC) at the output. They are
usually implemented in a device which is called a codec
(encoder and decoder). Sgeech is a highly compressible
source that can be coded for transmission at rates ranging

from 64K to below 2.4K bit/sec [17].

In general, voice digitization techniques can be

" categorized into two classes, waveform reconstruction and

AR
el

analysis—synthesis?" The first class encodes the analog
vaveform as faithfully as possible. It generates an output
waveform which looks like the original input signal. This
clags is repfesentative of the general. problem of
analog-to-digital and digital-to-analog conversions and is
signal indepenaent.‘ Hence, it can code equally well a
Qariety of signals such as speech, music and tones. The
most commonly used method in the lhigﬁer ranges of -
transmission rate is-the Pulse Code. Modulation (PCM) in

which input speech is ‘sampled in the order of 8 KHz and

———
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cod;d using 6-10 bits/sample }ielding 48-80 Kb/s digitaf
\E_Jsignal. In addition to this standard method, several low
bit~rate algorithms have been developed which take advantage
of the correlation properties of the speech waveform. The
basi¢ premise is that fewer bits are needed to code the
derivative of the speech)than to code the speech directly.
Therefore, the difference between adjacént samples are coded

for transmission instead of the individual sample as in PCM.

The second class is called analysis-synthesis which is
used to produce a very low digital speech éata rate. for
narrowband transmission systems or aigital storagé devices
with limited Vcapacity. The input speech 1is analyzed at

fixed-duration intervals, frames, which are coded by a small

y

number of bits: for transmission. ‘\Ef§;e approaches for
ons o

analyzing spéech are the recogniti f speech phonemes,
pitch periods and formants. A synthesizer can then
reconstruct the speech by recreating the spéech phonemes,
pitch periods and formants based on the received coded data.
Although this technique is capable of producing intelligible

-
speech, generally the naturalness is lost.

A spectrum pf speech coding transmission rates [13]
currently of interest is shown in Figure 1 . The figure
highlights non-speech specific waveform codecs (waveform
reconstruction) that need relatively higher transmission

rates and speech-specific vocoders (analysis-synthésis) for



digitization at relatively lower bit rates. The figure also "

indicates the quality of speech reproduction that can
presently be attained at a prescribed bit rate. The quality
characterizations are dencted as commentary, toll,

communications and synthetic [13].

WAVEFORM Co ANALYSIS- *#
REC ONSTRUCTION “— SYNTHESIS

KILOBITS PER SECOND .

=_ L 1 1 [l L L 1 1

‘ ' T 1 T ] T T } } { —;
200 64 ' 32 . 24 15 9.6 8.0 "7.2 4.8 2.4 1.2 0.5 0
COMMENTARY TOLL - COMMUNICATIONS ||, SYNTHETIC

QUALITY ~ "% QUALITY —"_- “QUALITY QUALITY

Figure 1: Spectrum of Speech Coding Transmission Rates

Vocoders in the analysis-synthesis range provide a

synthetic quality - where the -signal usually has lost _/

substantial naturalness. Typically the signal sourégf
automaton like. Talker recognition is substantially

degraded and vocoder performance is talker dependent.

~—

waveform codecs that provide communications guality

"speech can be realized with rates below 16 Kb/s: The signal
:is highly intelligible but has noticeable quality reduction,

b
L
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some detectable distortion and perhaps 1lessenad talker
N <

}ecognitionl

Telephone toll gquality digital codecs can be realized for
 speech signals at coding rate between 16 Kb/s and 64 -Kb/s.
The term toll quali;y‘ is typically- used to iﬁply guality
comparable to**that of. an analog speech signal having
approximately the followinnggoperties:

-frequency range : 200 to 3200 Hz
3 ;signal—to-noise.ratio : > 30 @B

-harmonic distortion : < 2 to 3 %

4

At the upper end'of the spectrum, above 64 Kb/s, it is
possible to obtain the signai-to-noise ratio and harmonic
distortion charécteristic of toll quality with inpuf signal
bandwidth significantly wider than normal telephone (e.g. O
to.7 KHz or better). This grade of quality is referred to
as commentary .ﬁuality. It 1is appropriate for digitizing
some varieties of radio broadcast material. |

-~

Table 1 1illustrates various digitiiation ‘techniques,
their cost and digitization rate [17j. It must be pointed
out that the indicated voice digitization rate associated
with each technique in the table represents the typical bit
rate required for acceptable voice quality.' The cost of the
- vocoderd is being reduced continuously by the use of custom
'ICs. As a general rule, as digitization rate decreases, the
complexity of the encoding/decoding hardware goes up as well

-~

R - 11 -
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as the cost. ¢ The voice guality is reduced and the harmful
effects of noisé or distorted inputs on speech guality are
]

magnified.

TABLE 1

Various Digitization Techniques and Their Characteristics

-

: . DIGITIZATION TRANSMISSION | COST
TECHNIQUE - |RATE (Kb/s) | CHARACTERIZATION
LINEAR PULSE CODE : [
MODULATION (ECM) 90-100
RELATIVELY
LOG FCM 48-64 INEXPENSIVE
DEVICE
DIFFERENTIAL PCM 32-48

CONTINUOUSLY VARIABLE
SLOPE DELTA MODULATION 16-32

(CcVSD) 4

SUB-BAND CODER (SBC) 7.2-24 4

LINEAR PREDICTIVE

VOCODER _ 2.4-9.6

CHANNEL VOCODER 2.4-4.8 CURRENTLY
EXPENSIVE

CEPSTRUM VOCODER 2.4-4.8

FORMANT VOCODER 0.6-2.4

- 12 -
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2.1 CHARACTERISTICS QOF CONVERSATIONAL SPEECH

During the conversation of a pair of talkers, a simple
protocol of allowing one of them to speak at any given time
is adopted by all people. Confusion and unnecessary delay
will result if the talkers do not follow this protocol.
Generally, there are ten events [18] which characterize the
conversation of a-pair of talkers} A and B . They are:

1. Talkspurt -.a continuous segment of speech.

2. Pause - a continuods segment of silence.

3. Double Talk - a time when speech is presentyErom both

A and B. "

4, Mutual Silence - a time when silence is present from
both A and B, -

5. Alternation Silence - the period of mutual silence
between the end of one speaker's tqlkspﬁrt. and the
beginning of the other's. ‘

6. Pause in Isolation - a pause in which the other
speaker is silent throughout the pause.

7. Solitary Talkspurt - a talkspurt which occuBs
entirely within the other speaker's silence,

8. Interruption - the period of talkspurt in which one
speaker interrupts the other. .

Ql Speech after Interruption - the period of talkspurt
of the interrupted speaker after interruption.

10. Speech before Intérruption - the period of talkspurt

of the interrupted speaker before interruptiocn.



The four events that an average talker is aware of are
;the talkspurt, pause, double talk and mutual silence. Brady
[18) did an eftensive analysis of on-off speech patterns in
16 experimental telephone conversations. The means and
standard deviations of the average o¢f the four events are

shown in Table 2

TABLE 2

Means and Standard Deviations of the Four Events

STANDARD
EVENT MEAN(SEC) DEVIATION(SEC)

TALKSPURT 1.167 ) 0.k

PAUSE 1.846 0.648

DOUBLE TALK 0.251 0.055

MUTUAL SILENCE| O0.4656 . 0.088

2.2 SPEECH QUALITY MEASUREMENT

After an analog speech signal is band-limited, digitized
and passed through a digital communication network, a
certain degree of quality degradation will be expected at
the receiver. 'Obviously, for good voice communication, it
is necessary to understand every word, to recognize the
speaker and to be able to detect from the tone some other

information that  is not expressed verbally, such as the



speaker's mood. There have been many studies about the
components of the quality of speech communication but none
of them is objective enough to automate the:process and
build a system for measuging the absolute objective guality
of a sound reproduction system.' This is because it is

already rather difficult to recognize isolated words in an

absolute objective way because recognition depends on the

number of syllables, the choice of listeners, their

conditions and experience, - background noise ~and the

particular speaker. However, there are many subjective
technigues for measuring speech reproduction guality. These

technigues are based on subjective evaluations by.a ’'test

group of people indicating preference, intelligibility of
isolated words and phrases, distinguishing rhymths and the
like. -

IEEE recommended three methods for subjective measurement
based on individual preference [19]). They are the
Isopreference Method, the.Relativ; Preference Method and the
Category-Judgement Method.  These methods can only be used
to evaluate speech signals which are generated by one-way
communication systems. Syétems, such as two-way systems in
which 1interactive commupication takes place, can not be

evaluated by these metheds.

o

v
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2.2.1 Isopreference Method

The speech test signal " is compared in a forced-choice
test procedure {i.e. . selection of one of a choice of two)
directly with a speech reference signal that is subjected to
variable degrees of degradation. The signal-to-noise ratie
of the reference signal is varied between an upper and lower
limit whose mean is approximately isopreference to .the test
signal. Two signals are isopreference when the votes show
an egual preference for the speech test and speech reference
signals. During the test, the listeners are presented with
repeated signal pairs in the order A B A B.,. The listeners
are asked to indicate the signal 1in each repeated pair that
they would prefer as a source of information. The
significance of an isopreference signal p;ir is that the
test signal can be represented by the siénal—to-noise ratio

. of the reference signal.

2.2.2 Relative Reference Method

In this method, the gquality of the test signal 1is
measured on a gquality continuum defined by several
reference signals which represent different types of speech
distortion. The selected reference signals are placed on an
arbitrary -scale by considering how “often each referencé
signal is preferred to the other reference signals. The
referepggce signals are chosen to cover the whole range of

quality from T"highest guality” to "lowest gquality”. The

_16_



test signal 1is located on the same rating ‘scale by
considering how often it 1is preferred to any reference

signal.

2.2.3 Cateqory-Judgement Method

In this method, the quality of the speech test signal is
described in terms of a number of categories which have an
intuitive meaning to the listeners. A number of simple
categories are used bf listeners to describe their
impressions of the quality of the- speech test signal.
Example of those are Excellent, Good, Fair, Poor and

Unsatisfactory.

*

The type of speech material for test and reference
signals shoﬁld be the same.  Two types are recommendgd,
narrative and short homogenecusly structured sentences.
Some examples of the latter type are [19]:

- It's easy to tell the depth of a well.
- The juice of lemen makes fine punch.

- A large size in stocking is hard to sell.

The selection of 1listeners for the purpose of speech
quality testing must be gquided by the .purposes and
application of the test. In ' radio and telephone

communication systems, a large untrained listening group is

_17_



recommended{f- On the

systems are uged by a
group of individuals,
systems, measurements

small selected group of

other hand, if the communication

very limited and well-experienced
such as special space communication
may be based-on the decision of a

listeners familiar with the system,
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Chapter III

DESIGN ISSUES OF THE PACKET VOICE PROCESSOR

- “ - .

A packef-voice station (PVS) communicates with other
stations by means of a shared common‘channel in the form of
a coaxial cable. The accessibility to the channel by a PVS
is governed by a multi-access protocol whose functions were
described in the first chapter. To provide network
flexibility, the multi-access protocol and the Packet-Voice
Processor (PVP} are wusually implemented on two sSeparate
piecgsﬁpf hardware as shown in Figure 2 . So, if there is a
change in the sygtem, either the multi-access protocol or
the PVP , ione would only have tc change the corresponding
piece of hardware. It is the responsibilit& of the
multi-access protocol hardware to ensuyre that transmission
of a packet begins when the channel is 1idle, abort a
transmission if there is a collision and schedule for the
next transmission. All  these processes are fully

transparent to the PVP. In this thesis, the issues involved

- in the design of the multi-access protocels will not be

covered; only the PVP will be considered.

In data communication, the primary objective 1is to

‘receive all data as it was transmitted without any errors.

The. delay performance 1is secondary. For example, in

~

i
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BROADCAST CHANNEL

MULTI-ACCESS '
PROTOCOL

h -

o

PACKET VOICE
PROCESSOR

'Figure 2:  Block Diagram of a Packet Voice Station

~terminal/computer communicationsy ~an user will at most be
ngg;éa\if-the network delay is too large. The meaning of
co municL@ion will not be affected as long as all
in?ébmagiéﬂ/ is received without error. So, in data
communicakion, delay can be tolerated buf not error. But in
voice communication, person/person, c¢ne can afford to have
small errors but not large delay. A small loss of speech
does not‘affect the intelligibility of the conversation but
too much delay will make  the conversation difficult. In
this mode of communication, there ‘are two main important
requirementé [20][28]: | L

1. A timely continuous (smooth) voice output is

necessary in order to maintain a good quality speech.



\

2. 'Eﬁdfto-end delay must be held to small fractions of a
second { 300 ms in an echo-free system) to overccme

the psychological effect of the roupd-trip delay.

More explaéation is required to clarify these two points.
1f the voice output is not smooth, part of the voice ocutput
is lost intermittegtly, then the quality of speech will be
éegraded. To produce a smooth voice output, packets have to
be fed to the voice decoder synchronously. The term
"synchronously"” refers t6 the delivery of the packet with

‘the same rate at which it was generatea at the transmitter.
Due to' the delay characteristic of the multi-access
protocol, packets will suffer random delay and they will

arrive at the receiver asynchronously.

The second point 1is better clarified by ‘an example,
Consider a network with a round-trip delay of one second. A
guestion is raised by an user A who expects an instantaneous

"reply from user B. Due to the delay ;f the network, the

reply will reach user A after one second even though user B

replies instantaneously. User A will wonder why user B
replies after a pause. This delay will degrade the
interactive ability and will disturb the users

psychologically. 1In a local area network environment, point
2 can be achieved easily because the maximum network delay

is well below the one specified.

~



Before'aiscussing the design issues of a PVP, one has to
study the effects on a packet afte; it has passed through a
 broaqgast channel. The net effects are packét losg ana
delay. The packet loss is mainly due to existence éf noise
on the broadcast channel and to transmission circuit errors.
This type of deficiency is independept of the PVP and will

not be studied further.

Packets that are transmitted by a station arriQe at the
destination with a"vaéiable ~ end-to-end delay. The
end-to-end delay is defined as the time betweén the
generation of the first bit of a packet at the originating
encoder and its delivery to the decoder at the receiver. It
is composed of the following four elements:

1. Originating PVP Packetization Delay, P

This delay is a function of the codec rate and
packet size. It is given by:

p = PACKET STZE
CODEC RATE

Its impact on the end-to-end delay will be given
later in more detail.

o
- 2. ., Network Delay, N

1t is composed of gueueing and contention delays
which are highly dependent on the multi-access

- protocol used. This delay increases with network



loaa because as the number of packets in the network
incfeases, the likelihood of <collision increases as
well and-a packet will take a longer time to transmit
successfully.

A

Packet transmission Delay, T

. . »
This delay is the time that a packet takes to
transmit at the channel transmission rate. It is

directly proportional to the packet size and is given

by:

¢

o= PACKET SIZE + OVERHEAD
CHANNEL DATA RATE

Propagation Delay, D

This is the amount of time that a_packet takes to
travel from one point to the other at the speed o

light and is given by:

2
p = DISTANCE TRAVELLED
SPEED OF LIGHT
The ratioc of the propagatién delay to the packet
transmission time 1is an important factor which
determines the throughput and the network delay of “

the system. Generally speaking, the throughput

decreases es this ratio increases [15].

Al ool



The total end-to-end delay (TD) 1is the sum of all the

delay elements and is given by:

' =3
TOTAL END-TO-END DELAY, TD = P + N + T + D

The delay TD should not exceed 300 ms which has been shown
to be commercially acceptable in an echo-free (4-wire)
system '[21)} [28).° When the delay reaches B00 ms, adverse
psychological factors impede normal conversation {21]. For
a given fixed packet size, P and T are fixed delays and the
propagation delay is a constant. The sum of them, P,T and
D, is the lower bound o©of the end-to-end delay. The
remaining element, namely network delay, contributes to the
fluctuation of the end-to-end delay. ~ Under light lgéd when
there is no packet collision,-théhnetwork delay is zero. In

this case, all packets that are generated at the transmitter

~>arrive at the receiver synchronously with a delay egqual to

the lower bound. As the netﬁork load increases, collisions
occur and the network delay will no longer be zero. Due to
the variation of fhié delay, packets will arrive at the
receiver asynchronously which will degrade the quélity of
speech iflnothing is done to improve it. This is the
purpose of this chapter: to discuss the design issues of a
"PVP with emphasis on the receiver packet handling problem

such as smooth speech delivery. Protocols will be proposed

to eliminate the negative effects caused by the variance of

~

the network delay.

_24>_
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A PVP consists of a transmitter and a receiver as
depicted 1in Figure 3 . The encoder 1is resbonsible for
converting the band-limited analog Vspeech signal 1into
digital form. When the speaker is active, silence detquﬁgn
is activated and packetization begins. Packetsf are
generated periodically by the packetizer. Packets will be
transmitted at the same rate as théy were generated, 1if the
network‘ load 1is low with no collisions. As the load
increases, contention and gueueing delays increase and the
packet transmission rate will no longer be uniform. Packets
that are ﬁot transmitted instantaneously due to the heavy
network load are put in the transmit gqueue. During silence
periods, no packets will be generated. 1In order to identify
the generaticn time of each packet, a time-stamp or Ssequence
number is appended to the .header of each packet. . This
information is necessary for the receiver to determine the
delay experienced by each packet, to Qetermine the possible
packet ioss and to recover the spgech—silence during which

packets were not transmitted.

The main design issues of a PVP are:

l. Select a robust digitization algorithm ,so that a
temporary loss of packets does not degrade the speech
guality-too much.

2. Select the silence detection thresholds to minimize
the packet gengration rate, while maintaining all the

speech intelligibility.
d

_25-
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3. Keep the end-to-end delay, which is dominated by the
packetization and the network delay, tc less than 300
ms. |

4. A receive-end protocol is required to overcome the
variable network delay expérienced by packets.

5. oﬁ/protocol is required for .silence recovery at the
receiver.

6. A scheme of handling loss packets 1s required.

These issues are considered next in more detail.

N

3.1 ANALOG-TO-DIGITAL CONVERSION

This is the front end process of the transmitter. The
analog signal has to be converted into digital form bef&re
it is handled by the rest of the system. In the previous
chapter,"the digitization techniques ﬁsré briefly described
and the transmission rates required by variocus technigues to
achieve acceptable voice quality were given. This section

summarizes the considerations to be made when choosing a

‘Rba(&iiﬁiir codec for implementation. The factors that will
be constdered are: transmission .rate, tolerance of .,

‘transmission errors, signal processing requirements and

implementation cost [22].
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3.1.1 Transmission Rate

For—low’transmission rates ( < 9.6 Kb/s ), codecs tend to

be very complex because they specifically encode voice

signals. At higher transmission rates, codecs tend . to
encode waveforms rather than voice, and hence are less
complex. Codecs using adaptive predictive technigques can

achieve cummunication quality speech at 7.2 Kb/s but are

more complex than those using log-PCM at 48 Kb/s.

1f a dedicated channel is used for a conversation between

two users, it deoces not matter what the transmission rate
is, as long as the gquality is satisfactory. However, 1in a
local area network environment, where a channel 1is shared
among users, lower transmission rate is a necessity in order
to support many users. Consider an ideal broadcast channel,
collision-free, and with M users. Let

C - Channel Bandwidth (b/s)

Codec Transmission Rate (b/s)

E
YV - Packet Size (b)
0

Overhead size (b}.

Packet Transmission Rate of channel = %3

Packet Generation Rate of codecs = ME

]
[N ]
a

t

[P

R YIO
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To transmit -all packets, which afé.genefated, on the
channel, it is necessary that the packet generation rate be

equal to the packet transmission rate, such that:

£ s

Lo M '%%&ﬁ&ﬂ
The number of users (M) is inversely proportional to the
codec transmission rate (E). Figure 4 is a plot showing
their relationship. If the transmission rate is reduced by

half, then the number of users can be doubled.

3.1.2 Tolerance of Transmission Errors

Of all the digitization techniques listed in the previous
chapter, delta modulation is the least sensitive to random,
independent channel errors. A CVSD codec provides better
than 90% intelligibility with error rate as high as 10%
[22]. Error probability = b&low 0,001 is  usually
unnoticeable. The reason that a delta modulation codec has
such a _good performénce on error is that a single channel
error produces a decoder error magnitude of only one

.quantization level.  Also, channellerrors do not preoduce
adjustment in the step size in a CVSD system. on £he other
hand, the PCM digitization technique is more sensitive to
‘errors. When a channel error occurs on the most significant

bit, a relatively large error spike is produced.

——
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The channel error sensitivity of vocoders is greater than
that of the PCM systems. By redundantly encoding the most
critical information in the bit stream, the performance can

be improved significantly.

3.1.3 Signal Processing Reguirements

Many functions such as adding gain or attentuation,
conferencing, sensing spéech activity or converting from one
algorithm to another can be done on the encoded speech by
digital signal processing techniques. . Qne of the
digitization techniques that can greatly simplify the
digital processing operations 1is the PCM, Most - other -
encoders have been designed with no digital signal-
processing reguirements in mind. Thus, the signal
processing functions may require conversion to analog or a
relatively complicated .aigital simglétion_ of an analog

’

process.

.

3.2 SILENCE DETECTION

In a telephone system, a channel is occupied by a pair of
users throughout the conversation for regional calls. The
channel utilization is very low, at most 50% on the average,
due to the fact that only one user is talking at any given
time and also because pauses and silence occur between words

and sentences. In a situation where expensive channels are



u

used, such as satellite channels and ocean cables,

. Time-Assignment Speech Interpolation (TASI) is wused to

&

increase the channel wutilization. When an wuser is not

talking, his channel 1is switched to other users in the
system who are talking. A channel, not necessary the same
one, will be returned to the user when he resumes ﬁis
speech.

/

In a broadcast bus type system whereby a‘channél is
shared among users, it is of great advantage if the users
transmit only actual informatioﬁ on the channel. Brady
[181(23] measured the duration of active voice periods and
experimentally observed an average activity rate of about 40
percent. Based on this result, the number of users can be

increased by not transmitting the silence periods.

N .

Silence detection can be easily implemented 1in digital
form pécause most of the encoding algorithms will give a
stationary output when the input is silent. During the
silence period, the output of PCM is all Os and for DM, the
output bit pattern is periodic. To prevent pre-mature
switching, from siience mode to voice mode and vice-versa; a
switching device with hysteresi; .threshold characteristic,
shown in Figure'S5, 1is used. Silence mode is entered when
the number of voice samples is below the silence threshold

(ST). It will remain in this mode until the number of voice

samples is above the voice threshold (VT), at which time' the

- .



silence detector switches to voice mode,. More - detailed
description of the silence detector will be given in Section

4.2.3 .,

NODE

YOICE -

T

SILENCE -

ST - vT ) N'IJMBER OF
. . YOICE SAMPLES
Figure 5: Hysteresis Characteristic of Silence Detector
- \

Figure 6 depicts packet generation of a speech segment
with and without silence detéction. ‘The packet generation
rate is highly dependent on the thresholds settings. ﬁofe
packets are generated if they are small, but redundant
information, such as silence, is also transmitted. This
reduces the efficiency of the channel. High channel
efficiency can be achieved by setting the thresholds such
that only the voice signal is packetized but not the silence
period. However, this reguires kndhiédge of the stafistical
behaviour of the voicg signal and ‘also of the encoding
algorithm used. The settings of the thresholds will be
further discussed in the next chapter.
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vFigure 6: Packet Generation With/Without Silence Detection '
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Front-end clipping and rear-end clipping, shown in Figure
6, would occur due to the threshold characteristic of the
switching device. The front-end and rear-end clipping
signals have to be included in order to obtain a smooth
speech at the receiver. Pre-offset, that is the amount of
signal which is packetized before voice mode is entered, is
used to eliminate the effect of front-end clipping.
Rear-end clipping can ben eliminated by transmitting the
post-offset, the amount of signal which is packetized when

the silence detector switches to silence mode [10].
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3.3 PACKETIZATION

After the analog signal is converted into digital form
which 1is then passed through a silence detector, the next
phaséx is packetization. The size of a packet plays an
imp&rtant role in a packet voice system and is bounded by an
uppe% and a lower bound. The upper bound is‘determi;;d by
Ehé_packetization delay which is a major factor in the total

end-to-end delay. The larger the packet size, the longer it

takes to form a packet. However, the packer assembly time
'plus other delay elements must be 1less than 300 ms as was
explained earlier. - A plot of packetization delay versus
packet size for various codec transmission rates is shown in
Figure 7 . In order to preserve  speech continuity at the
receiver, a packet may be made large enough to contain one
'phrase or sentence rather than only one word or syllablé.
This is because the variable delay is much more perceptible
when occuring during the short gaps between words' and
*syllables, than during the long gaps between phrases and
sentences. However, the loss of a iarge packet will degrade

the speech quality more than the one of a small packet.

On the other hand, the lower bound is determined by the
throughput. As the packet -size decreases, the packet
generation rate will increase. | ‘Since the transmissién
medium- is of the contention bus type, moré collisions will

be expected. The throughput will be degraded and the
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overall network delay will be increased. Smal{er packets
result in excessive overhead and/ subsequent inefficient
resource utilization. Another factor that will affect the
throughput 1is the ratio of the propagation delay to the
packet transmission time. The higher the ratio, the lower

the throughput one could achieve for a given average network,

delay [15].

If two or more stations have the same codec rate and
packet size, then their packet generation rate will be the
same. In the CSMA/CD case when two or more stations arei

e
synchronous at the packet generation time, .that is packets

-

are formed at the Same time, successive collisions will.

occur among those stations. To clarify this point, consider
two stations A and B which generate packets at the same

instant of time pegiodically as shown in Figure § .

: i@ )
As can 'be seen, the first talkspurt of station A as well’

as the- first two packets of station B -are génerated and
transmitted without any diffiéuity. As soon as. the first
packet of the second talkspurt of station A is génerated at
the same time that station B generates igs third packet,

coliision occurs. They go through collision resolution and

transmit successfully as indicated by the upward arrows.

ince the stations generate packets at the same time and at
the same rate, their successive packets will collide again

if their retransmission delays are less " than one packet



STATION- A

STATION B : . l [ ] ] I I | T;m}:

. PACKET SUCCESSFUL
— GENERATION T—— TRANSMISSION #*— COLLISION

" Figure 8: éuccessive Collisions of Station A and B

length. The next two packets that will collide are packet 2

L]

of station A and packet 4 of station B. Collisions will

carry on and on until one of the station becomes 1idle. The

results of such a probiem‘are an increase 1in network delay
and a decrease in throughput. The overall system

performance is degraded.

To overcome this problem, the following technigue 1s
proposed. It is based on the prfnciple of shifting the
packet generation time of a station by an amount -of time

that will avoid further collisions by the successive

packets. 1f a station transmits its first packet of a
talkspurt successfully, the successive slots are reserved
for-this station. A slot is the packet transmission time
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and the time between two slots is the packetizatibn time.
When another station has packets to éransmit, it does not
know which slots have been occupied or which slots have not.
The only way to find out is to transmit its packet as usual.

1f there is no collision then that - station has occupied the

current slot as well as the successive ones, If there is a

collision, the station, which atéempts to look for a free
slét, has to adjust 1its packetization time base so that
there will be a frée'slot available whgn the next packet 1is
formed. The techniq&e of adjusting the packetization time

base is described in the next paragraph.

When the two stations collide, the station which 1is
transmitting the first packet of a new talkspurt freezes its
paéketization. Packetization resumes as soon as its
collided packet 1is transmitted successfully. This procedure
is shown in Figqure 9 .. As can be seen from the figure,
packet 1 of station A and pécket 3 of station B collided.
Station A has to freeze its packetization, because that was
its first packet, until the cofiided packet has been
transmitted successfully. Station A moves its packetization
time~base to a value ~which ensures that there will be no
further conflict with station B for the successive packets;
One drawback of this technique 1is the temporary loss of
speech during the packetization freezed period. To overcome
this problem, paéketization does not freeze when collision

occurs. But rather it continues and as soon as the collided



packet has been ctransmitted, the assembly of a new packet
begins. The partially filled packet which is assembled when
the collision occurs and stopped assemblﬁng when the
collided packet has been transmitted successfully, is

appended on the new packet to form an extended packet. By

\doing so, there will be no loss of speech.

PACKETIZATION

1ED
: 4
, PACKETIZATION // N
o A —- l | | FREEZED ‘\xl I N
STATION [ p— __% T 1 > o
LOSS 3
A 3x 4 5 I
I
STATION B _ T I I T, I I >
PACKET SUCCESSFUL - :
—'GENERATION |— TRANSMISSION *— COLLISION

Figure. 9: Packetizat®on-Freezed Technigque

3.4 RECEIVE-END PROTOCOL R

As was depicted 1in Figure 3, the packet voice receiver
(PVR) <consists of a pool of buffers, a de-packetizer and a
decoder. The main objective of the PVR is to reconstruct an
analog sigdal as close as possible «to the original based on
the information received. The signal degradation due to the

.
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signal conversion processes, A/D and D/A, 1is not of concern
here. Some of the packets are lost due to the maximum
allowable network delay which will be defined later. Some
packets ér;ive at the receiver at an non-uniform rate due to
the variabie network delay. If the packets are delivered to
the.\décoder the. ua& that they are received, temporary
disruption of speech might result because of the presence of
gaps in between packets. It is the concern of the remaining

sections to discuss various protocols for handling the

.packets in order to achieve a smooth speech output.

3.4.1 Waiting For Late Packets Protocol

In this protocol [8], packets are delivered to the
listener the way that they are received. Consider an A
talkspurt, i.e. a segment of epntinuous active speech with a

. consecutive stream of non-empty packets between a speaker

pair A and B, issued by speaker A. Assume that each pécket
i ( i=1,2,3,...) 1is of fixed length and takes P seconds to
packetize.  Then B will receive packet 1 at time

b(i) = D(i) + iP where D(i) is the delay experienced by
packet i. The packet transmission time and the propagation
delay are ignored in this discussion.
3.4.1.1 The Variance of the Network Delay is Zerc

All packets.will experience a delay'ﬁ and the time that B

will receive packet i becomes b{i) = N + iP. As can be seen

n
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in Figure 10, all packets are re;eived at B after a fixed
delay N at regular intervals and de{ivered to the listener
synchronously. Tﬁere is no gap 1in between packets, hence
smooth speech delivery is achieved. In the figure, ‘an

~

upward arrow on the packets‘ departure from A" axis denotes
the packet formation time. After a certain delay, the
packet arrives at B which is 1indicated by the downward
arrows on the "packets arrival at B" axis.  An upward.arrow

or; the "packets delivered to listener” axis denotes the time

wvhen a packet begins to be delivered to .the listener.

[+ 23]+« [s]al 7

PACKETS 1 ' ' - TIME -

DEPARTURE
FROM A ! 2 3 4 5 [ 7

PACKETS

S

125I+5e,7|

PACKETS _ [ ) : TIME
DELIVERED TO. - _ -
LISTENER [ 2 x 4 S G 7

Y.

Figure 10: Synchrionous Arrival of Packets
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3.4.1.2 The Variance of the Network Delay is Non-zero

This is the case in a non-&deal environment. Let TF(1i)

be the teﬁporal fluctuation bétween packet
received by B. The followidg pseudo-code
dgmoﬁstrate phe'temporal fluctuation between packets.
TEMP = D(1)
DO 20, i = 2 to K

TF(i)

D(i) - TEMP
IF TF(i) < 0 THEN 10 ' ' -
"TEMP = D(i)

'PRINT "GAP BETWEEN PACKETS i-1 and i"

GOTO 20
10 PRINT "NO GAPS BETWEEN PACKETS i-1 and i"
20 CONTINUE

where K is the number of packets.

Due to the fluctuation of the network delay, the packesf
arrive at B at irregular intervals. Gaps. are present

between packets and the length of the gap is given by: ™~

_ TF(1) for TP(1)>0
G(L) = MAX ( TR(i),0 ) =4 . N
. ] for TF(1)L 0
" The gap is only introduced when the term TF(i) is positive.
Negative TF(i) means that packet i arrives at the receiver
“TF(i) wunits ahead of time before it has to be delivered to

the listener. Table 3 is an example showing various network

- 44_



delays of packets with their corresponding TF{i)} and G(i).
The effect of G{i) on packets is illustrated in Figure 11 .
As can be@seen from the figure that the delay of the first
packet after a gap is the. maximum delay that the successive

packets can-have in order to cobtain a smooth speech output.

 TABLE 3

Example of Variable Delay on Packets

.
: NETWORK o
PACKET i DELAY D{1i) TF(1i) G(i)

1 *5

2 i 3 3-5=-2 0
. 3 k" 1 1-5=-4 0
| 4 *8 8-5=3 3 ~

5 4 4-8=-L 0

) 17 17-8=9 9

7 10 10-17=-7 0

NOTE: ONE PACKET IS 10 UNITS
- #_MAXIMUN DELAY OF SUCCESSIVE PACKETS
T3 MAINTAIN A CONTINUOUS SPEECH QUTFUT

7

The disadvantage of this protocol -is the 1long gap in
between packets. The effect is the temporary distortion of
the conversation spoken material starting frém the beginning

of the gap. The gaps are cumulative and if the talkspurt is

too long then the cumulative delay will have a significant
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Figure 11: Asynchronous Arrival of Packets

1
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negative effect on the speech. Consider there are K packets
within a talkspurt. The time { TL ) when the last pééket of
a talkspurt is delivered to the listener is: -

i) No Gaps Between Packets (Zero Variance)

' TL = D(1) + Kp
ji) J Gaps Between Packets Eyon-Zero Variance)
TL = D(1) + KP + J G(1)

The last term of (ii) ‘is I;:hulative and will éause

significant degradation on speech quality as J increases.
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3.4.2 Discarding of Late Packets

When a receiver is waiting for (; packet, other than the
first packet of a talkspurt, which has not arrived at or
before time ‘T, where

aT = D(1) + iP i=2,3,4
wnd D(1) is the network délay of the first packet, then the
packet would be either lost or experiencing a large network
delay. If the-varfancg of the network delay 1is non-zero
then the réceiver can not be synchronized with the
transmitter if the indefinite waiting protoc51 is used. In

this~“section, a protocol is proposed to solve this problem.

A pécket i is discarded, completely or partially, when ip'
~arrives at B'at‘time b{i) under the following conditions:
1. Packet_i.is discarded completely when
b(i) = D(1) + (i+1)P ~
2. Packet i is discarded partially when ° '

'D(1) + iP < b(i) < D(1) + (i+1)P

On condition (1), packet i is conside;ed as lost and a
silence gap is used to replace the empty packet slot. When
a packet i; discarded partiaily due to condition (2}, the
front part of the packet which corresponds: to a time
duration of

b(i) - { D{1) + iP ) )
is discarded and is replaced by silence. The remaining pért
which has a duration of |

D(1) + (i+1}P - b(i)
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is delivered to the listener just as-a normal packet. This
protocol, shown in Figure 12, ~ has the .advantages of
synchronizing the transmitter and receiver as well as
_eliminating the cumulative delay, at the expense of speech

lost by discarding late packets. The length of the original

talkspurt is preserved.

I 2 314 | 5 (A 7
PACKETS ) [ TIME
DEPARTURE - : : '
FROM A 2 3 4 5 6 7

PACKETS :
ARRIVAL g 2 3 . 4 5
AT B l

b——
———
f———
N o
R —

TINE

_ PACKETS i TIME
DELIVERED TO 4

LISTENER - o 7 3 4 s

Figure 12: Discarding of Late Packets Protocol

.
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3.4.3 Receive-end Buffering

)

The waiting for late packets protocol has the effect of
loss of synchronization and temporary 1less of speech.
Synchronization can be achieved by using the discarding of
late packets protocol but still temporary disruption of
speech is inevitable. In this section, a buffering
téspnique (8] is discussed and if the buffer-pool at the
receiver' is large enough then both synchronization and
elimination of gaps can be achieved. .As was described
earlier,‘ there will be no > gap between packets delivered to
the listener if the delay of the first packet after a gap is
larger than the delay of each of the successors. So, by
introducing additional buffer-delay tc the first packet at
the receiver before it is delivered to the listener, the
temporary fluctuation of two consecutive packets becomes,

TF(i) = D{(i) - (D(1l) + BD) i=2,3

where BD is the buffer-delay and D{1) 1is the delay of the

first packet. 1f BD is -large enough such that D(1l) + BD is
always larger than the delay of packet i, D(i), then the
receive buffer will never be empty during a talkspurt. The

‘variance of the network delay is no longér' affecting the
smooth delivery of packets to the listener;‘ The prices to
pay for this are an increase in the end-to-end delay and
buffer-pool size in return for the improved' speech
smoothness. A protocol of this‘ type is depicted in Figure

13, which has a buffer-delay of two packet-lengths.
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The term D(1l}, which is unknown to the receiver, 1in the
ﬁemporary fluctuation eguations can bé eliminated by
counting the buffer-delay from the end of the_packetization
of packet } iﬁstead of the time when packet 1 arrives at the
receiver, | The technigue to perform this will be described
in the ﬁext section. By doing so, thé end-to-end delay of
all packets can be deterhined and is equal to

P+ T+ D + BD.

| + 1213145 ¢]| 7 R
PACKETS i TIME
DEPARTURE '
FRON A { 2 3 4 s A 7 v
* PACKETS
-~ ARRIVAL oz 3 4 5 6 7 é
. VL o
PIME
, |e—BD—> 2 3 4| s ¢ 7 |
PACKETS : 1 i . TIME
DELIVERED TO : .
LISTENER

Figure 13: Receive-end Buffering Protocol



To achieve perfect synchronization, packet i must arrive
at the receiver befor packet 1i-1 has been completely
delivered to the listener. This requires a large
buffer-poo; whose buffer-delay must be larger than the
maximum network delay. However, if the buffer-delay is
‘ excessive, two unsatisfactory conditions result: '

1. too large a delay interferes with full duplex speech

communication

2. too large a delay forces the use of e larger

buf fer-pool.
Thus, it is desirable to limit the méximun buffer-delay and

discard those packets which do not arrive on time.

An extension of £his protocol is to limit the network
delay of all packets to a maximum. This is accomplished by
discarding those packets which have not been transmitted
~within a maximum allowable network delay (MAND) . In this
case, a buffer-delay of length equal to MAND is required.

This extension is implemented on the transmitter as opposed

to the discarding of late packets protocol which 1is

implemented in the receiver. 1t is based on the fact that
it does not matter whether a late packet did actually arrive
at the receiver or not, because it will be discarded anyway.
This extension also has an advantage of reducing network
- load by discarding packeté, at the transmitter, which would

have been transmitted and dropped by the receiver.

PR



3.5 SILENCE RE&CVERY

As was ﬁdescribed earlier, the silence period in a
conversation is not transmitted. No information .is sent
n'toncerning fthe-lengfh of the silence period. , In this
section, a technigue baséd on two methods 1is proposed for
recovering the silence pericd at the receiver : (1) bésed
on the time-stamp 'and (2) based on the packet séquente
number which counts the‘number of packets being generatecd.

r

These methods differ mainly in terms of.implementation.. For

every packet generated, a time-stamp or a packet sequénce
™ | | : '
{ number is appended on the packet header tc indicate the time

or the sequence of birth. 'Upon reception at the receiver, |

the time-stamp or the packet seguence numﬁér of the packet’
is compared with the receiver's and it is delivered to the
‘liateﬁbr if they are the same. 1f there is no match, it
could be due to either packet 1loss or silence period, zero
speech values are delivered instead. By‘ doing so, the
silence period is recovered. Speech interpolation [29] can
be used to improve the speech quality during the packét loss
‘period if information concerning the silence périod is sent

by the transmitter. . .

Both of these methods require the initialization of the

clocks or packet sequence counters in the transmitter and’

L

. - .
receiver at the same time, The. procedure tn}do this is by
se

sen&ing ahcall setup packet during‘the call up time. The



transmit c¢lock or packerﬁsequence counter is started as soon
as this packet has been transmitted. Upon receiving this
packet; the receiver starts its clock or counter. There is
only a delay of one packet trqnsmissioﬁ time 'plus the
propégation delay. " The call setup packet may be made very
small, Jjust contains enough ihformat' n for initialization,
to shorten the packei transmission time. If the receive-end
buffering protocol is used, the receliver's clock or counter
does not start until the count down of the buffer-delay pius
one packet-length has expired. "By doing so, the
buifer-délay is referenced to the end of packetization of

the first packet. 1f the packe{’;;;uence number 1s used

then the silence detection must be done on a packet basis so -

that the exact silence period can be reconstructed.

-
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-
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Chapter IV

DESIGN OF A PACKET VOICE SIMULATOR

in many design problems, there are objective criteria
which can be used to evaluate thekﬁerformance of thé system,
For example, in.data network protocol design, the goal 1is to
achieve high throughput and low delay. A simulation of this
'system can be made and these quantities can be obtained and
evaluated objectively. One would try to obtain a normalized
throughput as close to unity and delay as close to zero as
possible. However, in a voicé communication system, 'the
situation is totally different. The basic requirement of
such a system 1is speech quality which consists of
" intelligibility, recognizability and fidelity. Different
individuals have different perceptions 1in listening and a
subjective measure is so far the best way to evaluate such a
system. Based on this requirement, the output of the
simulation has to be in analog form so that the subjective

measurement can be carried out.

There are basically two modes 1in voice communication,

one-way and two-way, such as voice dictation and
person-to-person conversation respectively. In terms of
simulation, =~ the one-way voice communication can be .done in

either a real-time or a non-real-time basis. 1In the latter,



the input speech segment is\first digitized and stored in a
mass storage device, such as a hard-disk before= the
simulation of the network environment takes place. Thus,
the input signal of-th; simulator is in digital form. This
tgquires a ?ig amount of memory storage which is costly. A
codec which runs at a rate of 64 Kb/s reguires a storagé of
120 Kbytes to store 15 seconds of speech. The output of the
simulator, the speech sianal, can be‘evaluated either
on-line or off>line. The latter one is mostly adopted by
storing the output speech on a tape reéorder before
evaluation takes place.

Real time simulation does not require so much memory
storage because the input épé:;h is noﬁ pre-stored
digitally. Rather, the input speech isa bein§ digitized‘
dyring the simulation phase and the simulator keeps only a

few packets of speech. Thus, mass storage memory is not

required. The price to pay for this is the overhead during

the packetization.phase in the real-time simulation program.

(3

Simulation in two-way mode has to ‘be done - in real-time
because the interactions between two users are of concern.
The response 'is instantanecus and non-real-time simulation

does not suppert this feature.

¢

In simulating a local area network environment which has
a round-trip delay of less than three hundredths [15] of a

second, two-way mode communication does not have to be



considered. ~In two-way mode Simulation, the main objective
is té study-the ability of interaction between two users.
Too much delay will make fhe conversation difficult as was
described in Chapter 2. With a delay of less than 300 ms,
this problem will never occyr and this is wﬁy simulation of
the two-way ﬁ;de is not necessary in this gnvironment. In

this study, real-time simulation of voice communication in

one-way mede will only be considered.
@ ) | .
Because of the distributed vontrol of the broadcast bus

_ type-architecture, each station dogs not know how many users
there are,in-ﬁhe‘system. In general, the traffic on the bus
is proporticnal to the number of users. As the number of
uéefs-increases, . the delay of the packets as well as the
packets being discarded  start to increase. In- such a
" system, one can eithe} simuiate a single statioh with
network delay distribution and packet‘Qiscard prob;bility as
the system variables or the whole system with the number cf
. users as the systgm variaBle. The former scheme is adopted
;ih this study because of ﬁﬁe ease of implementation. It is
assumed that packets °behave independently of each .other in
the sense that ‘a2 given packetl will not influence the
behaviouf of futuré packets. The network delaf discrdﬁution
and packet discard ﬁrobability dre obtaiﬁ§§ from a separate
simulation program written by. Rios [15]:v THe inputs of this
simulation,program‘ére:'
- round-trip propégation deiéy '

- jammipg time k .

_56_
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- separation time between packet transmissions

- packet transmission time

- number of stations

- average bécket generation rate of the stations

- maximum allowable network delay. . ..

The outputs of the simulation program are:
- network delay distribution
- average packet dis;ard probability
- throughput'

- average network delay j

The average packet discard probability ié the ratio of
" the total number of packets being discarded to the total
nuﬁber of backets being generated among all stations. A
packeﬁ is discarded- if the ~sum of the queueing and the
contention delays exceeds the maximum allowable 'network
delay. This was explained " in the extension of the
receive-end buffer protocol. The network delay distribution
is eypfessed in terms of fhe percentaga, of packets and the
amount of time that the packéts have to wait in the
transmitteé before a successful ‘tfansmission is  achieved.
These two parameters will serve as the inputs to the packet
voice simulator. The simulation program reqﬁires about one
hour to simulate, on.a vaxX 11/7590 computef,‘ 150 stations
with a packet-generation rate of 36 packets/sec. According
'£o‘the author of thg prbgram, no effert wés put—to Fhorgen

. ) ) \
the execution time. L

I -



Thelﬁacket-voice simulator is designed according . to fhe
réquirements which were described 1in Chapter 3. The
proceéses of the simulation Sre summarized below:

Il. Input analog speech signal is band-lgmited and
digitized. |

2. The digital 'signal is assembled inte packets.

Speech-silence is not transmittced. The packet
sequence number is used for silence recovery.

3. The packet, discard probability determines the number

. of voice péciets discarded from the system. When a

packet is not discarded, it is delayed by a random
amocunt of time drawn . from the network delay
distribution: »

4. At the’ receiver,- receive:énd_buffering protocol is

| used and packets are delayed befo?e beiné delivered
. to the listener. In no buffering mode, late packets
are handled by‘éhe'wgi;ing for late packets protocol.
-5, . Silence is played during packet  loss and

speech-silence.
6. . The analog speech signal is reconstructed by
\d}gital-t6~analog con;ersion followed by low-pass

filtering to remove the guantization noise.

The.packet-voiéé " simulator is based on an Inte} System
Design Kit SDK-86 which uses a 16-bit CPU, the 8086. By
using a microprocessor based system, the hardware count ‘is

reduced and the flexibility of the system is increasedﬂ The



latter is achieved by software which can be changed easily
according to the system's requirements.-. The simulator will

J

be described in two parts, the hardware and the software.

4.1 THE SIMULATOR HARDWARE

A block diagram of the packetfﬁoicg-simulator'is shown in
Figure 14 . The input anélog,speech signal is band-limited
and is digitized by the encoder. The serial digital data’
stream is converted to parallel by a serial-to-parallel
(s/P) converter and is then fed to the SDR-86. After the
data has been process;d by ‘"the SDK-86, the

parallel-to-serial (P/S) converter converts the output data

L3 r

- to serial form. The decoder converts the digital data to

analog form and the quantization noise 1is removed by

low-pass 'filtering. The square-wave generator provides
different clock frequencies to.the codec. The hardware is
described in two sections, the support hardware and the
SDK-86. i -

: . 3 -
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4.1.1 The Support Hardware

/
4

‘The support hardware consists  of ‘the input and output
filters, encoder, decpder, square-waye |generator, S/P and
P/S converters. The input filter is a second order

JButt

worth filter with a cut-off freguency at 3200 Hz. An
el iptic filter with a cu;éoff‘frequeﬁcy~ at 3000 Hz is used
for the output. It provides excellen: performance for 12
}kb/s to 40 Kb/s systems [24]. \ The output filter 1is more

crucial than the input one because steep roll-off is

required at the output to remove the guantization noise.

The speech encoding/decoding is“ done by a + CVSD
modulator/demodulator'(MC‘ 3417 - Motorola) [24]. It can
work either as a encoder or a decoder altermately but not
poth at the same time. A block diagram -of the C(VSD
encoder and decoder is  shown in Figure 15 . The only
difference between them, is the addition of a comparator in
the encoder. The digital output of the encodér réflecés tﬁe
difference between the ‘input voltage ands the iﬁtegrétor
output. It also controls~the direction-of ramp in the
integratdr. - The level detect algorithm monitors the passed
three bits of the digitai_output and changes the gain of the
\Entegrator when they are all 1s o¢ Os. External components,
~capacitors and resistors, are required in the feedback path
of the integrator and the level detector within the IC. The
1ntegrator is madk:ﬂossy SO that during any loss of packets,
the decoder output will decay to zero.

ol
-
-
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Th; clocks of the enco¢ef and‘decoder are obtained from a
square-vave generator which provides a frequency range of 16
KHZ to 64 KHZ with a 50% duty cycle, The S/P and P/S
converters are lé-bit wide and are connected to the parallei
input and output ports, respectively, on the SDK-86. The
clockings of the digiial data out of the encoder and into
the S/P converter are done on separate edges of the samé
clock pulse to avoid timing prcblems. The same holds frue_
for the P/S converter and the decoder. The data transfer
from the S/P converter to the S$DK-86 and from the SDK-B6 to
the P/S converter is done on every lé-bit interval. When 16
bits of data have been assembled on the S/P converter, the

CPU is informed to read the data by means of an interrupt.

By using interrupt, possible loss of,daté can be avoided.
To clarify this point, ®consider that the CPU is going to
execute a routine whose execution times is longer than the
time that the S/P converter requires to assemble lé6-bits of
data. 1§ én interrupt is pot used and the eiecution of the
routine is just started then the parallel word will be
over-written and lost before the CPU would have a chance to
retrieve 1t, Also, the CPﬁ intervention can be reducéd
which is very important in a Eeal-time simulation. This is
because most.of the jobs done by the CPU are on a real-time
basis and a slow down in CPU execution time will often
result in simulation error. A schematic diagqram of the

' support hardware is shown 'in Appendix A



4.1.2 The SDK-86 ' N

The central unit of this simulator -is the SDK-86 [25}
which performs all the functions of a packet voice station,
except those done by the éupport hardware, The SDK-86 i :
based on the Intel 8086 [26) - 1l6-bit CPU rumning at 5 MHZ.
The CPU is housed in a reliable 40-pin package and can
address up tc 1 megabyte of memory along Qith a separate 64
Kbyte 1I/0 space. The ‘high performance of the B0B6 is
realized by combining a 16-bit internal data path with a
pipelined architecture that allows instructions to be
prefeiched during spare- bus cycles. The CPU has eight
16-bit general registers and four of them can also be used
foer index and peointer pur;;;es. The ﬁegabyte of 8086 memory
space is divided up into logical segments of up to 64 Kbytes
each and which are addressed by’ four segment - registefs.
This CPU features powerful addressing modes such as the
based-indexed addressing which is of convenience in handling

data arrays.

The SDK-86 1is a System Design Xit which consists of an
8086 CPU, 8K ROM, 2K RAM, 48 parallel lines, a RS-232 serial
iinterféce and a prototype area for system expansion. The BK
ROM is .the system monitor which can be operated directly on
the built-in keyboard or a terminal via the RS-232
interface. _The system monitor commands iné&ude examine

memory/registers, read/write hexa-decimal file, single step



_execution, inpu:wau:pu: parallel data  and breakpoint
izsertion for program debuéging. An & Kbytes static RAM is
expanded on the prototype area for both program and data
storage. An interrupt acknowledgement logic cir&uitry which
is of vector type "44" is added for interrupt hand-shaking
purpose.

~

§.2 THE SIMULATOR SOFTWARE

, /
In this section, the software requirements of the
simulator will be given. A general flow-chart of the
T
simulator Soitware is shown 1in Figure 16 . All the

functions that the simulator has to perform can be
Eartitioned into four parts. = They are Ainitializaton,
computation, interrrupt service and packet handling. For
simplicity, the general flow-chart in Figﬁre 16 does not
show all the actual:interactions, which will be explained
later, among the four routines. The functions of the
routines-are givén below in descending priority order:

1. Interrupt Service Routine (I;R) - input and output
data, assembly and disassembly of pac&ets, silence
detection and delay count downf,ﬁ\\\’/

2. Packet Handling ﬁoﬁtine (PHR) - affix network.aelay

.on packéts, packet discarding, get empty buffer for
- next pack;t, transmit pacget, prepare béckétslfor

output and return empty packet to buffer-pool.
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3. Computation Routine (CR) - generate random network
delay and packet discard decision.

4. 1Initialization Routine (IR} - buffer-pool,
transmit-pool, ‘receive-pool, flags and wvariables

initializations.

The ISR has the highest priority in execution because the
input data will be over-written if it is not 4&ead béfore the
next one is available. _The second priority is assigned to
. the PHR because its functions ~ have to be se}viced
_immediately uhen'required.. 'The time of execution of the CR’

is not that crucial and it is assigned the third priority.

The interactions as well as the priority execution among
. the routines can be described by ‘a state diagram as shown fn
Figure 17-. The transitions from the CR and the PHR to the
ISR are doné by hardware interrupts and the transifion paths
é;g indicated by a. and b respectively. Upon completing
.execution of the ISR, the execution resumes wheré they were
from by following paths a' and b'. In a situatron in which
a trahsitién is made from CR to ISR and PHR has to be
serviced right after the end of execution of ISﬁ, the retyFn
path a' is chanécd to ¢. "This 1s accomplished by chahging
the return édd;ess to the address of_ thgvPHR.' When the
execution i; finished in the PHR, therexecution is returned

to the CR by following path ¢'. The functions of the four

routines are now described in more detail..
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Figure 17: State Diagram Showing Interactions Among
Routines '

’

4.2.1 The Initialization Routine

The low-levei. tasks such as stack’ poin%ers, variables,
input/oufput_ports and interrupt handling are initialized in’
this routine, TwG §£;¢ks will be used iﬁ the simulation
_program. One of them is the system S£ack which 1is mainly
used for the storage of the return:address and/or, system
-fiags for subroutine aﬁd interrupt operations. Another one

o .
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" is the user stack‘which_is used for the storage of transmit’
and receive packet poiniers and sizes. No cperands are
required for stack operation thus the execution time ‘is
.shorter than 1if operands are used. There are sf?}flags
.whiﬁh .gﬁe used to .idéntify the states as well as the

e »
operations of the system. They are:
o 1. TRS - Transmitter Reqguires Service
This flag is set when a packet is filled up and a
new one is regquired. | o
2, BM - ‘Buffer Mode
1t indicates the receiver is buffering packets and
no output of packéfé is done. -
'-3. RRS - Receiver Reguires Service e
This flag is set when a packet has been delivered
to the listener and the next one is reguired. .
4. . PKHAND - Packet Handling Reguested
It is set to indicate the packet haﬁdling routine
has to be executed next.

- 5.. DELOVER - Delay Over . “ o .

' It indi;ates the deiay count ”dovn of a paekét has
finished and transmission is to take blace. .

6. SILMCDE - Silence-Mode

It indicates the status, voice or silgnce mode, of

the silence detector. ' .§§%§3 R

-

o _ All-the npackets in the system are handled in terms of ‘
M - : v o - Q.
* pointers. “They are held in = three ' separate

€ . B ' ) ) . ) .
. ' ’ . ¥ ({ . . . -
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receive. The buffer-pocl queue {(BPQ) holds 211 the ehpty '
- packet pointers. The transmit queue (TXQ) contains vcice
packets waiting to be transmitted. " All packets arriving at

first-in-first-out (FIRO) queues: buffer-pool, transmit and

the receiver are gueued in the receive queue (RXQ). The

-

-~

assembly of a packet starts by retrieving an ‘empty packet
pointer .from the 'BPQ. It is put in the TXQ when a packet has

been assembled and is sent tc the RXQ after a certain

‘network delay. All packet pointers are circulated within

the simulator in a round robin fashion except in a case

" whereby a packet is discarded and its pointer 1is returned

directly to the BPQ from the TXQ. The FIFO gqueues are

implemented by software. There are two operations in using
. ’

the gueues, namely, fetching and releasing. The

initialization of all the queues as well“as the data buffer
ne
partitioning are also done in this routine.

.

4.2.2 The Computation Routine

.

¢ The a#sithmetic computation that i's required in the-

. 3 .
simulater 1s the generation - of random numberz)) A

pseudo-random seduqnce is gendrated ~based o] the
multiplicative congruential formula [27] - //(

2(i+1) = kz{i) ( mod'm ) |

‘and is computed recursively. Ref:- [27] has also shown that

31

" for the multiplier. k = 65539 and modulus m = 2 ,. the



)

- ‘ ' s s
seguence pééiod is maximized and the seéial correlation is
minimized. The only conditidn is vﬁbat thé initial value
must Bé'an odd integer less than 9599. " The modulus.can be
.impiemented easily on a 1l6-bit m%croprocessor by kéeping the
. ast significant 31 bigs of()thé product. Hence, no
é:yision is. needed. The full proéuct result 1is not
'necdt-'.saryL because the most significant bits will be

discarded anyway by the modulus. The random numbers range

.31 . . .
from 1 to 2 -1 and are uniformly distributed. t

The random numbers are used to generate the decision of
discarding a packet and the random network delay. Tﬁg"
former is achieved by generating a random number for a given
packet and if it falls between the.value of 1 and the paéket
discard threshold then the packef is discarded. The packet
discard threshold is the prqduét‘ of the . packet discard

A . . . 31
probability and the maximum random number which is 2 -1,

The random packet delay generation is. done by means of a

lock-up table. The domain and range of the table are the
. ,

delay threshold and the  network delay Crespectively. " Let
N{i) and pP(i) be the network delay'andA the percentage of
packet respectively of interval iy where i= 1,2,3,...,K and

.
K is the number of intervals of a network delay

distribution. Let MAX be the maximum random number

generated. The delay threshold , DT(i), is the |product of

P(i) and MAX where i=1,2,3,...K . To generatej a random
-—']l_



network -delay, a random number (R) is first céﬁpuced. Find
i such that DT(i-1) < R ¢ DT{i), where DT(0}=0. The random

network delég is then N(i).

The processes of generating a packet discard decision

(PDD) and a random network delay (RND) are guite time

consuminé_-BecaQse they both involve a few multiplication
operétions,- In a real—ﬁime simulation, such a slow process
has to bé‘bypassed. This 1is achieved by generating them
before they are needed and store them in two separate FIFO
gueues. The PDD gqueue contains elements which are either
one or zero. A one corresponds to "discarding” and a zero
co:respoﬁds to "no discarding”. " The elements of  the RND
gueue are the amount of networi delay. = The retrieve
N .

operation of an element from the ’‘queue takes an

insignificant amount of time. Figure 18 is a flowchart of

~ H

PDD ‘and RND generationQ.



COMPUTE PDD
AND STCOREZ IN
QUEUE

Idi

COMPUTE RND '
| AND STOREZ IN ,
QUEUE

e Figure 1B: Flowchart of Compdfation Routine

4.2.3 interrupt Service Routine

The execution of this routine stargs when an interrupt
signal is received by -the'CPU. . The interrupt signal is
active when 16-bit data has been assembled in the §S/P
'cbnverter, To prevenf:input data over-run, the execution
time of this routine must be kept small sp that the

execution of this routine is finished before the next set -of
data is‘available. Basically; the functions of this routine
are limited to packetization, silence detection,

"de-packetizaton and packet delay count down. A flowchart,

which demonstrates the operation of this routine, 'islshown :

R



in Figure. }9 . The silence detector counts thé number of

voice samples when a packet 1is being assembled. A voice

L

sample is S-bit‘long and does not have any periodic bit

pattern such as 10101016“or 01010101. After a packet is
formed, Ehe' number of voice samples is compared. with the
voice 'and silence thresholds. If the number exéeeds the
voice thrgshold then thgatransmitterv switches to voice mode

and'in this mode all packets genetated will be transmitted.

‘Silence mode~is reached when the number of voice samples is

less than the silence threshold. Pre-offset and ?ost-offset
' Cf
are also implemented to eliminate the :i67t-end and rear-end

clippings respectively: -~ A flowchdrt! of the silence
ééteqtioh is shown in Figure 20

. P )
I1f cthe receiver 1is not empty, the de-packetization

routine will compare the transmit and the receive seguence

number and determine if additional buffering is required

before packet dis-assembly bégins; Thé number of packets

requiring buffering is determined by the maximum ‘network

:delaf allpued. A fldwchart of the de-packetization phase 1s

shown in Figure 21

Eﬁery voice packet has a random dlay value .added to it
which is decremented in this routine. The DELOVER and

PKHAND flags are set when the count-down of a packet reaches

a

‘zero‘to indicate that packet transmission ha;\to take place.

[y
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DETECTION

SAVE
REGISTERS

|

INFUT
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DATA

!

OQUTPUT
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!

PACKETIZATION

DE-PACKETIZ-
AT ION

OUTPUT |
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"'Figure 19: Flowchart of Interrupt Service Routine.
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DE-PACKET

r

'  PREPARE PREPARE PREPARE
: OUTPUT STLENCE PACKET TO
S~ DATA OUTFUT OUTFUT
. — i 1

PACKET
PINISHED?

SET
] PKHAND & RRS
! . PLAGS-

F S
A

"RET

Figure 21: Flowchart of De-packetizaton Operétion

4.2.4 Packet Hangijng.RouEine

0 " . - - "- :
This routine 1is -quoked as a conseqguence of the

completion of any of the following jobs:
voice packeti;afion,

. ) . R

- voice de-packetization,

packet delay expired.

i



4 flowchart for this routine_is shown in Figure 22 . As ca

- -

be seen from the flowchart, the circulation "of packets in

the simulator is done in this routine. The flags RRS, TRS,

-

and DELOVER are set independently of each other. So, e

roytine loops ‘on itself

completed before exiting..

has been completed. ‘

until all the jobs have been

The flag is:reset after each job

at

g



RETURN PACKET
o .
BUFFER-FOOL
PUT PACKZET
IN TRANSKIT
QUEUE
A .
DELOVZER TRNASMIT
FLAG SET PACKET
2
N
DISCARD OR
DELAY PACKET
A\
EXCHANGE’ ' 7
RETURN ) .
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4.3 SIMULATION EXPERIMENTS AND RESULTS

An \6086 Assembly Language program was written as
described by the flowcharts in the last section. Less
overhead and thus faster execution time can be achieved in
the low-level language such as-Assembly as compared to the
high-level languages sﬁch as Fortranl Fast execution is
ess;h;ial in real-timé"simul;tion as was explained 1in thé
last §ection. - The brogram consists of four mcdulés wﬁich
correspond tos the four routines descr{bed earlier plus a
data module. - The prograp ,is entered in " a MbS-BDO
microcdmppter and aésembled by ah-8086 cross-assembler. The
program, after linking, 'felocation and obj-hex conversion,
is BOUn‘loaded into the SDK-86 for execution. The program

listing is in appendix B.

The main objective in this simulation 1s to determine the

- of users that can be supported in the system with the

;;éorr sponding speech guality. Before doing so,.the encoding

‘rate, .packet size and silence detection thresholds will be
obtained first. 'An informal listening test is used for the
speech quality evaluation. The speech material is

pre-recorded on a tape recordér_ and is pagged throughithe
packet-voice'simulator. The output speech is recorded on
another tape recorder. Eaiting, such as inserting intervals
in between adjacent'sﬁeech signals and allowing time fér the

listeners to respond, 15 done before the speech test,signals

.
-

> - 80 -
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are evaluated by‘-the';isteners. The testing 1is pe;forqe@

uiéh a good quality amplifier and headphone. The reason for

using a good gquality headphone instead of a telephone

handset is.to obtain the lowest bound of the number of

users. Noise or .silence gaps, which may not sound obvious

‘oﬁ a telephone handset, are more apparent on headphones
S

-becéuse of their gbod frequency résﬁonse.

,
“Three listeners are asked to rate the test speech signals

from one to fiQe: Excellgnt(s). Good(4), Fair(3), Poor(2)’

and Unsatisfactory(l). In order to establish a point of
reference for listener's responses, two speech reference
signals are presented ( one excellent and one unsatisfactory
) to the listener before the evaluétion takes place. The |
speech test signals are presented to tﬁe‘listene;s in random
order. For every set of five spéech_tégt signals, the

speech re_efence signals are présented to refresh the
standard, of references to the listener. The experiments to

- W -

be périormed'late; are based on this method for speech

QUaiity measurement. The speech sentences used for the
. speech test and reference  signals were obtained from.
reference [19].. The term “number of users” used in the

later experiments refers to the number of voice circuits.
)

]
‘. .
~

The selection of the codec transmission rate is very.

"important because it .affects the number of users as well as

»



¢

the performance of,the.systemi_'Thezobjec:ive is-to‘select a
transmission rate as low as possible so that " it occﬁpies
iess of the channel capécity. On the other hand, it should A
be high emrough to encédg the speech information with good
intelligibility, fgcognizability and fidelity. Experiments
are carried © out by varying the tripgmission rate from 16
Kb/s -up to 64 Xb/s, in steps of 8 Kb/s, and the
-éofresponding speech qualigy is evaluated. The packet—vqice
simulator is bypassed in this. experiment, The results
showed that there was no significant changes in speech
guality between the éncbding rate ranging from 40 Kb/s to 64
Kb/s. However, the speech signal 1is noticeable more bass
.because of Bénd—limiting. . Below 40 Kb/s, the guantization
ncise becomes more.and more. noticeable as the encoding rate
goes lower ahd lower. The speech material was barely
understood at 16 Kb/s and the guantization noise was .so
large that the recognizability and fidelity were very much
degraded. From this experiment, the encoding rate of 490
Kb/§ was found to be the lowest that provides a satisfactory ® ;
speech qpality. Hence, it ‘is used throughout the
experiment. It is rated as "Good" in the category scale by

- the listeners and is considered as "toll" quality. —

The packet size affects the network delay as well as the
speech quality. A loss of a large packet will degrade the
speech quality more than the one of a small packet. But the

K ,‘
smaller the packet is, the higher the network delgy will be. f:;;

» - 82 = e . N ." ’ .
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This is an gptimization probleﬁfand is verf d}fficult to
solve theoreéically. Rather, an off-line simulation program
written by hiqs [15] was used to determine the packet size
which givés the minimum average network delay for various '

number of wusers. The results of using CSMA/CD and HYMAP

-protocols are shown in Figure 23 and Figure 24 respectively.

The packet length is expressed in' time based on an encdding
rate of 40 Kb/s. As can be seen from the figure that the
average network delay is highly dependent on the number of
users. - The less the number of wusers is, the lower is the
qderage'network delay. In CSMD/CD, for a ,given number éf

users, - there exist a packet. length which,gives the minimum

.average network . delay. It is assumed that in the

packét‘voice system, the average number of users 1is 100 and

the corresponding packet length, which gives the minimum

average network delay, is 27.5 ms. Furthermore,'the packet
length obtained falls into ;he.range of 16 to 32 ms, which
Jayant [29) showed to be robust in terms of packet .loss.
For KYMAP, the average network delay decreases as the packet
length incfeases. The minimum is not reached for a packet
length of 77.% ms which is much greater than the packet
lengths that Jayant recommended. So, the packet length used
in the. later experiments will be'baseé on the one obtained

in CSMA/CD.

The settings of the silence detection thresholds, VT and
ST {(sect. 3.2), are done experimentally. The main objective

@
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AVG. NETWORK _
ADELAY (us) . ' . .

LOO0T

140 USERS
~<
) ‘ -

300t

" 120 USERS
2001

100 USERS
—
100+

1

17.5  27.5  37.5 47.5  S7.5  67.5  77.5 PACKET LENGTH (ms)

P

‘Figure 23: Packet Length Versus Average Network Delay,
CSMA/VD

~is to generate packets only when there is voice. So, one
would try to generate as few packets as possible anq a{ the
saﬁe time the speech guality should not Dbe affected. The
testing speech material used in tgis exberiment is obtained
ffdﬁ a BYTE magazine article [30] and is three minutes iong.

Y
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AVG. NETWORK . ' ‘

A DELAY (ms) .
I} -
y
; 140 USERS
—
2T 120 USERS
(. -
100 USE‘BS‘
: | G\
 17.5  27.5  37.5 47.5  57.5 67.5 77.5. PACKET
“ ) . ~ "y LENGTH (ms)

Figure 24:  Packet Length Versus.Average Network Delay,.
HYMAP '

L

~
~
.

The number of packets generatég {$)  for various silence and
voice threéholds (% packet"length) is plotted in Figure
25 . Note that the 6 rcénnage of packets generated in this
experiment has "relative" méahing‘only; The speech mateiiél

used and the monologue are by no means representative of

~
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conversational speech. The speech Quality is not affected

when VT'qnd ST are lees than 75% and 55% respectively. When

VT increases, - syllables begins to be lost.  Chopping noise

between syllables become’s obvious whén ST is above 75% and.

the speech quality is degraded. Based on the result of this
. experiment, ST and VT are set to be.SS% and 75% of tﬁe
packet length reSpeCFively. For all ~settings in which the
speech quality is'fnot .affected, the pre-offset angd
po§t-off;et were set to be 22% of the packet}length. .?his
is'the advantage of detecting silence -and voice iﬁ a packet

basis because the settings of the pre-offset and post-offset

~are not critical.

-

Finally, to evaluate the speec¢h quality for various
“number of users, the network delay distribution and the
packet discard probabiiity are obtained based on the

-

following system parameters:

* - The round-trip ptopag;tibn deiay‘is 15 us based on a
network length of 1 Km (coaxial cable).

- The packet iransmission time is 116.4 us based on a
10 Mb)s channel transmission rate and 64 bits
overhead.

- The packet generation rate of each station is 36

packets/sec. - . s
i .

- Maximum -allowable network delay"(MAND) are 27.5 and

110 ms  which corrgspond to one and four

packet-lengths respectively.

-BSf

Y
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Figure 25: Packet Generation versus Silence Detection
Thresholds -

Figure 26 shows the ‘packet discard probabilitf as the
number of users varies from'lzs'to 195l AS can be seen, the
HYMAP protocol shows alsignificant improvement, 1in-terms of
less packets discarded for a given number of users, when the

MAND changes from 27.5 ms to 110 ms. When -MAND is 110 -ms,
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1CSM§/CQ shows improvement 6nly‘wheﬁ the number of users is
between 153 and 168. As the number of users increases
beyond 168, ‘ more packets are discarded than when MAND is
27.5 ms. This is because of the inérease in MAND which
allows more packéts to be retransmitted and the throughput
decreases as'a result of this network traffic increase.
.HY&AP does not dégrade with the increase in MAND because gf

<

o the coilisigp-free procedure which allows packets to be
transmitted in an orderly manner. The typical shapeé of the
-CSMA7CD aﬂd HYMAP network delay d;§tributions are shown in
Figufe 27 for 145 users and. MAND gqﬁals to 27.5 ms. Note
that 85% of the packets have delay less than 1.}2 ms in
CSMA/CD and only 17% in HYMAP.  The Gariance_of the netwopkr
delay in HYMAP is larger than the - one 1n CSMA/CD. In a

) . . . Al 3 . ’ 3 I3
packet voice system with receive-end buffering, the variance

does not have ank effect on the speech quality. However,

Q
this is not true, ‘which will shown\w{é%er, for a system
without receice-end buffering. "~ All this information 1is

input to the packet voice simulator for speech quality

measurements,

i

-

Table 4 shows . the number of users and the correspondiﬁg
speech guality tﬂat é;n be achieved. It has to Ee pointdd
out that the table is by no means a representation of the
results lbf. a comprehensive éubjectfve testing;“ ‘ It is
suggested that the ‘observation of this table be used as
rough guidelines only: - Two cases are consjdered, _with and

_88_
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Figure 26: Packet Discard Probabiyity for Various Numbers

of Users

~

without the receive-end buffering protocol. 1f receive-end

buffering 1is used, the buffer-delay - is equal to’ MAND.

Longer buffer-delay does not serve any purpose because the

maximum network delay that a packet can have ~is MAND. 1f

the” waiting for late packets protocol. The results show

- there is no receive-end buffering, packets are handled by

that the packet voice system performs much better with

bufféring than without it, “The speech quality degradation

_89_
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, Figure 27: Network Delay Distribution
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A\ - |
is very apparent for HYMAP when no buffering is used. This
is due to the larger wvariance of the network delay
distribution. More packets arrive late at the receiver than
it is 1in CSMA/CD case,. However, \with buffering of four

packets, HYMAP can.support more users with

quality. : \) ] T
. ) /-

N
The speech gquality, rafte "Fair"//i;d "Poor", is QEifé
-~

sgnsitive to the number of ~usets, espbecially when

"Goo@[ speech

_90_
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receive-end buffering is’ used. An increase of 7 users (in

 HYMAP with receive-end buffering and MAND equals to 110 ms)

changes the speech quality from "Good" to "Unsatisfactory"”.
So, to determine the maximum number of users for a given
system with "Good" speech quality, the use of safety margin

is necessary. )
w

Generally speaking, with receive-end buffering; better
speech quality can be achieved by increasing the MAND
because more packets can be transmitted within the specified
amount of time. However, this will introduce unnecesséry
delay. Due to the lower throughput limitation of CSMA/CD,
tbe increase "of MAND beyond a certain maximum will have a.
negative effect of decreasing the throughput. Certainly,
MAND can not be increa;:d without bound. Its contribution
must keep the maximum end-to-end delay leﬁs than‘300 ms. It
should be noted that when.receive-end buffering is uéed} the
speech quality depends solély on the packet dfscard

probability. The network delay has no effect at all.



TABLE 4

Sp'eech Quality for Various Numbers of Users

WITH BUFFERING

WITHOUT BUFFERING

# OF ' _ :
USERS | gsma/cD HYNMAP CSHMA/CD EYMAP
27.5 md 110 ms|27.5 nd 110 ms|27.5 ms| 110 ms|27.5 md 110 zs
POCR
125 600D )
FAIR
FAIR \
135
GOOD
185 | soop FAIR | POOR
600D POR
' GOOD
155
POOR
165 |apatr |— FAIR
FAIR UNSAT.
POOR
POOR
175
UNSAT.
185 POOR UNSAT. UNSAT.
: UNSAT. UNSAT.
FAIR
195 .
POOR
UNSAT. UNSAT.




Chapter V '

AN INTEGRATED DATA AND VOICE STATION

The experimental results described 1in the last.chapter
demonstrate that packet transmission of voice is feasible on
a broédcast type network. There is a trade-off between the
speech quality and ‘the number of users. In those
experiments, voice occupied the’ wholé bandwidth of the
broadcast channel. If the voice traffic is limited to a
certain amount, the excess channel bandwidth can be
allocated for data traﬁ;\ission. The limitation of the
voice traffic can be done :;\¥é§€rff€;;g the number of us;rs
and/or using an encoder with a lower coding rate.

The integration of‘ data and voice onto ihe same.channel
introduces the problem of handiing two different types of
packets, data and voice. Voice communication must be done
on a real-time basis and tﬁe network delay must be kept
small so that less packets will be discarded by ‘the
transmitter, whereas 1in data coﬁmunication, the deléy of
packet transmission is not that critical. Therefore, it is
desirable from the system point of view to keep the voicé
packet delay short at the expense of longer data packEtl
delay. This can be achieved by assigning a hijgher priority

for the voice packets to transmit -over the data packet [31].
. 1 .
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In an integrated data and voice network envirdnment,
there exist three types of stations:

1. those that handle data only, e.g. a CRT terminal.

| 2. those that handle voice only, e.g. a digitized
telephone set. ’ _

3. those that handle both data and voice. !
The latter type, integrated data and voice stations (IDVS),
are of concern in.this chaptér. IDVS has the.advantage of
sharing some of the low-level handware and software, such as
dataélbuffers, transmission hardwafe and transmission
software, by the data and voice packets. The priority
assignment of this type has to be done both locally and
globally. “ The term "local™ refers to a scheme within the
station itself, whereas "global" refers to a scheme among
all stations. In this chapter, the priority assignment
scheme of an IDVS based on CSMA/CD protocol will be given.
A block diagram of an IDVS will be given at the end of the

chapter.

The status of an integrated data/voice station can. be
described by a 4—state%diagram as shown in Figure 28 . They
are pause (P), data (D}, voice(V) and data/voice (D/V). The
stdte diagram is simplified by excluding ;rans{tions between
states D and V and also states P ahd b/v because these
tifnsitions‘seldom occur, The nodes and arrows correspond
to the states and state transitions respectively. When a

station is at rest, the station is at state P. When a

[}



talkspurt begins, the state V is reached, designating voice
packets are being generated. A station 1is in state D/V if
it has both data and voice packets to transmit. State D is
reached if a stétion has only data packets to transmit. As
will be shown later, global priofity assignmeﬁt is applied
on states D, V and D/V. In addition to this, the state D/V

also requires local priority assignment.

¥

Figure 28: State Diagram of a IDVS

5.1 LOCAL PRIORITY ASSIGNMEN'F/;CHEME (LPAS)

A [
This scheme is applied only in state D/V, that is when

there are two types of packets in the station, It allows a
station -to transmit its voice péékéts before 1its data

| packets. -However, it does not guarantee the transmission of
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voice packets before other station's.data packets. -Such
sequencing must be done by the global priority assignment
scheme. In LPAS, two classes of priérity are reqhired. The
high and low priorities are assigned to voice and data
packets respectively. The high priority packets are always
‘'put.in front of the low priority packets in the transmission
queue 507 that voice packets are always transmitted before
data packets. This can be achieved easily within a station

because it knows what type of packefé is being generated at

. : \* '

any time. \\

/ _' . AY
5.2 GLOBAL PRIORITY ASSIGNMENT SCHEME (GPAS) \""

1Y

This scheme 1is applied to all stations when they have
packets to transmit. The priority of packets is the same as
the one in LPAS. It allows voice'packgts in all stations to
transmit before all data pacﬁets. Since each snatién does

._ﬂﬂyk know what type of packets, data or voice, other stationé
are going to transmit, the best way to exchange this
information is via the multi-access protocol. By doing so,
the foilowing requirements are necessary [31]:

1. .Voice packets have higher priority to transmit than

data packets.

2. Distributed control has to be conserved.

3. Packets of the same class should have equal right of

accessing the channel.
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4. The . fransmission of voice packets should be

j ingznsitive to the load put- on the channel by data

. packets.j

5. The scheme is rébust-in terms of operations.

6. The overhead to implement this scheﬁe should be kept
minimal.‘ |

Two methods are used for the GPAS [28]1[31], the Reservation

y
Method and the Different Back-off Algorithms.

5.2.1 Reservation Method

The priority assignment of the two classes, data and
voice, 1is based on the CSMA/CD protocol. The transmission
of packets takes place one slot. tﬁme'after ythe end of a
packet. transmission. The infdrmation on the slot determines
whose turn to transmit, high or 1low priority class. If a

reservation message was present 1in the slot, the high

)

priority class will transmit at the end of the slot, or else

the low priority class. The reservation method is explained
below: l
1. EBach station monitors activity on the channel at all
times just as in ordinary CSMA scheme;
2. If the high priority class haé packets to transmit, a
reservation message (RM} of length L is sent at the
end of a packet transmission (EOT) whether successful

or not. ( L is the shortest‘packet length detectable

by all stations)
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The reservation message will arrive at all stations
within a slot’ time of 2D + L, where D is the
end-to-end propagation delay time. At the end of the
reservation slot, the high priorﬁty class proceeds
packet transmission using CSMA/CD protocol.

The low priority class proceeds transmission, using
CSMA/CD protocol, 1if there is no reservation messhge
within the 2D + L slot.

For those packets which' are formed after the
reservation slot, they are transmitted based on the

CSMA/CD protocol regardness of their priority class.

The reservation method is illustrated in Figure 29

Ni=1 Ni=2 c1 Ni=1 Ni=
N2=1 EOT N2=1| COLLISION N2=r N2=

N1=0

A e, el el e

0
1 |N2=0
I

~| 20 I,_f«f ™~ Reservarzon~" |
*LIT1 c1 MESSAGES 3
RESERVATION
SLOT

Figure 29: 1Illustration of Reservation Method

Let N1 and N2 dénote the number of active wusers before

EOT in high priority class (Cl) and low priority class (C2)

TDME
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;espectively. A vertical "upward arrow represents the
arrival of a new packet to the system. ° Aﬁ the first EOT,
'Nl=1 and N2=1. A reservation message is sent by the high
priority class right after EOT. Note that the reservation
message will arrive at all stations within the reservation
slot, thus synchronizatién of all stations is not necessary.
At the end of the reservation slot, the high‘priarity_class
transmits 1its packet successfully,. During the packet
transmission, two new Cl pazkets arrive and reservation
messages are sent, at thi/;nd of the packet tranSmigsion, to
reserve the next frame. Unfortunately,” collision of the two
Cl packeté occurs and théy have to abort-'tranSmission and
schedule for retransmissions. Again, the next frame is
reserved by the high priority «c¢lass by sending the
;ese;vation messages. All the stations repeat this protoéol

»

until all packets have been transmitted.

As the number of packets of the same pribrity class

increases, more collisions will be likely to happen

especially for data packets. To cifcumvent this problem,
the P - persistent CSMA/CD protocol dan be used instead of

the ordinary CSMA/CD protocol, I the P - persistent

" CSMA/CD protocol [16], a ready gtation senses the channel
and operates as follow:
1. 1If the‘channel is sensed idle then it transmits the

packet.



2. -If the channel is sensed busy, it waits cruntil the
channel becomes idle and then transmits "uith
probability P or delays traﬁsmission by D with a
probability 1-P. If the channel is still busy after
the delay, the same process is repeated.

3. Collisions are handled the same way as in CSMA/CD.

As a matter of fact, Vthe CSMA/CD protocol is a- version of P

- persistent CSMA/CD protocol with P equals to 1.

In terms of this fesérvation scheme, the overhead is
minimal, only a reservation messagg is required. The scheme
is robust because no exact infbrmation;. just a reservation
message to indicate the presence of the high priority c;ass.
However, the voice packets are not fully insensitive to the

. lcad increase due to data packets.

5.2.2 Different Back-off Algorithms (DBA)

In terms of implementation, the reservation methbd
proposed in thezlast section reduires many modifications to
the CSMA/CD protocol. Thes DBA requifgs.gnly the addition of

)

a back-off algorithm. is still Dbased on the CSMA/CD

protgcol but two back-off algorithms ;re used instyead of
one. One is for the voice packets ana the other one is for
" the éata packets. ~ The back-off algorithm for the voice
‘packets is made to have a shorter average delay than the one

for the data packets. For example, consider the
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binangexponential back-off algprithm'u§ed in Ethernet, the
retransmission delay 1is taken. from the interval indicated
below: |

f' .

e
[0, 2" -1]D

. v |
where n is the number of collisions and D is the channel
propégation delay. In DBA method,- the above interval is
used for the voice packet rétransmission delay and the

following modified version can be used for the data packets:

-

[o , K. 1] D

where k is a positive number which is used to.increase the
upper bound of the delay interval. By doing so, the voice
packets will have a ﬁigher probability of channel access
than data packets. 6ne drawback of this method is that‘the
full partition of the high and low pfioyity packets -can not
be achieved. A small number of the data packets may have a

higher priority than voice packets.

5.3 BLOCK DIAGRAM OF AN INTEGRATED DATA AND VOICE STATION

In this section, a block diagram of an integrated data
and voice station is given, It is based on the CSMA/CD
protocol with the reservation method. A display terminal,

(CRT), and a speech terminal (telephone set) are the sources
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of this station. Packets are transmitted through a common
_access point to the broadcast channel. A block diagram of’

an IDVS is shown in Figure 30 .

The driver consists of electronics to.power the transmit
signal down the broadcast channel. Upon reception, it is
capable of eliminating the noise imposed on the reéeiQed
signal. Furthermore, encoding such as Manchester is done on
tﬁe transmit signal so that ‘the clock signal can be
recovered at the receiver., * Also, it cduld provide ground
isolation between the channel and the station. The
multi-access protocol with reservation scﬁeme is coﬁposed of
‘Collision-Detection, Back-off Algorithm, Carrier Detector
Tand Voice/Data Delay blocks. ‘One of the well known back-off"
algorithms 1is the bihary-exponential used 1in Ethernet.
Examples of others r‘are linear inc;emental and :éndom table
{33]. The Carrier Detector detects the reservation message
and the end of a packet transmission. 1If -a reservation
mgssage,is detected,‘ the voﬁce packet will have the access
right.;o thg channel at the ‘end of the - reservation slot.
Data péckets will have fhe access right if no reservation

_.message is detected.

All packets are passed through a data-link control
it ) . .
pretocol before being transmitted. This is done by the Data
~ o
Link Gontroller. The main function of the data-link control

protocol is to allow communication among stations in a
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Figure 30: Block Diagram of an IDVS
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reliable way. In general, the frame format of the protocol
consists of the opening and closing frame  indicators,
destination and source addresses, control information and

error checking sequepce [1].
| - ,
The last main block is the Integrated Data/Voice

Processor. It cdonsists of the Bﬁffer-pool, Main Processor
and Data Converter blocks. .The functions such as voice/data
packet assembly and disassembly, voice and silen;e
detection, receive-end protocol and silence recovery are
perfofﬁgd by the main processor. A common bﬁffer-pool 1s
used fbr the storage of both the voice and data information,.
The data converter of the speech terminal does the

digital-to-analog conversion and vice versa..

L]
All the functional blocks which were shown 1in Figure 30

are common to both voice and data. ngever, thef; data-link
control protocols are different. As mentioned earlier, bit
err\rs are intolerable in data communications but small
errors are allowed in voice communication. Therefore, the
voice data does .not have to . be protected against errors.
The frame formats of the data-link contrpl protocols | for
data [33] and a modified version for voice are shown in

Figure 31

In the data frame format, the CRC (Cyclic Redunduncy
Checkwords) checks the error starting from the beginning of
. the destination address to the end of the  data field, If

L
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CPENING DESTINATION SOURCE CONTROL | DATA CRC | CLOSING
FLAG "ADDRESS .ADDRESS FIELD FIELD FLAG

{a) DATA

OPENING DESTINATICN SOURCE CONTROL | CRC DATA CLOSING
FLAG ADDRESS ADDRESS FIELD . PIELD | FLAG

(b) YOICE

1

-

Figure 31: Frame Format<of Data Link Control Protocol
there is an érror in the frame, the sender will retransmit
it again after a time out or by rgceiving a ﬁégaﬁive
acknowledgement. However, in'the voice frame format, there
is no need to protect the voice data from bit error. The
error protectﬁﬁp applies only on the destination éadress;
source address and control fields. This is to guarantee
that the frame is received by the correct'station and the
source address and contrél fields are valid for furtﬁer
communication, Baseband transmission 1is used and it |is
believed that the error rate is very small. Therefore, 1if
the whole framé has to be retransmitted in case of error,
the delay caused by the retraﬁsmission ~will degrade ‘the
speech quality more than the error does, So, in voice
communication, retransmission of voice packe;s with error is

not recommended. ” -
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Chapter VI
CONCLUSIONS

A real-time packet-voice simulator based on‘an B0B6 CPU
was designed to étudy the speech ‘qqglity on a broadcast bus
type local area network. If was assumed that .the telephone
set is a' four-wire system ‘;B that the network is free of
echo. It was not necessary to simulate many stations in a
real-time basis. - Instead, one station was simulated and the’
network delay distribution as well as the packet discard
. probability, which characterize the network, serve as the
inputs to the simulator. The two inputs are obtained from a

separate simulation program,

The simulation process begins by band-limiting the analog
input signal at-3200 Hz and then aigiéizing it at 40 Kb/s
using a CVSD encoder. Speech~-silence, which %s-detected by
a silence detector, 1s not transmitted. The silence
"detection thresholds, VT and ST, are set to 75% and 55% of
the packet Qengph,respectively. The packet seguence number
is used to Tecover the silence period at the receiver. The
vaice digital data is agsembled into packets of length 27.5
ms which go through a process of delaying and discarding
before being transmitted to the receiver. = The

packetization-freezed protocol 1is used to resolve the
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.)collisions caused by the synchronization of packet
generati;n between two or more zzations. Packets that are
not transmitted within the maximum allowable network delay,
27.5 ms or 110 ms, will be discarded. Upon receiving the
packets, the receive-end bufferihg protocol is used fo that
a smooth speech delivery can be obtained. At the output,
the CVSD decoder converts the digital signal to énalog which
is then low-pdss filtered at 3000 Hz to remove guantization

noise before being delivered to the listener.

An informal listening test was carriea out to evaluate
the speech guality subjectively. The results showgd.fhe
number of wusers that can be supported for a given speech
guality. For example, "Good" speech quality allows 165
users for CSMA/CD-and 190 users for HYMAP 1if receive-end
buffering of 110 ms is used (for a codec rate of 40 Kb/s and

a channel transmission rate of 10 Mb/s).

The results also showed that a significant improvement of
speech guality, for a given number of users, can be achieved
by using HYMAP protocol with' receive-end buffering and MAND
equals to 110 ms. The: number of wusers can be increased
substantially by taking advantage of the maximum énd~to-ena
delay‘ alio;ed in an echo-free local area network
environment. However, due to lthe lower throughput
limitation of CSMA/CD protocol, the increase in MAND will

not benefit the system significantly.
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"The fesults obtained in this thesis can be%used in the
design of a packet:voice system. However, more research
must be done on the protocol layers abo#e the 1link level
[1]. For example, two features are the conference call in
the épplication layer and call setup procedure 1in the
sessiqn l?yer. Flow control can be achisved by.blocking the
call Eefup when the network locad has -reaqhéd a' certain

level.

\

Lastly, the block diagram of an integrated déta and voice
station was given. Simulations should be done to validate
the'priqrity assignment schemes and to partition the amount -
of data and voice traffﬁc that .are best suited in this

v

environment.

The contributions of this thesis are:

1. The design of a real—timeﬁpackéﬁ-voice simulator.

2. Packet-voice system-design parameters were obtained,
such as voice and silence thresholds which were set
to be 75% and 55%, respectively& of éhe_
packet-length. The size of a packef is 27.5 ms.

3. 'fo limit the network delay, a protocol of discarding
packets which have not been transmitted within the
ma;imum allowable network delay (MAND) is proposed.

4. A packetization-freezed protécol is proposed to
resolve | successive collisions due to possible

synchronization of packet generation among stations.
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Appendix A

SCHEMATIC DIAGRAM OF THE SUPPORT HARDWARE

The following two pages show the schematic diagram and
the part list of the support hardware./ U3 and Ull are the
inpﬁt and output low-pass filters respéctively;
Analog-to-digital conversion 1is e by U4 whose output is
converted to parallel by Ul3 and Ul4. The processed digital
output is converted to se;ial, by Ul15 and U1l6, which is then
converted to analog signal by Ul2, The clock éignal is

generated by U5-U10.
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IC PART LIST

NUMBER TYPE | +5v GND HIGH LOW
U1,U02,U3,Ut1 7H1 (+12V-7, -12V-4) Y
ub,u12 MC3417 16 8
us 74163 16 8 1,10
ué 74163 16 8 1,7,10
U8 7470 14 vi 1,4
u9 74121 1k 7 3,4
U10 745124 16,15 8,9 6
U13,U14 74164 16 8 2,9
U15,U16 74165 16 8 ) 10,15
u? 74163 16 8 1,3,4,5,6,7,9.,10

NOTE: ALL PINS CONNECT TO

RESISTOR PART LIST

NUMBER VALUE
R1.R7.R1&,R23;
R32,R33‘33u 10 X
R3,RY4,R5 6.8 K
R6,R13 4600
R8,R25,R31 1X
R9,R35 1.3 K
R10,R36 0.3 K
R11,R37 100 K
R12,R26 5M -
R15-R22 - " 2.2 K
R30 87.6 K|
R29 175 K
R38 247 X
R27 " 600 K
R28° 1.11
| R24 212 K
XTAL --- 6.144 MHz
N4

wa

"HIGH" ARE VIA 2.2K RESISTORS

CAPACITOR PART LIST

NUMBER VAIUE
cl 7.2-nf
c2 2.2 nf
c3 4 uf -
c4,c6,012,C13 0.1 pf
cs5,C14 © 0.05 uf
c7 " 200 pf
c8 380 pf
c9 220 pf
c10 78 pf
c11 157 pf
€15 1 nf
Cc16 9.3 nf
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Appendix B
SIMULATOR PROGRAM LISTING

The simulation program consists of five modules. They
are initialization, computation, in:erruét service, backet
handling and data. There are about 700 lines of program
instructions which occupy a memory space of 2.2 K bytes,

The data module occupies another 2 K bytes of memory. Tﬁese
modules are assemblgd by a cross-assembler in a MDS-800
microcomputer development system. The program code, after
link;%g,'relocation and object-hex_code conversion, 1is down

loaded into the SDK-86 for execution.
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