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INTRODUCTION

This report descrlbes the manual voice 1nput system of the Natlonal Av1at10n
Facxlltles Experimental Center (NAFEC) Prototype Mass Weather Dlssemlnatlon
System. A general overall description of the manual voice subsystem is
presented followed by a detalled descrlptlon of the voice encoder ‘and the
voice decoder elements ' '

BACKGROUND

The Mass Weather Dissemination Exploratory Engineering Model (figure 1) was
developed to test and evaluate the application of digital techuology to the
mass disgemination of meteorological and aeronautical information.

A Department of Transportation (DOT) study, "A Proposal for the Future of
.ﬁ}aght Stations,” dated August 1973, recommended that greater emphasis be
placed on the mass dissemination Df aviation weather briefings at flight
_service stations (FSS's) and that the one~to one method of briefing be
reduced or eliminated.

"There is a need to reduce or eliminate the one-to-one method of briefing,
particularly for heavily traveled routes or repetitive brleflngs The
function lends itself quite well to automation. Therefore, automation (self
briefing) and mass dissemination should be emphasized.'

DESIGN OBJECTIVES

The design objectives: of the Mass Weather Dissemination Exploratory
Engineering Model are:

1. °To provide, through one-call, one-number service:

a. Access to any of five recorded briefings.
b. Access to a flight service specialist. , o
¢, Access to Automated Flight Plan System to file, amend andfclose'
flight plans. . .

2. ReducerSpecialists workload byi

a. Prov1d1ng updated, acce551b1e, recorded weather brleflngs, , ,
b. Increasing the efficiency with whlch specialists enter 1nformat10n to];
the recorded briefing system. o
c. Almost entirely eliminating recordlng of spoken 1nformat10n by means ?~ 
of automatic message composition by phrase selection from preformated menus.




Gelco Germinal Bquipment ; = = _ 3a File eéorclers
k ' : Jlight Plan 6nfry Console

Utterance Recognition Device 752 Compute;,BuUi Store,

Voice Digitizer, Gelco line Controller
&

Geleo Oufpukt Channel Interface

Auto Mess Comp Gntry Germinal j o ' . Specialist Meésage Bntry Germinal

FEIGURE L. WEATHER DISSEMINATION EXPLORATORY ENGINEERING MODEL




d. Providing flight plan recordings -with feedback.
e. Automating the flight plan filing process.

3. Improve service to the pilot by providing:

a. Synchronous access; 1l.e., the presentation of a recorded briefing
from the beginning to any pilot.

b. One-number access (briefing/caller multiplex). Any pilot calling the
system-via the one telephone number can access all FSS services.

c. All-pilot access. Any pilot with any telephone can access the
system. :
d. - No~break update. -Updates in the recorded briefings are transparent
to the pilot. s

4. 'To provide operational economy by:
as <Reduced line costs.  One-=call, one-number service with system

function to caller multiplex results in the dynamic allocation of telephone'
line use, thus reducing idle lines.

OPERATIORAL DESCRIPTION

MANUAL VOICE INPUT SUBSYSTEM.

The detailed flow diagrams of the manual voice input subsystem are included
in the appendix of this report. The specialist console contains three system
subelements. A diagram of the manual voice input subsystem is shown in: '
figure 2. A microphone and audio preamplifier; which are located at the
specialist console, and the voice encoder enable the specialist to speak
~messages into the system. A loudspeaker, located on the specialist console,
and the voice decoder enable the specialist to listen to previously spoken
messages. A computer terminal (consisting of a Conrac monitor, an Ann Arhor
keyboard, .and an Ann Arbor cathode~ray tube (CRT) controller) allows the
specialist to interact with the processor. The Ann Arbor CRT controller
communicates with the processor via an RS-232 interface.

The NAFEC Mass Weather Dissemination System is configured to disseminate five
different messages, each of which can be a maximum of 10 minutes duration.
Each message is subdivided into 15 message segments. Messages are auto-
matically composed by speaking message segments into the system one at a time.
The duration of message segments can be variable in length, the only restric-
tion being that the sum total time of all active segments cannot exceed the
maximum system capacity of 78-minutes. Message segments which are common to
all messages are updated simultaneously and automatically for all messages
wher a message segment input is made.

The specialist controls the system through a CRT terminal. He enters
commands via a keyboard and observes the response on the CRT. The commands
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provided for the specialist are entitled: TALK, REVIEW, UPDATE, KILL, MAP,
LISTEN, PLAYBACK, DELETE, ABORT, and HELP.

When the specialist types TALK on his console followed by a message segment
name, the processor responds with a visual display of the word TALK, and the
specialist then begins speaking the message segment into the system. The
processor enables the voice encoder and begins storing digitized voice data
into an appropriate voice data file.  After he has spoken the message
segment, the specialist depresses the carriage return key.

At this time, the message segment just spoken into the system is mnot yet
available for dissemination. The UPDATE command must be executed before a
message 1s available for dissemination.

The specialist can review the message segmernt just spoken into the system by
typing the word REVIEW followed by the message segment name. - The processor
retrieves the appropriate voice data file, converts the digitized voice to
audio in the voice decoder, and plays 1t to the specialist via a loudspeaketr.
When the specialist is satisfied with the message segment, he types UPDATE,
followed by the message segment name. The UPDATE command replaces the
current voice ‘data file (if one éexists) with the new voice data file. 'The
old voice data file (if omne exists) is put on a time-delayed delete list, and
will be deleted by the system automatically in 10 minutes. . If the specialist
is not satisfied with the previously spoken message segment, he can eliminate
it by typing the word KILL. The KILL command deletes the current voice file
immediately and makes it available for the next spoken message segment.
Should the specialist forget the name of the currently spoken message
segment, he can retrieve it by typing CURRENT. The processor will respond
with the name of the last message segment which was spoken intoc the system.

The MAP command allows the specialist to monitor a listing of the message
segment content of any message. After typing MAP, followed by a message
name, the processor sends the list of all possible message segment names and
indicates which of the message secgments are currently active (i.e., have data
currently entered in the associated file).

The specialist can listen to any currently active message segment to verify
its existence or voice quality. After typing LISTEN, followed by the message
gegment name, the processor retrieves the appropriate voice data file and
plays it through the loudspeaker via the voice decoder.

An entire message can be monitored by the specialist by typing PLAYBACK and
the message name. FEach currently active message segment which constitutes
the message is played through the loudspeaker via the voice decoder.

A message segment can be.deleted by typing DELETE and the message segment
name which is to be deleted. The voice data file for that message seégment 1is
then placed on a time-delaved delete list.  Ten minutes later, that wvoice
data file is automatically purged from the system.



The ABORT command allows the specialist to recover from an error. ABORT,
followed by a message segment name, results in the current voice data file
for that segment being placed on the time-delayed delete list. The old voice
data file for that message segment becomes the current voice data file for '
that message segment. If the 10~minute timer had already elapsed for the o61d
voice data file, an sgbort is not p0351b1e, an error message is sent to the
CRT, and the current message segment remains unchanged.

By typing HELP, the specialist is presented with a 1ist of ‘the system
commands on his CRT.. Each command is followed by text which describes the
command ; ““Typing the HELP command displays the information as shown 1n
figure 3. '

Extensive error correction is employed in the specialist command software. »
If éither an illegal command, a legal command with an invalid message segment
name, or a legal command which fails to meet appropriate prerequisites is
attempted, the command is igrored, and an appropriate error message is sent
to the CRT. ' ‘ "

VOICE ENCODER.

The voice encoder takes an analog voice signal, filters the signal, performs
analog=to~digital conversions on the filtered signal, encodes the digital
voice samples, and presents the encoded digital voice data to the host
processor for gtorage. and subsequent retrieval for dissemination (see

figure 4).

The analog audio input is first passed through a variable gain amplifier.
The gdin of this amplifier is set such that the analog-to-digital converter
is not overloaded during peak ‘excursions of/ the input signal. An IM741
operational amplifier was chosen to implement this function.

After passing through the variable gain amplifier; the analog voice signal is
passed through an antialiasing filter. This low-pass filter is set to have a
gain of 1, a @ factor of 1, a rolloff of 48 decibels (dB) per octave, and a
cutoff frequency of 2.8 kilochertz (kHz). Four Burr Brown UAF-41 universal
active filters were used to fabricate this filter. Specific connections to
the UAF-41 and equations for external resistor selection may be found in'the
Burr Brown UAF-41 data sheet dated September 1976.

An SHM~IC-1.integrated circuit was chosen to implement the sample~and-hold
amplifier. At the beginning of each data conversion cycle, this device holds
the output of the antialiasing filter at a constant value and maintains the
constant value until the data conversion cycle is completed. Specific
information concerning this integrated circuit may be found in Intel's model
SHM=TC~1"data sheet dated April 1976,

The -heart of the voice encoder is a companding analog-to-digital converter
which is implemented with three integrated circuits. These integrated
circuits include an LM311l comparator, a DM2502 successive approximation
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register, and a DAC~76 conmpanding digitial~to=analog convéerter. The
analog~to=-digital converter is fabricated as: suggested in the Precision
Monolithics Inc. DAC-76 data sheet dated April: 11976 under the category of
"Detailed Encoder Connections.' Detailed timing considerations for DM2502
successive approximation register are found in the National Semiconductor
(TTL) Data Book dated February 1976 on pages 4-6 through 4-10.

Five-bit voice samples from the analog-to-digital converter are fed to the
multiplexer which assembles the voice samples into 16~bit words. When the
multiplexer has assembled a 16~bit word, the word is placed in memory .
Implementation of the multiplexer was accomplished with 74175 and 74174 D-type
flip~flops.

Memory prevents the potential loss of digitized voice data when the processor
is temporarily too busy to respond to the encoder's data available request.
Eight CD40105 first-in-first~out (FIFO) memory integrated circuilts were used
to implement @ memory organized into 32 words of 16-bits per word. Detailed
information may be found in RCA's preliminary data sheet for the CD40105
integrated circuit, which is dated April 1977. e

At any time that data are available in the memory, the processor is
interrupted via the control logic. Memory data are then presented to the
processor interface. Interrupts continue to be generated until the memory
contains no more voice data.

The clock determines the sample rate of the encoder. It is crystal-
controlled and digitally variable via strap options. The clock iscused by
the control logic and is buffered to all other voice boards in the system. A
crystal-controlled field effect transister (FET) oscillator and three 74177
presettable four-bit binary counters were used to implement the clock.

VOICE DECODER.

The voice decoder takes digitally encoded voice data from the processor,
converts the digital voice samples back into the analog domain, low-pass
filters the raw analog voice signal, and -amplifies and plays the filtered
voice signal into a loudspeaker (see figure 5).

Sixteen~bit data words are presented to the decoder memory via the processor
interface. The memory is organized into 32 words, 16 bits in length, and is
implemented using 8 CD40105 FIFO memory integrated circuits. ' Specific
interconnection data and timing considerations for the FIFO memory are
available in RCA's preliminary CD40105 data sheet dated April 1977. Whenever
the memory has a vacant word, it interrupts the processor to fill that
vacancy. Interrupts continue until the memory is full. The memory allows
voice to be continuocusly generated even when. the processsor is temporarily
too busy to respond to the decoder’'s data request. '

Data from the memory -are passed through a demultiplexer which‘separaées the
5-bit wvoice samples from the 16-bit word. «Three 74153 integrated circuits
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were chosen to implement this function. When the demultiplexer has
completely disassembled a 16-bit word, it requests another from thé memory,
and this process continues until the memory is empty.

Five-bit voice samples from the demultiplexer are applied to the inputs of
the digital-to=analog converter.. Here, the.digital voice samples are
converted back into the analog domain.  The digital-to~analog converter
consists of a2 DAC~76 companding digital=to—analog converter and an IM741
operationgl amplifier integrated circuit. 'Detailed ecircuit diagrams may be
found in Precision: Monolithics Inc., DAC-76 data sheet dated April 1976 under
the category of "Basic Decode Conmnections.’

The raw analog voice signal from the digital-to—-analog converter is passed
through a low~pass filter. This filter has a gain of 1, a Q factor of 1, a
cutoff frequency of 2.8 kHz, and a rolloff of 48 dB per octave.
Implementation of the filter was acc¢omplished by using four Burr Brown UAF-41
universal active filters. -Specific comnnections of the UAF-41 integrated
circuit as well as equations for determination of external resistor values
are available in the Burr Brown UAF-41 data sheet dated September 1976.

The output of the low-pass filter is amplified by an 1IM380 2-watt audio
amplifier integrated ¢ircuit. The LM380 drives a speaker which 1s mounted on
the specialist console.

SUMMARY

The volce input system is an integral and presently functional suabsystem of
the NAFEC F58 exploratory engineering model Mass Weather Dissemination
System. The operational procedures and equipments delineated, though subject
to modification in &n ongoing developmental effort, have accomplished voice-
generated meteoroclogical and aercnautical message composition-and updating in
the FSS environment.

11






APPENDIX

SPECIALIST POSITION FLOW DIAGRAM






INPUT COMMAND

P &
OPERAND

ERROR
MESSAGE ™

ERROR
MESSAGE

OPERAND
VALID?

PRESENT DETAILED
DESCRIPTION OF
COMMAND FUNCTIONS

Is
COMMAND
- LISTEN?

79~21-A-1

S




i YES
COMMAND - -
REVIEW?

'S <
| nO

I
COMMAND
ABORT?

S
| NO

: ‘ YES
COMMAND |
DELETE?

IS
| NO

YES

IS5 .
COMMAND
MAP?

. YES

| NO

‘ 0
- e TES 7 coMMAND O .
./ KILL? -

Is
COMMAND
. CURRENT?

YES v ‘II"

Ino

COMMAND
1s
UPDATE

79«21=A=2




ERROR
MESSAGE

RESET. TO 1ST DISC
TRACKMAP & 1ST
TRACK

g I
THIS TRACK
AVAILABLE?

. BUMP

TRACK COUNT

RESET
SEGMENT
POINTER

BUMP TO
NEXT DISC

THIS SEGMENT
Y AVALLABLEY,

BUMP
SEGMENT
POINTER

STORE DISC &
TRACK INFO
IN ‘SEGMENT
SUB~ELEMENT

BUMP
SUB~ELEMENT
POIRTER

4

ARE

WE QUT. OF

SEGMENTS
7

CYES |

"ARE WE
oUT OF
. DISCS?

MESSAGE

79=21=A~3



HARDWARE REQUEST
FOR SERVICE

WALT

!

NO

HAVE BUFFER
FULL CONDITION
. FROM VOICE

‘ INPUT?

FETCH ANOTHER
BUFFER OF VOICE
INPUT

STORE BUFFER
ON

 AVAILABLE
TRACK

NO

Is
SPECTALIST
«DONE INPUTTING

7

YES

79-21-A=4

A-4



ERROR
MESSAGE

FETCH
SEGMENT
ADDRESS

!

BUMP

- SUB~ELEMENT

POINTER

SEGMENT
DONE 'CONDITION
?

I3
THIS:LAST

SUB=ELEMENT
?

FETCH BUFFER
OF 'VOICE DATA
FOR OUTPUT

POSITION TO

q-x_ PROPEK
DISC & TRACK

DETERMINE
OPERAND'S
POSITION - IN
ROUTE TABLE

1S ;
OPERAND "ACTIVE
?

YES

USE THIS SUB=~
ELEMENT FOR

ADDRESS:0F NEXT
SEGMENT

VOICE
YES UTPUT (DEVIC NO

TRANSFER ‘BUFFER
TO"VOICE OUTPUT
PERIPHERAL

79~21=A=5

A=5

NEED' ANOTHER

|
|

: HARDWARE
-REQUEST 'FOR SERVICE

WAIT




YES

Is
IT ‘ABORT
OF AN

UPDATE
?

YES

HAVE
TEN MINUTES
ELAPSED?

Is
IT ABORT

NO

OF K
DELfEE//////
?

YES

HAVE
TEN MINUTES

YES

ERROR

MESSAGE

ELAPSED?

FETCH OLD SEGMENT
ADDRESS FOR THIS
OPERAND ‘FROM OLD
SEGMENT TABLE

FETCH ACTIVE
SEGMENT ~ADDRESS
FOR:THIS OPERAND
FROM ROUTE TABLE

!

;

FETCH ‘ACTIVE
SEGMENT ADDRESS
FOR THIS OPERAND
FROM ROUTE TABLE

ZERO QUT -SEGMENT
ADDRESS FOR: THIS
OPERAND IN ROUTE
TABLE

!

DEPOSIT OLD
SEGMENT ADDRESS
IN OPERAND'S
POSITION IN
ROUTE TABLE

A-6

79~21-A~6



DETERMINE
OPERAND'S POSITION
IN ROUTE TABLE

OPERAND ACTIVE >

RO

ERROR
MESSAGE

FETCH
SEGMENT
ADDRESS

é,

WalT i

EXECUTE TEN MINUTE TIMER
QUEUE (CONTAINS SEGMENT
ADDRESS) FOR TIME=DELAYED
DELETION OF TRACKS & SEGMENT

i

L

TIMER

COMPLETION e fffm  ADDRESS FROM

FETCH SEGMENT

TIMER QUEUE

:

RELEASE TRACKS
USED FOR FUTURE |1
USE

CLEAR SEGMENT
FOR FUTURE USE

79-21-A~7



POSITION IN ROUTE
TABLE TO ROUTE
IN OPERAND

SPECIFIED

IS )
SEGMENT
ACTIVE?

BUMP ROUTE
SEGMENT
POINTER

FETCH
SEGMENT
ADDRESS

!

BUMP-

SUB~ELEMENT
POINTER

SEGMENT |

DONE - CONDITION
g

YES

15
THIS LAST
SUB=ELEMEN
?

USE-THIS SUB=
ELEMENT FOR
ADDRESS OF NEXT
SEGMENT

FETCH BUFFER

FOR - OUTPUT

OF “VOICE DATA

POSITION TO
PROPER

DISC- & TRACK

TRACK
DONE?

NO

WAIT

TRANSFER BUFFER
TO VOICE OUTRUT
PERIPHERAL

HARDWARE REQUEST
FOR SERVICE

79-21-A~8




POSITION IN ROUTE TABLE
TO ROUTE SPECIFIED IN

oyl SEGMENT

OPERAND

BUME ROUTE

POINTER

f

FETCH
SEGMENT
NAME

/ DISPLAY

SEGMENT
\ - NAME

79-21=A-9



CURRENT OPERAND

YES

NO

FETCH CURRENT
SEGMENT
ADDRESS

)

RELEASE
TRACKS USED
FOR FUTURE

USE

CLEAR
SEGMENT
FOR FUTURE
USE

.

ERROR
MESSAGE

A-10

e 0

(CURRENT OPERAND>

THERE A

?

FETCH OPERAND'S
NAME  FROM
ROUTE TABLE

¥

DISPLAY
CURRENT
SEGMENT  NAME

79=21-A~10




IS
THERE A
CURRENT SEGMENT
TO UPDATE

 THERE A ™\
PRESENT ACTIVE

OPERAND
7

SEGMENT FOR THIS A~

FETCH CURRENT
SEGMENT ADDRESS

:

PLACE CURRENT
SEGMENT ADDRESS
IN OPERAND'S POS-
ITION IN ROUTE
TABLE

N\ 1O

YES | SEGMENT ADDRESS IN OLD

ERROR
MESSAGE

STORE PRESENT ACTIVE

SEGMENT MAP FOR
TENATIVE ABORT COMMAND

|

EXECUTE TEN MINUTE
TIMER (CONTAINS PRESENT
ACTIVE SEGMENT ADDRESS)
FOR TIME=DELAYED DELETION
OF TRACKS & SEGMENT

79=-21-A=11

A-11

0







e






