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KEYPAC-A Telephone Aid for the Deaf 

ROBERT  A.  PAVLAK AND DAVID G. MESSERSCHMITT 

Abstract-This paper  presents a telecommunications  system, KEY- 
PAC (Key Phone  Alphanumeric  Communication), that enables a user 
to communicate  over  the  telephone  without  the  use of speech.  The 
design of this system was motivated  by the need  for a low  cost,  yet 
simple  and  useful  means of telephone  communication  in the deaf 
community.  The KEYPAC system  provides a flexible  means  for  speech- 
less  telephone  communication  by utilizing an  ordinary  push-button 
telephone  as a transmitting  device.  Alphanumeric  messages  are  sent  by 
pressing  sequences  of  keys  according to a simple  coding  scheme of two 
keys  per letter and one key  per  number (0-9). Message reception  is 
accomplished  with  the  use of a small,  hand-held  receiver that is attached 
to the  telephone.  The  receiver  decodes  sequences of  D.T.M.F.  (Dual 
Tone  Multi  Frequency)  audio  tones  and  displays the resulting  messages 
on a visual  display or hard  copy printer. 

INTRODUCTION 

There  are  currently  about 20,000 teletypewriter  (TTY)  in- 
stallations  throughout  the  United  States  that  provide  the  deaf 
with  the  ability  to  communicate  over  the  telephone  without 
the use  of  speech.  The  value of this  network  to  the average 
deaf  person  could  be  questioned if the  number  of  TTY  ter- 
minals is compared  to  the 1.8 million  people  in  the  United 
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States  who  are  deaf. [ 2 ]  The  ratio  of  TTY  terminals  to  the 
number  of  deaf  people is  a mere 1.1%. The  cost  of  these  ter- 
minals  or  the unavailability  of donated  machines,  severely 
limits  many  people  from  acquiring  them  for  home  use,  hence, 
these  devices  are  widely  used at  deaf  schools  and  institutions 
where  there is  a  high concentration  of  users.  In  addition,  com- 
munication is limited  to  people  who  have  compatible devices. 

The  key  objective  in  the  development  of  the  KEYPAC 
system was t o  provide a system  that  could  meet  some  of  the 
everyday  needs  of  many  deaf  people. To achieve  this  objective, 
consideration  was given to  the  factors  of  cost, ease  of  use, 
portability,  compatibility  with  current  devices  and  the  poten- 
tial  utility  of  the  system.  Some  of  the  devices  available to   t he  
public  that  the  authors  are  aware of are  VISCOM,  VIPs, 
MCM@, PORTA-PRINTER II@ and  numerous  teletypewriter 
machines  from  companies  such  as  Teletype  Corp.,  Olivetti, 
and Western  Union-Underwood. [ 3 ]  [4] 

The  KEYPAC  system  uses  an  ordinary  D.T.M.F.  push-but- 
ton  telephone  for  transmitting  alphanumeric messages by  au- 
dio  tone signaling.  Once a stable call is established  between 
two users,  each  party  can  transmit  messages  by  sequentially 
pressing the  .keys  of  their  respective  push-button  keypadl 
according to  a simple  coding  scheme  of  two  keys  per  letter  and 
one  key  per  number (0-9). The  reception of messages  is 
achieved  by a hand-held,  microprocessor  controlled  receiver 
that  is  coupled to the  telephone  handset.  The receiver  decodes 
a sequence  of D.T.M.F. audio  tones  and  displays  the  corre- 
sponding  message on  a  visual  display or hard  copy  printer.  The 
flexibility of  a microprocessor  controlled  receiver  allows  for 
a variety of  display  mechanisms,  as well as  the  potential  for  ad- 
ding a feature  that  makes  the  KEYPAC  system  compatible 
with  the  Baudot  TTY  terminals of the  current  telecommunica- 
tions  network  for  the  deaf. 

Recent  advances  in  the  state-of-the-art  of  integrated  cir- 
cuit  design  has  allowed  integrated  circuit  manufacturers t o  
provide LSI chips  that  perform D.T.M.F. filtering  and  decod- 
ing.  The  low  cost  of  these  chips  substantially  reduces  the  cost 
of implementing  the  functions  of  the  KEYPAC receiver on  a 
small (4 in X 6 in)  circuit  board. 

The  push-button  telephone  and  the  inherent  separation  of 
transmitter  and  receiver  in  the  KEYPAC  system  allows  for a 
variety of  uses  of the  system.  One  example is the  situation  of a 
single  receiving station  at  an  emergency  service  facility  such  as 
a police,  ambulance or fire  station.  In  such a configuration, 
anyone  with a push-button  telephone  could  call  the  station 
and  send a unidirectional message. A similar  case  involves the 
ability  of a  deaf  person  who  has a KEYPAC  receiver t o  receive 
messages from  children  or relatives who  are  away  from  home. 
Another  example is the case of  deaf  person  who  is  capable  of 
speaking  and  has  the  use  of a KEYPAC  receiver. In  such a sit- 
uation,  the deaf  person  could  call  anyone  who  has a push-but- 
ton  telephone,  explain  his  disability  and  the  coding  scheme, 
and  they  would  then  be  able  to  communicate.  This  situation 
would  also  allow  the deaf  person to  receive  calls from a num- 
ber  of  people  who  had  previously  been given the  coding 
scheme. 

About 22% of all  Bell System  customer  telephone  lines  are  served 
by step-by-step  switching  offices.  The KEYPAC  system  will not work 
on  most  of  these  lines  since  the  push-button  keypad is made  inoperative 
during  stable  calls.  The  number of customers  served  by Bell System 
step-by-step  offices is expected to be  near  zero  by  the  year 1990. 
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Figure 2. DTMF Frequencies  and  Touch  Tone  Keys 

OPERATION OF THE KEYPAC  SYSTEM 

A  simplified  block  diagram of the  KEYPAC  system is 
shown  in  Figure  1.  The  sole  requirement  for  transmission  capa- 
bility  is the use  of  a  push-button  telephone  and  knowledge of 
the  coding rules.  Reception  is  made  possible  with  the  hand-held 
device shown  in  Figure 1 .  The D.T.M.F.  receiver detects 
the  audio signals from  the  telephone  and  decodes  the signals 
into  the  keys  that were  pressed.  Figure  2  shows  the  push-but- 
ton  keys  and  their  corresponding  tone  pairs.  (D.T.M.F. sig- 
naling  refers to  the  transmission of the  respective  tone  pair 
when  a  key is  pressed.) The  microprocessor  has  two  important 
functions:  it  decodes  a  key  sequence  into  the  appropriate al- 
phanumeric  characters;  and it displays  these  characters on  an 
alphanumeric  display  or  hard  copy  printer.  When  a message is 
transmitted  by  this  technique,  it is displayed  for  viewing  by 
both transmitting  and  receiving  parties. 

The  push-button  keypad is  slightly more  cumbersome  than 
a  typewriter  keyboard  to use as a  transmitting device. There 
are  only  12  keys on the  keypad  which  makes  it  necessary to  
use  a  coding  scheme  that is more  complicated  than  a  simple 
one  key  per  character  code.  A  fairly  simple  code  that  can  be 
easily  memorized  entails  pressing  two  keys  per  alphabetic 
letter, A-Z, and  one  key  per  number, 0-9. This  coding  scheme 
is illustrated  in  Table I and  the basic rules  are  as  follows. 

~. . . -. - -~ 

TABLE I 
TOUCH  TONE  CODING  SCHEME 

3 
1 

II 
N I ALPHA 'SPACE E]) NUM 

Two  modes of operation  exist  for  the  transmission  and re- 
ception of alphanumeric  characters;  the  ALPHA  (betic)  mode 
where  two  keys  represent  a  letter, A-Z, and  the NUM (eric) 
mode  where  one  key  represents  a  number 0-9. The  rules  for 
the NUM mode  are  rather  simple,  the  key  corresponding to   t he  
desired number is  pressed to  display that  number. When  in  the 
ALPHA  mode,  a given letter is displayed  by  first  pressing  the 
key  that  shows  the  desired  letter. If the  letter is the  first on 
that  key,  then  press m, if it  is  the  second, press m\, if it  
is the  third,  press ["I. 

Two special  cases  exist  for  the  letters 'Q' and 'Z' since  they 
do  not  appear  on  the  push-button  keypad. To display the  let- 
ter 'Q', press  in  sequence,  and to display the 

,letter 'Z', press 1- W I  in  sequence.  These  exceptions 
to   the basic  rule  are easily remembered  by  noting  that  the  let- 
ter 'Q' is adjacent  to 'P' and 'R' in  the  alphabet,  and 'Z' is 
adjacent to 'Y'. 

The special  keys  and  are  used to  erase  a  character 
and  to  change  from  one  mode  to  the  other. If the  system is in 
the  ALPHA  mode,  pressing I*I will erase  the last  character 
displayed,  and  pressing will put  the  system  in  the NUM 
mode. Vice  versa, if the  system is in  the NUM mode, pressing 
the  key will erase  the  last  character  displayed,  and press- 
ing I*I will put  the  system  in  the  ALPHA  mode.  Note  that 
when  the  system is first  turned  on,  or  the  microprocessor is  re- 
set,  the  system will  reside  in the  ALPHA  mode. While in  the 
ALPHA  mode,  a  period ('.') can  be  displayed  by  pressing  the 
sequence 1 1 1  mi, and  a  blank  space is displayed  by  pressing 
the s e q u e n c e v l  m. 

The elegance  of  performing  all of these  functions  in  soft- 
ware  is that  the  rules  are  simple  and  they  may  be  modified 
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with  little  effort.  Previous  schemes  that  performed  the  decod- 
ing  by  hardware  techniques  were  more  cumbersome  to  use  and 
to modify. 

SYSTEM  DESIGN  AND  DEVELOPMENT 

A  microprocessor  controlled  receiver  allows  for  a  great  deal 
of flexibility  in  the  coding  scheme,  display  technique,  and  add- 
on  features,  such  as  compatibility  with  Baudot  type  TTY  ter- 
minals. For  purposes  of  demonstrating  the  KEYPAC  system  to 
the  deaf,  two receivers  were  built  with  different visual display 
hardware.  Both  receivers  were  designed to  display up  to  16 
alphanumeric  characters,  one  with 5x7 dot  matrix  LED dis- 
plays,  and  the  other  with  16  segment  LED displays.  Figures 3 
and 4 illustrate  the  segments  or  points  that  can  be  illuminated 
to display  a  character.  The  labels  on  these  figures  indicate 
which 1 / 0  bits control  the display. 

The diagrams  in  Figures 5 and  6  illustrate  the  functional 
blocks of the  two receiver  boards.  The  differences  between  the 
two  boards  are  the  types  of  displays  used  and  the  support 
hardware  that  drives  the  displays.  The  telephone  interface  and 
the D.T.M.F.  receiver are  identical  in  both cases.  Due to   the 
characteristics  of  the  display  drivers,  only 7 output lines  are 
needed  from  the  microprocessor,  shown  in  Figure 5 ,  whereas 
20 output lines  are  needed to  drive the  16  segment displays, 
shown  in  Figure  6. 

The  telephone  interface  provides  a  means of coupling  the 
D.T.M.F.  signals from  the  telephone  to  the receiver. The  tone 
pair  from  the  interface is applied to  two  filters  which  split  the 
frequencies  into  their respective  (high/low)  group.  These two 
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Figure 5. Block Diagram of Receiver  Board (5 X 7 Dot  Matrix  Displays) 

signals are  then passed  through  limiter  circuits  which  square  up 
the  waveforms to  meet  the signal  shape  requirements  of  the 
D.T.M.F.  decoder.  The  function of the  decoder is t o  observe 
the  two  waveforms  and  determine if their  frequencies  compare 
with  those of  a corresponding  key on the  push-button  keypad 
(see  Figure 2). If  a  match is made,  the  decoder  outputs a  logic 
1 on  the  STROBE  line  to  indicate a  valid tone  pair  has  been  re- 
ceived,  and  it  outputs  the  binary  equivalent of the  key  on 4 
output lines  (see  Table 11). 

The base  level loop  of  the  microprocessor  consists  of  pol- 
ling  the  STROBE  line  for  a valid key, processing the 4 bits  of 
data  from  the  decoder  when a valid tone  pair is detected,  and 
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TABLE I1 
MOSTEK MK-5 102 DECODER  OUTPUTS 

4 BIT BINARY 
DIGIT 

displaying  the  alphanumeric  characters  on  the  LED  displays. 
The  programs  for  the  two receiver boards  are  not  identical 
since  the  display  routines  and 1/0 requirements  are  different. 
However,  the  functions of the  microprocessor  and  its  control 
sequences  are  the  same  in  both cases. Thus,  one  flow  chart is 
adequate  to  illustrate  the  software design in  each case (see 
Figure  7). 

HARDWARE 

The  Intel  8748  microprocessor was chosen t o  be  the  con- 
troller of the  two receivers. The 8748 has  numerous  features 
that  make  it  ideally  suited  for  small scale controller  applica- 
tions.  It is an 8 bit  processor  that  includes  1  K  of EPROM 
program  memory  (1  K of PROM on  the  8048),  64  words of 
RAM,  and  three 8 bit  input/output  ports all in  one  40  pin 
package. The on board oscillator  can  run up t o  6 MHz, and 
single byte  instructions  are  executed  in 2.5 /.IS. The  1  K of 
EPROM is more  than  adequate  for  this  application,  which will 
utilize  about 500 words  or less of program  memory. 

Referring  back to  Figures  5  and  6,  the  telephone  interface 
is required t o  couple  the D.T.M.F.  signals from  the  telephone 
to   the receiver. Various  methods can  be  used t o  accomplish 
this,  such as hardwired  connections to  the  phone  line  (such 
connections  would  require FCC registration),  an  acoustic 
coupler,  or  an  inductive  pickup  attached to  the  handset of the 
telephone.  The  two  split  band  filters  that  follow  the  telephone 
interface  are  required  for  splitting  the D.T.M.F. frequency 
band  into  its  high  and  low  groups.  Two  Cermetek  CH1295/96 
filters  in  24  pin DIP’S were used in  this design. These  filters 
will limit  passband  ripple t o  1  dB  peak t o  peak  with  greater 
than 40 dB attenuation  between  the  high  and  low  groups. 

Once  the  tone  pair is split  by  the D.T.M.F. filters,  the sig- 
nals are  put  through  hard  limiter  circuits  that  square  up  the 
waveforms  and  limit  the  amplitude of the  square waves t o  0.7 
V.  This is accomplished  by  using  a  high gain op  amp as a  linear 
amplifier  with  two  diodes  in  the  feedback  loop t o  limit  the 
output  voltage swings. The signals are  then  ac  coupled  to  the 
Mostek  MK-5102 D.T.M.F. decoder  chip.  This single chip 
CMOS device  uses a  standard  3.579545 MHz television  color- 
burst  crystal as a  reference  and  detects  the D.T.M.F. tones us- 
ing  a  digital  counting  method.  The  zero crossings of the  two 
square  waveforms  are  counted  over several periods  and aver- 
aged over  a  longer  period. If a valid  D.T.M.F. digit is detected 
for  a  minimum of 40  ms,  the  binary  equivalent of the  key  (see 
Table 11) is  latched  on  the  4  output  lines  and  the  STROBE  line 
is pulled  high. When a valid key is no  longer  detected,  the 

START KEY t 0 

POLL TOUCH 

DECODER 

SCAN+ 0 

SCAN e 1 

1 

7- 
Figure 7. Program Flow Chart 

,STROBE  line goes low  and  the  data  remain  latched  on  the  4 
output lines. (It is expected  that  the  functions of D.T.M.F. 
filtering  and  decoding will be available on  a single LSI chip  in 
the  near  future.) 

The  Mostek  decoder  chip is the  component  that  presents 
the  greatest  constraint on reception  rate.  Assuming  that 40  ms 
is required  for D.T.M.F. decoding  and  a  20  ms  guard  interval 
between  keys,  a  reception  rate of 16.7  keys/s  could be 
achieved.  In  the case of a  purely  alphabetic message, this  trans- 
lates t o  a  character  rate of 8.3 char./s. 

The  output  lines of the D.T.M.F. decoder  are  connected  to 
the 1/0 ports of the 8748 microprocessor.  Tables 111 and  IV 
show  the 1/0 port  connections  for  the  two  prototype receiver 
boards.  Table 111 corresponds to the  board  with  the 5x7 dot 
matrix  displays  and  Table  IV  corresponds to  the  board  with 
the 16 segment  displays.  Figure 3 illustrates  the  outline of a 
16  segment  display  and  the  corresponding  bits  that  determine 
if a given segment  is  turned  on  or off. The  outline of a given 
character  determines  the  state of each  segment  bit,  thus  16 
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TABLE I11 
PORT  CONNECTIONS (5 X 7 DOT MATRIX  DISPLAYS) 

8748  PIN  NO. 

D4 D3 DZ Dl  UNUSED  UNUSED  UNUSED STROBE PORT 1 

27 a 29 30 31 32 33 34 

8748  PIN  NO. 38 I 37 I 36 I 35 I 24 I 23 I Z I 21 
I I I I I I I 

PORT2 UNUSED UNUSED UNUSED  UNUSED UNUSED  UNUSED  UNUSED CLOCK 

8748PIN NO.  19 I 18 I 17 I 16 I 15 I 14 I 13 I 12 

BUS  PORT  DATA UNUSED CDL 1 COL3 COLZ COL4 COL 5 UNUSED 
I I I I I I I I J 
Dl-M: DTMF DECODER OUTPUTS 

TABLE IV 
PORT  CONNECTIONS (16 SEGMENT  DISPLAYS) 

8748  PIN  NO. 34 

A B C D l D 2 D 3 W D  PORT 1 

aB 27 31 I) 1 33 32 

8748  PIN  NO. 

F E 02  Dl C E A2 A1 PORT2 

P I 21 P 24 35 36 37 38 

6748PIN NO. 

K L M  J I H G2 G1 BUSPORT 

12 13 14 15 16 17  18  19 

D l -04  DTMF DECODER WTPUlS 
A-D: CHARACTER  SELECT 

bits ( 2  bytes) of data  are  stored  in  the EPROM character  table 
for  each  character.  During  the  display  routine,  the  processor 
retrieves  these  two  bytes  per  character  and  outputs  them  to 
the  segment  drivers.  The  structure  of  the  16  segment  display 
chips  requires  that  characters  be  displayed  in  a  time  multi- 
plexed  scheme  (1  character  at  a  time). 

The  outline of the 5x7  dot  matrix  display is shown in 
Figure 4. It  can be  seen that five bytes (7  bits  used  per  byte) 
of  data  per  character  are  needed  in  the EPROM program 
memory  to  operate  these  displays.  The design of  each  four 
character  package  entails  four 7 bit serial-in parallel-out  shift 
registers  that  control  constant  current  LED  row drivers. The 
four  shift  registers  are  connected  in series so that  the  column 
bits  can  be serially shifted  in  on  the  DATA  IN  line  by  strobing 
the CLOCK pin  (see  Figure 5). The  DATA  OUT  line is used 
for  stringing  two  or  more  display  chips  together. 

Full  character  display is achieved  by  time  multiplexing  the 
display of the  columns  by  external  column  strobing.  Thus,  the 
bits  for  column  1  of,all  the  characters  are  shifted  in,  the  COL 
1  pin is strobed,  the  bits  for  column 2 of all the  characters  are 
shifted  in,  the  COL 2 pin is strobed,  and so on. 

SOFTWARE 

The  flow  chart  in  Figure 7 shows  the basic structure of the 
programs  for  both  receiver  boards. When the  microprocessor is 
first  turned  on,  or  when  it is reset,  control is  passed to   the  re- 
set  routine  which  initializes  the  control flags and  the  display 
table  in RAM. The  display  table  contains 38 bytes  where  each 
byte  represents  an  index  into  a  character  look-up  table  in  the 
program  memory.  During  the  reset  routine,  the  index to   the 
“space”  character is written  in all 38 display  table  locations. 
Upon  decoding  an  alphanumeric  character,  the  index  of  that 

character is placed  in  the  table.  Thus,  the  display  table  con- 
tains  the  character  indices  necessary  for  the  display  routine t o  
retrieve  the  required  information  from  the  character  table  in 
program  memory.  Initializing  the  indices  to  the  “space”  char- 
acter will cause  the display routine  to  clear  the  display.  Note 
that  there  are 38 indices  in  the  display  table,  but  only  16 
characters  actually  displayed  at  any given time.  This  provides 
for  a 22 character  overflow  buffer so that  the  last 22 charac- 
ters  shifted off the  end of the  display  can  be  retrieved  for 
viewing by pressing the  back  space  key  (erase  key). 

The  microprocessor  operates in a  polling  mode.  At  the  top 
of the base  level loop,  the  STROBE  line is polled,  and if a valid 
key  has  been  decoded,  the  program  checks if it  is a  special 
key ( I*1 m). If it  is  a  special  key,  the  “erase  last  character” 
routine is called or  a  mode  switch  is  made,  depending  on  what 
mode  the  processor was in  when  the  key was received.  The 
“erase  last  character”  routine  updates  the  display  table,  and 
subsequent  to  its  execution,  KEY  is  reset  to 0 so a  new  charac- 
ter will be  accepted. If the  decoded  key was not I*_I or  a, 
the  key  information is processed  and  the  display  table is up- 
dated if a  new  character  is  determined.  Upon  processing  the 
key  information,  the  display  routine  is  called  which  uses  the 
indices  in  the  display  table  to  retrieve  the  character  informa- 
tion  needed  for  the  displays.  Upon  completion  of  the  display 
routine,  control is  passed back to  the  top  of  the base  level 
loop. 

There  are  three  important  control flags which  control  the 
flow  of  certain  portions of the  program.  The  SCAN  bit  indi- 
cates  when  a 4 bit  decoder  word will be  accepted  for process- 
ing. When  SCAN = 0, the  decoder  word will be  processed  when 
the  STROBE  line  goes  to logic 1. As soon as a valid word is  re- 
ceived,  the  SCAN  bit is set  to  1  until  the  STROBE  line  drops 
to  logic 0. At  this  time  the  SCAN  bit is reset to  0. This is nec- 
essary since  the  STROBE  line is polled  many  times while it is 
in  the  high  state  for  a  particular  decoder  word,  and  it  is  nec- 
essary to  process  each  decoder  word  only  once. If the  SCAN 
bit is set  or  the  STROBE  line is low when the decoder is 
polled,  control is passed to  the display  routine  at  the  bottom 
of the  loop. 

The  second  control  flag is the MODE bit  which  represents 
the  ALPHA  mode  in  the  reset  state  and  the NUM mode  in  the 
set  state.  This  bit  simply  controls  the  flow  of  the  program  to 
the  proper  decoding  routine,  as  shown  in  the  flow  chart. 

The  KEY  bit is necessary  for  the  decoding  routine  when  in 
the  ALPHA  mode.  KEY = 0 indicates  that  the  microprocessor 
is expecting  the  first  key  of  a  two  key  sequence (2 keys  per 
character)  and  KEY = 1  indicates  that  the  processor  is  expect- 
ing  the  second  key of a  sequence.  Thus, if a  decoder  word is 
received and  KEY = 0, the  decoder  word is saved,  KEY is set 
to  1  and  the  processor  awaits  the arrival of  the  second  decoder 
word. When the  decoder  word is received  and  KEY = 1,  the 
processor  knows  the  two  key  sequence  and  can  decode  the 
two  keys  into  the  appropriate  character. If an illegal two  key 
sequence is pressed,  the  display is left  unchanged,  and  the  last 
key  pressed is assumed to  be the  first  key  of  a 2 key  sequence 
(KEY = 1). 

The  decoding  routine  decodes  each  key  into  the  index  (in 
the EPROM character  table) of the  proper  character  and  writes 
this  index  in  the RAM display  table.  The  display  routine  then 
loops  through  the RAM table,  and  for  each  index  entry  in  the 
table,  the  information  in  the  character  table is retrieved  and 
sent  to  the displays. Upon  completion  of  the  display  routine, 
control is passed  back to  the  top of the base  level loop. 
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CONCLUSION 

The  KEYPAC  system  provides  a  potential  means of enhanc- 
ing  the  utility of the  telephone  for  some  deaf  people.  The 
state-of-the-art  of  integrated  circuit  design  has  resulted  in  the 
capability of providing the necessary  hardware  in  a  portable, 
hand-held  package,  without  any  custom  Integration.  The  cur- 
rent  retail  cost  estimate  of  the  hardware  for  a  single  KEYPAC 
receiver  ranges  from  $100-$200.  The  cost of a  Baudot  TTY 
station  currently  ranges  from  $225-$425  for a used type  28 
TTY  and  an  associated  modem.  The  flexibility  in  the  design of 
the KEYPAC  system  allows  for  a  choice  between  LED  displays 
or  a  small,  hard  copy  printer.  In  addition,  the  separation 
of transmitter  and  receiver  in  the  KEYPAC  design  allows 
for  a  variety of uses that  are  not possible  with  current  TTY 
equipment,  such as simultaneous  voice/alphanumeric 
communication. 

The  KEYPAC  system was recently  demonstrated  to deaf 
people  at  the  Center  for  Independent Living  in  Berkeley, Cal- 
ifornia,  and  it  received  enthusiastic  response.  However,  further 
investigation is suggested  with  regards to  the  communication 
needs  and  wants of the  deaf  and  the  value of the  KEYPAC 
system t o  these  people. 
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Correspondence 

Data Performance in a System Where Data Packets  Are 
Transmitted  During Voice Silent Periods-Single 

Channel Case 

MARTIN J .  FISCHER 

Absfruct-We  develop a mathematical  analysis for the steady state 
performance of a system where,voice calls  and data packets  are  trans- 
mitted over  the  same  channel.  The  voice calls have priority  over the 
data packets, in that the data packets  are  transmitted only when there 
are  no  voice  calls  present  in the system or the voice  conversation is  in 
a long  silent  period. 

I. INTRODUCTION 

Recently,  the  concept of  transmitting  data  packets  over 
unused  voice  channels  has  been  studied [ 11, [ 21,   [3] .  In  such 
a  system,  data  packets  are  transmitted  over a voice  channel 
when  there is no  voice  call  presently  using  it.  Coviello  and 
Vena [ 11 presented  a  statistical  multiplexer  which  allowed 
data  and  voice to  be  integrated  in  such  a  manner.  Fischer  and 
Harris [2] developed a performance  model for the Coviello 
and  Vena  statistical  multiplexer. A further analysis  (see Wein- 
stein, Malpass, and  Fischer [ 3 ] )  showed  that  for  heavy  data 
loads,  large  data  queues  could  build  up if no flow control 

procedures  were  used  for  this  type  of  multiplex.  Since  the 
voice  conversation  does not continually  use  the  channel,  in- 
terest  has  developed  in  determining  how  much savings can  be 
obtained  by  transmitting  data  over  the  channel  during  the 
silences in the voice  conversation. We consider  that  problem 
in this  paper. 

For  some  interesting  papers  on  modeling  of a voice  con- 
versation,  see  Brady ( [ 4 ] ,  [ 51 , [ 6]),  Kekre,  Saxena,  and Sriva- 
siava [ 71,  and  Kekre  and  Saxena  181.  Sherman 191, Hsu 1 101, 
Kekre  and  Saxena [ 11 1 ,  and  Georganas [ 121  developed  a 
mathematical  model  for  data  performance,  but  they  did  not 
consider  the  random  fluctuations  representing  whether  the 
voice  call  was  present on the  channel. We have  developed  a 
mathematical  model  that  determines  the  performance  of 
the single channel case when one considers  these  random 
fluctuations. 

The  model  including  assumptions is described in  Section 
11. Some  numerical  comparisons  with  cases in which  data 
packets  are given a separate  channel  and  not  allowed  to use 
the voice  pauses  are  given  in  Section 111. 

11. PERFORMANCE  MODEL-SINGLE  CHANNEL 

We assume  there  is  a  single  channel  serving  arriving  data 
packets  and  voice  calls.  Let  the  arrival  process  of  voice  calls 
and  data  packets  be  independent  Poisson  processes  with  para- 
meters X1 and Xz, respectively. We assume  the  lengths  of  time 
to transmit  a  voice  call  and  data  packet  are  exponentially 
distributed  with  means pl - l  and p z - l ,  respectively. No 
queue is allowed for voice  calls  and  an  infinite  queue  is  allowed 
for  the  data  packets.  If  a voice  call is present,  arriving  voice 
calls  are  lost. 
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