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ABSTRACT 

A recent  survey by NBS revea ls  t h a t  t he  voice t i m e  

announcements p rov ided by r a d i o  s t a t i o n s  WWV and WWVH 
are used more o f t e n  than any o ther  fea tures  o f  the  t i m e  

s igna ls .  It i s  the  purpose o f  t h i s  paper t o  descr ibe 

some recent  NBS work aimed a t  exp lo r i ng  a d i f f e r e n t  

technique f o r  genera t ing  vo ice  t i m e  announcements. The 

idea i s  s imply  t h i s - - a  t i m e  code f r o m  any source, such as 

those broadcast by WWV, WWVH, WWVB, CHU, o r  the GOES 

s a t e l l i t e  i s  t r a n s l a t e d  e l e c t r o n i c a l l y  i n t o  a vo ice 

announcement. Th is  approach i s  a t t r a c t i v e  f o r '  several  

reasons. (1) I n  many areas vo ice  t i m e  announcements are 

weak and no isy  and i t  i s  d i f f i c u l t  t o  understand them. 

I n  add i t i on ,  t he re  may be i n te r fe rence  f r o m  o ther  

"standard t i m e  broadcast' '  s ta t i ons .  It i s  o f t e n  easy, 

under such cond i t ions ,  t o  de tec t  and e r r o r  c o r r e c t  a 

t i m e  code. The "cleaned-up" t ime code i s  then e lec t ron-  

i c a l  l y  converted i n t o  a no i  se f  ree vo i  ce announcement. 

(2) Normal t i m e  broadcasts p rov ide  vo ice announcements 

on l y  a t  regu la r  i n t e r v a l s  o f  timesuch as every minute. 

Wi th  the  code-voice conversion technique, a vo ice an- 

nouncement i s  a v a i l a b l e  on demand. (3) Any t i m e  code 

s igna l  may be used. Thus, t h e  GOES s a t e l l i t e  which 
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broadcasts o n l y  a t ime code, can be made t o  "appear" t o  

p rov ide  vo ice  t ime announcements. (4) The same t i m e  
code may be conver ted i n t o  one o r  more languages a t  t h e  

rece ive r .  Th is  may be impor tan t  f o r  s o l v i n g  " the  problem" 

o f  what language o r  languages should be broadcast from a 

standard t i m e  s a t e l l i t e  broadcast. That i s ,  i t  may no t  

be necessary t o  broadcast any vo ice  announcement i n  any 

language from the  s a t e l l i t e - - o n l y  a code--and the  r e -  

c e i v e r  would con ta in  the  o p t i o n  t o  s e l e c t  the  language 

des i  red.  

NBS has developed equipment t o  conver t  t i m e  codes from 

severa l  d i f f e r e n t  sources i n t o  vo ice announcements. 

Although the  emphasis i n  t h i s  development work was 

in tended t o  demonstrate techn ica l  f e a s i b i l i t y ,  r a p i d  

progress i n  the  produc t ion  o f  commercial e l e c t r o n i c  

vo ice  generat ion u n i t s  w i l l ,  no doubt, make the  approach 

suggested here f e a s i b l e  bo th  t e c h n i c a l l y  and 

economical ly i n  the  near fu tu re .  

INTRODUCTION 

One o f  t he  most use fu l  and popular  serv ices o f f e r e d  by the  NBS i s  

t h e  shortwave t ime and frequency broadcasts f rom r a d i o  s t a t i o n s  

W ( F o r t  C o l l i n s ,  Colorado) and WWVH (Kauai , Hawaii). Over the  

years these broadcasts have evolved from a simple serv ice  used 

p r i m a r i l y  f o r  frequency c a l i b r a t i o n ,  t o  today 's  s igna ls  which 

prov ide  t ime and frequency i n fo rma t ion  by codes and voice.  A 

r ece n t s u r vey revea ls  t h a t  t h e  vo ice  t ime announcements are 

used more than any o ther  fea tu re  o f  t he  s igna l .  

o f  t h i s  paper t o  descr ibe some recen t  work i n  the  NBS T ime and 

Frequency D i v i s i o n  which i s  aimed a t  exp lo r i ng  a d i f f e r e n t  

It i s  the  purpose 
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technique f o r  p r o v i d i n g  vo ice  t ime announcements. This approach, 

made more a t t r a c t i v e  by recent  advances i n  so l  i d  s t a t e  e lec t ron i cs ,  

seems i d e a l l y  s u i t e d  f o r  t ime broadcasts. The idea i s  s imply 

t h i s - - a  t ime code from any source, such as those broadcast by WV 

and WWVH i s  t rans la ted ,  by e l e c t r o n i c  means, i n t o  a vo ice t i m e  

announcement (See F ig.  1). Thus, a l though the  i n p u t  t ime i n f o r -  

mation i s  i n  the  form o f  a code, t h e  ou tpu t  i s  a vo ice announce- 

ment. One advantage o f  t h i s  approach i s  t h a t  any coded t ime 

s igna l  can be converted i n t o  voice. 

as we s h a l l  see i n  the  nex t  sec t ion .  

There are o ther  imp l i ca t i ons ,  

PROBLEMS WITH PRESENT V O I C E  T I M E  BROADCASTS 

Many t ime serv ices,  p a r t i c u l a r l y  those i n  the  shortwave ranges, 

have d i f f i c u l t i e s .  F i r s t ,  i n  many areas, s igna ls  are weak and 

no isy  and i t  i s  hard t o  understand the  announcement. Second, 

there  a re  many wor ld  wide standard t i m e  broadcast s ta t i ons  oper- 

a t i n g  a t  t he  same frequency, e.g., 10 MHz, so t h a t  a p a r t i c u l a r  

l o c a t i o n  may experience in te r fe rence .  Th i rd ,  because o f  compe- 

t i t i o n  f o r  r a d i o  spectrum space, pressures t o  reduce the  bandwidth 

now a1 loca ted  f o r  standard t i m e  broadcasts may develop. Any 
such bandwidth reduc t i on  w i l l  tend t o  make the  vo ice  announcements 

even less  c l e a r ,  p a r t i c u l a r l y  i f  the  present  double-side-band, AM 

modulat ion (DSBAM) techniques are  re ta ined.  Fourth,  the need f o r  

vo ice t i m e  announcements i s  wor ld  wide, so announcements must be 

prov ided i n  many d i f f e r e n t  languages, and i n  some cases i n  more 

than one language by a s i n g l e  s ta t i ons .  

Standard Time s igna l  s t a t i o n ,  CHU, broadcasts bo th  Engl ish and 

French. F i f t h ,  t ime vo ice  announcements a re  ava i l ab le  o n l y  a t  

regu la r  i n t e r v a l s  o f  t i m e .  For example, WWV and WWVH prov ide  

vo ice  announcements o n l y  on t h e  minute. This  means the  user 

cannot o b t a i n  vo ice  announcements on demand. The time-code-to- 

F o r  example, the Canadian 
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voice conversion approach discussed i n  t h i s  paper addresses these 
f i v e  problem areas. 

ADVANTAGES OF TIME-CODE-TO-VOICE CONVERSION APPROACH 

In regions where voice reception i s  d i f f i c u l t ,  the human mind i s  
usually the best  and only " integrator"  availabe t o  ex t rac t  the 
voice announcement from noisy, fading s ignals .  Although i t  i s  
possible,  i n  p r inc ip le ,  t o  construct  e lec t ronic  devices t o  in te -  
grate  voice s ignals  i t  i s  not easy or  cheap. Although many stan- 
dard time s t a t i o n s  broadcast a t  several frequencies simultaneously, 
there  a r e  many times when no s t a t i c - f r e e  signal i s  available.  

Compared t o  integrat ing voice s igna ls ,  integrat ing a coded signal 
i s  r e l a t i v e l y  easy. Most time s ignals  a r e  coded i n  a s t r a i g h t -  
forward way. As an example, the time codes car r ied  by WWV and 
WH a r e  a modified version of the  IRIG-H format. Data i s  broad- 
c a s t  on a 100 Hz subcarr ier  a t  a one-pulse-per-second r a t e .  The 
time frame i s  one minute long and each frame containes minute, 
hour  and day information as well as  the "UT1 correction",  which i s  
used primarily by navigators f o r  c e l e s t i a l  navigation. In the 
presence o f  noise, e r rors  i n  t h i s  code can be detected by simply 
comparing several successive "decodes" o f  t h e  signal.  I f ,  f o r  
example, three "decodes" step along i n  t h e  proper time sequence, 
i t  can be assumed t h a t  the time code i s  being correct ly  decoded. 
I f ,  on the  other hand, there  i s  a "misstep", the  time code signal 
output can be made t o  "flywheel", on the rece iver ' s  internal  
clock, u n t i  1 there  a r e  successive, cor rec t  decodes. 



INTERSTATION INTERFERENCE 

The problem o f  i n t e r f e r e n c e  between standard t i m e  broadcast s ta t i ons  

opera t ing  a t  t he  same c a r r i e r  frequency i s  ser ious and continues 
t o  grow as more s t a t i o n s  s t a r t  up i n  d i f f e r e n t  p a r t s  o f  the  world. [31 

Various so lu t i ons  have been considered. One i s  t o  stagger the 

c a r r i e r  f requencies a t  4 kHz i n t e r v a l s  w i t h i n  the  a l l oca ted  band 

The bandwidth f o r  these s t a t i o n s  i s  ? 10 kHz a t  the  standard 

broadcast f requencies o f  15, 20, and 25 MHz and 2 5 kHz a t  frequen- 

c i e s  2.5, 5 and 10 MHz. The d i f f i c u l t y  w i t h  t h i s  suggestion i s  

t h a t  those s t a t i o n s  assigned frequencies near e i t h e r  end o f  the  

a l l o c a t e d  band would have t o  change from DSBAM t o  some o ther  form 

o f  modulat ion t o  avo id  " s p i l l i n g "  over i n t o  ad jacent  rad io  spectrum 

reserved f o r  o ther  purposes. I n  add i t i on ,  some experiments have 

been conducted w i t h  these staggered a l l o c a t i o n s  and there  i s  s t i l l  

ser ious d i s t o r t i o n  due t o  i n t e r s t a t i o n ,  i n te r fe rence  i n  commonly 

used shortwave rece ivers .  

An a l t e r n a t i v e  would be t o  have each standard t i m e  s t a t i o n  broad- 

cas t  a t i m e  code s igna l  which i s  loca ted  i n  the  time-frequency 

domain so t h a t  i t  can be se lec ted  w i thou t  i n te r fe rence  from o ther  

s ta t i ons .  As a simple i l l u s t r a t i o n ,  suppose there  are ten  stan- 

dard t i m e  broadcasts which might  p o t e n t i a l l y  i n t e r f e r e  w i t h  each 

other ,  a l l  opera t ing  a t  a nominal 10 MHz c a r r i e r  frequency. We 

cou ld  imagine a 10 second segment, say, ou t  o f  each minute dur ing  

which each s t a t i o n  broadcasts a t ime  code f o r  1 second, o r  less ,  

w h i l e  the  o ther  n ine  s t a t i o n s  are  o f f  t he  a i r .  Each s t a t i o n  

broadcasts i n  t u r n  throughout t h e  10 second sequence and the 

process i s  repeated throughout each minute. Such a r o u t i n e  would 

r e q u i r e  t i m e  coo rd ina t i on  among t h e  p a r t i c i p a t i n g  s ta t i ons ,  b u t  

t h i s  should no t  be d i f f i c u l t  i n  view o f  t he  f a c t  t h a t  these s ta-  

t i o n s  main ta in  t i m e  t o  w i t h i n  a t  l e a s t  1 ms o f  UTC. 



A s p e c i f i c  example o f  a code t h a t  could be used i s  one t h a t  i s  now 

be ing  broadcast over the  Canadian standard t ime s t a t i o n ,  CHU. 
complete message i s  0.365 seconds long and conta ins  day, hour, 

minute, and second informat ion--repeated tw ice  f o r  e r r o r  checking. 

The code employs the  standard commercial 300 baud FSK system w i th  

tones a t  2025 and 2225 Hz. 
i n t e r f e r e  w i t h  the  "seconds" t i c k s  prov ided by CHU. 

A 

Since the  message i s  s h o r t  i t  does no t  

The t i m e  shar ing  scheme suggested here ( o r  some v a r i a t i o n  on it) 

would p rov ide  i n te r fe rence - f ree  t i m e  code s igna ls  p a r t  o f  t he  t i m e  

o u t  o f  each minute, and thus has some u t i l i t y .  But such a t i m e -  

shared code coupled w i t h  a code-voice conversion u n i t  cou ld  p rov ide  

i n te r fe rence - f ree  vo ice t ime announcements. 

The t ime shar ing  scheme discussed here i s  n o t  t h e  on ly  poss i -  

b i l i t y .  Frequency d i v i s i o n  m u l t i p l e x i n g  cou ld  a l s o  be employed. 

That i s ,  each standard t ime broadcast s t a t i o n  would be assigned a 

unique frequency i n  which t o  broadcast i t s  t ime code, and o ther  
s t a t i o n s  would be excluded from t h i s  spec t ra l  reg ion.  One of the  

d i f f i c u l t i e s  w i t h  t h i s  approach i s  t h a t  i f  any aspect o f  the  

communication channel i s  non- l inear  then new frequencies w i l l  be 
generated which may s p i l l  over i n t o  ad jacent  channels. Thus, the  

spacing between adjacent channels would have t o  be increased t o  

avo id  over1 appi ng s igna ls .  

A f i n a l  example i s  spread spectrum techniques, which have the 

advantage t h a t  they minimize e f f e c t s  o f  non l inear  elements i n  the  

t ransmiss ion channel (a long w i t h  some o the r  advantages) a t  the  
cos t  o f  a more complex rece iver .  Whi le t h e  t i m e  and frequency 

shar ing  schemes discussed i n  the prev ious paragraphs a re  w ide ly  

employed and a re  e s s e n t i a l l y  s e l f  exp lanatory ,  spread spectrum 

techniques may be l ess  w e l l  known t o  t h e  reader.  Appendix I i s  a 



rather elementary treatment of spread spectrum as it might apply 
to several standard time broadcast stations operating at the same 
frequency, fc. 

SPECTRUM CONSERVATION 

The radio spectrum is a scarce natural resource and pressures to 

signal 
the a1 
number 
time f 

use it efficiently mount steadily. As pointed out, a voice time 
announcement uses considerably more bandwidth than is required to 
transmit the actual information content of the message. Thus an 
obvious advantage of a time-code-to-voice conversion approach is 
that the communication channel requirements are more in accord 
with actual information content of the message. Note there is 
presently an international allocation for the broadcast of time 
from a satellite. This allocation is k 50 kHz wide and is center- 
ed at 400.1 MHz. Becuase of the worldwide need for voice time 
announcements and the large area covered by satellites a difficult 
question is raised: "What language or languages should be broad- 
cast from the satellite?" In addition, there is a continuing 
worldwide need for improved time accuracy, beyond the accuracies 
shortwave broadcasts can provide. This means that a certain part 
of  the allocated satellite band must be reserved for providing a 
signal whose time of arrival at the receiver can be measured 
precisely--the more precise this measurement the greater the 

bandwidth required for a given measurement interval. If 
ocated band is used up by numerous voice announcements in a 
of di f ferent 1 anguages , the abi 1 i ty to provide accurate 
'om a satellite is severely compromised. Aside from this 

technical difficulty is the political problem of deciding which 
languages to broadcast. If a code-voice conversion approach is 
adopted, the satellite decoder could be made to speak any language. 

political problem is avoided and maximum bandwidth is available 



t o  design a s igna l  which can prov ide  h igh  accuracy t i m e  s igna ls .  

TIME ON DEMAND 

F i n a l l y ,  the  code-voice conversion approach a l lows the  user  t o  

ob ta in  a vo ice announcement on demand. He does n o t  have t o  w a i t  

f o r  the  nex t  vo ice announcement t o  "come up" i n  the  t ime s igna l  

format. Although we have been d iscuss ing t h i s  featu're w i t h  p r imary  

reference t o  the  standard t i m e  broadcasts, i t  has p o t e n t i a l  a p p l i -  

c a t i o n  i n  o ther  areas. F o r  example, i t  i s  t e c h n i c a l l y  poss ib le  t o  

i n s e r t ,  unobtrus ive ly ,  t ime coded in fo rmat ion  i n t o  almost any k i n d  

o f  broadcast s igna l ,  e.g., AM, FM, and TV. I n  p r i n c i p l e ,  a l l  

e x i s t i n g  broadcast f a c i l i t i e s  are p o t e n t i a l  candidates t o  p rov ide  

vo ice  t ime announcements on demand. 

One might wonder, why go t o  the  t roub le  t o  conver t  t he  t i m e  code 

t o  a vo ice  announcement? Why no t  s imply d i sp lay  the  t i m e  v i s u a l l y  

w i t h  L E D ' s  o r  perhaps use the  code t o  keep an analog w a l l  c l ock  on 

t i m e .  C e r t a i n l y  i n  many cases t h i s  i s  des i rab le .  On the  o the r  

hand, the re  are many instances when people are processing several  

d i f f e r e n t  in fo rmat ion  i npu ts  a t  once. An a i r p l a n e  p i l o t  may be 

scanning h i s  inst rument  panel wh i l e  he i s  l i s t e n i n g  t o  a vo ice  

announcement o f  t he  t i m e ,  o r  perhaps watching h i s  a l t i m e t e r  reading. 

Also, vo ice s igna ls  can be heard around corners w h i l e  v i s u a l  

d isp lays  must be w i t h i n  l i n e  o f  s i g h t  o f  t he  viewer. In any case, 

f o r  whatever reasons, t he  NBS survey c l e a r l y  shows t h a t  t h e  most 

des i red  fea tu re  o f  the  standard t i m e  broadcasts i s  t he  vo ice  

announcements. 
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DESCRIPTION OF NBS TESTS 

Basically,  two d i f f e r e n t  speech compression schemes have been i n -  
vestigated fo r  time-code-to-voice conversion: waveform coding and 
source coding. In waveform coding a facsimile  of the  or iginal  
acoustical  signal form i s  retained.  An example of waveform coding 
i s  t o  simply sample the  acoust ic  signal a t  some specif ied r a t e ,  
such as  32 k bi t s / sec ,  and s to re  the b i t s  i n  some memory device. 
To reproduce speech the process i s  reversed. The b i t s  a re  read 
o u t  of memory in to  a D/A converter which produces a rep l ica  of the  
or iginal  waveform. The degree t o  which the  rep l ica ted  waveform 
resembles the or iginal  waveform depends, of course,  upon the 
sampling ra te :  the higher t he  sampling r a t e ,  the  be t t e r  the  
resemblence. Although t h i s  i s  conceptually a straightforward 
process, there  a re  other  re la ted  techniques which a re  eas i e r  t o  
implement and which r e t a in  the  same degree of f i d e l i t y ,  b u t  use 
1 ower sampl i ng r a t e s .  One such technique, c a l l  ed continuously 
var iable  slope d e l t a  (CVSO) encoding, was employed in  the  present 
t e s t s .  We shal l  describe t h i s  technique more thoroughly a l i t t l e  
1 a t e r .  

The other  technique, source coding, does n o t  reproduce a rep l ica  
of the or iginal  acoustical  s ignal .  When th i s  technique i s  applied 
t o  speech i t  i s  ca l led  voice coding and the  devices which perform 
the  codi ngs a r e  generi cal l y  termed "vocoders". The essent ia l  idea 
behind vocoding i s  t h a t  a model of t he  human voice system i s  
created e lec t ronica l ly  o r  mechanically. A mechanical model might 
consis t  of a bellows, a vibrat ing reed, accoustical  resonators 
resembling the mouth cav i ty ,  and so  fo r th .  This machine could be 
operated somewhat along the  l i n e s  of a player piano t o  produce 
speech. T h e  actual data required t o  generate speech with t h i s  

i s  simply whatever data needs t o  be s tored 
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r o l l " .  Soph is t i ca ted  e l e c t r o n i c  versions o f  t h i s  machine can 

produce i n t e l l i g i b l e  speech w i t h  data ra tes  as low as a few k i l o -  

b i t s  o r  l e s s  per  second, al though t h e  speech sounds a r t i f i c i a l .  
Soph is t i ca ted  versions of the  waveform coding technique, discussed 

e a r l i e r ,  succeed w i t h  ra tes  as low as 5 k b i t s / sec  o r  so, b u t  

speaker r e c o g n i t i o n  i s  d i f f i c u l t  a t  these ra tes .  

ments speaker r e c o g n i t i o n  i s  no t  important,  b u t  o f  course, i n t e l -  

l i g i b i l i t y  i s  essen t ia l .  

For t i m e  annouce- 

A pr imary  goal o f  waveform o r  source coding i s ,  of course, t o  

remove redundancies i n  the  acoust ic  waveform so t h a t  channel 

communication requirements can be reduced, o r  i n  our app l i ca t i on ,  

t o  keep memory requirements i n  the  time-code-to-voice conversion 

u n i t  t o  a minumum. I n  the general case one would l i k e  t o  be ab le  
t o  send any a r b i t r a r y  message. Here some a r b i t r a r y  acous t ic  

s igna l  i s  coded (source o r  waveform) t o  remove redundancies. 

Since most r e a l  communication channels are sub jec t  t o  no ise  and 

o the r  problems which in t roduce e r ro rs ,  the  output  o f  the  acous t ic  

coder w i l l  u s u a l l y  be recoded (channel encoded) t o  minimize e r r o r s  

in t roduced i n  the  communication channel. That i s ,  e x t r a  b i t s  of 
i n fo rma t ion  w i l l  be added t o  the  data stream f o r  e r r o r  c o r r e c t i o n  

and de tec t ion .  Thus, the  acoust ic  coder removes redundancies and 

t h e  channel coder in t roduces them again, b u t  i n  a way t h a t  i s  

designed t o  minimize e r r o r s  in t roduced by the  channel. 

I n  t h e  case o f  t i m e  s igna ls  i t  i s  no t  necessary t o  send a r b i t r a r y  

messages. A t ime s igna l  message can be assembled i n  Eng l ish  from 

about 30 words: one, two, three,  f ou r ,  . . . minutes, hours, 

seconds, e tc .  Thus there  i s  no need t o  i n i t i a l l y  code a vo ice  

announcement of t i m e .  The s igna l  can o r i g i n a t e  as a code. We 

cou ld  a t  t h i s  p o i n t ,  i f  we wished, in t roduce e x t r a  b i t s  o f  i n f o r -  

mat ion f o r  e r r o r  de tec t i on  and cor rec t ion .  But, because t ime  
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codes are  by t h e i r  very nature q u i t e  redundant, t h i s  redundancy i n  

i t s e l f  may be s u f f i c i e n t  t o  overcome channel d i s t o r t i o n .  

The l i m i t e d  vocabulary a l so  s i m p l i f i e s  requirements a t  t he  rece ive r .  

The memory necessary a t  t he  t ime-code-to-voice conversion rece ive r  

need on ly  be s u f f i c i e n t  t o  s to re  30 words o r  so o f  vocabulary. I n  

the  nex t  t w o  sect ions we descr ibe the  use o f  bo th  source and 

waveform coding t o  minimize memory requirements a t  t he  rece ive r .  

DESCRIPTION OF NBS WAVEFORM CODER TESTS 

This  system cons is ts  o f  a rece ive r  (WWVB, GOES S a t e l l i t e ,  e tc . ) ,  

an A/D conver ter  and storage system, an i n t e r n a l  c r y s t a l  o s c i l -  

l a t o r  c lock  and a processor. Thc processor performs severa l  

func t ions  a f t e r  r e c e i v i n g  a t ime code from some source. 

processor s e t s  i t s  i n t e r n a l  c lock  on ly  a f t e r  r e c e i v i n g  th ree  

consecut ive successful  decodes. A t  t h i s  j unc tu re  the  processor 

tu rns  on the "T ime Va l i d "  l i g h t .  The i n t e r n a l  c l o c k  i s  accurate 

t o  1/2 second i n  30 minutes so t h a t  i f  3 consecut ive successful  

decodes are no t  obtained a t  l e a s t  once every 30 minutes the  "T ime 

V a l i d  l i g h t "  goes o f f  and the  system w i l l  n o t  ou tpu t  a vo ice  

announcement. 

F i r s t  t he  

When t i m e  i s  requested, the  processor decides which words, s to red  

i n  the  Read-Only-Memory (ROM), need t o  be assembled t o  p rov ide  t h e  

c o r r e c t  vo ice t i m e  announcement. These words are  then converted 

t o  analog by the  A/D conver ter .  The vo ice announces t i m e  f o r  

begins 10 seconds a f t e r  t h e  i n i t i a l  request  conc lud ing w i t h  an 
"on-time" audio tone. 

The A/D conver ter  i s  a cont inuously  v a r i a b l e  s lope d e l t a  (CVSD) 

modulator which samples t h e  analog s igna l  a t  57.6 kbits/second. 



The outpu t  o f  t h e  conver ter  i s  a s t r i n g  o f  0 ' s  and 1 ' s  which 

i n d i c a t e  increases o r  decreases i n  the analog vol tage. These b i t s  

a r e  s to red  i n  memory. The amount o f  increase o r  decrease, o f  the  

slope, r e f l e c t e d  by these numbers, depends upon the  pas t  h i s t o r y .  
A t  t he  beginning o f  a waveform the slope i s  always some f i x e d  

value. A f t e r  3 consecut ive increases o r  decreases the slope i s  

increased u n t i l  t he  coded d i g i t i z e d  output  steps over the top,  o r  

under the  bottom o f  t he  analog waveform (see Fig.  2). 

When a vo ice  announcement i s  requested, the  CVSD tu rns  the 0 ' s  and 

1 ' s  back i n t o  an analog s igna l  us ing exac t l y  t he  same a lgor i thm.  

A t  57.6 k i l o - b i t s / s e c  i n d i v i d u a l  speakers are recognizable. 

The necessary vocabulary and the  tone have been d i g i t i z e d  previous- 

l y  w i t h  the  same CVSD modulator and s tored i n  ROM. The vocabulary 

i s :  t he  d i g i t s  "one", "two", . . . , "nine";  the  words " twenty",  

" t h i r t y " ,  " f o r t y " ,  " f i f t y " ;  the  word " teen",  w i t h  specia l  pre-  

ambles, " f i f " ,  " t h i r " ,  " f o r t " ( f o r  14), and " n i n e t " ( f o r  19); the  

s ing le-use words, "zero",  " ten" ,  "eleven", and " twelve";  and, 

f i n a l l y ,  t he  words f o r  the beginning message, "Nat ional " ,  "Bureau", 

" o f  Standards' Time". The memory requ i red  f o r  t he  words and tone 

i s  91,968 bytes o r  735,744 b i t s .  

u a l l y  and as post-ambles f o r  "twenty" through " f i f t y " .  

" s i x " ,  "seven", and "e igh t "  are used as pre-ambles f o r  " teen".  

Recording the  words requ i res  great  care i n  ma in ta in ing  a constant 

l e v e l ,  a continuous cadence, and a f l a t  i n t o n a t i o n  so the d i f f e r e n t  

word "pieces" meld smoothly. It i s  impor tant  t o  c a r e f u l l y  deter-  

mine pause-time between words, and t o  no t i ce  t h a t  the " four "  i n  

" four teen"  and the  "nine" i n  "nineteen" are d i f f e r e n t  f r o m  the  

s i  ng l  e d i g i t  sounds i n c r e a t i  ng na tura l  soundi ng speech. 

The d i g i t s  are used both i n d i v i d -  

I n  add i t i on ,  
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DESCRIPTION OF NBS VOCODER TESTS 

As expla ined,  the  vocoder type o f  vo ice record ing  and reproduc t ion  

depends on having prerecorded sound segments i n  the  computer 

memory. Usua l ly  these sounds are s imply the  necessary p a r t s  o f  

words t h a t  can be s e l e c t i v e l y  j o i n e d  by sof tware t o  make a word. 

An example i l l u s t r a t e s  the  problem o f  t r y i n g  t o  f o r m  words i n  t h i s  

manner. Using the  common word "you", the  programmer looks through 

the  recorded opt ions a v a i l a b l e  i n  h i s  s e t  o f  sounds. A f t e r  t r y i n g  

a number o f  combinations w i t h  var ious durat ions ( long, shor t ,  e t c )  

t he  programmer s e t t l e s  on EEUUU as best  represent ing the  spoken 

word "you". 

Experience w i t h  vo ice generat ion i n  t h i s  manner soon leads t o  a 

r a t h e r  extens ive l i s t  o f  sounds w i t h  s l i g h t  va r ia t i ons .  A l a r g e  

l i s t  i s  necessary so t h a t  t he  f i n a l  word sound i s  acceptable. 

Since pauses and sound du ra t i on  are usua l l y  programmable, t h e  

number o f  poss ib le  combinations i s  very great.  

Th is  leads t o  the  problems o f  us ing a Vocoder technique. The 

f i n a l  sound i s  on ly  as good as the  programmer's a b i l i t y  and pat ience 

a l lows.  Even i f  a s i n g l e  word i s  acceptable i n  q u a l i t y ,  t h e  
f o l l o w i n g  word may no t  sound acceptable when used i n  con junc t ion  

w i t h  t h e  f i r s t .  This problem p l u s  the  general one o f  being unable 
t o  completely overcome the  machine- l ike sound o f  vocoders helped 

i n  making the  dec is ion  t o  use a s t ra igh t fo rward  waveform d i g i t i z e r  

f o r  na tu ra l  soundi ng words. 

The NBS t e s t s  o f  a vocoder type o f  word generator used a commercial 

vo ice  synthes izer .  Th is  was a p r o p r i e t a r y  inst rument  t h a t  had 

many,variations o f  a s i n g l e  sound. The r e s u l t s  d i d  improve as t h e  

programming was a l t e r e d  a f t e r  l i s t e n i n g  t e s t s ,  b u t  t he  f i n a l  
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output  was f e l t  t o  be unacceptable due t o  i t s  machine- l ike sound 

q u a l i t i e s .  Some thought  was g iven t o  f i n d i n g  a very experienced 

programmer. Several companies t h a t  deal w i t h  such devices do 

o f fe r  t o  p rov ide  programs. This  i s  apparent ly  based on t h e i r  
experience and on hav ing gained a repe r to ry  o f  words. This ap- 

proach was considered, b u t  r e j e c t e d  on the  bas is  o f  cos t  and 

qual i t y  o f  t he  f i n i  shed work. 

Worth ment ioning i s  t h e  a b i l i t y  o f  l i s t e n e r s  t o  adapt t o  s l i g h t l y  

u n f a m i l i a r  sounds. L is teners  a re  almost always ab le  t o  understand 

the  spoken t e x t  a f t e r  on l y  a few p r a c t i c e  sessions. The f i r s t  

t ime i s  hardest  and i t  was f e l t  t h a t  many users of a t a l k i n g  c lock  

would be f i r s t  t i m e  users,  i . e .  f o r  a telephone t ime o f  day serv ice.  

Given such a comprehensive l i s t  of a v a i l a b l e  sounds, any language 

can be output  from the  vocoder. Russian and French words were 

e a s i l y  synthesized. 

EXISTING CODED TIME SIGNALS 

Throughout the  wor ld  the re  are a number o f  coded t ime s ignals .  We 

have a l ready mentioned WWV, WWVH, CHU, and WWVB which was the t i m e  

s igna l  source f o r  t he  Nf3S t e s t s  descr ibed i n  the  previous t w o  

sect ions.  

vo ice conversion approach i s  t h e  N B S  s a t e l l i t e  t i m e  code. This  

code i s  prov ided by two geostat ionary,  meteoro log ica l  data co l -  

l e c t i o n  s a t e l l i t e s  ( the  GOES s a t e l l i t e s )  operated by NOAA. A t i m e  

code i s  inc luded as p a r t  o f  a s a t e l l i t e  i n t e r r o g a t i o n  s igna l  which 

i s  used t o  communicate w i t h  remote data c o l l e c t i o n  devices. The 

t i m e  s igna l ,  which conta ins  day, hour, minute, and second informa- 

t i o n  a l lows the  meteoro log ica l  data t o  be tagged i n  time. But 

anyone w i t h i n  the  coverage area can ob ta in  the  t i m e  s igna ls  

Perhaps one of t he  bes t  candidates f o r  t he  time-code-to- 
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w i t h  rece ive rs  now commercially ava i l ab le .  As shown i n  Fig.  3, 

the  s igna ls  cover e s s e n t i a l l y  the  e n t i r e  western hemisphere. The 

signal frequencies are near 469 MHz so they are not sub jec t  t o  the  

k inds of problems t h a t  plague broadcasts i n  the  shortwave band: 

fad ing,  i n t e r s t a t i o n  i n te r fe rence ,  e tc .  Thus a vo ice conversion 

u n i t  d r i v e n  by a GOES t i m e  s igna l  would p rov ide  vo ice t i m e  announce- 

ments which are  a t  l e a s t  an order  o f  magnitude more r e l i a b l e  than 

those now a v a i l a b l e  from standard broadcasts i n  the  shortwave 

band. 

CONCLUSIONS 

The t e s t s  discussed i n  t h i s  paper w e r e  p r i m a r i l y  undertaken t o  

demonstrate the  u t i l i t y  o f  a code-voice conversion approach t o  

t ime announcements. This approach leads t o  gains i n  a number o f  

areas such as spectrum conservat ion,  c l e a r  vo ice announcements i n  

the  presence o f  noise,  and vo ice announcements on command and i n  

any language. It was n o t  our  i n t e n t  t o  design a device w i t h  

minimum complex i ty ,  a l though t h i s  i s  obv ious ly  an impor tant  goal 

i f  the  system i s  t o  be economical ly f eas ib le .  

f i r s t  i n i t i a t e d  components costs  were i n  the  hundreds o f  d o l l a r s .  

But devices are  now coming on the  market, i n  the  $10 o r  l ess  

range, p r o v i d i n g  several  hundred words o f  vocabulary. Th is  i s  

more than adequate f o r  t ime announcements which t y p i c a l l y  r e q u i r e  

a 30 word vocabulary. It seems apparent then t h a t  i n  the  no t  too  

d i s t a n t  f u t u r e  a t ime-code-to-voice conversion approach t o  t ime 

announcements i s  e n t i r e l y  feas ib le .  

When the t e s t s  were 
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A P P E N D I X  I 

Consider s t a t i o n s  broadcast ing s igna ls  s,(t), s2( t ) ,  s 3 ( t ) .  . 
. sn ( t ) .  Q u i t e  genera l l y ,  the  des i red s igna l  from the j t h  s t a t i o n  

i s :  

s .(t) = A .(t)cos(2 fct + @ .t) 
J J J 

where A .(t) represents ampl i tude and @ .(t), angle modulation. 

Before broadcast ing,  s . ( t ) ,  i t  i s  m u l t i p l i e d  by a t i m e  f u n c t i o n  

g . ( t )  which has the  proper ty  o f  spreading the  o r i g i n a l  s igna l  

s .(t) over a bandwidth considerably  greater  than the o r i g i n a l .  

Each standard t i m e  broadcast s t a t i o n  would be assigned a unique 

g j ( t ) .  Now suppose we are loca ted  i n  an area where a l l  n s igna ls  

can be detected and we wish t o  ex t rac t ,  say, s,(t) f rom the  others.  

I f  we m u l t i p l y  the  incoming composite s igna l  by gl(t) we obta in :  

J J 
J 

J 
J 

I f  the  g . ( t )  s igna ls  have the  proper ty  t h a t  g . ( t )g . ( t )  = 1 and 

g j ( t )gk( t )  = 0, then the  on ly  output  o f  the m u l t i p l i e r  i s  sl(t), 

t h e  wanted s igna l  , wh i l e  a l l  o thers a re  supressed. 

J J J  

As a f i n a l  p o i n t ,  we have assumed t h a t  a l l  n s igna ls  en te r ing  

the  m u l t i p l i e r  are spread a t  t he  t r a n s m i t t e r  by some func t i on  

g. ( t ) ,  which i n  ac tua l  p r a c t i c e  w i l l  probably no t  be the  case. 

But  even here, unspread o r  cw type s igna ls  w i l l  be spread by t h e  

m u l t i p l i e r  g.( t )  a t  the  rece ive r ,  so t h a t  spread spectrum tech- 

n ique s t i l l  yie lds  an advantage. 

J 

c41 J 
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1 I ANNOUNCEMENT 

Figure 1. Code to Voice Converter 

Figure 2. This Figure Demonstrates How the Magnitude of the Converter Output 
is Related to the Slope of the Waveform 
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