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Summary 

How hard a problem can you solve? The answer 
to t h i s quest ion is no longer f i x e d by the s o l 
v e r ' s education and i n t e l l i g e n c e a lone. We are 
al ready in an era where very s u b s t a n t i a l and ma-
neuverable on - l i ne systems can g r e a t l y enhance our 
c a p a b i l i t i e s . Consequently, the d i f f i c u l t y of a 
problem must now be measured by i t s d is tance from 
the combined powers of a man-machine prob lem-so l 
v i n g un ion . Furthermore, we wish to a l low the 
s t a r t i n g man-machine combination to be used exper
imen ta l l y to develop an extended machine of i n 
creasing power in the d i r e c t i o n requ i red f o r the 
s o l u t i o n of a given hard problem. This is by no 
means j u s t hand waving, f o r such an arrangement 
has a l ready been used in a fundamental a t tack on 
the problems of speech analys is and syn thes is . 
The substance of t h i s w r i t i n g cons is ts of a sim
p le desc r i p t i on of the developing system w i t h mo
t i v a t i o n f o r i t s development shown b y d i r e c t i l 
l u s t r a t i o n s of the s t ruc tu re of sounds in speech 
deduced through i t s use. 

I n t r oduc t i on 

The development of i n t e r a c t i v e software and 
hardware to permit convenient man-machine commun
i c a t i o n has been underway f o r approximately ten 
years . Hardware which provides the channels f o r 
t h i s communication necessar i ly r e l a tes to man's 
I /O, h is senses. The software support ing t h i s 
communication must consis t of two p a r t s : one 
which ex t rac ts the programmatic imp l i ca t i ons from 
the man's inputs to the computer system and the 
other which generates outputs perce ivab le by man's 
senses. The nature of these outputs depends upon 
the computer's programmatic percept ion and r e 
sponse to i t s own i n t e r n a l da ta , program, and s ta 
tus con f i gu ra t i ons . The use of speech as the mode 
of communication has become u rgen t l y a t t r a c t i v e to 
many of us engaged in b u i l d i n g i n t e r a c t i v e sys
tems. There are many reasons f o r t h i s concern: 
man's ease in c h a t t e r i n g , the freedom to do manual 
th ings in p a r a l l e l w i t h speaking o r l i s t e n i n g , and 
the un i ve r sa l character of our e x i s t i n g communica
t i o n systems. The requ i red hardware is t r i v i a l ; 
it need only cons is t of a modest microphone and 
speaker system w i t h an ord inary aud io -amp l i f i e r 
which is at tached to the A/D and D/A inpu t -ou tpu t 
of the computer to be used. The problem l i e s in 
the two pa r t sof tware. Here is an o u t l i n e of our 
approach to t h i s problem: 

1. ASC0N WAVE FUNCTIONS 
Determine a mathematical fo rmu la t ion 
n a t u r a l f o r the representa t ion of wave 
forms observed as microphone outputs 
dur ing speech. 

2. ASC0N TRANSFORM 
Develop algor i thms requ i red to t ransform 
the d i g i t a l representa t io ' o f the micro
phone s i gna l i n t o the parameters of the 
mathematical f o rmu la t i on . 

3. ASC0N INVERTERS 
Develop a lgor i thms requ i red to t ransform 
l i s t s o f mathematical parameters i n t o the 
d i g i t a l form requ i red by the b/A which 
dr ives the speaker system. 

4. PHONE RECOGNIZER 
C lass i f y the parameters a c t u a l l y occur-
ing in speech output as func t ions of the 
elements of speech. 

5. PHONE SYNTHESIZER 
Generate parameter s t r i ngs to d r i ve the 
output system to produce high q u a l i t y 
program c o n t r o l l e d speech. 

6. LINGUISTIC FORMATTER 
Class i fy phone sequences to determine 
phonet ic , phonemic, and prosodic content 
and l i s t an encoded representa t ion as a 
l i n g u i s t i c s t r i n g . 

7. VOICE SYNTHESIZER 
From l i n g u i s t i c s t r i n g s , const ruc t phone 
sequences to d r i ve the phone synthes izer . 

8. LINGUISTIC ANALYZER 
Ext ract meaning from l i n g u i s t i c s t r i n g s . 

9. LINGUISTIC SYNTHESIZER 
Construct l i n g u i s t i c s t r i ngs from pro 
grammatic meaning. 

At the present t ime we can announce exce l len t 
success in ( l . ) , because we already have s u f f i 
c i e n t l y good success in ( 2 . ) and (3 . ) which i s , o f 
course, the f i r s t c r i t e r i o n f o r the adequacy o f 
( l . ) . We have completed successfu l experiments 
in the p a i r (4.) and (5 . ) f o r a r e s t r i c t e d set of 
speech elements and are c u r r e n t l y engaged in com
p l e t i n g t h i s pa r t of our e f f o r t . We can give a 
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very t e n t a t i v e and premature d e f i n i t i o n of 'Vo ice " 
and " l i n g u i s t i c s t r i n g s " i n r e l a t i o n t o ( 6 . ) and 
( 7 . ) . Only a f t e r (4 . ) and ( 5 . ) are complete can 
we make f i r m spec i f i ca t i ons f o r these d e f i n i t i o n s . 
At p resent , cons idera t ion of ( 8 . ) and ( 9 . ) are be
yond the scope of our development. 

The Speech On-Line gystem 

The i n i t i a l hardware complex s t a r t e d w i t h an 
i n te r - connec t i on of an ea r l y form of the U.C.S.B. 
on - l i ne system w i t h a process c o n t r o l computer. 
The con f i gu ra t i on cons is ted o f : 

1. RW-400 polymorphic system 
p 

2. IBM-1800 mod II process c o n t r o l computer 

The RW-4OO system was con t r i bu ted to U.C. 
S.B. by the Bunker-Ramo Corporat ion f o r f u r t h e r 
i n v e s t i g a t i o n o f on - l i ne systems. 

2 
The IBM-1800 system was made ava i l ab le on 

our ARPA p r o j e c t , Contract # AF 19(628)-600l+ by 
the Department of E l e c t r i c a l Engineering at U.C. 
S.B. 

3. Tekt ronix 6 l l , 11 storage tube 

k. Microswi tch operator-operand keyboard 

which were combined as shown in Figure 1. 

The f i r s t form of our speech s t a t i o n was r e 
por ted i n [ l . ] a t "The Conference f o r I n t e r a c t i v e 
Systems", August 1967. The p r i n c i p a l hardware 
change since tha t t ime has been the add i t i on of 
B i l l P roc to r ' s "Nanohumper"*, which i s the r i g h t 
way to t ack le the problem of broad band A/D con
v e r s i o n . Our major task has been the exper imental 

-
"The Tekt ron ix 6 l l was donated to U.C.S.B. by 

the Tekt ron ix Corporat ion to prov ide ea r l y expe r i 
ence in i t s use. 

k The operator-operand keyboard was developed 
at U.C.S.B. under ARPA cont rac t # AF 19(628)-600U 
as the input p o r t i o n of a classroom system. 

* 
Records t ime and vo l tage of f i x e d vo l tage 

l e v e l t r a n s i t i o n s . Thus the volume of data output 
i s p r o p o r t i o n a l to frequency ra the r than t ime . 



cons t ruc t ion o f software requ i red f o r the i n v e s t i 
ga t ion o f ( 1 . ) and i t s v a l i d i f i c a t i o n by ( 2 . ) and 
( 3 . ) - Roughly speaking, i t consis ts of a set of 
operat ions which process a long data l i s t and a 
set of others which process a long parameter l i s t 
in the process c o n t r o l computer which is super
v i sed by the ear l y U.C.S.B. on - l i ne system run 
ning in the RW-4OO system. For a d e t a i l e d de
s c r i p t i o n o f t h i s system and i t s opera t ions , the 
reader is r e f e r r e d to the F i n a l Report ARPA Con
t r a c t # AF 19(628)-6004. 

Elementary Sounds 

A f t e r some i n i t i a l i n v e s t i g a t i o n o f the i n 
adequacies of both Four ier ser ies and transforms 
as mathematical frames f o r represent ing the v o l 
tage s igna l output by a microphone dur ing the 
speaking process, we turned to wave f unc t i on r e 
presentat ions of l i m i t e d t ime d u r a t i o n . When one 
of these wave funct ions is given as the spec i f i ed 
vo l tage used to d r i ve a vo ice c o i l on an audio 
speaker, the r e s u l t is an "elementary sound". 
Sounds of a r b i t r a r y complexity can be constructed 
by superpos i t ion of these elementary sounds. The 
extent to which a l l speaking voices can be d u p l i 
cated in t h i s manner is a measure of the complete
ness of these sound elements as a basis f o r 
speech. The s i m p l i c i t y of the r e s u l t i n g represen
t a t i o n s o f l i v e speaking voices in terms o f e l e 
mentary sounds is a measure of the wisdom of se
l e c t i o n o f t ha t p a r t i c u l a r bas i s , f o r s i m p l i c i t y 
of representa t ion ca r r ies cont inu ing va lue as we 
move up the ladder of e f f o r t s o u t l i n e d above. The 
parameters used to character ize the elementary 
sounds can be mot ivated by consider ing the pres
sure wave f u n c t i o n . This pressure wave is a d i s 
turbance propagat ing through the medium surround
ing the speaker and can be recorded by a standing 
observer w i t h a microphone. Assuming the speaker 
and microphone are of exce l lec t f i d e l i t y , we can 
thus obta in an experimental record ing of an e l e 
mentary sound. In the coordinate system of the 
observer, the disturbance w i l l have an ampli tude 

Figure 2. Envelope of an elementary sound. 

A, w i l l l a s t f o r a c e r t a i n t ime span S, and w i l l 
have associated w i t h i t s occurrence a center t ime 
C h a l f way through the d is turbance. These are 
c a l l e d the g loba l parameters of the elementary 
sound, since they depend only upon i t s t r a v e l i n g 
envelope. Now, w i t h i n t h i s t r a v e l i n g envelope, we 
charac ter ize the pressure o s c i l l a t i o n s by N and 0, 
where N is the number of o s c i l l a t i o n s recorded 
dur ing the t ime i n t e r v a l S and 0 is the phase of 
the i n t e r n a l o s c i l l a t i o n at t = C. As a means to 

A = amplitude 

S = t ime span 

C = t r a v e l i n g center t ime 

0 = o s c i l l a t i o n phase 

N = o s c i l l a t i o n order 

Figure 3. Graph of pressure wave of an elementary 
sound w i t h i t s ASC0N parameters. 

f a m i l i a r i z e the reader w i t h the v i s u a l aspects o f 
our wave funct ions and t h e i r ASC0N parameters, we 
i n v i t e you t o t r y es t imat ing a l l parameters f o r 
those wave funct ions shown below. Correct answers 
are g iven at the end of the paper, A in v o l t s , S 
in mi l l i seconds and 0 in rad ians . 

Elementary S t r i ngs : t r e b l e , mid, and bass 

The speaking vc ices of man are so personal 
ized and r i c h in f r e q u e n y range t ha t one despairs 
ea r l y of hoping to c a r a c t e r i z e speech in terms of 
s t a t i c a l averages o- frequences, extremes, zero 
c ross ings , e t c . Ins tead , we e lec t to car ry out a 
d e t a i l e d reduc t ion of each speech expression to 
the elementary sounds of which i t is composed, 
thus de fe r r i ng sound recogn i t i on and i n t e r p r e t a 
t i o n processes as shown in the o u t l i n e above. This 
is the purpose of the ASC0N-transform of ( 2 . ) . 
With c l a s s i c a l t ransforms t ha t are def ined as 
mathematical processes, one can always s ta te a 
t rans fo rmat ion formula in e x p l i c i t terms. Doing 
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Figure 4. Wave func t ions of some t y p i c a l 
elementary sounds in t h e i r envelopes. 

it is often the most d is t inct ive of the three. 
The mid str ing is the most famil iar of the three 
in terms of voice; when combined with the t reb le , 
it makes a voice much l i ke that recorded in an 
anechoic chamber. The bass is not often of dis
t inc t ive importance; it represents much of the 
acoustic interact ion of the room, the voice, and 
the recording system. In our on-line speech sys
tem we have included the f a c i l i t y for programma
t i c a l l y constructing d i g i t a l f i l t e r s . Since we 
are s t i l l in the study phase, we have the freedom 
to careful ly observe a sample word and experimen
t a l l y select a means of separating out the strings. 
In crude terms, the treble is everything above 
1800 Hertz, the bass is everything below 450 
Hertz, and the mid is everything between. A good 
test for completeness of separation in to strings 
is that the second derivative of each of the three 
must remain in the same category as the or ig inal 
s t r ing , or the separation is incomplete. 

Each str ing is then decomposed into i t s con
st i tuent elementary sounds by the method of evacu-

jj a t ion, i . e . , f i r s t remove those of primary i n f l u 
ence from the str ing by ins is t ing that after re
moval of a wave function, the residue str ing is of 
minimum amplitude in the neighborhood of the one 
removed. After each evacuation the residue is a 
similar str ing of smaller amplitude, and the pro
cess can be repeated. In Figure 5. we show the 
three strings, in the decomposition of the signal 
produced by a male voice saying "Corby". As is 
apparent from th is f igure, the frequency is not 
constant across a s t r ing , but when properly mea
sured for individual elementary sounds w i l l pro
vide an important parameter for sorting these 
sounds. The evacuation method is shown in Fig
ure 6. for the mid str ing of "Corby" during the 
f i r s t 210 ms. Figure 7. shows the sum of the 
f i r s t two evacuations in comparison with the o r i 
ginal mid s t r ing. 

Each elementary str ing f(t) can be expressed 
as a sum of elementary sounds through the evacua
t ion process. This sum takes the form 

so, however, does not remove the need f o r an a l 
gor i thmic computat ional method, since these f o r 
mulae f requen t l y are not formulated f o r computa
t i o n a l requirements but ra the r f o r d e s c r i p t i v e 
mathematical expression. In the case of our ASC0N 
t rans fo rm, we can s ta te an a lgo r i t hm ic method f o r 
computing the t rans fo rm, al though no mathematical 
formula is known. The computer e f f o r t requ i red to 
car ry out t h i s a lgo r i thm is g r e a t l y bene f i t ed by 
some i n i t i a l reduc t ion of complexi ty in speech da
t a . For us , t h i s reduc t ion cons is ts o f decompo
s ing the speech data i n t o s t r i ngs of elementary 
sounds of separated f requenc ies. These s t r i n g s 
are in rough agreement w i t h the c l a s s i c a l se lec
t i o n o f formants, al though they occas iona l ly d i f 
f e r . We d i s t i n g u i s h th ree s t r i n g s : t r e b l e , mid , 
and bass. In some sounds one or another of these 
s t r i ngs may have very low ampl i tude, and w i t h d i f 
f e ren t sounds one or another may assume major im
por tance. I n genera l , the t r e b l e s t r i n g v a r i a t i o n 
i nd i ca tes most sharply t r a n s i t i o n s in sound; thus 
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Part (3.) of the outl ine is thus a computational 
analysis of how to solve 4.2) in real time without 
introducing undesirable computational anomalies. 
One can experiment wi th many methods and observe 
thei r shortcomings by l is tening to 4.1) . This way 
we can frequently hear troubles which are d i f f i 
cul t to detect by ordinary means. We are s t i l l 
working to improve our methods here and produce a 
hardware specif ication for a "s t r ing" instrument, 
i . e . , a special-purpose module which can read a 
str ing of ASC0N parameters and produce the real 
time sum 4.1) . Three speech strings are capable 
of producing a rb i t r a r i l y good speech. 

Phones, The Simplest Structural Elements in Speech 

The transformation of d i g i t a l sample data to 
elementary strings and f i na l l y to l i s t s of elemen
tary sounds represented by l i s t s of ASC0N parame
ters puts us in a posit ion to study these l i s t s 
and determine which subsets have suf f ic ient inner 
cohesion to be distinguished as speaking sounds. 
In Figure 8. we show A, S, AC, 0, and cu plot ted 
against the index j for a single mid s t r ing recor
ding of the word "odd". Clearly, what catches our 
eye (and our ear as wel l) is the modularity of the 
above data and an apparent regular i ty of the evo-
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i o d . The p i t c h per iod of an elementary s t r i n g is 
determined by the p i t c h funct ions of the p r i n c i p a l 
phones, those o f la rges t amplitude in the s t r i n g . 
The p r i n c i p a l phones of the f i r s t 210 ms. of the 
mid s t r i n g of "Corby" are shown in Figure 9. 

Figure 8. ASC0N parameters f o r one sample 
of the word "odd" . 

The cond i t i on of non-overlapping elementary 
sounds in phones is too s t r i ngen t f o r some of the 
consonants whose elementary sounds have broad 
spans in the bass s t r i n g and is too l e n i e n t f o r 
vowels, as we do not want to a l low more than one 
elementary sound in the same phone per p i t c h per-

Figure 9. P r i n c i p a l phones from the mid s t r i n g 
of "Corby". 

Voice; The Comprehensive Structure of 
Sound in Speech 

The concept of a "phoneme", t ha t which m i n i 
mal ly d i s t i ngu ishes between two words, leads us to 
a study of complexes of phones. S t r i c t l y speaking, 
a complex of phones t h a t in a g iven ut terance 
operates according to the concept of a phoneme 
comprises a phonet ic r e a l i z a t i o n of the phoneme in 
quest ion . 

Our t e n t a t i v e d e f i n i t i o n of vo ice is a set of 
p r e s c r i p t i o n s of phone complexes t h a t g ive r i s e to 
phonet ic r e a l i z a t i o n s of the speaker's phonemes. 
The expression of v o i c e , sometimes c a l l e d prosodic 
c o n t r o l is a t rans fo rmat ion of the amplitude and 
p i t c h o f these phone complexes j u s t p r i o r to f i n a l 
cons t ruc t ion of the phonet ic r e a l i z a t i o n s . That 
i s , the vo ice cons is ts o f p resc r i p t i ons f o r s tan
dard phones ( u n i t ampli tude and u n i t p i t c h ) which 
are mod i f ied by the prosodic c o n t r o l s . To ex t rac t 
the vo ice from input da ta , the speaker may r e c i t e 
some wel l -chosen words conta in ing the presumed 
phonet ic r e a l i z a t i o n s of d i f f e r e n t phonemes (cer
t a i n l y w i t h cross-checking t o d imin ish confus ion) . 
The r e s u l t i n g phone complexes must then be sim
p l i f i e d by smoothing and s tored in the vo ice tab le 
in a way t ha t is advantageous f o r comparisons. 
This is a two-way t ab l e assoc ia t ing phonetic sym
bols w i t h phone complexes. One way provides a ba
s is f o r ana l ys i s , the other way f o r synthes is . 

I n summary, wh i le there s t i l l i s much d i f f i 
c u l t and cha l leng ing work to be done, we have suc-
ceded in cons t ruc t i ng thoroughly tes ted foundat ion 
elements which permi t us to record accurate and 
simple mathematical parameters of speech sounds 
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which provide h i g h - f i d e l i t y reproduct ion and which 
open the way to f u t u r e , perhaps genera l , computa
t i o n a l analys is and synthesis of speech. 
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