
__ -- ___ - -  - —~AD AO 4I 246 MASSACHUSETTS INST OF TECH LEXINGTON LINCOLN LAB FIG 17/2
SPEECH EVALUATION. CU)
SEP 76 B GOLD F19628 76 C 0002

UNCLASSIFIED ESD—TR—76—352 NL.

__ 

H

Ii 
_____ _ _ _

_  

U
ci ! 

_ _  

_

_ _

rn116 £81 11



__ 

_ 
_

~~~~~~~~~~~~~~~~~~~~~~~~~~~~ ~‘ ~~~~~~~~~~~~~~~~- ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~
- — j

_ _ _  

::::-;:~~~~~~_ _ _ _  •I ____ ~~~~~~~ ~~~~~~~~

— I 
— 

~L L - ~

_ _ _ _  

nual Report FY 7
t6-7T

~ Speech Evaluation 3osJ ~$~;l9~ . :
• 

:~~
.

~~~~~
- S • .• -~ 5 - - - --

—

V

Agency

~~~ ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ by -

~~~~ ‘L IktOhi Lalxratory
MAS5ACflU5ETTS fllSU?I1t ~~~4TI~tRNOLOOY

Lut ior~, MAssAc~d~u r n .
-• —1 -

~ L ‘1 - J

~~~~~~~~~~~ 

~~~~~

• 
• S • ____________



- --

_ E~$tG~~~
liii I~It, ~~~~

I 
~ !~.!‘1TTET

vImIeuTIc ~/M 1iUsI1In turiE~

~~~E;,’. * ~~ L~~n~~ir S~E~IA k M A S S A C H U S E T T S  I N S T  I T I T E  O F  i ’ E C H N O L O ( ~ Y

L I N C O L N  L A B O R . • t T O R Y

SPEECH EVA LUATION

ANNUAL REPORT FOR FY 1976-7T
TO THE

DEFENSE COMMUNICATIONS AGENCY

30 SEPTEMBER 1976

ISSUED 16 MAY 1977

- D D C
~ ,. ~ • . .

Approved for public release; distribution unlimited.
T i

L E X I N G T O N  / M \ S S  \ ( ‘ H I ~~ ET i’ S
/
I

/
/



V 
~~~~~- -

_
~~ ~~~~~~~~~ — -  —~ - — - ~~- -~~~~~—~~~ --- —— .~~~~~~

‘—
~~ • ••,- • • - -

A B S T R A (  T

- This vol um e reports the, work performed during FY 7h- 7T  on ftp IX 7 A
Speech Evaluat ion Contract.  Work d u r i n g  th i s  period on ~vs tern Imp lic a-
t ions of Packetized Speech for  DUA is reported unde r  s ep a r a t e  cover .

Three general areas of work are reported in this  document:

(1) Work on narrowband te rmina l  rohustness~;
(Z) Work on wideband-narrowband tandeming~
( 3 )  Hardware speech-terminal  effor ts .

The robus tness issues are defined early in this report ; then, work on
telephone-line simulation , robust pi tch ex t r act ion , and operation of LPC
vocoders in acoustically noisy environments is reported.

This report a’so discusses some approaches and progress made in the
improvement of wideband devices , and the in te roperab i l i t y of wideband and
narrowband terminals.

The design and development of a microprocessor-based LPC vocoder ,
as well as some work on the development of charae- t rans fe r -  device-based
channel-vocoder equipment , also are described. 
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S l ’ I H . C I I  I ; V A L U A ’ r I o N

I .  PROC It ~\ M J U l  I< ‘1 i ;~V — I V  I ~7i — 7 1

I in• ,Iri I a b o r a t r y s  cnt i i m i t r n e n t  t o  th~ Def ense (‘or n r n u n i c a t o rr  •\ g e n r v  du r ing t i c  j o  e d

7 — 7 1  •
~ 

V(~~ I . t l i . II . l i n  t h e  I ‘
~ 75 m l  report  and w ;i s  i r n o r p o r m i t c d  in t o  the i )(  V\ St  t (  ( mc

of wo r k  is bi l low s:

(a)  Tand eming  a nd • m n f e r c n c i n g  exper imen t s  u s i n g  10 1211— , m e d i u m — . ~ :~ l
low — t ~ ( V  di g i t ize r s .

(b )  12 •1~~ horm cha nnel  s~ mu 1at i on  for cont  rolled t e s t i ng  of p h o n e— i m p  d i s —
t o t t i riS and t h e i r  • VI f VC t on SN e C lI  d ig i t i z e r s .

c) lnv s t i g a t m o n s  of speech d i g i t i z e r  t a lker  sensit iv i t y , and techni q u es

fo reduc ing  this  e f f e c t .

(d l S tu dy  of m e d i u m — r a t e  coders wi th  a view toward improved qua l i t
and or lo wer imp lementa t ion  costs.

( e l  Desi gn and development of a low-cost LP C microprocessor  t erVminal
for use at 4.8 , 3 6 . an d 2 .4 kb ps. Such a t e rmina l  must  he suitable for
large-scale defense communicat ion systems deployment .

( f t  In vest igat ion of effects  and cures for carbon button m i c r o p hone inputs
to speech di g i t i z e r s .

(g) Inves t iga t ion  of effects  and cures for input env i ronmenta l  noise vul-
nerabil i ty in speech digitizers.

All these tasks are directly or indirectly related to DCA and DoD Secure Speech C o n s or t i u m
interests .

For report ing purposes , these tasks are grouped into three major technical categories:

A. Robust Speech Processing
B. Interoperabi lit y of Wideband and Narrowband Speech Terminals
C. Vocoder Hardware  Implementations.

V In this Overview , we discuss the  rationale for the selection of these three  topics as the major
research areas and summar ize  the conclusions derived from our findings. A four th  top ic:

D. Experiments  and Demonstrations

includes cer tain field act ivi t ies at UCEC and NHL to demonstrate  accomplishments under  the
contract tasks.

I n Sec. I i , we list more specifically the  tasks accomp lished; the r ema inder  of the report

gives detailed information on these tasks , leaning heavily on reports prepared dur ing  l Y  7 ( - 7 T

under the Speech Evaluat ion cont rac t .

A . ROBUST SPEECH PROCESSING

It is now generally accepted that a var ie ty  of narrowband speech digi t izers  work quite sat-

isfactorily under laboratory environments. In this ef for t , we were concerned with impr oving

~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ • T~~~~L~ ~~~~~~~~~~~ 
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IV Iorrrl; r lc~
V un der  li 11i i I ’ l  ~~~~~ n r r m e r r t -i such  ;~~ • I m m - d i r a l l v  c u j ied l : I i k 1o U n l  rS O,c t i  —

ptioro’ s~ s t i r  ci ( twI t n t ’  C , m i l t im i  r t m n t ,  tonIc ¶ e a r  i t  I ‘ ‘ n  O I t ( r j i j i  ~~. m o d  j I I I V 1 V

or :1tv 1 1c I t V l k ’ r  c k l ara ct ’ r l S t i( i I l l ,  ( i n S ! 1 1 m m  I V V t  • I f l j  i \ V lilI i i lof l  ¶ 1 ’  I i  i - i (  I I )  I

~~ I t c  had a l t .  ok con v i n c i n g ly  I n n e r  l t d  t h a t  r m i t V 1 1 r 6 I i I l i t V  51(5  I t  V~ S i c  t i m i m : t i t ] ’  : 111 ( V

i l  t I C  {~~~m i I S ’ iO!rS .  t i i r i r m c ’ I  rs of ¶ ‘ ~ 7 — 7 ! . I W I  I m m t h I r k  ii I V  pl 0 i

I r i s  of Il l S’ a l l y  it le l tm : i i  k gr rr ld  (( 15 i r ~~i t e i pli or ie  m m l i ii V ( I I  ii.

I. \i i m s t i m I l v  ( l i p I d  iI:l kgro urmd N ile

l ilt  101( 101 : e : i vm t v  in t h I S  i n  wa s  d i m  d c l  t o w a r d  r n m d c l i t m g  II 0015 l n ok t i ro u r l l us mm

bas i s  f i r  a~~~~~i v i ng  t i n  t I I IV i t I O I i S  1 -. l a t m s t i c al I c i s i o r m  H I l l y  \ m t l i r l , r r  sac  i 1 i e c r f i c a l l  V h i s  t e d

tow a r d  Iii v ic l_ I lnvoic t i V c r s i fl 1o o h l p t  SiflC ’ in a I r i 15 \  V r i V I !  t l t i i r i  t ins I l i j i t i rI 1

s1i ec~~t i  a n a l i  sic C u e  j mr d g eI f l ) oCt  l i k e l y to 6 g m  i h . I u m t t i e r r n o r e , c.: ic r i m i i  ~ I a t  i i :

f a i l u r e  of t l t i s  comp onen t  ( a u se c  a d r a s t i c  r e d u e t r o r m  in I i S t I l i , n  m u i r c l t ; i b l l i t V  n f t L  V ( ii i I I  )
s v C t & ni, \ s t a t i s t i c a l  i t e c i s o t  c r Ite r ion has been s i i d i i s s f i I l l \  ~pi l l c i  in n o n — r e a l — t i n i e l  l i i

the  p e n c e  of c or r e l a t e d  Ga u s s i a n  noise b a c k gr o u n d , and a c o nc ej t u a l  design tos a ii :m t I I  —

t i m e  i m p l e m e n t a t ion  H t I m e  1 1 w  a l g o r i t h m  has I I I  o u t l i n e d .

• l e le p hone Input Spe ech

It ha il long been recognized t h a t  s t e e d : d i s t o r t i on s  i n tr o d u c e d  by t i l e  t e l ep hone hand e l and

b. a ~ rho .  f te lep hone channe l  p h e n o m e n a  can ad v e r s ely  a (b et t i ’  el f o r ma n c e  of a na I i i  u —

band speech processor  One of t ime m a l o r  d i f f i c u l t i e s  in r rp p ror i c t t i n g  th i s  problem has been t I l t

fact that  te lep hone channels  d i f f e r  gr e a t l y . Our f i r s t  st ep  was t i er s  to Set up a r e a l — t i m e  f l ex ib le

telep hone channel  simulat ion on :r Dig i ta l  Voice  V F i , , t l i i t l i I  (D V I I .  his f a c i l i ty  a l l ows  for i n —

trolled var ia t ions  of telephone d is tor t ions  caused tmy fr equency response , phase distortIons .

frequency offse ts , and nonl inear  ( f l e e t s . Our next  d m 1  was  to i n v e s t i g a t e  the  i t c h  rTme a sur  e—

ment proble m of a vocoder for  t e lep hone speech. 1 This led to an i r tr ro va t ive  design of a p i tch

detector based on a harmonic analysis  of the speech wave;  our w o r k  showed that this form of

preprocessing resulted in a pitch a lgor i thm t h a t  was  s ign i f ican t ly  less vu lne rab le  to both tele-

phone phase d i s to r t ion  and b a ck g r o u n d  noise.

B. IN T E R O P E R \  HILITY OFV WIDE BAND A N D  N A R R O W  RAND
SPEECH Vr l .R M I N AI S

The Autosevocom II ne twork will consist  of CVSD te rmina ls  interconnected by 16-kb ps

channels. h oweve r. it is desirable that a significant number of users with lower available

bandwidth be able to use the network.  F r a na rrowband  t e rmina l  to speak to a ‘,~ideband ter-

minal requires appr opriate in te r fac ing  at the switch between two dist inct  speech a l g o r i t h m s .

One specific method of providing this in te r face  is via tandem connections; this is the method

we investigated in FY 7 6— 7 T .  Since I l’C is present ly  considered to be the most suitable nar-

rowband speech digi t izer , a grout )  of exper iments  involving CVSD-I IC tanderns were imp le-

mented. The overall results indicated that such a tande m , in either direction , could be made

acceptable provided that  IP C  was run at r a t e s  of 3600 bps or h igher , the CVSD p ar a m e t e r  s

were ca re fu l ly  adjusted , the CVSI) channel  e r r o r  r ate was less than  1 percent . and t i re  voice

volume was kept reasonably stead y. Thus , our overall  conclusions were tha t  l I ’C-CVSI)  tan-

deming could be acceptable under  a l i m i t e d  set of beni gn conditions , but tha t  tandern ing was

* This under tak ing  was suppor’ted in h a r t  by the I) efense Advanced Research  I’ rm t ed tS  A gency

of the United States Governm ent.

_.V,V~~, ~~~~~~~~~~~~~~ _ .~~ ,~~, - V 

~~~~~~~~~~~~~~~~~~~~~~~~ 
~ ~~~~~~~~ VC~ rVf V 

~~~~~~~~ 3~~ l~~~~~~~~~~~~~~7 7 V  
VVV V V



___ 
• ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ ‘V

significantly 1155 robust than l ittler c m mm p o n c n t  of t h e  t i t i l t i m .  l~~~o I l i l l i ,  ‘‘ r m , n m V i l m e s  W m ’ r

U t er i :  ((UI’ WaS to  insert a etii r ji filter b etween t i re  1 l’(’ amrd C \ S l  t in a m m , n f i g u r a t i o nr  wi  I I I  t I
1.I’(’ comes II r e t  — modest qual i ty  Improvements  wer e r r o m e l t ;  I t o  ‘l ia r WItS t i  r e p lace rI  ( U St )
a l g o r i t h n -r r w m t t i  a 1 6 — k b 1c Al ~~’ al g o r i t h m .  In our u r t g r n m ’ r l t . I I  - t : i r r r l m t r r m  ‘f (

V an n  I 6 — k h ps \ V(
nV e e i m l t �d in s i g n if i c a n t  r r n p r o v e m m n t  0’,’t r t h e  I I t _ I  ‘~ ‘S I )  t I t I l i t n r .

C. t.O( ( t I ) EU t t ’ ~ f ?f l t~VX R F  I . ~d I ’I . I : M  t N 1 & r t C \ S

I 1 i ’  r eet’nt lot  r oduc t ion  in to  the  m a  rketp lace of h i g h — s p m c ’ri I SI c h i ps tr iade i t feas iblm ~ to
design a s m a l l  r i t l c r o p l i l c e s S o r  dedicated to t h i n  l l O V ’ al g o r i t t i t t i  I b i s  task 11:1K a cr o m p l i s l i m ’ c l
azrd is documented la ter  in lid s r eport : at present , t w o  w o r k  in~ an dm Is c x l  I and one has h(t(’n
l rsn ’mt t i m r  d e n io n s t r a n t  ion n t  t ) V ’ I C  \t r’ believe th a t , at tire time of i :o rr r 1mle t ion  of t h i s  p r o je ct

it r ’ 1 r1 . s ent t ’il tilt most compact and Irotentia ll y least co s t ly  n a r r , w h m h  S t i i V , dh processor vet
bu i l t

a re su l t  of t i re  f a v o r a b l e  p e r fo rmance  c ha r a c t e r i s t i c s  of t I c  U .  K.  Ilel g ar d  in noel
vocoder riot I I I  in tIe N a IV rowband Speec im Con so r t bn  rn 16 h ~mr o g r a m  a ¶ IC ig ar d  vocod ( V !  Was

imp lemented on the  t ) V  I . Com parison resul ts  ind ica ted  I lelgard  t i  Ix ’  c o mp e t i t i v e  w i t h  l l’(’
in re r u n s  of ioh  ~‘ q i i a l r t l  and robustness,  I3el gard inlp len i e f l t a t i l i t i  en di gi t a l  m a r t h i nr e s  re-
q u i r es  more  t h ar  tw ice  the  s igna l—process ing  power  of I P (  in lp l e r t i e t l m i t i o n .  H owever , t i t ’~ v

te c hnology s u ct r  as charge  t r a n s f e r  devices  and e f f i c i e n t  \ IO S  i r r t eg r : ii o n  m a k e s  special-purpose
hardware  real izat ions  of t r ansversa l  f i l t e r s  and detec tors  a t t ra c t i v e  In  th is  light , a 3 — m o n t h
e f fo r t  was subcont rac ted  to the  U n i v e r s i t y  of Cal i fornia . I t e r k t l e v  t 1( 10 1 n i n e s  Research  l ab-
oratory to i m p lement  a f u l l — w a v e  r ec t i f i e r  and de samp ling f i l t e r ’  for el : in t i e l  vocoder use.  I b i s
c i rcui t  has been delivered to Lincoln for eva lua t ion.  In add i t i on , a s t u d y  at both l incoln and
Berkeley of  a f u l l  vocoder channel analyzer , cons isting of  a bandpas~ f i l t e r , a r e c t if i e r , and a
low-pass fillet’ , indicates an ef f ic ient  rea l iza t ion  t m  be feasible.

0. E N P E R I T t 1 E N T S  A N t )  I )EMONST BAT IONS

Several demonstrat ions  and tes t s  were  set up and ruin at both t ) ( ’E C -R e s t or n  and NHL-
Washington .  Nar rowband  c o n s o r t i u m  tests  continued unt i l  ea r ly  September 1975 when t im e DC1\
DVT equipments were  moved to N R L  for H F  channel  tests  of tile J P C  v I ’codm ’n  s \ t  t l te  end of
September ’ I 975 , the DVTs  were returned to Reston f o r  vocoder demons tr at ion& , and wez e re-
tu rned  in February 1976 to Lincoln Labora tory .  In June 1117!  twi  DVTs equi pp ed w i t h  read-
only memory (ROM) to make them freestanding vocoders at 2.4 , 3 1  and 4.8 kb ps (as opposed
to being loaded from a PDP 11/20 as in earlier tests)  w e r e  del ivered to DC[ tV’ for additional
dem ’~nstr ations . These units were returned to Lincoln in midsummer  At the  end of h I t 7T ~
tande m LPC-chir ’p filter-CVSD experi ment consisting of a t V  I w i th  I b M  implement ing  a c h i r p
filter , a CVSD encoder decoder , an error  g e n er a t o r , and the mr ewly  developed mic roprocesso rS

LPCM vocoder were delivered to Boston .

3
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U. ot:’I ’I .INl ,  (IF’ ‘F i l lS  A~\r ,. t A I,  l tUi ’oR ’r

The sections ich ich  frml l o w descr ibe  each of the r r c n ~~’” a r i a s  of ( ‘ b l u r t  fu r  1 \ 76 — 7 1  , I m I t i s

ou r  c o n c l u s ion s  and a s t : m t l ’ n n O t n t on our  r u r m t i r o m t n g m ’ f t l i r t s .  1 i l ’  1 V io l of “ t t i i — t ro ss ’ , , t  t i r l r  r / —

ban d speech m h I g t t i ~r ’r ’ a I S  (h s r U S S i ’ I t  mi Sec. I l l .  S tar t i n g  ¶ r i u  I l i e  ‘o r  m v  l a t ch y ‘ (5  I i  ( i t , ~~ i i r t i V i I ,

U s E  r e s u l ts , th in  r enna im nin g Sen 0 5  In rob l en l s  of vo cocher  s i t n s i t i  i t ’  - a r m  ii  t I m ed. In Sec . I’

the resu l t s  of a t e t e h i t l i n m t ’ — l i n e  s i c i l i I i t r p r o g r a r m t n n e d  on tIn e L imn c ’i! rr  u I  S t t i I V V  I ) V T  s n g r i a l

processing machine  a r e  1ir’esented . ‘lin e s i r nu l a t i o n i  l O u i s m r  r ’e t ’h  t i m e , lI i i v m t g an x l , n u r i i i u t l r

to add s tandm .rd p ho n e — b r i e  d i s t i , r t i r u —  to a sj i ’ech sign a l  un d e r  — t a i l ,  l i e r u r e  ¶ 1 1 1 ’  c u s i t y the s n g —

nal ‘n Ih a narr ’owband device.  h e l t i  r i  \ shows an app l i e a  t r i m of t i l e  t i l I p r i i i m ~~V _ l i n e  s im u l at or ,

In p a r t i c ul a r , t h i s  Section dj ~ c i u s i o’~ deve lopment  of a fund ~ m i r i t a  I f r e c b i u , n c , / p l t i : I  ( x t r i , l t  r

fo r  telep hon e-l ine d is tor ted  Speech. It device of th i s  t i - I n c  is a n e c e ss ar y  p a r t  r,f ir e s et it  nar-

rowband speecbn t e r t t l i r r a l s .  .Ani approach to the prob le r t  of I i(( i V l l c I i d i r i g  ir n o s y  speech is p r V

seated in Sec, VI .  Tile noisy  s ignal  may have  t ,ecn produced l i v  p a s sar l  t l n r ou ~~l i a noisy channe l

or by a ta lker  ira a bad acorist ic  e n v i r o n men t .  Thi s  work  is c r m m p i em e n t a r’y to the pitch detect ion

work of Sec. V , since l uth  a im toward  vocoding of noi sy , c t i s t i r t# d  sui ech s ignals .  Section V I I

at tem pts to summa rize the var ious  investigations toward improved ( \ 5 f ) , improved t a n d e min g

of CVSD , improved t andeming  of I P C - C V S L i  and an i m p r o v e d  h i g l m - r a t e  ( 16 -kh psl APC system

for higher qua l i ty  na r rowband-wideband  tandeming .  This S l u t h fl also presen t s  some resul ts  on

dispersive, nonrecursive , di gital , all- pass, chirp f i l te rs  for  speech condi t ioning between nar-

rowband and wideband te r m inals.  Section VIII reports the results of the l,PCItI h a r d w a r e  de-

velopment; this program has produced tiv o microprocessor-based LPC speech terminals .  The

design and development process as well  as the f inal  spec i f i ca t ions  of the exis t ing devices are

also discussed here. Section IX is concerned with our small  outside e f f o r t  in charge  t ransfer

device-MOS imp lementa t ion  of a Be lgard-J ike  channel  vccoder. ~\ s ta tement  of f u t u r e  work

based on the accomp lishments  described here is present ’- d in Sec. X.
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I ‘a r t l y  t t n r n l l i C c u  t I r e  l I s t  arid I , u d i i u m t n u n  i l v  K)  I i r i g  r an n i  oh t i l e  55 r m , , v h i a m i r h  Sp i n  i i i

( 110 r i c O , a n t  m t  - t I l t , ,  ig li  a in r k  in our l a b o r a t o ry , a , r an  i l i t i r d i  hu e  f o l l o w n n g

r , I t l c n ’ Vm nI ’ss” I ~, —5j~~~ 5 ,

t ,  \ a t i : O i r n ! I  \ c c i ’ c I C  ‘ 1,m : m l - u - n s

ohser  , i n  I . ’ r m : i r m s t r a i i r i g  o r  i a r i o i u s  5p m Ii I l g u n l t l i r l u s  t I  vns i to r s , t h a t  mt ner i ’  is

a w i l t -  \ a r ’ l a ! i ’ ’  j I m  c H i t  l i i  c u rs  F ind l i l p O l l , ;  t h i s  i i r i ~~~i ’ c u 5  i I r i s to ‘Ie 1neru ’ l  u t i  both t i c ’

~ p i k i r a m l i l  a i s  1 l i i l ~~I V I ,‘r i ’x : i t c r p Im ’ , we s I r  n onu r m e c i t s  l i k e  “1  r ’’ad you l i t  it doesn t t

so ni t  like i o u ,’’ W l e r , ’  as 00111c r’  I i s t , c i c r  w i t l  ho s- ri h a p py  w i t i n  l u ,  n i  ri m- sp c ’ : , k l r s  i d e n t i t y .

\ h l i t \  11 t i ~r’ 1 s - I :  ‘c ’sis i t :  o u r  I l 1 (  Sv st e n m  ‘ul i , w a i I , ’ f i t u j t  e l i s p in  i u t ~~ l I i g i l l I i i v  in go ing  t r o r ~

male to f e n m a l e  ~ 1i, a~u e m ~~ , If  a sp e a k~ r speaks  too so lt  i v  o r  110 II 511 1 , ch egr t i dat ion  u s u a l l y

rn- s u i t s . It is a i on i f lronlv  I i - i ‘ p r t ’ I  t o l k — : a i t  t h at peop le m Int ’  Ii : :, in o en in t ire n a r r o wh a n d

oi l ’ l u i s i m t r ’ s s ’ i ’t ’ :rw b i le  m i k e  I i  t e n  s l i , ak e r s .  To s u m m ar i z e , it r s  q u i t e  well  accepted t h a t

n ar r e w h an d  si -st e m s  si - l u  as t i’( - are  le ss  r obus t  t t r a r m  a t n ’ l e p i r on e  l r m r e  and m a y  even be unac-

ceptable  fo r  a l a r ge  n l i r r i t i e r  of s pea k e r s .

~~. l’amn d e m i n g

C o n i r m c u t u - : i t io r i s  n e t w o r k s  ten th  to grow p a r t ly  in a random m an n e r , and it is expected tha t

a ny  la r g e - se :ml e  mt etwo rk  wi l l  I nc lude  channels  of d i f f e r ing  bandwidths  and wil l  the re fore  requi re

d i f f e r e n t  speech t e rmina l s .  This fac t , plus t Ine r equ i rement  of conferenc ing ,  leads to the  tan-

den t ing  problem w lr e r e i n , for  examp le , the voice mus t  he processed throug h an LPC followed

by a delta -modcnlat ion sy s tem.  T&E rescr lts have demons t ra ted  that  t andeming  of two speech

processors degrades in t e l l i g ib i l i t y  and qual i ty,  and that  t h r e e  or more  in tandem are general ly

unacceptable .

3. Background N o i se

In m a ny  nm i l i t i a rv  emwironments , hi gh-level background noise is unavoidable.  Again , severe

degrada t ion  o f t en  leading to mnnacceptable  resul ts  has been d emonstra ted from the T6E results.

4. Telephone Speech

For the foreseeable f u t u r e , we expect the telep hone harndset  to be the  most popular and

cheapest of all  speech t e rmina l s ,  Flexibility of both mi l i t a ry  and civil telephony woul d be

greatl y enhanced if existing analog facilities could be integrated wi th  new di gital communications 
V

facilities. To accomp l ish this requires that speech algor i thms r emain robust after  the analog

voice has been processed through a carbon button microp hone and a telep hone line. To date

there is insufficient qr nanti tat ive data on the effects of such processing, altho rngh it appears

from in fo rmal  exper iments  that  degradation can be very severe .

1. Channel Er rors

Channel errors  which p e r t u r b  the speech processor digi tal  ou tpu t  can cause varying t rouble

depending on the robustnesa of the system to such errors .  One approach to such problems is to

focus attention on the modem and try to reduce the channel e rror rate to a very  low ,u mher by

7
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TABLE I l l—i

COMPARISON OF MALE-FEMA LE DRT SCORES FOR LINCOLN LPC

Data Rate -
(bps) Microp hone - Noise Male Female D fference *

2400 Dynom ic Quiet 83. 7 77. 7 - 6.0

2400 Carbon - Quiet 79. 4 74 .7 4 . 7

2400 Dynamic Office 82 . 6 76. 0 6. 6
3600 Dynamic Quiet 86. 1 80 . 4 5 .7

3600 Carbon Quiet 81.6 74.9 6.7

4800 Dynamic Quiet 88 .2 82.7 5 .5

4800 j  Carbon I Quiet 85.5 82.4 3. 1

*Average diff erence = 5 .47 percent .

TABLE 111— 2

COMPARISON OF MA LE-FEMALE DRT SCORES
FOR HIGH-RATE SYSTEMS

(Dynam ic microp hones , quiet back gro und )

Rate
System Name (kb ps) Male Female DiFference *

CVSD 32 95.7 93.6 2. 1

CVSD 16 91. 0 88. 0 2. 2

ARC (CODEX) 16 90.8 87.8 3. 0
HY 11 16 90.2 86. 7 3 . 5

ARC (Linco ln) 16 92.2 91. 5 0.7

ARC (Lincoln) 9.6 1n7 .3 87. 9 —0 .6

ARC (CODEX) 9.6 85.3 84 .6 0.7

CVSD 9.6 82 . 3 75.7 6.6

HY 11 9.6 79.7 75.7 4 .0

APC 8 89.3 87. 6 1.7

*Average difference 2 .39 percent .

8
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means of t ’ed inr t d a rn i  e olh i  np t e c ’ In n i q u r .ts. I lowe ver , ecO nonl ~I’5 I t  l I l y  be gained by des igning the
so r n r c e  coding to be r o h n n s i  in  a speen’ t n  sense. In pa r t i c u l a r , i l n ’ r r i u n n d j n g  e r r o r — f r e e  t r ansmis -
sion in a Jamming environment may he more costl y than designing rn Speech processor w hich

degrades g r a c e f u l ly  as  channel errors increase.

B. ‘I’I IE sp l : A K I : R  \ \ I l I \ F l ( t \  I ’ I IOI iL EM

“it pre sent , the re does not seem to be enougtt  ‘l’& I’ da ta  to al low m s  to establish q u a n t i t a t i v e

rc’ a sn r m s  t or  t h e  a~~cept ed fact  t h a t  I .P (  systems are, in n g (’nieral , not robus t  across speakers.
However, even a c u r s o ry  e x a m i n a t i o n  shows tha t  t he  ‘I’t~ I- fem a l e  s p e ak er s  scored cons is t en t ly

lower  t h a n  t I n e  ma les, so let  us d i re c t  our  a t ten t ion  to  the  possible  reasons for this  special ex—
ample of speaker  va r i a t i on .

Table I l l — i  show s some ov a  i l u m b l e  T h E  resu l t s  fo r  t h e  Lincoln I.P( a lgor i thm as imp le-
mented  on the I , I ) \ F ( L i n c o l n  I) igi tal  \-‘oice Terminal ) .  ~l V h i s  t ab le  show s tha t  for bot h carbon
and dynamic microphones , for d i ft e ren t  data rates and even in one g i ,,en  noisy environment ,
ttne Lincoln I.P(’ liscrinainates quite consistently against  women for 1)RT (d iagnos t i c  r hyme

test) .  Let ins i nqu i re  into some possible reasons. The whole  probl em can be speculated out of
existence by assuming that the particular females chosen for T & l ’, speakers simply did not ar-
ticulate as clearl y as the males , and thus the Lincoln LP( was not to blame. A look at
Table 111-2 show s that  the females scored somewhat lower for all but one of the tested widehand
(° .u to 32 khps ) systems. However , the average drop for Table 111-2 was 2 . 39 percent , w h i ch  is
li t t le more t h a n  the  s tandard  error, whereas  for Table 1II-t the average drop was 5.47 pe rcent .
The difference between Tables I l l—i  and 111-2 is cer ta in ly s t a t i s t ic a l l y  sign i f ican tl

An obvious potentially s ignif icant  parameter  which might help explain this is the bandwidth.
For example, we know that , for the voiceless fr icat ive sounds (s , sh, f , th ( ,  female spectra
generally extend to a higher  bandwidth than  male spectra.  Increasing processing bandwidth
increases the cost of the processor in a very direct way  by forcing an extension of its computa-
tional power; th ins , proposals for increased bandwidth should be viewed very cautiousl y. There
is some slight evidence  t h a t  increased  bandwidth  helps fema les f rom the  s c a n ty  Belgard resul ts

V 
shown in Table 111-3 . This 2400-b ps channel vocoder ut i l izes  substantially more bandwidth
than the Lincoln LPC , both in its voicing detector system as well as in th e  spectral processing.
For the two quiet cases shown , the  scoring loss for females is s ignif icant l y lower. The large

TABLE 111-3

COMPARISON OF MALE-FEMALE DRT SCORES
FOR BE LGARD CHANNEL VOCODER

Data Rate
(bps) Micro phone Noise Male Female Diffe rence *

2400 Dynamic Quiet 87.2 84.6 2 .6

V 2400 Carbon Quiet 82,6 80. 2 2 .4

2400 Dynamic Office 84.6 77.6 7.0

*Ave rage difference 4 percent .
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s n o r in g  los s for  t , ’ n t , m l n s 11!’ o l t i ,  m i on ,’ c n m n l n h  I l l  , i t m n r I : I , I i l l  :m m l o l l l i n ’ n i n g  m i f  i t i o i - ~ ’ l O g I n  r i - —

q u c i n c i e s  w t n n ’ t t  we  sp .’ 1 c m l : m t e i t  an ’ . ’ t i , , l e t  m m  r ose l’e r n n : n l n ’  s u i c n ’ e :— u . -‘\pp :n  r u t t y  i t ’ r ’  t r e t o r ’m

r e s t n l t s  a r e  o h n t ; t i n n ’ n h  ~n onr a t n ’ r c i s m I  of I : l I n I e  I I I — ,i , m c l i . ’ r i -  l . ’ m c i : m l e  s i - m l r ’ i t p  s - i s  S i t  s i p m m i f i e a n t i s

l ower , ci et c  t t i o u g l m  11 5 ’  n n t  l i i ’ s , ’  l i t g l ‘ - i ’  la ’ : , — t ’ m c , ’  5 5 5 1( 0 1 , 5  p t o  i s s ei l  1( 10 : 1 or I , m -  m I a t i c l w i ’ l t I i

spet’ m n t i n a m n  t i n . ’ L i n n e m n i r m  I I I . I i i .  m i s t  p l : m u s I l n b ’  t I  i t i  ‘a u t - I n  is i o t i s i u l - t i t  w i t h  1 : m l i l m ’ s  I l l — I ,

I I I — ,~. au n t  I l l — I  is i t n i s :  i l l ’  1 I n i g l m ‘ l : m t : m — r ’ c t , -  s s s t , r t u , \m t u i ’ r ’ ’  i i i . ’  spi :~k e r ’ s ar t t - i i ’ i ’ , r i  n s  r e—

pro t in c e c l  q r n i t c ’ m i i i u r u t , V l \ . n ’ t o ’ u i 1 V ’ :  I n  i c i s n t j i , t c : m h l i 0 i s t l i  ( ‘ u n c u t , ’  t t u i t t u  in  I i i ’ ’  p r  (~ Vu V u , d sq, ’ - i t

V so t b n a t  t h e  : m - 1-n ’rag e  h i s t , ’ t i i t ’ c an  c , u i , i r ,  ‘ i i ’  I I  n ’ m ’ e n r  in  l i n e  1 5 , - c u - , ’  m ’ t  t I r e ’  l i n ~~l c m ’ r  r e q in t u  m

p o nen t s .  Howe ver’ , f m n r  : m l o wer  , l : m t : m — t ’ : i t , ’  sy s t t ’ nt  t h e s e  ( ‘ m u  s c m - I t  as t I n t u t u t  t r - u i u - u n t t o r i ~ m m ’ ’

sn n f f i c i e n t l v  l aek i r t g  a n n  t h a t  um i n i p i t e r ’  s co rn ’  mu m i ’  i r r n m m r p l i t  r n  ‘‘hv t i , ’  h a c k  i l n m o r ’ ’’ I i -  ~ r r u m p I ’ . r n —

cot’porat ing h t ig l r e r  h’r c ’ q m n e n r n - i . ’ s .  l b n t n s . S i ( ’  m i n  l u e j m i -  t h at  i l ~~i ’ n ’ t t  c r c  n i  r n u p r ’ o i c - c u m t u t  s in  t . I ’ (

w i l l  avokh t h e  need to p roce s s  nnor ’ e  u - i 1 1m ’ , ’ i l u  b c n m n i l w i d t l .

If  b a n d w i dt h  is Im ot  t I m e  m :i i rn  i s s ue , o ’l t , ’ r pn’~ ’ — i - ’ c r c t p - u t . ’ r  a u d i o  p n ’o i -e  s s c t m m ’  f u n i n ’ t i i ’ m n s  n t a v  i e t

be of f i r s t — c l a s s  in i p o r I a m i ~~e . Tw o i t e r t n s  m on t i e  t o  nr ~~m o h i r n n n m e d h i : i t e i \  , m a n t e l s - , ~ t ’ m ’ q : i ’ m u m - \  eq ual-

i z a t i o n  ( p r e— e mp has i s  I and  m m , I u o i m  m ont  m u . I , ,’) mi s r I t a  m ’ c c S  a t l i ’ s m ’  t ’ e m n s .

1. \ o l u m e  (, ‘ont rot

We know t h a t  a p e e m - l u  S n ,  t o t s  v a n -  i n n  v o l t i r n e  l , s  a t r o m n t  - i t )  r i b , f r o m  1 1 m m ’  p o w c r f t n l  ‘ imsi ci a as

in ‘ f a t ”  to t h e  weak  f r ’ i c a t i s - ,’ I’ . IH ’t lm an a l og  and l i i ’ i l u m l  speech  i~~’o . -s sor’S c a n  c om e w i t t n  t h i s

d ynamic  range , bnnt  if we s up~’ r i b s  ‘ sui  t i  i t  l o r i s  in  1 1 m m ’  a t m -  r0 1’e v o t m n n r e  f r o nt  ye cv q i i i  ~ t spi n k m ’  rs

to those who  roar i n t o  t i n e  h a n d s e t , I h is g i v es  u s : l t u ,  1 I i , ’n ’  .!t) t o  10 c h I t  t o  m h ea  I w i t l t .  I - rena ( ‘ i n

experience , we have grave r e s e n ’v a t r on s  aboint  t he  u u s e  of i - n c : i c c i , r c i a l l  a v a i l a b l e  v o l u m e - c o n t r o l

c i rcui t s  for audio pre — m m n ’ o c - c’ssi np .  Scne lm d e v i c es  c a t r  ~, ‘ l i  s t , i t t  o m m r s  and  m ake the  t m r o b l e m n n  of

isolating and dealing w i t h  t n a a n v  di s ’ o r ’ t i o m n a  n a t n s e i l  by the nar ’r ’owband ) ) 1” l i e  5501’ more d i f f i c u l t .

Also from our exper ience , we feel  q u i t .  m ’ o n f i m k ’ n m t  t h a t  m o n n i m m i r i n g  mi ~ t i n e  i np u t  spec ii m - m , I u nre

by a competent hu m an moni to r  , - m m u u l , 1  p m ’  a l o m c p  w: c ‘, t ow a r m l  a v m m o l m n c p  l i m e  m~ - , ‘ t ’ l  I m m m i  an d  u m n m t e r f l o v i’
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problems in the di gital speech processor.  I i g t n r ,  I l l — i  i n d i c a t e s  a s e t n n p  w h I e l c  n t  l e a s t  pe r m i t s

research on this  problem.  In t i n t s  f i g m n r e , we  a re  ign o r i n g  ot h e r  a t n d i o  & ‘ m n m i d i l i o i n i t n g  ‘ u u i i - i n  as

pre—emp hasis or p re—sampl in g  f i l t e r .  By c o n t r o l l i n g  a comme r c i a l ly  n v : n i l ; m l l l e  d i g i t : n h l v  1 m m —

trolled analog a t t enua to r  via a p r ogram in t i n e  p rocessor, nn n m c l n  n t u ’ ’ r ’ n ’  f 1 , ’ x t l ’ t m ’  I n , ’ ’ ,, “ 5 to :, rt . ’r ” 1

volume control can he incorporated into t h e  p rocessor .  I or e x a m p le , t I n e  p m n i g r a n t  w o n n t m t  r n m ’ t

have d i f f i cu l t y  i m p l e m e n t i n g  t h e  fol lowing concepts:

(a)  Eve ry t ime an i n p r n t  speech sample  is peak l ipped  ur n  i t s  mi m s  i n t o  i t t ’ ’

A— I )  conver ter , t h e  a t t e n u a t o r  is  s w h t m i t e d  t o  - d l )  I t  b i t t  l a i r ’ m - , , l c i t m i , ’ .

to
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( 0) If si s n ’ r : m I  sn ’ u o r n c l s  of p n V m m i , V s s i n n  j n t m h n m - : m t e  t lna l  m u ’ ,  s~ n~ ’ e m  h m’,a s  . ‘ t O  - n ’ . - ’

i n t o  t i m e  sv s t n ’f l r  m l n n r i n g  l i na t  t in a . _ ’, t h e  a t t n - ’ r r t r a n o r  i - : m n i  - m r ’ - i l l  i ( i t O u , ‘ - :

cnn t ic  I s - i s i s  t h a t  nm o s~n ee c tn  i n f o r m a t ion  ~n as a v ; m n l : m i i l t ’  mi  r r m : , k , ’  ‘, n i l - , r r , - —

n o n t  mo l de c is io ns .

( m l  II ’ s. ’v n - n ’ : u I s ’ , - b m m u ’ I i  m m l  s 1 n m - e n - I m  s l i m i a -  t l r a t  t i m e  p m p b - t  l i n t -  5 I i i . ’  V \ _ I  n - c  —

s -cr i e r ’  h a s t ’  o m i t  l , n ’ c ’ m i  t i c - P h i l  at  a l t , t h e  m t t e n , c n : n t i i n  i : n t i  I , , ’ sit n t

~~
-‘ r ’n t i t  g re at . ’  r’ v o lu n n e

Spitet r i nm  I - q  u u : m  l i z a t i o n

This bnas hr . ’en t i c , ’ s u i l m i , ’ i t 1,1 c o n t i n m n i n g  c o n t r o v e r sy . i ’ r ’ m ’ s e n t l , , ( t i  I S m m o t  I - , ‘ t u  m i r t u p l ’

n p m e e m m n . ’n t  as to  w in e t t t e r  p r e — e t t i p hasi s  hel ps n m r  i m i r m d e r ’ u - i  I , l ’ ( ’  proc s — u m m u l i , i l t l u m i  ng i  t h e  i m r ’ d m , m —

in a n t  b ias favor’s  t h e  m n s e  of 1mr ’ — - mp t n a s i s .  A m l a p t i v e  P r ’ m ’ — i t t i l m l i i s n —  1n c i s e s  :m 1m r mI l , r m i  s t t  - ‘ - , a t

t I n e  sv n t h e s i i i ’n ’ , c o m p e n s a t i n g  a d a p t i ve  d c— e m p hasis  mr r s t  me i n  m , r ~, i i r a t e i l  h , ~~s,”l  men

m i l l e d  p r e — e m p in a s i s  pa r a m e t e r  (or  p a r a m e t e r s) .  N o t i o n ’ t h a t  s u c h  “ s - t m ’ : ,  t m’ i m u s t O I s o i , ’ . i s  t i - ‘

nt ’t’ u t , ’ i t  fo r  s’oluna e comit ro l .  It is i n t te r e s t i n g  I h a t  ‘-i ’ ’ -, er u n l  , V x i n m . m V i e t i n i , l  n a r r ’ , i s - l u - . c  - !  s~ u , -,-

,‘rs t a v o m  the  i n c o r p o r a t i o n  of f ixed  pr .’— e n a p h r n s i s  and inn t i e — e m p h a s i s .  l’his l i c ~ in  w i ’ ’

‘‘ b ack—door ” t iuc om ’ s dis, - t m s s , ’ , l  : m l , o v e  wh n ’r e i n t  poor 1n 1’ i l i m s s n t u p is i i~ rt m p ’ t m s a t e r i  In s ’ b ’ t ’ m u . L ’ r t

c - c ’— u s i t ’ e  h igh f re q it e n n ’i e s .  I f  n a ot for  p m m s s i lj l e  a , I vn ’r s e  m ’ f m , ’ c t s  in i b m -  p r I s m - c  ol t i : i ’ k p t ’’ ‘ ‘ u

noise pl in s u t t e r ’  c l e g r u i u l ; m  t i on  in t a n d e m  s i t u a t io n s , t h i s  mi ght  n c n t  I i i  - ‘ ‘ i i i  hail n o  : m t u s w i  r’ .

The h i p p ’n t s t  m i l l t k t i  t i o n t  aga in s t  a d a p t i v e  p r e — e n ap h a s i s  is t h e  c l i t f i c  i t t  m~ s u i t  m l i i i  n u , ’ - , s - - r t t m c

the desi red adapt i s  e p :n m a n a e t e  r , and I lie s m r t n s c ’ q m l e n l  p o s sib i l i ty  of d o i r m p  it o  i t ’, ’  tt a cm F u i  t p m I .

A s imple  s t e p  to  t r y  tt oc i l c l  he to in co rpora te  tw o  f i x e d  p re — emp hasis  fi t te r s, m i t : , ’  i ’ m  n I : n l i ’  —

one fo r fe males . Then , analysis  woin ld consist  of ( a )  m a k i n g  a n t a l n ’ — t , ’ r r t a l e  l i i - i s  i o t u , ( I i i  t n - m t  —

m i t t i n g  a single h i t , and (c )  s w i t c h i n g  between one of two po.ssihle  pre-  and d e - , ’n t i m ) , s i ~ c -

works at the t r a n s m i t t e r  and receiver.

3. Adap t ive  Quant izatj on of tine l,P(’ Pa ramete r s

At present , t he  I ,P (’  p a r a m e t e r s  c hosen for t r a n s m i s s io n  rare t he  p i t c h , v m i i m  i m m p  ,ie e t s i ’ t : ,

gain , and reflection coeff ic ients .  To date , t h e re has been no oovin c ’ing a r g m i n m e n t  or  in  o g a n n i s t

the use of these paramete rs  except the  p r a c t i c a l  one t h a t  no be t te r  set has i,, ’ec , I m i - u m u i l ,  I t  I s air

in teres t ing fact that  channel  vocoder parameters  consist of t h e  sampled c u ) m ~ ” - t  r a t  m a C r u n t  u i i l n ’  or

some linear function of these samples . It also seems to be true , a t tine n nornn ’n t t . t b n a t  t u i m ’  t i e  - t

2400—b ps channel vocoder outperforms all 2400-b ps LP( ’ in ’tp l e mnen t a t i on s  in I I ~ i n t t ’ l l h p i l m i l m t \

tests of the T& E program. Over the years , i mportant in tu i t ions  n a v e  been b tn i l t  mn } n a tnotnt  t i n t ’

way speech spectral magnitude changes w i t h  both f requency and t inne .  In t i t h e r  c l i t t i , ’ r t s i o n m  t t n e r n ’

are fairly well—understood constraints on these changes , and thus  c’ t e v e r  : m , l : i 1 i t i s , ’  c o d i n g  s c h n i ’ - n , - s

can be and have been successfully developed. As yet , no corrcspornding ly s u ~m h i t o t t i at ed  i o d n n r p

scheme has been demonstrated for reflection coef f icien ts .
There is a sound reason why the apparent ly  s t r a i gh t f o r w a r d  problem ml 1 c i o t i i i ? ! t c p ’ L1’( ’

(or channel  vocoder( parameters  seems to he the  most d i f f i cu l t  and t i n c m e - e m ’ t i s m r m n n i n g  p roh l n ’nn

in the  design of n ar rowband speech t e r m i n a l s . (‘er t a i n lv , fo r 24 0 0 -hnp s  s y s l , ’ n t i t - m , t h e  pn ’ . ’ :1 t ~ - - 1

i n j tn st i c - e to the spec t ra l  i n t e g r i t y  of t he  speech c n m - m ’ , n r s  at t h i s  v e ry  q t n a l n i  i~~e r. \ I a k i u o t n t  t ias

shown tha t  spec t r a l  s e n s i t i v i t y  to ref lec t ion  cod in ’ f en t  (k
~

( c ’ ina rmg e . s  is grea t , st mi ln , ’ m m  1< . ~ I ;

V
I un fo r tuna te ly ,  h i s tog rams  of k

~ 
shn ow c l . ’ a rlv  i ts-n t I k 1 i s r a r e l y  in t i r e  v j c i m u i l  v n u f  i n t O  .

I t  

“2~~i’~ ,. 
— ____ _ V __IV



‘ V

j m :n s  c I n ’ n n o r n s t  r : m u c ’ c l  t h i u m i  a - n c h i n m g  Si l i i V m m m e  w t n b in m n t i h i ’ z n ’ s  u p  l i - c s p , u n k r s  k
~ h i s t n i p r : u n n s

i n l n p t ’ ’ i  V 5 t I m e  I h ’ ( ’  o t n t 1 i u u l .  I i n ’  t v m n  :m l n o . . t t ’ n ’ I n m n i q i n t ’ s a r ’ :o ‘ i : i l l v  i m , r m t r a n l i i - t o n ’ s , rnm n ’ l  n n o  0 m m

m s i t  m m l t , ’ m ’ i ’ i l  ( it’~ j m m , l  r e s n n l v i n g  t h r s  e o m n t  r i i l u t i o r n .

.1 I ~t n j  I m mu - , , p l u m  n f ~cIn. ’ a h e m ’  \~ l : m j  m t  :u  t i m  i n n

- \ l t m m o u n g i t  mo , l n V , t m ~_ i nn t  n m m m l i n t n o m n , ’c : n n ’  ise t i ’om t i n t’ m l t o s e  I n s ,  ‘ n s s i i , r r  , ( ( - ‘ ‘ i i i - ,  m~ u n a l  : m l n l n m n m a i - I ,  t o

t i m , ’ p r ’ o lm l e n n n  - l i -s  e n a n . ’ n ’ n t i ’ . It i s  i - h ’ : m n ’  I i n i i t  s i g n n i f b - : m m m l  \ V u n t V i : i m i i m i s  i n s  t i l l  50  to  I me p r m i - ess e i l
V l i i  in n a r m n m v l i : , m n t n t g r i t l n n n m  ‘i m u m ’  d i i . ’  t m n  t ime i n n a u t , ’  - l i t  t i m’ ,’ m u ,  i c -  m t r i irt ~’ I m , u i k c i s , l i t  l i t - t i

n’ op t n o n i ’s , l i t  ~‘r i r b p  w ay s  m t - l i , ’ r a ’ i rs -  s p e a l - m ’ m ’ s  l n a m n d l n ’  t I i ’ -  l i m i , u i s , - t , ,l j t l ’* ’ r . ’ r i t  p r e — f ’ m p t m n s i

1ao s : — . ’t i i p l n u u s n s , ir ’ . - — s : m t t q  t i L t , p o s t — s : i m c u ~m I i n n g  f i l t e r i n g ,  i i j l t e l ’ , nt  s : o t i n m t I m i p  r ’ : i t m ’ u , l i i - , It i s

- i ’ m’s - u i m l r k n ’ h v  t t t : n I  a l l  l i u , ’ se  ‘ :m r ’ n : m t i o n n s  can , ‘v t ’r  I me s t a n n d a r m t i u t c’d. W l m : i t  is n i i ’ n - u l n ’ i I  is a n a d ap t i o n

t i  t n a t u r — u n n .  l ’ t r i l c i s i ’ i n i u n i - : m I I ’ i , i t l e a s t , t h i s  ( ‘an hue i r u ’ r ’odm i c ’erh  I i i  m l e t i n n i r m g  :m t h i r d  i n s - b  . ‘ p m i ,  I i

m u o l u l m l t i m m n  t o  a s : m t u u p t i n t p  i ’poeir an d  a t n - i t t , . ’  h o - I l  ii l i - l u  we  ‘ - c i u i l ’ l  c - a l l  an : 1  ‘p t l n t i o m a  epon ’ i n .

l n i t i i h ’ n - . , ‘ l m , ‘ 1 u n . s ,‘ ç ,o, - l r  s l n o m . ] u i  i i  ot a h o ,n t  I — s n ’ i - m l m n r a t i c ) n .  l l i . ’  u - i s s l , ’ t t u  vi m i n j i d  in  i o l l e n - t i m n g  5 1 : , —

, l : m ’ : m  d n n r ’ i m u p  , V : u i . h n  s i m m  I i  cpu -h :n n s -~l : , m l u u s l  np  s m - S t O O l  p a r a m e t er s  (as i~[m pc i s ( ’ ml  to ‘ o i i e ’
sn s  i n ’ : m ’ u , - ’ c ’ m ’ s u  t m , n m  epoch to  ~‘po - i m .  O h i v i o n r s l s , t h i s  t y p e  ot : u i h : i 1 m t i y I t v  is n n s , ’ I u l  o n ly

om ’ , ‘ m u i  . ‘m’ s  i t i , , r u : V , )  5q ’.’ i tn c o l r a m t u n i n a t io n , : m r m l  w o u n l d  p er im a p s  In c  a h i n n i l r u n r n c e  for  i t e ms  s u c h  as

a ot ’ u t  l i s t  i n t e l l i g i h n i l i t  y t e s t  i tm p  ( t nn l e s s  one ins is ted  on ex l e n n c l e d  t e s t  rig w i t l t  a s ingle speaker) .
I r u m  an im p l n ’m em t t a t i o n  ~~ i t i t  of v iew , one woin ld  gr m e s s  t h a t  a n i  n’ l s -  c’s-I e m m s i  s .  a m o t n n t  of addi-

t ional  processing is o m n l c i  i i -  imc ’e l , ’ ’I , hu t  a t  a s low rate.  ‘l ine d i f l ’i n ’ m r l t  pa rt of t ine w o r k  would he
the i n — . , ‘ t c t i n n n  cml  :m l p ’ o r i t h n r s  t l c : m t  is o ir l d  tic ) more  good t t n l n n  h it r a n t .

C. i . - \ N I 1 I \ t t N L

Since a si mn g le nznr r owh and  digi tal  voi n ’e  t e r m i n a l  degr ’a( lcs t he  c l ean ’  inpu t  speech, it makes

sense t h a t  I w o  or more suctn  devices  in t a t n d e n n  will cat ise  naore deg rada t ion .  Tine  ‘F& I’: r esul ts

hear th is  ou t .  I - o r  e x a m p le , the  Li ncoln l.[’C l )R T score goes from 53. 7 t i n r o u g h  one svstena

to 7~~.’ for t w o , an d to  t - ’ - .S t om t h r ee  in t andem.  The PAl )  scores go from 55. 4 to 45 .0 to 13 .7.

A s u r p r i s i n g  resu l t  emerged by connpar ing a tandem connection of two Lincoln Ll’(’s w i t h

, m n  l I ~(’~ ( ’V SE )  ta n d e m n t .  S ince  ( V S l )  is a w i d e h a n d  ( 1 i -k h ps) sys tem, the l a t t e r  t a n d e m  would

he expected to be an improvement  ove r the tin mn den n ing of two na rrowband s stems.  ‘l’he ac tua l
r , ’ s ’n l t s  were opposite , however , wi th  I,PC’ -( ’VSI) yielding a DRT of 70.0 compared w i t h  72. 1-
fo r l . I ’ ( - I , l ’ ( ’ . \ l s , m , LP C—L P ( ’ — LI’(’ gave a DR’r score of 1, 1 . 5  compared wi th  1,1 .7 fo r t ine

V worst  combinat ion  of in single LI ’( ’ w i t h two (‘VSI)s. The clear ind ica t ion  is t h a t  t h e  (‘VSI) at-

gorithm (at  least wi th  the present l y tnsed parameters)  can ’t cope too well wi th  the  reprodu ction a
V 

m , t  LP(’ speen ’in. 
V

A wide variety of tandem configurat ions exists which  could be of pract ica l  in te res t  in a
communicat ions  network.  At present , we are not eqti ipped wi th  a general  meiho cto logy for im-
proving the  voice qua l i ty  of an a r b i t r a r y  t andem of tine same cur d i f f e r e n t  speec ’it a lgo r i t inn i s .
However , we ran  address severa l specific per t inen t  top ics.

1. (‘onferenc ing  of Digi tal ly Processed Spee c’In

Ordinary  analog telep honic co n f e r e n c i n g  is a t ta i n ed  t l n r o t n g i n  s nn n n n l i n g  t ine  i n c l i v i d m n a l  speen’In

si gnals at a cen t ra l  node and d i s t r i b u t i n g  the  sum to all the co in fe mi t es .  I” rom t I ne  speech point
of vie w , conference mal ls  lead to a d e g r a d a t i o n  in s igna l - in -no ise  r a t i o  (SN 1) 1. ‘i t m i s t  of t ine
t i m e, onl y one c’onferee is s p e a k i n g ,  sn ’ t  t i ne emnvi r o nmc ’n ta l  mno isc  lnS socj a ied  w i i l n  each co infer ee
is  a Iw a v~ present.
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I is ‘ ‘ i m - ’’ s t r n r g  ‘ o c m ’ ; - i m r ’  n s -  ‘ o t t l - i ’ t m ( ’ f ’  s. ic m , t  i l p m , c i 1 r c  s ’ , s l u n i  h i  t e u d  I ’ m

“ I  - P c ‘ u n n i - : i k e t s ,  P u  h s - t u , ’ t m i  ‘ i ’  : n h i o s ’ ’  , t u : i I i ’ i i  - i t u t e c i  t m - i t s - ,  \ ‘ l , ’ ’ ,- n , - i ’  i , c i ’  ‘ I i  ‘ ‘ ‘ 1

to  ~l ’  i t  ~! i , V i , V
~ 

i V t 0~~i 50 1 1 1) i’ V V • V i I ‘ I . e : m l p c ’ a h s  ‘in l i t ,  , , t ’ i - t -  l t t u i ~~ ~‘, m i u l i l  i t ’ ’  :‘ l v  i t c l n r m i . i -  i l ’ ,

m’ ’ i - t t e u h  - ‘s - n - ‘ 
h o t  , c i t - h  n , , i i n i  - i i i , m a I n _ s i -  i i ’ l n e r  i n i i h i l i ’ t u 5 i - i — - u t t t t t - I m i t t  - I t ’ - 1 m t  — ‘ ‘ n ’ ’  n n i ~ ’

a m u ’ ’, iii 1m m . ’  -u , Si n ~~ , - cm , ’ n i i ’  r t c n t  h u n  n m n I i n n ’  st t i n  i c  i - ,- , m c i  ~:l  r i i ‘ ‘ ‘ i n ’ I , t Hi t m i i i ’ , .- I - u - ‘ V  i i , , , - -

- ‘ - ‘ ‘.5 n i - :  m u - se ‘ a ’ ’  i o u u ’ , ’ m . ’ t l i  l i d’  t c , t l : , , c : , m c ’ ’  s ca n t t o  r m i a h ’ ’  oH i - ’ h u e  i i h h i ~ s v i n n g  poi n t :  i t  i r u a i ip

i ’ ’ t _ t , s’ m r c l t t u i c u i _ ’ i l d ’ , i c i t h , t t i S  i i i -  S i n i n p t & ’ r  t o  i n n p l i ’ t c  i - t o  ‘ t r a i n  ~i ’ I n  c i i i  i , m ’ i l l m t i s : i n u - l ,

i ’ s -  ~ ‘ r m’  i n ’  s i L ’ t u , l — t i u — ’ u i m t s i ’  h - u s  m o d  ‘ i - I i - p b n c n t m e — I i t u c -  c h , ’ g n ’ : u - I i t  h i : , m u m  i i ’ l i m  n’ p m o - , - ’  c ud ’ t ’ i °s m m

“p ’ ’’ I . m j t m a h i ’ s  t n  -s  ) i l  , i - i s i c ’ i : m t j o i u  i,s q u u m t  , , u c : ’  - ‘ u , , h i , m s n ’ ’ , , - t , I ‘ , t , u , ’ , I i m (  u i j t u s -

P ‘ h n p j ’ t . - e r~ s ’ u i  I i  i s  1 \ ~ I c m ’  l , I ’ (  , I r s t , ‘ s ,  of in , ’  s ’ u m c t u u m t p  u I p , , r r ~ u i n t u I t ’ s

i c-m i t u i n n n i n ’ r m n i c i c ’  N ci ,‘~~, ‘ c’u s i , . , ‘‘, c m i i : , t i _’ i l u l  s , ’ b - i  j i i t i  l i ’ r ’ ’i \ ’ ; : i i - i -  ~u p p e u i ~~, i o I -  , - u h i , ~~-~~ i ’ ~ t o u c ’

, n ~t ’ ,c i t ’,’ c u . ,” h - - I  mi i n t m p I t - t c t ~ ’ : : c  t i u : m b n g  s ’ i t c u m i u i t u s -  of m h i p i t n l  sp i i i ’ ) m .  I i s - u n ’ , -  I I l — ~ H i ’ , ,’, — :i o  I - : ’ . l i -

p 1., i i i  l u , -  u s e  i i i  t I t t ’  5 u t i t u u u r i L t  . ( l g o r n t l u m c u  t ’c , n -  l o n m t ’  d i g i t a l I s  p c i ~ i~~- — i s i - l  s i c - o i l ,  s l p t . i I -  , in  i n c u r’

t o  s u t c m  0 , -  - u p t . ’  - - i n  t nt u .  m , t i  I i  t i , ’ s , ,‘ :u i - i i  I t n p m r t  t a i l  s t  r e ,  t u  m m c m :  u t u  - t i c  I s  m n - c ’  t u - st - i t - — i - , -  s i t u  —

c l u , ’ s i 7 E ’ i l ;  ‘h er,  t i  ,‘ f o r u m ’  c- -s u i t i n g  s t g i u ’ i l s  m u s t  Pt’ : , i l u h n ’ c b . t m r i i l t n , -  s u u t u ,  a n t u n i -  i I l n . -~ ’ n n I u u , t , u i

:n . , n i l  , ‘ ‘ u u l , ’t’ i ’, ’ s m t u t h e s im ’ i -m ’ su . I b i c u s , a q m n a n t i t s -  cl i i  t ’ I s t : i  r i  r s  r , ’ l u r i  r ’ , ’ , l  : u i ’ l i - , , , m - .t  i t ’ ’ ’ ’ i t i L ’  t o P .

\ I s i ’ , ,‘ac - in c ’ o n l ’ ’ n i - m ’ ’ s s p c ’e c lm  is p n ’ m m i - ’ssed t l c r o u i g h  a , ,  : i l s - u r t t l u n u , s .

I i s - .  I l l — I  m l u e  s i c u t l u t si zer s  ol’ I ig .  111— 2 l i r e  rep lac~ ’ i m  i r s  a s , i m ’ i  l i m it ‘b , ’t  i i - , -  m’, b u n - t m  —

,‘ t u e  u t  t h i n ’  c o c c t ’ ’ m , ’e s t o  s , ’ r n u l  on.  ‘l ime se lec t ion a l g o r i t h m  u m n c l  t he s’s i t t - h  sh o t n l l , in ni O u t  c i , l i i ’

i n m p t ’ t ’ u - i . m h u h v  s im p ler  t l m u n m m  t i n e  co l l e c ’t io r n  of s v n t h e s i, e r s  r e q c t i r n ’ h ‘or I i s - .  l l I ~~,l , - i t s ’ ’ , i - a m - I n

~~~~~
‘‘• ‘ ‘ 1  s r p ’ t u m l  t t ’ : , v , ’ l s  t b c t ’ i i c u g l m  onls  a singl e processor’  so t h a i  t : t  u ’ l i - t c c t t : s -  i l m ’ p ’ r a d u t m m u c u  15 ‘ c m i i ’ -

Lb S i S A L  i ’A i ,iJ~,

~~~~~~~~~~~~~~ 
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J :,m u d r i l L ’  SiT t i t R E A M
Lm ST E N -.

S 4 ,  AN A L Y Z E R  4 ’  i i SA L’ l E Ra 1 ’  SYNIHESIZ ~ R 5’ SY N T H E S i Z E R

P ig,  1 11— 2 .  S nm n a m i n g  al gor i t lnna  for  f o i n r  P ip ’. i l l — ) . D i g i t a l  c ’ c .n f e r e n t ’ - i t t p  m i s m t u p  Iln
u i i g i t a  11 v processed speech . signal s  in a a I g o r i t l u n i r  to  m I n t  c a s in  u t i l e  s e t,  ‘ i t  c i i  l i i i
c o n f e r e n c e .  St r e : ,  r i m ,
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.1 c’onfere r n c - i n m g  S t r a t e gy  wh ich  invo lves  an ove rimead ct , s I ot’ m m - , ‘ m m , ,  I i :  r ay i m p  i m n n t  r ’ cm t  i n f o r n n u n  —

t i on but  leads to simp ler  sp eecbn—proc ’ess ing h a rdware  haS i i n ’ n ’ n n  q i n i t n ’  su n - c ’ e s s f t n l l y  d e m o n s t r a ted

in a recent e x p e r i m e n t  des igned  by 1. J” orgie. t Eac’h conferee  has a e - c m n t r o l  box w it h  a red and

g reen i but ton p1tis a red a nd green li g i mt .  l’ressing the  green i ; t n t to r n  s igni  l ies a desire to  t a lk ,
w h i l e  p r e s s i n m g  the red h i m t t o r n  si gni f ies  t i ma t  t h e  speaker’  is i h c , m n t  to slop.  The green light per-
mit  S t i n e  confe ree  t o  t a l k  I an s i  In c hea rd (. w bile the rn -m d I i g in t  i rnc i t m - t u t e s  t m a t  m e  sinou ld not t a l k

b r  t m a t  i t  inn’  ctoes , m o  u n ’ ’  w i l l  m e a t ’  inim m. Marnag er rnent  of t b u t ’  m l ’ s  u l t  inn g  i ’ontrol i n f o r m a t i o n
and c ina nn i t l  a l locat ion  is lt annd l ed  in s- compute r .  ‘I’his set up I , ’a i l  s t o  “ pol i te ” m ’n n l ’er enc ing ,  V, i t  in

no o p p o r t i m r m i t y  t o m j i l t  c ’r r u p t iu n s .  I r a tcn i t ive l y, we feel  t h a t  t h e  ; m h , l i i t s -  t o  i n t e r r up t  heccnmes I , ’ss

desi rable as ti - me n e t w o r k  delay increases , as it w ould t h r o u g h  a s a t e l l i t e  l i n k  or t ime  Al l  l ’A N L ’t

I - :vt ’ n de lay s  c i a m i s n ’ m t  I n s  Io m g— d i s t a n t ’ e  lines plus  assoc ia ted  sw i tch e s  c o mn l d  he s u f f i c i e n t  to make

“orgie ’s m e t h o d  m t t r u n c ’i v e

,~~. Tine D i s a dv a n t a ged  I ser

In mans’ l o n n g — c t i s t a n n u . ’ s i t u in t i o t n s , bot la u se rs  in a po int  — t ( i — p o i t t t  voice  c ’ornmtnnic ’a t i on  do

not have t I m e  s a me  i m : n n t h w i d t l n .  (‘onsider a cnser  wb to  mus t  cope w i l t n  a ~40O-hps  cina nne l and t h u s

has an LJ ’( - temnajmn al . (in i tn e other ‘ r m , h  is a “ w e a l t hy ” u s e r  w i t h  a 1 i - — k h i t  ch a n n e l  at h i s  d i s —

posal and a ( ‘ V S I )  t e r r ’n i m n a l .  ‘I ’he s t rai g h t lo r w a m d  conf i g u r a t i o n  for t i - m i s  S i tua t ion  is shown in
I - i g. 111—4 . It is clear t i - mat  I’or each ( ‘V S l ) — l , l ~C conversat ion , a cu omp lete d u p l icat ion c f  t ine t e r —
minal  eq c mipnn u - i i t  is need ed at the i -n ’ n t r a l  node. F u r t h e r m o r e , th i s  conf i g u r a t i o n  results  in

h otin ( ‘V S l S - I , l ’ (  a nti t , I ’ ( ’ -’, VSl) t and e ming, with  the l a t t e r  n ’esu l t i n g  in  poor scores I’rom the
I r e s,n l t s .

.A p a r t i a l  a l lev i a t i o n  on t i m i s  s i tuat ion , at some extra  c’ost , is i n d i c a t e d  in l”ig. I l l — S  — n a m e ly ,

to provide I ’ m ,  C ‘ i t s - I )  user  w i t h  ant  LPC synthesi i er ’ . Ttnen t h i n ’  ( ‘V S I )  --— LI’( ’  tandem remains ,
but the worst  offender , (,(‘( ‘ -- (‘VSD, is now gone. ‘\s vet , we have no in format ion  on the
potential product ion cc n st  or a svrnthes izer .  hut  we know tha t  iwo of ti - me costlier i tems — the oc ’r-

relator and pitch d e tector  - I r e  not present.

3 , R e m a r k s  on l l c ’ a t - i i r n m , ’  Simcn lat ion of ‘l’andenaing S i t u n : n t i o n m s

Conferencing protocols and s t ra teg ies  should evolve based on exper iments ;  in this  section ,

we confine our remarks  to the  capab i l i t i e s  at Lincoln for s imula t ing  ti - me s i tuation shown in

Figs. 111—i t h rough  111-S , -\ conf igurat ion involving fou r I )V l’ s and the  I”DP has the  per formance

capability needed to s imula te  all hut Pig. 111-2. However , we can m a n a g e  even this  case by

means of the t r i ck  show n to I” i g. I l l - I .  (‘omparing Figs. 111-2 and 111-6 we see that  the e f fec t s
of tandeming LPCs plus tine effor t  of several simultaneous inputs into an LPC analyzer are
correctl y s imulated.  ‘I’hus , four  DVTs plus the l”DP can handle all si tuations we have described V

up to and inc luding a 4 - w :u v  LPC conference.

I). RA( ’KGR OI N I )  NVISI - :

We should fi rst  real iz e  that  d i f ferent  kinds of background noise create different  problems , —
and must hi’ dealt  wi th  accordingly . The back ground noise used in the T&E program included

“ office ” noise (bac ’kground speech , typewriters, e tc . ),  airborne command post (AI3CP ) noise,
shi p noise , and helicopter noise. Flefore discussing the T& F results, it is worth making a few

general remarks .
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‘‘ ( ) i ’ t i u e ’ ’’ t un i s , -  ‘-i r n n n t  : m  n r c , ,  i ’ m ’  t m r ’ c i t i l ’ n n m , i i i  m a u i ’  i ’ ~ u i m i  u i u ’ : , s m m - c  m l , , - — , -  t i n s ’ -  ‘uo u u n ’ n m ’ s t i n ’ , ’

, n s , n t n i l ’ u’ oh ’ t nm ’  g r e n t c ’ r s , m h u i n u n n ’ t i m , n n n  c i c : , t  m u  t I n , ’ t : , h k n ’ n ’  c I , I c ’ m m u ~ m ’ i u n m - in  ‘ u t ’ ’  i ’ m ’  I r o n , :  t i m . ’  r m m l n - t ’ I i —

ptnone, chin rnent ~_‘ r e ’’ , I lv  u n i t , ’  r t i n , ’  i r n l n n t  P”, t~ , I e , r ’  ‘s: mc u p  i i , t i n ’ ’  I - m c i i  - , i i  m u  I . i ’ t  - c-u i ,  t i - i l I n  i t  i n ’  or ’  i i i

loss inn I r n t e l l i g i l n i l i t v  : m n m t h  m m c u : , l n t v  n t m  p ’ i ’ i t t m ,’ I n’~- n:: un q’ u ii t u i  m i t  ‘‘ ‘ I i i ,  , ‘ m : s - i m ’ , i r u t r u , - n , t ,

l l e l i n ’opte r n m m u s , ’ , u n i , s i ’ s  t h i s  , s t n ’ m i u , s  i i i t c l i i g i l n i l i t s  c u b  i~ u , , I n ~~v i , , ’ s , - s  n i l  t i m , ’  t i ’ u t i - ’ i  -‘p m ’ - ’ ’ ’  I , ,

‘l ’his n o i s e ’  intert ’ern’s gt’ i ’u ilv a i t t m  t l m e  c i ,  i t i ’ i o m n  a m n u n h i s i s , m i n t  I s , ,  n: , i v  - c S ,  I i r s - i -  p m n l m l e n m s

u n  . ‘ st r a c -t i n g  t ine  s m i n - : , I — t r u n , - t  t , t ’ ’ l n : I i ’ i n u i ’ c , - r ’ - , l i t  i ’ m ’  o j u n n i m i i t m , t i m n s  p m - c h u b  i t ’ :  s h , , i , l n h  h i m ’  t r ’ i ’ i t ’ - u i

m t  :n speci tu l  w u n i ’ P m ,  t~i t , ’~h m y  t I m e  , ‘ n t v j i ’ m l t : u m , , ’ c , t , m m d i  m I m i ’ t i x n ’ ~ s i u , u m n l , I  c u c u t  I ‘ ‘ ‘ ‘ ‘ ‘ 1 ’ ’  , ‘ i - i l  c m i  a - m u r k  l o t ’

n , m i m , ’n ’  n m u i s v  , - : m s e ’ s ,

.AL-K’t~ and shi p T I d l i S i ’ S  a s -h e lm ’ i i i  be m m m l ’ , ’ st r ’ : i u L’ b i l t  ic,, ar’d t \
~~‘‘ ‘ -‘ ol nob— a ’ vi b i m c m i  - u m m i  be

modeled as d ’olor ’ i’ , I C , m i s s i u n n n  t m o i s e .  I he ’  n m t , s t  c r u u i ’ m - i  I a s s - i ’ ’ , “. u ’  t h u -k , is n n i , h u i s n , ’ i u  cu f  m l , , ’

specia l  m ’ h u : m  r ’ :n i - t , ’ m ’ i s t i n  oh ’ t I m , ’  c : o i s i ’ — : i i t u - t ’ i i m u p ’  i n m i i - n ’ n i p l u  i t ’ ’ ’; , , ‘ m ’, ’  p i t  n ’ , - , i t u - , t nt n i b  I ’ m ,  t :  o u r

ownn e x p e r i e n ces  i t n u n i  h ’ :u i l ’ i r u ’ t , m  m u s t ,  i t  t i e  p r ’e_ , ’n t i , I m I N s h i l t , ’ r ’ , t n ’ l ‘u r  t h e  i t , u , t : c t / : u t r o t i  l e v e l s  u i b ’

l ime ’ LF ’(’ para ia -m e t e r s  i n ’  t h u ,  m i c r ’ n ’ p n h o i m e’ -a ’u s , ’s  I t - c , ’  , l i t t m ’ n ’, ’ t i ’  i ’ S  ~i t  t b , , r e ’ s - i l l . I t  is kno’,e’n t h : ~~t

n o i s e — c a n c e l i n g  n n i m -r op i m o n m n ’ s  h u a , a ’  m’ (’ c - p i l c c m s , ’ c ’ t a m ’ - , ’ - t ’ ’m ’ i s t  i n ’s l i m a t  a n’ ’ u t ’ ’, i m m U u ’ n ’ m ’ t , t  I r ’ u i n u  n ’ i t i n n ’ r

carb on or close — t a l k i n g  u t v t i : n n n i c ’  mi  m ’ np h u m i n  I i ’ s .

I , Smjnan aary  of ‘l’ im F lie ’s m i l l s

‘l’able 111— 4 su r n n ,m a r i z e s  t i n e  p r e s e nt l i-  a ’,’ : i i l : m l , l e  l ’s- i- r n ’ s m m l t s  c i t  t i - m e t  h a i k p r’ m , : u t i , h  m m o i s u ’  t e st -

ing of the Lincoln LF(’ sy s t e m,  h - o r  t i m e  ,~4 O O —  and  t u O O — h p s  cli  sc ’s , i m c n t  in shi p - m i i i  ‘\ l l(’l’  m ’as es

drop below the acceptable I) H i ’  s c m n r , ’ . I - o r  -I s OI l  l ips , i n t e l t i g i t m i l i t v  i r cn l c i s  m n p  w e l l  , ‘ i t o m t g it to  ime

acceptabl e, wh i et n  lends ( ‘redecn,’e h o 0m m r a n’ s - cu mcue ’ n I  n h a t  q n n a n t i  m ’ i ’r I i i  i ’ is  tom’  1 , 1 ‘(‘ u : m t i  n a n n ’ t e  rs

should be a d j u s t e d  a cc o r d i n g  to t i m e  m it -  rop i m o n n e  dns ~ s- i .

TABLE 111— 4

ORT SCORES FOR LINCOLN LPC FOR VARIOUS TYPE S
OF NOISE BACKGROUND

Environment

f 

Microphone J”
~~~~

0 b p
~H 

3600 bps 4800 bps

Quiet Dynamic 83.7 86. 1 88. 2

Quiet Carbon 79,4 81 .6 - 85.5

Office Dynamic 82.6 
- 

86.0 - 85.8

A~CP Noise canceling 72.6 73.7 79.3

Ship Noise canceling 70.1 73. 1 : 81 .3

Helicopter Noise canceling 48.0 45. 0 56.0

The table shows clearl y tha t hel icop te r n oise is in a m ’lass by i t s m ’ i l . and  u : i c u s i ’s ~ t n c 1m Sn ’v e ’r ’e

speech—processing pr ot lems ti - mat  it ought to 1-me t r ea t ed  as a se ’pat’at t ’  la moh ) l ( u r - m n .

t o m  all the noise hackg reminds t h a t  c a t nse ml  s ign i f i d ’an t  degmada t io r n , m c  i n s  ,‘ i i m ’ i ’ n ’  l b m m p ’  n u i c r o —

phones were used. I Info r t i n n a t e l v , w n ’ ma us’ no r e s u r l t s  mn s i r ag  i t i e ’ s, ’  sa n n e  t i  i m - i’op i m o t m ~’s i n n  me q u n i e i

environment so t h a t  i t  is not c lea r to w h a t  e x t e n t  t he  l o w e r  s, ’ :’ n ’ , ’.-’u me ‘ m u ’ i - : m u i . su ’ u I  l i t  l i n e  no ise  or

by the microphone. 
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I t  is - l i t ’  i i ’ , , t t  m di b u r l i h i o s . ’  s ol ,n t i o n s  t i m  p r n - m l m l e m s  i t a v o l v i n g  sip i , : ’  Is  in noise ,, i t  h u o u t  i , m m - ; i m , V  m m - ‘

g c n n n c l  ‘ b n ’ : , t  u t ’ knn c ,wl ed gc about  t h e  n a t u re  of the  nobse .  I ’ sing  I n ; i u n s s i a r i  i m i i , , r ’ n - u l m , m u i s c ’  n i o d e l

wh i m -h is - i l u P t i ’ , ’ ’ ‘ u  t i n e s i g i c m l , ~ l m A u i l t i s proposed m o w  t i n e  n m u n x i r m m u m m — I i k i ’ I i h u , , i i u l  i u ~~’s - i r , - l  i m —

s- t i ’  i t  i rn q u n i e t  I , l ’ (  - u : ‘ m u  b~c ’ n ’ x t , ’ t i u i e ’i I to tha i  (If l’i n d in g  l , f ~( ’  pmn r ’ a me t n ’n ’ s  in  u n t a- m i s ’ -  ln a t - k g c o u n n d .

\ i i j s e  r ho ’ s- i t  ‘, ‘ ‘m’’  i l i f f i c ’u m lt t o  des ign  a good v o j d ’ e , h — m n n v i i n i - ’ ’ c l  dc i  isi ,’nn a l g c n r i t b u n I .  - \ s i d u ’

I r u n t :  ‘ h u e ’  1, c i , ’ m ’  n ’ ,’s , I ’ , , n t  spee n ’ h  q en a l i t y , in a c k gr ourac i  nno ise  m m n k n ’ s  ‘ ‘ s m h n ’ n m n’ ’ i l , c t e i - i i i i t i  , ‘I ’r s’ ‘ l i t  i i —

b ’  s i h ’  n u -  i’ ‘V’ ‘‘ i n e l n n  t I n e  i h u s e n , ,’ of spec’ , I u .  \ , - n ’ u i m ’ti t , ’  d et e c t ion  I i i  s i l o n n V e  n i a k ’ - c -  p o s s i h d m ’

‘I’ \S  —u s - i - s i — S  . ‘ n m , s  -u I t  it , - o r n s e qu n e n t  s av ings  01 as ru auc i n  as .~ : I or 1:1 in n ’ o m m i n n i c ’ m n t i o n  F , : ,  c u c l w t ’ l :  P

‘P1m m ~, a ~r , r ’ I ’ u 1  c’ s’’ r i - I n  , u r n ’ : ,  j ,s t h a t  of ap p l v i n n t  n n a x i m n n r m — l i k e l i t , o n d  n i u m ’ i l i o d s  oI t u t u ,  ‘ t u t u  cmf

Sb , ,  - ‘ i cs ‘ ‘ i s ’ ,

S u i n tm a r ’ i i t u L ’ . t Su - u ’ m m u s  t I u : n t  hxn ’kgronnnd noise in L1’( ‘ can  he combated  by a m a c i sp ,’ of

- - t b , ’  ‘ u s , int l i d  i n s -  m r  ‘ I ’ ’ ’ ’ d u o  i c i ’  i I ~ iaaic rdnp hone , a u d i o  p m e — p r o c e s s i n g ,  a d a p t i v e— q t m a n t i z a t i o r i ,

arid n . :, x i n -r n m n r n — I i k e ’ l i h o o d l  t e c h n i q i n i ’ s .  A c c u m u n t a l i o n  and  ‘ a t m ’ g o n ’ i i : c t i o n  of a noise d a t a  h a s e  is

u t ,  t m u ’ t  ‘ ‘ i t ” m l  u s j n n ’ n  t n i l  s e n c i m  w n a r k .

i- : t i I \ \ N I - : 1 .  \t  u i ~~l :

I u u  e m ’ .’ m n ’ ,’ t w o  i n n p o r t a n t  aspects  uo t i - me  i r m s - e s t i g a t i o n  of - i m a n n e l  noise e f f e c t s  on s p e e c h

t e r m i n a l s .  i - o r  one set of s i tua t ions, sota h is t id’ a tecl  modem techno logy  allows e f f e c t i v e ly  error-

less t r a n sm i s s i on m  u r a t i l  l i n e  noise exceeds a f a i r l y sharp  t h r e s ho l d .  In t h i s  case , t he  speech

t c ’n ’nainal  w i l l  e i the r wo m ’k or qu i t  work ing ,  and th~ i s sue  of t he  s e n s i t i v i ty  of the  p a r t i c u l a r  al-

g cnr i thn a  t o  c hanne l  noise loses i m p o r t a n c e .  In a n o t h e r  set ol ’ si tt i a t i o n s , it n i t t y he i m p r a c t i c a l

to inc’ l umde s o p h i s t i m  ate c .h modems, and t inen vu lne rab i l i ty to  channel  e r ro r s  can lae an i m p o r t a n t

i’e a t t m r e  of a speech p rocessor.

1. T &E  Hesu ilts

‘l’he T&E results give some data on the lowering of intel l igibi l i ty  and qual i ty  scores for

channel error rates of I an-md 5 percent.  A general  s tatement can iae made that  a I -percent  e r ror

rate causes little per turbat ion of the LP(’ scores, whereas  5 percent causes a s igni f icant  an d

most likely unacceptable degradation in both intelligibility and qua l i ty .  Somewhat m ys t e r ious ly ,

the performance of the 2400-bps Belgard channel vocoder suf fered  little loss of i n t e l l i g ib i l i i v  it

5-percent error rate ; at the moment, we have no good explanation and would like to f c n r thne r  in-

vestigate possible differences in vulnerabi l i ty  between LPC and channel  u ’ocoders. As expected ,

CVSD systems also suffered little degradation at these erro r m ates.

2 . Jamming

From a practical  point of view, the most interest ing problem involving channel e r rors  is

the  problem of com bating a jammer in a l ine-of-sight or satellite link. In our opinion , th is

si tuation should he explored in the context of both an adaptive modem and an adaptive speec’ta

processor. -1 n aechanism for mainta in ing voice communicat ions  over a lammed l ink  as long as

possible is shown in l”ig. 111-7. In addition to the spread spect rum modem and t u e  speech pro-

cessor , a techn iq m me is needed for probing the channel and es t imat ing  the  i n s t an t aneous  r t m a r m n e l

capacity; a set of algorithm s is present ly  being deveioped hv Goodman ci al.5 to  do pa st t i n i s .

The set of speech algorithms alread y developed on the D~’T encompasse’s d a t a  r’ , m t , ’ S  f r o nt ,i.4

LVV~ ~~~~~~ .~~~~~~~~~~~~~~~~~
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I., t . 1  
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‘ ma - ,

— y u u , u

~~~~

l i t — . \ t u ’ t b u m u i l  m i t  it ’ u ’ b ’ i n i 1 2  : ,  ~~F ,  u : : c u , - l  m u ,  . ‘ s t i f l m a i  u - u - c m  u ’ u m i - l  , p m - m u - i l ’
: m : m b u I ’ , t u , , r , i i ,  i i i ’  u i l : i l i t u int t i me  s - t m e ’ e c ’ l m  j ) r m ’ , i ’~~” or ’  c m ,  t h e  :i , , b l . , i u l ,  m ’atn _’ .

to  : F , m , , t h u s , a -,- u , mj tn t u t & ’ i m - , t a —  n’: , ’ , ~ c ’ - u  u ’ , ’  — ‘‘ hi g s i - s l im  t s  pi’ u ’s ’ ’ c i t l ;  : ‘ ms-st ilt ;’ . It ( ‘ ‘ m c i  ‘ i t u s -

m m u i t u , ’ ap p n ’mu 1 um ’i m c , ’ ; :m r iab , l . ’  r u n , ’ ‘ ; u  m’ , - - u F s p~~u t n ’ u u n n m  c i i ’ b n , l i c i : m i - s  a m n ui  n - o m b i j , u . ’  i l l  , ‘ l , - m t u i - c u u s

i , , to :i ‘c i l — t i n t , , ’  s i n m u i l m n t i c n n m  s s - l e n t , ,

I . —o l e - m i ; , ’ ( , u u h i c  u~,, , u l a m - .,

I r u t , , ,, Pe ’r’ , e p u t io t i  -, i p n u ’ p i u i t i ’ , m u , ’ .,‘ \ t m m ’ m - t  t i m t m t  — m u , u u e ,’ s’,st  , - m m u s  p a r z un’n e t er s  m s - m i s c,’ w ’ors, ’ l e g —

n ’: , m l , t i , u t ,  if  inn , ‘ t ’ m ’i u t ’  f l u : , , ,  oth ~- t ’  p t u i ’  i m : , i ’ u ~ ’rS ; ~~~ e ’\ - , nl}nle . a pit ch er r,ir in I1’ rn , ’,’, me mo re

lm ,a n ’ m f i n l  t h a n  ,a i - i u m m u p a r a t n l e  n ’ r r ’or  i l l  m n m n l , l ’ ( ’  p : n r r n n m i - t ’ ’ t ’. I- t a n n a g a o  i s -s  p e r f o r m e d  i n s t  p e r —

c i ’p t i l ’ h i ’  u h i l t i ’ r e n a m ’e n n e m m s u r e r t u en t s  d u n n  fi u r ’ n u : a n n t  u - r ’m ’om’ S , and p c r h n u m p s  ‘ u sm t - n i l a r s t i m u l i  wucnld he in

or ’ h u t’ on line  u~~ f , - ,  t s n , h ’ b , P(’ ~: n’ : i m t , , - t  ‘n ’  , - n ’ n’ u ’ r ’ 5,

4. Sc ,mn aar ~

t i - m l b , e ’ r t h a n  t r y  to  mt -make sp i ’u ’ch m t u be r ’s h i ss u - i l ,  m , ‘ :,h , le m m ,  u I ~ u t t i m n ’ l  n u d i s t ’ , it seems more’

m m s , ’ I ’m n l  to red ,mu ’e c’ h t t n m n , ’l errc’rs by I’ , ’, I , m u m l : m  u ’ , ’ , ’  b u s -  ln ’ ’ ’h n i q m n e s .  R ol l ,  : n p p i ’ d u a d - h i m ’ s  p r e s nn n n a b lv

r e q  am’ ,’ e x t r a  bt am ch n vare , bunt  c’od l t u u i  t , ’ m  F : i i b ’ i ’ ’m n rc , t , t t ;  ‘ i i ’  - , i - I c i p i ’ h a e ’ h i h  so t i m  i t  m o  t i c - a -  m u t g m i —

rithn ’n s n ce’ecl  I ,, 1 c m  e l o çu e u l .  I 1 n c r i n t , , ’ m i l ’ ~ on — i  i c r ’ , ’ ’  n ,  1 , 1 m g  m u m  p.a m a n a e l er s  a r e  s t i l l  w m i r l b u  per-

f o r m i n g;  a good s ta r t  ‘,v o ,nlc h ci’ d o m pm n r i s o n  i i i
’ pi t  I m sp u ’ i t n ’ ’ 1 s - c ’ t m s m t  m v i l v  in e i t h m e r  ;-ium ’o che rs

or I .P( ’ ~ ‘ s t u ’ t 1 u s ,  h b i t c h y , t h r e  p r c u ’ V .  t a i l ‘ h i - i t  t u e  t ) \ ’ ’ I  is un u l u ’ s - r h u l , ’  ‘~t u i l  u ’ , s m l y  adapt ive  speech

processor ps - u s  t i m e’ ongo ing  m s - n ’ i : i h u h c  c i i t m n r n e l  c - ‘p u i - i t ; ’  u v , ’ , ’s- m i s - i ’  i t  u ’ery t e n i p l i n a g  to deve lcnp a

s imu mlat ion  fa c i l i ty  for’ a spe c’ ’ h i  t e ’ r n t i r n u m  I cm h t m l u I pt 0 a . 1 1  to a nn r n i n g .

1’. 1’l:Lt’I’IIoxl- : ‘b’t i : (’II

It has t n e i ’ t m  know n fn nr  o m i t , ,  - - e m s  t i - mat  c” , , ’ ,  I c l u : u t  t n as  I i - u - m u  ‘ t’ . , c u s m ’ c t t t m ’ ’l ‘ l t t ’ , o i s - ’ i m  a telep h one

c mn anne l  p r ior  to vo c orh ing  m m  u s - c ’ s v e ry  in ,  ‘ h i m  u t i  I ‘ O s -  :‘ , , u i ; m t mc ’n  u u t  lie voe’mnded -; p m ’n ’c I, .  A d m i t t e d l y  V

th is  is a ;- In g u me s t a t e n n e n t , s i t u ,  e T m ’ I e ’ l m b  m u ,  0 ‘ t u t i ’ ’ I S  t ,av , ’  i_’n ’ ’ - , m t , t ’ n , c h u r h i t ’ m , ‘l’ r v i n g  to f ind a

( ‘omnnon f o r m u lat i o n  fom c h u m ’  p r o p u ’m ’ t  j , - s  of c u - l i ’ s - ,  ‘ ‘ - .  — m u  u mc’ t , u , ’ s  IS In f ’o r n n i c l a h n l e  m n n d e r t , a k i n g~
we have t n r e n  l u c ky  e n o m n g t m  to  h a ; ’-  r ’’ i n i  ‘ u I  i . -  - ‘ m l ’ ’  : in ‘ “r t ’cn t n u u t m cn n t e’lep i m o n e — l i t u e  modeling

t h r o t m g h  the offices of Ronald .‘~o n u i c’ i n ’ s - m i , ’!’ c i l I S  i - c  an i i  c ap t a in  I ~‘ m i m o i t  i i i  t t nc .’ I ) u ’ p a r t m n e n t  of

Defense. Armed  w i t h  t h i s  i n f o r m a t i o n , ‘lern , ’ I ’  ‘ O,c ,s s- ’it ’ d u b - m i  t O  c ‘ ‘ m 1 u b , - : m r , ’n l ,  i s-  a u ’ t ’ a l — t n n a c

s i mu l a t i o n  on the  DVT. ‘I ’tn is m t l , u a  —u mis’, I ,; , - m ’ , , e ’ . i t e n n u i l imng u- m u  i t t . I s , i n ,  I ,  r e ’ s - I — I  inne  l i s t e n i n g

of [PC ’ ;vith telep hon, ’ i n pu t .  l . u n t n ’ r  u i i r t t u u m u s  iS t h i s  iV , ’ I u u r t  lu —u i “i i , , ’  h i t s  expe c ’j nnen lta l c ’ o n f i g i r —

n ’ lion in nmom e detail .

I t ,

-- ~~~,- ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ - - -
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I t , ’ . ‘i’ll I-: TELEI ’HONE—1 , J ,”. i ,  St l b  I I A ’l ’ OIt

A. o v E R V h l - : \ ~ — t ) I - ,Sc, R I I ” l ’ I O N  01” A TELEPHONE CLIANNI’d ,

In a typ ical t e lep hone c imanne l ,1 t l n c ’  signal is f i rs t  f i l t c u ’ , - ’ I , th o rn  n t i cu i hu h in t ed  up to S on i c  carric- r

i r e q u e m n m ’~~, t r a n s m i t t e d  u i t h ,  n mu lt i p lexing  through a ser ies  of u u , l m l e s  ,um md r epeaters, and f i n a l l y
fi l tered and demod ulated at the receiver.  Various dis tor t ion -m s are intm ’n t mdu eec h into the si gnal at
all par t s  of t h u  s\’steni . Tine fi lt e r s  pass only energy bet;’- i :ern 300 tend 3000 l I z , and in t roduce
both amp litude an-md p hase dis tor t ion in the pass band. The nn od ul at i onm -dd ’m d , du l a t ion  l i r ’t m c e s s

introduces quad ra tu r e  dis tor t ion whenever there is an offse t  h m n u t \ u ” m u m i  t h u  modulat ing and 1, r , ,u iui -

ula t ing freq uencies.  ( ‘ rosstal k is a res ult of both t’requen cy and siu a c c  d ivision nnu l t i i i lc-xim,g .
w ti enever t I m , ’ f i l ter ing and/or shielding are inadequate. In tc ’ave l imag down the cal i le ’ , ti -me s~~,’nal
beconnes at tcnuated~ t ln er c f or e , time repeaters  are necessary  to amplif y it at var ious  points in
the transmission lim es. The repeaters  ace a source of both G a u s s i u u m n  noise and mnon li ne un r di s to r -
tion. \~ hen a signal is switdhed from one carrier to another, a sudden change in the phase rela-
tionship is introduced as well as t ransient  (impulse) noise . Another  source of impulse noise is
li ghtning and corona -type discharges.

B. SINGLE-SIDEBAND ( SSB) MODI I .AT ION

Typ ical ly, voice signals are f requency-mul t iplexed over a tclep tu onnc - line using SSB

suppressed-carrier (SSBSC) amp litude modulation,
2’3 as shown in 1-ig. iV -4 (a-d) .  In order to

set the stage for’ our subsequent discussion of phase distort ion, SSBSU is reviewed in this
section.

r i~ n ~~~~~~~~~ of f b ’ I ]  F,,, b~ u It.on~ for m of coo 

l o t

Fig. IV-!. SSB modulation-demodulation
techn ique. (a) Modulated up; (b) bandpass- t -

fil tered to exclude frequencies below w c ;
(c) modulated down at receiver; (d) low- -~~
pass-fil tered to restore F( an) .  I b I

Id
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f I t  I + n f l’ I -~ FI~ t + i F ( ~~ i Re [zh~ )e ’~ ’’J ~~~~ E VE N  P8RT OE ~~~~~~~

Z Icu b ‘ t / 2  [FOo t + i~~h i.i J 1, 1!) ~~~~F, icu l

z l f  1 r 1/ 2 [ f ( f  t + j~
’ i ’  t] f 0 R h  ‘ 2 { Re [ z i ’ i e ” ’] }

Fig. lV— 3. An alytic signal l”ig. t V-4 .  SSII signal f ,5(t)
z( t)  expressed as a funct ion expressed as a funct ion of
of real signal f(t) and its analytic si gnal z l t ) .
HUb ert t ransform £(t) . (See
text for discussion.)
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The signal is first band pass-l’iltered from 300 to 3000 lIz and tln c’n modulated UI) by a can’ro’n-

cosine whose frequency 
~~ 

is a mul t i ple of’ 4000 l I z. The result ing  smgnal  i s- then ban d pass-

filtered to eliminate any energy below 
~~~~~ 

Since the original si gnal wi t s  real . t ini s  entail s m o

loss of information. The signal is then f requency-mul ti p lexed mu (t in s, ’vera l other  signal s at Oil-

ferent  carrier frequencies (also multiples at ’ 4 klLz) and is ile t c m -t& u l at t i nc ’  receive r by mc-,o m u s  of

a ba ndpass f i lter  from ±_t c to ± (W c + 4000 lIz), followed by ch’nnodulation using a cosinc’ also at

frequency 
~~~~~

. l lowever , no attempt is made to assure that  the n no d u la t i ng  and demodula t ing

cosine waves are in phase with each other. Ln fact , tin e nn odu la t ing  ar id  demod ulat ing fn ’ e q u e n c n d ’ s

are rarely exactly the same, and any slight difference in f r equenc y s ill c,au ,sc’ a gradual d r i f t

into and out of phase.
When the naodulating arid demodulating cosines are exact ly  90 ’  out o f  p h a se , tine r e su l t in g 3

received signal is the quadrature component , or t li lber t  tc’ an sfom ’m ,4 of t i n e  or iginal  s i g n i u d .  ‘i’tne

quad rature component can be understood from seve ral diffec ’ent viewpoints. If one r c ’pres c ’n i t s

the original signal f( t)  in terms of its l” ourier expanasion , i.e. . as a sum 01’ cosines at d i I f c r e n t

frequencies with differing amp litudes and phases , then the II i 1I,ort  t r a n s f o r m  f( t )  could b~ con-

structed by converting all the cosine s to sines and adding tinem up. Arm impulse, for examp lu ’ ,

is a sum of cosines all in phase at 0 0 , at that point in t ime mm berm the impulse  occu r r ed. If all

these cosines ‘,‘,-cre converted to sines, eve m’y t’unction would be zero at the t ime of the inapulse ,

all would be negative immediately before it , and all would be positive inanaediatel y aftec’. Same

distance away on either side, the sines would be at random phase wi th  respect to one another ,

and hence the net sum at any point would he 0. The result is the funct ion  shown in Fig. IV-2.

One way to acquire the Hu bert t ransform is to convolve the signal with the function of

Fig. IV-2. Another way is to take the Fourier t ransform, naulti ply positive frequency by — j  and

negative frequency by +j and take the inverse Fourier transform. It is clear that such a filter

would convert a cosine at any frequency me into a sine , since tine t ransform oh ’ a cosine is two
positive real impulses at ±um and the t ransform of a sine is a negative imaginary imp ulse at ~~~,

and a positive imaginary impulse at —w ((e 3” — e 1” )/2j  = sin ~4.
Supposing one had available a complex signal z ( t )  whose spectrum was zero for negative

frequency and identical to the spectrum of a given real signal f ( t )  for positive f requency.  Accord-

ing to the previous discussion , such a function could be generated as follows

z(t) = 1/2 [f( t )  + jf ( t )  (Fig. IV —3 ) .

J w t
If one were to multiply z(t) by e , the t ransform of tine m’i’ su l t i t t g  function would be sinn ~uly

Z(w)  translated up by a frequency te c. i.e. , Z( w — a’ ) .  No ; ’, , we’n ’e  onc’  to t .,he t b n & ’  real  p a n t  of

this signal and determine its transform the result uv ould be t i n ’  e ’v crm p a r t  of /1,~ — ,u: ) which

(Fig. IV —4) is clearly the same as what would be obtained b y m u lt i ;u l ~ iri s - nit) b y  C0S
~~~~c

t and filter-

ing out energy below 
~~~~~

• Remembering that the even pmtct of a t c amnsform is the  t r a n s f o r m  of

the real part of the function , we have:

J w t
f 5(t) = 2 R e f z ( t )  e J

= Re {[f (t )  + j f( t)~ ~~ 
c
~ 1

= [ fi t )  cos ui~~~
t — f(t)  sin 
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N oum it simould be straightt’oc wa rd to t - x i m l t n i m n  t h i n ’  c - t ’ t ’ ’ ’ u ’t c f a I m i ~~m S ( ’  d i f f m ’ r ’ c ’ i n m - r  b c - t e e - e u  i i i , ’  m n c e , d t m l u i t  —

il -mg ar -m d demodulat ing carriers:

- [ f i t )  cos a ct — f i t )  8in~~- ,,I ] ccc, l _ , 1 + u, I ( l , c nw l ’a ss)

f i t ) ens i,.,’ t  ~‘O5 ~ .,‘ t  ‘ ,, - ) — I t )  s i n  ,~~~t i’ cn s  (..‘ t  ‘ , , ‘ )  ( I  ,ow I ’ass)

= l it)  n’os t C05 a t , ‘,u s , - - - b u t  I in s  a t sin a t s i m m  ,,-c

— [It ) sin ~‘ ct ens . t ens - - 1 ( t )  s i m m  a t  s i m m  a t  sin ~ (I , , ’; ;  I ‘u m s s )

Recall ing t in at

cos 2 0 1/2(1 -u co~ ~ u

sin2 o 1/2(1 — r u m s  ju t)

s inO Cos t )  1/2 ( s in .t ’c)

and that ti -me sin 20, cos 29 t e rms  mc iii :ml l In c  c ’ l i n -m i r n a t e d  b y b u m  — ) n a s s  l’ilter ing at tIne out t n u t , m ’,e

have finally

f It)  I ~~ 1 f b t )  cos ,, ‘ -
~ 

f ( t )  s i m m , ,- ’ )

When ~-V = (us - , f i t )  1 / 2 f m t ) ,  wh ich i s  to -c iv  t i - mat  , c t m l u  t ime q u a d r a t u r e  tcrn -m is !‘c m - , ’  i v u - r I .

C’ . DIST1 ’RhlA’c ’h - :S IN  ‘n i t ;  T i i . -\ \ i=fl~I l S K l m  )\  S’n STl-~i’.1

1. Qo , -ndr ’a ’um’ c ’ t ) m s t ’ , n ’ t i u , t i

Arnaed uv it in a knowledge of ti -me n n : u t l - - n n :n t i c s  u m u  s-Si-I c a r r i e r’  systems, it is now simple to

uncien’starul t i n e  u ’, - m r ’ i c c l ms  ) , i m , - n s u ’ u s - n ,  i t t  ‘ ‘ cc ,- t lint i c ’ , - i n , ’  j im t in c ’  tclc’iahomae systems. II’ t hne r e  is :n f c c —
quenc ’v iii f fe  n - en ’ , ~~ i c  ‘t ‘ cd-cn n t t m ,  i i i ,  ci m i t , ,  I i c e  u n i nd  demod ulat ing waves , we would h ave:

u t )  t l  cos .~’ t  — ‘ I t )  s i t u . , ’ t )  n ’ O S ) i a
~~ ~~~~~~ 

t )  (l ow Pass)

The , - t n r t t m ’ i I i u t n i ’ n m  t - ’  t b m ,  p h ase ~h i f t c n m c m u u ,,-‘ 1 m m  t I n e  h’ i ’ c ’quern cy  o f f se t  a is rm funct ioin  of ’ t ime:

wh i n ’in u - i u m u c n t s  h u n r ’  a slow d r i f t  into and ‘t n t  m u f  ,h~~& ic’ .

Ph ase j i t t e r  is tine term used to descr’ibc ’ t I n e  i n f t e n ’ l ’ecence of a sinusoidal noise ( f requen t ly
60 cycles) in time phase of’ a carrier .  S i xt y -u - v u - i c ’  i na t em ’ l ’ei ’ence sinows up  eve rywhere in tine s~~s-

tern but , in general, is harmless because ni t im e  300 - l I z  iowei’ limit of the filters. iIo ’,vevei’,
60-cycle interference in the generation ol’ a cosine - ;m use s  a phase distortion of time cosiiae wave-
t’orm which appears as a v e r y — l o w— f r e q u e m n ey  nno c lui r mtio rm u I ” ig .  l V — 5 ) .  Tine pinase j i t te r i n tr o d ucm ’s

d i s l i m’t c ’d h y p }mase jitter a t  t ’ lb u vcle s c’cee ,

- ‘  —— —
~~~~~ ,~~~~
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an additive component to the phase which can be expressed ,,t ’u

A ,  CoS a .t
I I I

where A~ is ti -mo amp litud e of the j i t ter  in degrees, and ,,,i~ is usual ly  (~0 cyc les (~~0 cycles iii

Europe).
‘rime fi nal phase e ’ n ’fc s - t  i s phase hi ts , or sudden large shifts  ira phase, whic i m occur as a n -c -

suIt of switching two ca r r i er ’  supp lies not in phase. Sonmetinaes a I i l m Z n s m - — m , u l n ( ’ n ’ e n n t  dc ’t c ’etor , : cmn ’ —

rects the situat ion some t ime later. On other occasions , the ne r i g in a l  phase relationsh ip is

neve r restored.
The net phase relat ionship is a combination of the three u ’ t l c c c t s u

= c,~ + c . +

and the f inal  output signal is

1’ (t) = f ( t )  cos ~ ~ 1(t) sin p

2. Filtering

A major part of the distortion in a telephone signal has to do w i t im the l’cequency-responSe

and phase-delay characteristics of the filter used to assure ti -mat the signal remains in band.

Theoretically, in multiplexin g at 4000-liz intervals, one could pass all frequencies from 0 to

4000 Hz and avoid crosstalk. In practice, filters never cut off sharp ly, and so a he althy coot-

promise is to pass the signal from about 300 to 3000 Hz. In addition, ti -mere tends to be consid-

erable noise interference at low frequencies (for example, 60-cycle burn ) so that it is advanta-

geous from a SNR argument to remove low frequencies. The characteristics of the filter in the

pass band represent a trade-off between cost and response. In par tmcu lar , not much attention

was paid to phase-delay distortion, as the ear is insensitive to phase.

3. Nonlinear Distortion

In the process of traveling down a coaxial cable , a signal’ s energy is gradually attenuated

due to losses in the transmission line and it is therefore necessary to amp lify the signal at cc n’-

tam points in the transmission path to assure an adequate level at the receiver. The devices

which achieve the amplification are called repeaters, and are generally made up of two-port am-

plifiers. The voltage-transfer characteristics of a generalized two-port  are shown in F i g. IV -6.

so

Fig. IV-6 . Nonlinear voltage
transfer characteristics of
two-port. — e m

H T~~~~~132,4

a5 
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According to a power ~~‘j ~~es e x l , a n n s i m m m n , the t rans f c ’ m ’  c h n a r a c t c n ’ m s t i c s  can lu expressed as:

2 1
C - a 0.  a c ’ - a C ’ , u0 I i  ~I m  I i

wh e r e  a1 is the g a im n , ant I  t i m e  c c t b n u - m ’  ;m ’ c-i an ’ - t ime non ilinmeu r’ distnct’ts-atn coeffj,-jc’nmts.

‘rh-me sources  of t i n ’  - no mni i n n , ’ u m  n’ d is tor t ions are seve ral , ari d nr uc ’ ic  i m u m s  I m e m ’ m m  ‘; m i t t e n ,  on ti -me sub—
ject of repeater design i  I s c m - , [or c ’ x , - u i c u l , l u ’ . I t c h ’. 1. is-’. 3 9 1  — 4 2 1 ) ,  ‘ 1 1 m m -  n n ’ , m n l i m m & ’ ’a i ’j t i e s  in a n’ e b m c - : u t e  r

- 
- are , in general , f r e q u e n m n ’ v — c h c p e n m d o n m t , and t l i c  u ’ , - m ln t i l a t i o m m  of t I m e  b i n - c - u  j , s u -  m’ e - ,sp e n n s c -  t o n ’  a give-rn

system design is q u i t e  n o n m i p l i c a t e d .

4. Gaussian and b r m u ~u tml Sc Nm i c _ sc ’

Gaussian noise is u m n i  m m m c , - ,  ‘ , ‘ c n n i l : m i , l c -  s iuj c ’  p r o d u m -t  m m l  u - I ’- c , n ’b - , . m and ‘ l u - v i m - c s ,  I u~ ‘) common t Vj u i ’ S

of rnoi se in a c i rcu i t  a n n -  t Ine r ’ n u u n l  t im id , s inc , t  m u o i ) - c -  S m ’ , -  i t t - f .  1, P h .  1 ;l — I ’  4) .  .‘\ m - s - u i n g  f rom tine cc ’n—
tral l imit theorem , m o th can I i , ’  a s s un u c ’ih  to be Gaussian and ; u l u m t e  at  the source. Thermal  noise

is present  in :m n av c m , r n d u , ’ t n u  r ’ b m m n r  e x a m ple , a res is tor )  and is due to t ine  thermal  intc ’n ’action b e—
tweet ’,  free electrons and v m b r a t i n n g  i onm s .  It s available pomv cr is (Ii n c - i  t i~ proportional to ti -me prod-
uct of tim e ’ ba mn c iwidt b n of tine s’. St e f lu  an -md ti -me t ennp er atu re  of time sour - u -c- . Sh ot m m c u i s c ’  is due to the
discrete na ture  of elc ct romn Ilomu and is present in most active devices (t rans is tors  and diodes).
Its anaplitude is pm’oportional to tI ne square root of ti-me current, and tIne c’el’ore is depemadent on
signal level.

The com ponents m cI ti-me repeaters ac’e a major source of ti -me Gauss i an  noise. By the t ime

ti ne noise rca - I n c ’ s  the re~- u - m v er , it is cc ) longer w i n i t e  beca use it has hc ’cmi  sh aped by t ime f i l t e rs

at d &‘ modulat inn.
In addition to G a m n s ’ u i u , c u  noise, t I m e - m d ’  is occasionally a bu r s t  of noise on a line whose arn pl i —

tude far  exceeds the avo n - a s - i’ noise level of time system. Such noise is referred to as “impulse
hi t s ” and is generally caused ha s w i t ch ing tr amasients  in central  off ices  or from corona-type dis-

charges (el ectr ical  di~~i - ! tt , i ’ ~’, ’s in the a i r  surrounding a high potential line) that occur along a
repeated line.

5. Echo and (‘ i’ u u s5t , -d~,

To be complete in a report on telep hone-channel character is t ics, one must  include at least
a brief discussion of echo a iad crosstalk , even though these two effects  a-ore not included in the
digital simulation. ,‘\ n echo may be produced whenever  tiaere is an impedance discontinuity. It

is most commonly caused m y  a re turn  of a talker’ s signal through the cimannel to which he is lis-
tening. For short distances , tin e ef fect  is indis t inguishable  f rom side tone and is therefore maot
annoying. Echo-suppressor circuitry has been added to long - d is t , -n rnc e  lines to attenuate the sig-
nal on the re turn path when time received signal ampli tud e ’ is imig i n.  The n’esult is that when both

people talk only one is heard , anti sometimes the beginnirags 01 words are clipped. There is,
however, a “ tone-disabler” section of the echo-suppressor  cim’cuit wh ich permits ti -me mechanism
to be shut off when data are being transnaitted.

Crosstalk is caused by coupling losses between two active circui ts .  Tranasmi tt amx ’ c cross-
talk occurs because of inadequate desi gn of modulators and f i l ters  inn f requency multiplexing.
Coupling crosstalk is caused by electromagnetic coupling I) etuv een  two p lnys iea l ly  msolated cir-

cuits. The result, of course, is tha t tine l i st e r a c ’r  hears  ano t l m er  conversat ion i m n t Ine  back groun d ,

which may or may not he intelligible.

‘- —  
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I t e l ’ore time t e le j ih mo n e ch ann el could ( m e s imulated , it mm t O-i n m n ’ d - c ’ s s t m  i’Y to nnak ( ’  t ’ x t c ’ n i s j i ’ n -  m u ’ , - ,  —

s u r e m n n e m n t s  on tinc iusa mn ds of lines in order  to determine concrete values I ’ m be used in time v a c u u m  -

s- orie n ts of t i n e  s i r m m u l at i o n .  I - r onn tine stud y data  set , i n i s tog  m ’a m nn 5 mi t’ ‘ u -  corn piled for  t i l l  t i mc  -

‘, u u n ’ i c u t m s  ~m r’ a nn e t t ’i ’ s , s u c i m  as f requency of f set  and level of ’ G a u s s i an  m m c u i s c - , for ( c m n n t n m n i  m m t u , I  I .5.
(‘ o n m i m s )  am m , i  I m m n ’ m n ; u c ’ a n m  voice — t i m - m d d a t a — g r a d e  l ines .  Table I\ ’ —1 is u m m ’ I n z i r t  oh t I n e  r e s u l t in g m c m i —

bers for t u e  va r i , m i n s  d egrada t i o mms  ( e x c e p t i n g  f i l t e r ’  f r e q u e m n c v  r e sp on se ) .5 ‘ l i n e  t e m ’n n  “ n n i d ”  is

c u — c c - I t i c  r ’ , ’s- ’ r I c ,  t Ine ( u s - t I n  p e r c t ’n t t il e  c n n  t h n c -  h i s togram, and ‘‘ poor ’’ re f e r s  to tb n e 90th  ~c ’ n’ m ’ ~ ’ n n t i l c - ,

• ‘u (I s -c n ’,’ e n t  , mt t in e ( ‘onus  vo ice  — g r a d e  c ln anmnels  measu ‘—ed m m c c c  be t te r  th an “C ‘ onus  s-o~ ’

TABLE iV— 1

IMPAIRMENTS OF THE EIGHT TELEPHONE
CHANNELS SIMULATED

Frequenc y Harmonic Gaussian
Channel Phase Offset Phase Distortion Noise Impulse
Simulated Hits (Hz) Jitter (dBmc) (dBmc) Noise

Conun 45.- 5 m m ,  1 15° p-p, —20 —40 None

poor , at 1 7° 1 60 Hz
voice I

Conus 15/15 m m .  0 11.6° p-p, —25 —46 None
mid atl7° - 60 Hz I
vo i ce

Cones 45- 15 m m .  1 14° p-p , —20 —37 None
poor at 170 60 Hz
data I

Conus 5/15mm . 0 11° p— p, —28 —45 None
mid atl7° 60 Hz 

I
data

E uropean 405/15 m m .  7 350 p-p , —37 —39 225 . 15 m m .,
poor at 42° 50 Hz 74 dBrnc
voice - -

European 45/15 m m .  3.5 26° p-p, —43 —45 25.- 15 m m .,
mid at 32° 50 Hz I 74 dBrnc
voice

Europ eun 135/15 m m .  6 35° p-p, —37 - —39 225/ 15 mm .,
poor at 420 50 Hz 

- 
74 dBrnc

data

Europe an 135/15 m m .  2 .7  180 p-p, —43 —45 25/ 15 m m .,
-

‘ 
m id at 220 50 Hz 74 dBr nc
data

Gaussian noise and nonlinear distortion were measured  im uni ts  of dBrnc , nmea n imig cR ’ n ’ i i c i ’ls

relative to 1 mil l iwatt , using a special (‘-message w e i g h n t i n g  curve (see Ref .  1 , Is- ’. 3 1 -34 )  s l m o w n m

in 1- 1g. IV—7. This f requency-weight ing  curve was determined emp irically m y  m n n , ’ t n n m s  oI ’ si ’ve i ’ ,- m i

subjective listener tests , and is in tended to reflect t ine amount  of l i s tener  annoy ance  f, , n ’ r m o i s e ’ s

I

_ _ _ _  - - ‘— --~~~~~~~~
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F R E Q U E N C Y  1 H z )

, u t  c i i f f e ren at  f r e q m m c - c  m u - n ’s. ‘[‘he mmrn i t  u u h ’ r n e a s u n ’o ’ l m n e n n t  used fcn c ’ m n m i n u l s e  m m o i s e  is c h l t m ’ n n c , w i n e - r e  “ rn ’

s t tmm md s  h o t ’  r e f e n ’ e n n c e  noise  m m h m i c - hn  is ~- ‘10 n I l ~ nn , e e c ’  1(i ~~~~ \\ 1000 l I z .

In addi t ion  t d n  t i ne  ( — m e s s t n s - c -  i i i ’  i s - I n t i  i ns - i - in n - v u - , t I m ’ - dc vi ’ ’ - un sc-uI by tine te lejm imo mne ‘ - m m m i i  am a’ to

n n e : n s u u ’ e  ( ; , - n t m s s i a n  noise  has a b u i l t — i n n  n m u m - i - h n z n n i s n m  for  at t em a u a t i n g  i n n p u l s c -  n -m o r s e  ot a s u i t  ic m e m n t i v

shor t  dura t ion .  Tim e ai ’gumcnnt  a s - a i im  is u ’ m u & -  , m f  c - t n  c c-c u - c i s m i i v i t v , as t Ine  i n um am i  ear doe s not fully

~ne cc ’-  ivo ’ ti-m e mc -mmm , ’n ’ inn maoiseS u s -  less t i m a n n  ,~0 O — n m i -ce , - c h u m  m’ u , h m u ’ n m .

‘l ’he telephone c o m l u u n n n v  has  : n v u n i l , u h u l , ’  , m m m m m u l u m - n ’  I ’ m  u - u - , cal led ann impulse  c o u n m t i ’ n ’  (see I t ch .  1 ,

m u . 17-I ) , for tine purposes ol ’ n i -measur ing  tIme amount  01’ in pulse noise p n’eserit, as sucim noise is

fan’ more destructive t i t an  G a in ss i a ms  noise in i n t roduc ing  en’ n’ u m r ’ s inn time t c ’an snlission of bi ts

thn’ougln cm moderns amnc i a chnan in iel . TIne coumatec’  cons is t s  ,cf a wei gh t ing ne tw ork , a rec t if i er , a

t im r e s in o l d  detect ni ’, amnd a u ’ m m u m m 1 t - m ’ c c l evu ’ u n c - u  , -n 1 c mi - ,’ t h r e sh old. Several impulse  counters  can he

used simultaneousl y at d i f f e ren t  t h n r e c - u i m o l d s  I ce c m l u t , - ,  i n n  j m m f ’o n ’n n a t i o r n  alno ut the di stm ’ihut ionn of the

magni tudes  of t Ime  impulses .

To measure th n e nmo nl in ea c’ distor t ion  u sc-c Ref.  1 , pp . 238-n”),  a pure tom -me at a fixed level

is t ra m ns rm n i t t e d , and time amount  of c - c u e ’  n ’ s - i  n ’ u - i - u ’ i v e d  a t  t ime ~c ’ n ’ u u c i u I  and t inird Im an’nnonics  is n n e um —

sum’ed. I ron’, these v u n lu e s . one (‘an d educe t In t ’  c~ c f f i e i e rnt s ,-n~ :n nd a 3 of t ine  squared and cubed

terms:

cOs 2 t ) = 1/2( 1  I coS ZO)

eos 3 
C )  = cOs 0 cOs 2(1 = 1/2 (u ’oS u )  -f i- os I I  n ’ os  20)

= i /~ i ’O S ( t  ~ I / - I s - - n ’s ‘01  4 , - uas 0)

Because of this re l atiomnship I n e t m i  e e n n  n m u u m i l i c i c ’ ,i m’s - i c ’s  and han’ moni m ,’s , rm onlinear d is tor t ion  is often

refe r red tm as harmonic distort ion.

F;. SIM1 ’i , I I ~R ’A ThONS 1 51 -I l )  IN Till ’; Sl~m I l  I - \ ’h’ lVN

The parameters  of tI ne sina ula tion  it em’ ,’ c c ’ )  Sd) tO-i to emu late , as c lm , se l v  as 1nossible , the

results found from t ime s tat is t ical  s tit ch ’ . [m m t h e  c t u s e ’  ml m - c ’rt :m in  n n e a s ur e s. such as f ’reque nc-s’

o f f s e t  and phase j i t t e r , t i - mis  was  a strtm i glnt fon’ward p “nc  n ’s  s . I hm mm i ’ve n’ , in t ime sim ulat ion of

Gaussi an noise , innp ul se  I m i t s , ) m l n c n s e  h i t s . am md m i a m i  i n m e a n ’  u h i  s t m u n ’ t n u n e m , cc rtaln m (sometimes gross)

s impl i f ica t ions  we re used.

‘I’he mnun ah ers  used fo r  (cn1 ,ssi:m tn t c m u ~ S i ’ , impu l se  nm o ise , amid nonlinear distortion in ti-me sim —

m , l a t i u n r n  w e ’ r ’ i ’  m i i ’ t e ’ r m h n e n l  e m p i r i u - u n l l v  cm a u ( t n n s i i r n t ’  i ’u c n c s t a n n t s  u n t i l  t i n e ’  cie ’s n m ’ c ’ ’i  v a l t m e  was ohla lne d

a) e s - n ’  u c l n t p c n t  hy t i n e  a p p r o p n ’ i n t c ’  e n , c ’ u ’ , u m n ’ u c n u ~ u I , ’ c m u ’ c ’  ‘d i ’Si ’ t ’  d u n - u I  mn ‘t i ’ , - . I )  i l c n m m  i l .
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Gauss ian  wh i te  noise generated at va r ious  d evices i nn t In e t - c n m n s m c u n s c , n i  c m i  l i m e 05 m o  l n m r m ’t ( ’ n - ~~Ii it e
I u y  the tinw it reaches the receive r because of the filte r tra m n ,st n n’ cImz nm ’~ n - te’risties, In t I n , ’  sinm u—
lation, Gauss ian  noise is added at the  in sput , so that it w i l l  I i i ’  ‘u l n a i n e d  ( u ~ t ic ’  f i l t em ’  m i t  t I m e - systu- m m i .

TIme level of the Gatmssia mm noise in the’ telephone systent is m li’~s ’mn d i’ n m t Olin,’, mlii- un n n i nh it tmdie m , (  t I n , -

m is-ut sigd n ttl. ~-iie n’c’tcs . in n  t I n e ’  s i n n m n l t n i i o n m , (n oise is kep t  c i t  ci t~~o ’ l  l i - i  c - b .

Impulse and p lnase h i ts  tire s innul a tec i  to occur ’ at j i x i - u l  m m i i ’  m m  , 1 c -  a m m n i  at  f i x , -  i t  n i u m ’ a t i m n n u  and
level , so ins to correspond in n f r equency  of occur rence  am nd c i v ’  n t i s - c  a n n i n l i t u d e  to l i e  g i v e m n

tele phone — cina nn & ’ l chi n z ’ti cteristics.
Nonlinear  d i s tom’t io ns is s imulated by squaring and c c u l n i m n g  t in t ’  l i m n u m l  m ’ u t ~cut of t i m e -  v s t i ’ m ,  m .  l I m e

coe f f i c i en ts a~ am -md a 3 m ’enn a iii fixed am id are equal , e v e n n  t h n o u s - I n  i nn  t Oo - a , - tu mnl  te lep h n on n e si s t e  - m c ,

these t wo coo’ f f ic  Ic mntc -c mm otnld , in general, be dependent on 1 m c l i i  a cnn p l it ude and ‘ ri ‘ s - u i - c u ,  V .  1 1 m m

a pp rop r i a t e  gain  foe t in t ’ squared  amid cubed t e rms  was of coum’ se di _’ten ’ m nm m mcd Sc) as tm m u n t d ’ I n  t I n e -

d esired meter  naeasum ’en scn t .  Thni s  was done by sen ding a pure tone t n t  700 l I z  t h m m ’ o u g h m  t I m , ’  di g-
ital distorter and measurimig ti-me output of a notched f i l t e r  (to re r mm o ve  700 l i z )  m a  d l i n ’ m n , - .

I’. IMI’I.l-:\l h-:N ’FA’l’I (tN ON Till’; I,h)VT

The I ,I )V T is a small h i gh —speed computer  which Inas p rovenn  capable of rea l iz ing  in c’eal t im e -

a variety of al gor i t i mnns  for low bi t - rate  digi tal-speech ’,  t ransmission 6 (fro m 2400 to 1(u ,000 i ) i n S ) .
The computer  com nsi st s  of a 1024—word program memory rml 1 m w it h  a c y c l e  t ime of 55 nsec , a
51 2 — w o r d  data memory  Md , amsd a 2048-word  outboard mennoi’y i\ lx , ann i npu t/ ou tpu t  u i i ’ vj , - e f rom

which data are accessible in a few ins t ruc t ion  cycles. The I - I ) V T  has a vera’  s imple inS t i ’uc t i om n

set and is qui te  convenient to program.
The telep hn one —clm anne l  s imulator represents the f i r s t  attempt to use the i~ D\-’T f om ’  soni c - t h ing

other than a vocoder. A block diagram of the complete simulat ion is given in I - u s-. 11. -is . Time
input speech is low-pass f i l tered to remove energy above 5 k h I z , and sanapled at 10 k l i z  using a
12-bit A/D conve rter. Impulse and Gaussian noise are gener a ted  digitall y at -md added to the inn-
put samples.

The frequency response and delay characteristics of ti-me telep hnonne filter am-md the Ililbert

transform to obtain tine quadrature  component are both m’ealizcd by n - mean - ms of h igh s-speed-
convolution techni quesY After a 256—point FFT of ti -me input samples (251 ’ points is adequate ins
long as the combined uanptm lse response of the fi lter  and ililbert  t rans f ’om ’ m is less t lnan 12 .15 n u s , ’ c ) ,

negative frequency is zeroed out and positive frequency is comp le x-na ultip li eu i  Ic y ttme h- ’ I”l’ oh ’ t Ime
desired im pulse response. A 251m —point IFFT now y ields ti -me f i l tered speech f ( t )  in the real m l t i t t m

buffer , and the filtered quadra ture  component f(t)  in the im ag in m mry  da ta bu f fe r  lm ’efer to tine pre -

vious discussion on SSI1 modulation ima ~~c. B above). Only ti -me second half of the data is good .
because of circular convolution; therefore , an overlap of 128 samples is nec essary bet aeem ’,
frames.

The phase ~ is computed as the sum of  the contributions of phase j i t t e r, f r e quency  of f s e t ,
and phase hits. The output of the “ modulator-demodulator” complex is t h e n  conaputed as:

g(n) = f (n )  cos q’ 4 f (n)  sin ~
¶ The final step in tIme sin-mulatto , ’, is to subtract from g(n)  the non l in n eam ’ distortion terna’

( n) t-’ ( n n )  — I.) [g 2 (n) -f g3 ( n) 1
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Fig. IV-9. h ’ a rameters  of synthesizer  ci side  in lo( ’ation s 403 to 4 17
of d ata memory  Md.

There is a special buffer in n Md (data memory)  w h i c h  is set aside as time parameters of the

system (exceptim a g filter frequency response) and which  c- a l t  he modif ied under  user  control. 1”ig-
ure IV- 9 is a copy of that sect ion of the program, including the appropriate settings for (‘onus
poor voice. The same mnemom mics are used in Fig. IV-8 , where it should be clear how ti -me var-
ious parameters are being used .

Table ro -2 gives the values used for the various parameters in t h e  sim ulation of the eig ht
channels. Tine values for the parameters FRQOFF , I ’KT OI ’K , J ITTER , PHSI1IT, PKT1”R(’,

and OF ’FFR (’ are simpl y cop ied ove r from Table tv- I .  The values for l’II SRT E and IM P R T I :
are determined as the reciprocal of No./15 mm ., and converted from units of minutes to units of
0. 01 sec. The parameters I ’HS IM R and IMPDU R are left unspecified in Table Pcm’ -I , and are set
arbitrarily to 0.01 sec in Table IV-2 for all channels. The parameters GAI ’ SML , H A R M , and
IMPAMP are dimensionless fractions determined empirically so as to read the correct meter

reading at the output in units of dBmc or dBrnc.
The only other information that is needed to simulate each of the chan nels is the frequency-

domain characteristics of ti -me telep hone filter. Tables were given for each channel of 256 real
and 256 imaginary frequency components of the desired filter , spaced by 20 liz , spanning 0 to

S k iI z .  Since the L)VT imp lementation used a 256- rather than 512-point FFT , alternate samp les
were ignored in entering the tables into the computer. It should be noted here that it would have
been essentially impossible to implement a 512-point i”FT in the DVT due to its current memory
limitations , but that the 12.8-msec window appears to be adequate for the filters simulated.

The main bod y of the program is the FFT-IFFT computation which requires several buffers
in Mx (outboard memory), two 128-point buffers in Md, and a complex interchange of data be-
tween Mx and Md. The program takes advantage of certain characteristics of the data to reduce
both time and memory requirements. By keep ing the FFT size down to 128 , one avoid s the n-me-
cessity of re ferencing Mx in the inner loop, which would greatl y increase the time required.
Therefore , the forward l”FT is realized (since the input data are real) by packing even-numbered
samples in the real Md buffe r MDREAL , and odd-numbered samp les in the imagina ry  Md buffer
MD IMAG , and doing a 128-point FFT followed by even-odd separation and a final stage of the
256-point FFT. The first stage of the inverse FFT is nonexistent , sinc e ti -me second hal f of the
data is zero , and there fore it can be convenientl y sp lit into two 128-point F’ I”T s, with the first
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cc r m t -  S ieldinm g t I c , -  , - v c ’ m m — m n u m u u l n - m ’ e d  , cu t p u t  sam ples am -md t i m - u-,, ,, c , m u , l  c , r m c -  I I , ’, bi ’ t- n m m u u m m u g  c _ - c , ’  I i  s tage

n i t i m  the  c - c e l t i c  ne t )  m m m c l i x s i t  at  m alt’ its imncr ennent im m u- ,tc’ad a! I t  z , t o )  s n , - 1 I m u u s -  t l u c ’  ( , d d — m , m u m m , I ’ ( - m - c ‘ 1

u , u m n , , u m t  , s a m n s - c l ( - s .

l t , ’, ’ause c c l  t l m i s  ‘ s i - m u — , , c , l , I — u u m m r m u i u c ’m’ i ’ u l  s c c m ’ l n r u s -  c u t  h m t b u  t i n e  ou t i c u t  c t u u l  i n n s - u t , it is’ ’ ’ ’  u v c - u u m c ’ m u t

I c ’  S t c ’ m ’ c ’ n i l  b u : m i - t ’s i i i u - t i - c - c m  n o  N I x  in t b c m s  peculiun’ !‘cnSIui ccfl a! c - v c  , , u u t . l c , ’ m ’ ( ’ , I  -i , , m m u l c l i - s  i n n  c m : , -

b u m t , - m ’  , u t u h  n , I , 1 — m u c _ t n t i c i ’ m ’ , - m l San~~n l i ’ u - ; in a rmot in e r .  ‘[‘h i ’  h m u f l ’e m ’s r e q m m t  - i - u I  m m ,  N I x  a m y -  l i s l i - u l  in

1 _ nI l ’ ’ E\ — 2 .  ‘[‘h i ’  c v ’ ’  m m — : n : n m m ) , i ’ m ’ e u !  n m m p U t  sanip les  a t ’ , V i t u t , - , !  j im  I N  I I . ) a m m m l  t i ’ -  o d d — r m : m m c l u , - m ’ c - l  m u

( t l) 10. At ‘ c i ’  u - \ I )  i m , t i ’ t ’ r u l m t , t i m , ’  m m e x t  saz rnple  is : e t c - i n c - ’ h  , , u u t  c - i  e m t ! u c ’ u  i- :vio or 01)10 a l t ,  i ’ m m a : c - l ’ ,

:nm h s c - n t  ac t I m ’ -  0 ~\ ~- , c m u v c ’r t er s , am ud  t i m , -  nea  sample fn ’nm t l u i -  -\ I )  u ’ c m u s c - u t c - m’  is mm r i t l e li  av c - u - t i n e

Sa l , ’ , -  c l a , - c -  i m ~ ‘i i  ~~. St t h u ~- l i ’s- i n n i n g  c f  a ( e ms t ’ r ’: c m t u c - , t im e  rm u c u .51 m c - ’  i ’ t u t  12~c s c m m m I : u l c ’ n  I t - m a ,  t i c  ~\ ‘0

c o n v e r t e r  m c i v ’  ~m I l - - I  u l n  L V I ) ) ar id i~~l ) I ( u , amid  so t ) u c - s c -  ‘ u s - i c - m s  , m c c ,u I c - u - a i m , -  L \  N l .\\ amid  ( ) I ) \ l m \ ,

u - i  u - m t - u - I n s ’ , I s - . , \ m the  — ; , , m c ,’ ‘ I m m u c  , t in t ’ ! u , r ’ m u , , - m ’ l , \ ’ \ l , 1.\ c u - i - i  ( ) l m \ ) , Y, m i m i , : ’ -  J- ,\  1 !.i ar -md ( ) L X ) l ! J ,

anal th ou - !‘u ’ m ’ n u - u i ’ n ’  1 S t  ‘ I  I )  m n - I  i t ! ) )  1 1 , 1 )  ‘,s i u c , S c ’ , ‘ c m u t i - m u t ’ , I , , , , !  u , , ,  s’, m ’i t c c : ,  u ’ v , - r  ui -  ~~u t u )  in t I ,  ,‘ c , u m ’ s .

I i i ’ u m ’ c ’ v i c ’ n n s  l i a r : : ’ , l u i - , - c c r m u i -  1 .5  i t )  mend (1 1) 1( 1, m i - a l I t  c i c ’  s i - r u t  t c u  t I m e  I ) , -‘n , - u m u \ - , - u ’ t c - n ’ .

‘I’he ~i m ’ s t  s i c - :  in ci m i  ss- f t : c m u u c ’  is to f i l l  N l I ) i t ! . .- \ l  o m t l m  1_ i s- - s c  , — u i c _ m t - 2 , - m - c - u l  s - c a  s c u t u u i u l ( ’ s  m m ’ ’ u t m ,

I ’ S  ( 11 , 11  - I S \ L’,t me nd t c ’  till ,“, I l  ) l _ \ l - \ (  ‘ s it h  t I m e  o d d — u m m : m t u ! ’ c  m c - ’ !  - i ’  : 1 , - s  m ’ ’ u J :  ()1)( I i i  ) L u  u l ) \  [55

ci l 2 n _ i ~ c~ i rm t  n n o r ’ n n a l  c m  ! - m t — t ’ c -v e i ’s ,  ‘ I  ,Ii ’ ,,- t n ’ u c , t i o m -i in n f m ’ i - q u - m m u  v h I  ‘ I ’ t u ’ l I c c , sx ’m J  h u m -  I u m t — u ’ c - v c  I s , ,!

, 5 , t l _ , , , l m l  s c - s - , , u ’ , , l i c . t c am i d mm f i n a l  st age  , c i ’ t h e  2 5 m  — I a c m : m t  1 1- 1’ c u t ,  mil l be ‘ c -  c l u z i - u l in plac e in 71u1 .

‘l’h-mc’ resulting c I a t c u  t i  e L i t ’ s) 12~ s, n m u u , l c - ~ of t i n -  2 5 c , — j c , , m m : t  I I ‘I 1 c m ’ , t l i c _ ’ m u  c n I p l e x — n u u l t ip lied Ic,

t b e  b i t — r e versed L i l t e m ’  , - m u c ’f t L i - i c - m u t s  ( a m i d , m a y  c - Lu, ’ , u- u ~ t c c u ’ c - 1 1 m m N I ’ ) .  The :‘ c - s : u l t i m n g  f i l t c ’ m ’ , - , I  s : c c ’ ’  —

t runm is thenn na v e l inn N I x .  t h e  m i - a l  u I , n t , c  c m ’ , -  n t c c n ’ e d  c , v , - n ’  0 1 1 ( 1 1  I t  - [N ( I I  I i , and t l u , ’  m n u i c m g u n a m ’ v

data are saved inn a 125 — pc n rmt  l c u :  L i - u - , NI  N L\!,’\ U. I If i h ’ -  - s - c t , ,  ( m m  ~u 1~ I , a i2~’ —~ c o n m u t  I i-  1 ’l’ ct  t h i s

poi nt s-ields t h e  , ‘ v i ’ m m — t u m u n t u l ’ c  i c - i  f i r m )  n , i m : s- I c ’ S  in I s - I  .~\ l  - a m , u I  t i u c  c S c - m , — : : : u : u u ) u , - m ’ e - !  I b m )  ( q u a d m ’ c t u : m c ’

com porn e n t) s’c n r n t d i  ‘n in ,‘Sl 1) 1 U - t I  I ,

Only II , , - sec_’ond If at ’ h i t ’ , s - c t  i ’. s-’ ’ ’ ~ I , c i V i c ’  of c - m m ’ c - m u l m , r  ,,‘ o m u v , c l u u l m u t u , ac_n d tbm e se 4 c - s - i - u i —

num bered f in )  c n t m d  e s i ’ r , — u :m m u u ’, - i ’ : ’ c - u  I f u n )  are ,‘-m~ i v i m u i  iii N i x .  N l , - , c u - u a l m i l e , i l u t  om - i gin al real am id  i m m u —

ag ina ry  outputs  of tIne t a r ’,) , m ’cl I I 1’ fi lte m ’ed spec -)  “ 1mm , i m ’ c ’  I c - I c I - , ’ , !  I ’ s - c - L u  fr o m  N i x  and a n o t h e r

12 8 — p o i n t  II  I 1’ , I ’ e c _ ’ i c m u - u m ’ u c  c - cc  m u  ‘it cn g i ’  n , i t i u  i s -  c’ u - c c - f L  i i c  s - t  m u m - I ’ x s. I at t , , l t  i t s  increnlent  m m n s t e a l h

nt  at 0 , v i e l u l ’ m  t ine  o l d — m l m l n n m I c c ’ t i ’- ! ‘ - m c c n t ’ - 1 _ -s cf s - m n )  a nn c _ h  c c l ’ I s - u )  m m ’ , 2 , !- ! .  , \ s - , i m ui , the t m m ’ s t  c — I  c m l  c ’ : , , ! ,

a re  garbage. Tim , ’ ‘ 4 ev en— ’ , u m i m , l  - ‘  i-is- I s , u n m s - u 1 c - s  of I ,  n) am -n d- ’ u f  f l t m )  can m m , c s -  ln , ’ f e tch -med back I cant

N I x  annd stored c a - e r  f l u ’ -  c ’ (  s - , , l ’ l u s - g i -  i t s  hi c ’s - c _- l u  of N 1 l ) h l l - :\! and N i I ) I N I ~\U .  Nais , all the  per-

t inent  data reside in N i m i  and all l i t  iii 1, t t  is  t i m , -  (n tn -o duc t ion  a t  qu m nd  n - a tun’e  u l m i - u tor tion and non--

l inear  distortion:

g i n )  r f i n )  COS s’ f ( n )  s u m  c_

~ (n )  g(n)  — I) f g 2 in )  * g
3 (n ) )

This can be done convenientl y at this t ime , and tine n -e sult ir m g ~ ) m n ) ev c - m - ms  can be stored oven’

EVOLD, and the sIn )  odds over OLX)t~D.

When the in ter rupt  routine has been serviced 128 t imes , re sult ing m m u  i - I  new sam -maples  in each

of EVIO and 01)10, it is t ime to swap buffe r pointers again , lea vin g ~(n) , - v e t n s  in I - \  It )  an -md ~ )n)

odds in ODIO, as desired , and we have come full c i rcle .

The assurance of adequate accuracy without  overflow in II , , ’  i- ’l’ T-II ’ I”l’ conip lex at fi rst pos ed

some difficulty,  as a cheek for overflow and correction in time i r m n mer  loop I r , c v t ’ uu ve m ’ v costly in

terms of time. The scheme finally decided upon was:
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( 1 )  Shift t Ime i n n p u t  buf f , ’  r of the fom ’ward  h ’ I”l’ m m  Ni d  as fa n- left as possible

as a block, so th a t t i m e  l a r g e s t  s a n np le h , , , ’s  mmot i nver t l ow .

2 ’ Scale down tine data as a block s-v 1/2 at each st ag e  ut  t i u e  inn en ’  loop

of tIne f o r w a r d  I - I I ’ ,

) 3) Sc ale t i me ,nu t p u t  da ta  in n  Md f i ’onm t I m , ’ l a n a  a ‘ u I  I- I ‘I ’ m i x  fam’ l e f t  as

possible.

i4a) if time data imave been sc_ ale c_ h up I u y  mon’e t l i a m n 2 “, s, -a le  them dowr m by

1 / 2  at eacin stage ni the  1l” l”I’ at -md scale thnen i  don n t in ’  r e n n a i n u m m g

amount at the end.

)4b) If tine data  have been scaled up s-v le ss thann 2 • scale th nen i  down I u v

1/2 at each stage of the  I l - L I ’  u nt i l  sc i c ’ hm t i m e  as no more scali tig  is

needed.

The rema inder of ti -me progm-am is reasonably  st r a i g h t f o r w a r d .  Gauss ian  and imp ulse no ise

are added to a new s(n)  inn the i n t e r r up t  rou t imme , as soon as it conies in n  f rom the A/i) convertem-
and before it is sent to N ix .  Gauss ian mnoise is sina c,m lated I uy  f i r s t  generat ing a 9-bit  ps eudo-
random number ss i t ln a flat d i s t r ibu t iom [igh nt  bi ts  am-c used as a pointer into a table of tIne mid-
points of 256 equal areas over tb , positive h -mali of a Gaussian dis t r ibut ion , and time ninth bit de-
termines the sign. The nunabers  in-n the table were chosen such th at c = 0 .25 , and values (when
fetched from the table) are multi plied by the appropriate coinstant  GAl: SiSl i , to obtai mn tine desired
a. Impulse noise is created b y adding to each sin)  a signal of height IM i’A MI’  for the durat ion
of tin -me IMPDI,’R , and at a periodic rate lNi i~RT i .

The phase cr and the components c_fl c_,, , “ l u ’ and imu-~~ are all stored in time computen ’ as fractions,
with 1.0 correspondin g to 360°. c’0 is upda ted at eachn  s (n n )  m v  adding l- ’ RQOF’F ’/ lO ,OOO , since an
offset of 1 Hz would be 360 ° in 10 ,000 samples. l ,ikewise , 

~~~~ 

is u pdated by adding J ITTER/
10,000 at each s(n).  The cosine of is multi plied by i ’KT Oh’K/ 36 0 (expressing degi-ees peak-
t o—peak as a fraction) to obtain ç~~. Phase hits  cm x’ s innula ted  b y addin g I ’HSHIT/360 to c,’~ for

those samples s(n) during the interval I ’HSDI R , and spaced by ti -me t ime i ’iiSRTE . The three

values cos w~ , cos c_i’ , and sin c_” are determined by table lookup from Mx using the same first -
quadrant 64-point cosine table as is used for tine I- ’ i T s , plus an additional interpolation angle of

90°/ 128 whose cosine and sine are stored in Md . h” ronn th e s e  it is possible to deternain e tine

cosin e and sine of any ang le from 0° to 360° to tIm , ’  acc uracy  of 91) ‘128° us ing  t ime fornaulas:

cos (a Vi b ) =  cos a c o s b — s i n a s i n b

and

sin (a 4 b) = cos a sj nb s cosb sin a

Harmonic distortion is added just before the final adjus tnaent  of tine data fr ’om block floating

to fixed point so as to gain bits in tine cubing and squaring of ti -me data. The terms g2 (n) and g 3 (n)

are added together, mul t iplied by time parameter i IA R M , and subtracted from g(n) to obtain ~ (n)

which, when converted back to fixed point , is the final output  oI time sv st enn .

A somewhat intuitive feel for the effects of p inase j i t t e r  and fr’ equency offset  can be gain -med

by referr ing to Fig. IV-t 0(a-c) .  This figure shows a t in -ne  exposure of tine inapulse response of

the telephone filter for Conus poo r voice with  (a) all t i , ,  o thme n  n h i s t o m ’ t m , c , m s  i-emoved fm om the sys-

tem, (b) only phase jitter added , and (C) onl y f r e q u e n c y  offset  added. It can be noted that , wi th
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a p h a s e — j i t t e r ’ in -nt , ’ d c  ‘c s - m m -c , t ine samp les j i t t c -  :‘“ c u  ! , u u u l  mn fo cal point , whereas  wi th  a Ire —

quc_’ncv offset tI m c - m e  is a smooth naotion at ’ tine us cm v , ’ as i t  a u - u s - i - m u m ’ s  to continually pass t in r ou g t m  amid

d isa p p eam ’ .

0. I )V T ‘r csii- ;s ,- \ N I )  S I ’ -\ ( ’ h - :

Tab lc_ - 1\’ —~ is a l i s t  of t ine  vario ,m ,s s u b t ’ o u t t u u , - s  inn t Ine  l , l)\ ’’l ’ in th eir approximate order 01’

oc cu rm ’ , ’n , ’ , ’ . Inc luded  Ion’ c - s - e l i  su b r o u t i n e  are t Ime  a m i u , i u m m t  0)’ program memory  requit-ed and ti -me

a m o u n t  a ! t i m e  requi red  m m ’  i ts  execut ion.  Tbc_ ’ t O c u l  t i n - m e  needed per f r ame  is sl ighnt ly  more

t h a n  half the t i m e  avai lable, and ti-me pi-ogi’anu c _ u s c _ s  uj i  77 ,,‘i’ ,, ent of Mp.

‘r hme r - e ccl’ ,- , c m m lv  ‘ 1 2  loca t ion s in l’n-In , of wh ich h alf m d c  needed for the 128—poin t  1- I- i’ real

arid  imaginary buf fe r s .  l”or tunatel y, no ot in o ’ m’ ( m u m ’ s - s -  b c _ m f f e r s  are n-needed by the prograna, so th at

an additional 125 locations us er-c needed for t I m , -  var ious  s-~ rameters , temporaries, and variables ,
leaving one-four th  of Md unused.

As for outh oar -d memory N I x , 256 locatiotms a m ’,’ nme ed ed  for ti -me f i l ter  coefficients , 251 for

ti -me Gaussian table , 128 for time cosine tables , and - 1 128 f om’  ti - me various speech buffers , l’or a
total of 1152 or Si percent of Nix (Table IV --1).
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TABLE IV-4

BUFFERS IN OUTBOARD MEMORY Mx NEEDED FOR TELEPHONE SIMULATION

Buffer A l locat ion Buffer Size

E V I O  E , -~~n- nu r ,m her ed  i n — o u t  sam p les 64

ODIO Odd-numbered ic - n -ou t  samp les 64

E V N E c ’~ M O  m c ,~c e u m (  64 even—numbere d sam ples of 5(0)  64

OD NEW M -,t recent 64 odd—num bered samp les of 5(n) 64

EVOLD P,e ,c m, is ~4 c-~erm— num bered 5(n) 64

000LD 
- 

PrevOus ~4 odd-numbered s(n) 
also as Mx Real 64

MXIMAG Temporary storage of imag inary FF1 out put  128

GAUS Mid points  s-f 256 equal areas of posi t ive h a l f  of Gaussian 256

FLTR Bi t—reversed f i l t e r  c o e f f i c i e n t s  (128 Real , 128 Imag inary) 256

SINE Sine of 0 to ir/2 for FI Ts and for computa t ion  of cosine  ~ 64

RVSINE Bi t—reversed sine of 0 to ii ,/2 for lust  stage of forward FF1 64

Total 1152 = 56 percent
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V. T I f I -  I I , ’c _ h t N I (  IN t L  l ’ITC ’It l ) l - ’l’I - ( ‘TI ) II

A . h \ ’ ’ l ’ h i , I I D I  t ’ ’ I ’ I ( ) N

A l l  h u t c h  detectors  can ha ’ placed in on-ne of two categories  ‘- I i t n e  d o i m a a i n  rind f r t ’q cu e n c

d o n mm n i n .  ‘fir -n -n e —do nna in  p itch detector s  deal d i rec t ly  w i t h  the ~ nec’ch Sv cu  s ,  fr,n r m t ,  , and a5’ s - c~ u

ar c  i ’r ’ l c m l i v e l ,y laSt , s ince  very l i t t l e  Pr eprocess ing  of the s igna l  is  n ’ i ’ q m m i n ’ed. \ O c s t  r c ’ q c c e m d -  - —

c lommi in  de tectors  r e q s ni r e  an a h m u n d a n t c e  ‘ c m  t ime  and m e n i m c i m ’ v  ~ t ’ u m ’ , uge  ( c c  u , l , I  c , c u m  the —~~cc ,’ u  t c c c l  r n —

fo rmat ion  over a s u f f i c i e n t l y  long t i m e  windosv and w i t h  adeqsnate spectra l  m’es c l u m t  m m . ‘l Ime  — e

methods are therefore  often not realizable in r ea l - t ime  vocodc’r inap lem cnta tn i ,n s ,  or u n - c  o n ly

t -ea lizab le  at the cost cal excessive q u a n t i z a t n o n  of tlae p i tch .
-: — l’itch de tec t ion  is general ly goad when the input signal is intact arid a c m ,  ~~~ 

V. f r c’e , I l u , c ~ e ’, e r .

d i s to r t ions , f i l t e rs , and noise t e nnd  to obscure the pitch i n fo rma t ion  annd i - a m u s e  m m n c c s t  p i t c h  dr ’ —

t ec tocs  to break down , somet inmes severely. Si nce  in the real world the s ign a l  i s  often era --
rsil,cted , we felt that  an algorithm designed to be robust against  degr a dm nt i o ns  w ’cu l d  be a s i g n i f -
cant new cont r ibu t ion .

We were pa r t i c u l a r l y  in te res ted  in coping wi th  degrada t ions  caused by ( ‘ i i J m c u s s c m g e  of the

speech through the pub lic telephone system prior to pitch d e t e c t i o n , and (~~ u a c o u s t i c c n l l v  coup led

noise backgro mnnds.  From a previous e ffort ,1 we had the capabil i ty to s imula te  in real t i m e  the

filtering, phase dis tor t ion , phase j i t te r , and nonlinear di sto r t ion  e ff e c t s  of a teleplaone s v s I e r i u ,

In addit ion , we had ava ilable test  mater ia l  where in  the noise back ground of mm large jet a irplane
was incorporated into the recording.

The algori thm thus  developed is a f requency-domain  technique which , however, restric ts

it self t o a selected portion of the frequency ba nd below 1100 1hz .  D i g i t a l-s i g n a l-p r o c ess i ng

tr icks were used to obtain the desired spectral region with minimal  computat ion t i m e , Pitch

is determined from spacing between peaks in this region, u sing an i tera t ive  method, The b u z z -

hiss decision makes use of none of the standard indicators such as energy rat ios and zero
a crossing densi ty,  as these parameters are highly stnsceptible to noise and dis tor t ion,  Instead ,

cont inui ty  of the p itch track is the only parameter used to determine voicing,  c ith er lhan a vex -v

conservative silence threshold . The algorithm has been incorporated into a r ea l - t ime  l i nea r -
prediction vocnder implemented on the Lincoln Digital Voice Terminal  ( E I ) \ ’ T L ~

B. PREPROCESSING

In order to obtain an accurate pitch estimate from the spectral in fo rmat ion , it u s  n e c e s s c m t ’v

to begin with a spectrum with good frequency resolution , hut one which spans a su f f i c i en t  blo ck
of the frequency space for there to be at least two harmonics present over the range avai lab le .

Since a pitch value of 350 Hz is not unreasonable l’or a female , the spectral region to be a n c u l y z c d

mus t  be at least 700 Hz wide. Within this range , one can arbitrarily choose an FI”T size to
yield the desired frequency spacing between samples at the expense of computer  t i m e ,  \\ c

decided to compute a 128-point FFT to y ield a spectrum spanning 840 1-h z wi th  ci r e s u l t i n g  fm -c -

-
‘ 

queney spacing between samples of 6. 1 l Iz , which  appears to he adequate resol int ion for  otis’

purposes.
Since the pitch informat ion must be extracted from precisely the 840-Hz regi,m chosen , i i

- - is expedient to carefully select that region which is most likely to y i e ld  robust h a r m o n i c s. Since

the telephone f i l t e r  removes the signal below about 300 lIz , one need not w c u s t e  s p cn c c  on the l c c w

39
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en,h c i i ’ i l m ,  I m c ’ ) ’  u c ’ i m c - \  .—c l n e m ’ t t ’ U n i i .  hlowrmvei’, mis  one advance s  to h n s c n - c m m s m , -u g l a -  I m u m ’ l u c - m ’ I n ’ c ’ q u m e m n u  i c ’ —~

- I ” ”  n ’ c u i ’ m  I - ,  n u i ’~ n n n i c n c  and m ore ragged , and the h a r n m m o n n e s  i n c i - e m u s i r m g l~ d i  I f u c - u m I m  i c c

, ‘ x t n ’ a I ,

‘l’hc i’i ’ m , i n u ’ r u  -, e l c ’ c - l c ’ d was 2 10 to  1050 lIz .  ‘t h e s e  p c n r t i m ’ m n l m r  number s  w o r m ’  cu r ! - . c - c l  u i  c u

H I , c c c c ’ c - m e t  l u , ’ c ’ : n u u ~~c ‘‘I  , m l I m ’ , I , r m , c t c ’  i r n m ’ k s  that  co sn h i l  be used I i ,  c ’ x l , c u c )  , m ’ c ’ u ’ s- ’ I y t h i s  j - u c ’ u -c -

( m c ’  -~gc ’ u i - I ! ! , I ’h tc  c u i ’ i g i n m s l  - u j m c ’ c i ’ h  u’.- mn v e t m m n ’ m m m was cnna al og f u l t e t - e , l  and sampled  m l  I 3 O — ; c . --ce i i n —t,,’i ’’s c l c m , \ ‘ m r ’ l u l u n s t ’  m, s u g m u c n l  c o n t a n r i m n n g  f reqc ien n ct e s  up to 1780 Hz , w h i c h  c c i s n l d  I c c  used as u m u l i u l

both i c c  m I n i ’  l i it ’ c c m ’ — p r e m h t c t n o n  m nna l y sn s  and to the pi tch exl r ’ : m , I ‘ c m ’ ,

The i n  n’s i V . m r ’ l )  i n I In c p i tch  ext r a c t i on  us to f i l te r  the speech down m c  1260  l I i  and u l o w  m m ~ c m T m m p t c - .

r h i s c ’ m m ’ u h i m n m ~ l u S u c — u c u m l  — u , ( — , ’ v e n —  — t h r e e  samples  (l” ig .  ~s’~~I f .  l” ccr  t h i s  purpose , a t ’i n i ) e  : m ’ c p u u h ~~e i - c ’ —

spons e (I- lIl t f i l  te n ’  s c - c - m i n e d  to he a good cho ice . Si nce FIJI f i l t e r s  l ua u - c -  r m , u l v  t c ’i ’aS , one ner ’rl

c i c n n p n i t e  u c u u ( l c u u t s  m m l v  cml  the downsampled rate , which in , n m nr  case  m - e p i - e - c c u m , I a  a lb  m a e — I c ,  — , c m l c ,

S-au n i n g s  in t i n c c , I - ’u m ’ m h n e r m o r e , h - ’lh t  f i l t e r s  are implenaen talc l e  u s i n g  ch a r g e— c o u p l e d  d e v i ce -s

( t ’ ( ’ l) s ) , c m p m n t c n n t i : r l l v  fas t  an-nd inexpens ive  computa t iona l  source .

\\ e now have mc us m v e i ’orna si m l  which contains information frcm m I 2(0 I c ,  ‘ I 2fu O h I m ’ , N’, e

know thm n t , s i n c e  the waveform n s real , the negative f requency i n f o r m a t i o n  is m ’ e d u u t c u l c u m u c  - I m u 0 i i  I —

s m g n a l — p m ’ m c c e s s i n c  t h n e u m r v  t e l l s  us that  i t  we m u l t i p l y  each sanaple of the wav s ’f o rm  - l u  mu by

c- 1”0 we sc-i ll c c m m u se  the spectrum to be rotated by w in the z-plane.  l iv  choosinc ’  ,~‘ - dl ’,

m a u u s e  the sped m ’ c m m ’ma 1 c m  be rotated such that 1260/2 630 l Iz  is at the o r i g i n  ( F b i .  N -  ~ I . \ u u ’ , c m

second pass  of t lais complex s 2 ( n f  t h r inugh  the same fil ter , w i th  ( - t o - I  downsampl i n g  a g a i n , u - i l l

yield a comp lex waveform s ’f ( n f  c n n t a i n i ng  f requencies  tnp to 1260/3 420 lIz. l lowever , Iu t ’ , ’ c c u - -, ’

of the rotm ited spect rum , 630 lIz in the o r i g m n a l  wu nvefo rm crnrre spond s to 0 l Iz  in -n s 2 ( n ) , and l h m c c - s

our ut ,cu m l,l v downsannp led complex waveform c o n t a m n s  the inh ’orn’nat ion  from ( - 1( 1  — 420 l Iz  to
h 30  4.i O Hz in  the original speech , which is the desired spectral  region.  

-

Choosing w = 90’ has cer ta in  advantages in te rms of speed. Mul t i p l i ca t i on  by ~~~~ i nv o l v e s
c c n l y  data t r ans fe r rathe r than con -np lex mult ipl ies , since the sine and cosine of mul t ip les  of 90’

are m c l w c n v s  e i t he r  ±1 or 0. Im’u r thermore , as a consequence , eac h sample of s 2 ( n l  is e i ther
l u u m r e l y  real ccc purely imag ina ry .  One can the re fore use simple t r i cks  in the imp lement cn ) ion
, c I ~ the J ” IH f i l t e r ’  so th at  F i l te r in g  of this  comp lex waveform takes essentially no more  t in -n e  t hi an i
would f i l t e r i n g  a real waveform.

i’itch r le te c - t i c c n  generally r e q u i r e s  a long t ime  window oh ’ speech i n orde r to assu re a t l e c m s (
two period s of -, low p i tched  “oice. l”ortunately, the doubly downsampled s ignal  consists of
sa mples which are spaced by 132 x 3 x 3 p5cc , or 1. 188 n-isec . Only 32 samples of this w cc v , ’-
form are required to y ield 38 msec of data , a t ime  window that is su f f i c i en t  to enconapass two

period s for pitche s of tip to 19 msec , or 53 Hz . a very deep male voice.
The 32 most recent samples of s3(n )  are windowed r is ing a standard I !annin g window and t h n e n

f i lled out with zeros to make a 128—point  input buf fe r  for the FFT. Because t h r e e— f o u r t h s  of I l u c ’

input samples are zero , the FFT computation t ime  can be reduced by essent ia l ly  sk ipp i n i r t  the

f irs t  tw o stages. The resul t ing spectrum contains  the in fo rn -na t ion  in  the o r i g i n a l  s l u e ~~m h  sig nn cc l
f rom 210 Ii )  1050 l Iz , m m s desired , and is read y, msfter  the computa t ion  of the mc c g nn i f  mmdc  = l u c ’ - t r c m n n n

from real and imag inary components , to be processed ‘m r  ha t-n -n o n i c  detect iou .

( ‘ . i ’I ’ Ak PICKING A l G O R I T H M

The se l f—normal i zed  magni tude spect rum obtained f rom thae w inac l owec l  s 3 ( n (  i s  g t ’ i n e r ; m I I v  c m

very smooth func t ion  w i th  peaks , c , n I ~’ at the harmonics  of the pit  ch. The ~c c ; m  k i cr’ c f  i n m n c ’ m p m  - ‘

11
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5ize , the lau’gex’ ones shc iwunmg up m i  tine resonance of the first formant . In the case of the

phoneme / i /  h’or examp le , a vow el  w i t h  an extrem ely low l”l f requency,  the f i rs t  harmonic is
genem ’a l l u  very large compare h ur m t t n  a l l  t ine o thers .  On the other hand , the back vowel /a/ gen-
er a l l y  has a more graceful  bu lge i ii the high end of the spectrum , with  the largest peak near
800 lI z or so ( l - ’i g. N - - I ) .

‘l’he va r iab i l i ty  in s m ~ e c c i  p eaks  w o u l d  not be a problem i~~ there were never any spurious
peaks . t nfortunately, such  is  not t I c , ’  case , for the speech waveform never  behaves in any
gnno ranteecl fashion.  A common pr ’i ch i l e nm is the presence of ssnbharmonic  peaks in the spectrum
half  way betweena the t rue  h a r m , n n n n m ’ s , I c m m s s i b l y  caused i m v n r r e g ula r i ti e s  mn the Laryngeal excita-
tion. These are nearly always sn r m a l l e r  than their nei g hh no rs . hut they may very well not be
smaller than other true h a r n n m m n u c s  not at the formant  resonance. Thus , a s imple measure of
dis tance between peaks above a f ix e d  threshold may yield a better score for a pitch choice in
hertz of half the true value. -N f u r t h er  serious problem with telephone speech is that the carr ier
cosine often contains 60-Hz in t ec 0 ’rc ’m n ee  which shows op -as 60- l iz  modulat ion of the speech
uv c mv e form.  The consequence of sun -h  in te r ference  is spurious peaks on eithe r side of a large
peak , 60 Hz away. These are often Im irger  than t rue  harmonics  not at the formant  resonance
(F ig. V- - l I .

--_-
~~~~~~--

/0/ SPuRIOUS

Fig .  V -f .  Typica l firs t fo rmant region Fig. V-4. Introduction of spurio us peak
spectra for vowels / i/  and /a / . - in spectrum as consequence of 60-Hz

phase j i t t e r .
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Anothe r— t ,n -t  wh ich m m m c  m’e .u . ~i ’ . t he  u h u i m n m u m l l a  c i t  - u n - h  ‘I  c ’ ’ ’ ’  i~~ c i u  i s  ‘ I  ‘ ‘ a  Ii  u ’ : c r ’ m c u l c n l n t y  in t t n c ’
number of peaks ic i ’x p i - ’ t I ’  f i n d .  I - c u r  - t  t m m ~’ im ~

, - t ,  I , , -  I ‘ ‘ - m m c c l ’ -  u - ’ i n ’  • ‘  I I m , ’ i ’e m i ’ i ’ o f ten  only t -wc ,
peaks which should even -n be c c m n m s  m c h , ~ i’ ’’ I , - m i u c i  the i’~ c - I n  I S  I hi - I c  I i m u  i ’  I i t  wc ’ i ’ r ,  t hem , i c r c i i

80—Hz male u ’ cnn’e , on the c , t t m c ’ n ’  han d , ‘ ‘ u i -  -
~ ,j  , - , - m c  finch m l ’ , c ~~’ 1 1)  i - k —  c l  the h c u r r n on j r ’ s  ‘ c l

the p itch. A n n  a l g o r i t h n n m  h i s  t i c  n . e ’ c c g  m i n / . ’ - m i m i ’  i , - I t i n , , !  m l ,  c i ’ ’ -  m , u , \ ’  c i ’  , ~ u l ’ ,’ I ‘ u  v a l i d  Ise u k s . v i i

most of the t i n m m e  it should m - c n r m s i c t r ’ n - i m n I ’  ‘ u n ’  I n c o m  I ’ m ’  , ‘ak —, ru m u u u k m n g  a ‘ I c ’ u - u , , c u , i ,

The algori thnn u t e s - r u b e d here ui ,s i - s an m t c ’ r c u t n - , , ’ I c - c  t u m u I ) m i ’  ~‘, l m u u  I i  I c i ’ r t  I l l s  ‘v m u c n m s t d ~’ rin g  c c i i ’ ,

- 

‘ 
the two largest peaks.  It then c m c t c t s  e . ,u - h peak in c i t - m m , i r i c n  u - s m c ’ s ’ t i n ,-, n m : n l l , - .-, m - anti m i t t e n -  t h e

addition of each new peak d et e r m in i -~ a m e w  l i s  ‘ ‘I i ’ t o i l )  m a t  i - ’ ’ ( mc- -- m a t i n e  tI a m m m c c -  I r e t w e enn
adjacent peaks under cons idera t ion  , Suc Ii a t ec hn i q u n c  r r ’ s u i l l s  i n n  m u I u u m i l l  - i n n  w c ’m g h t i n g  i r u i ’ u  h a n i s m ,

whereby the largest  peak is i nc luded  in  i ’v e  n /  m m e r c m l  mu o n , I m u t  t h e  s m m u , m l  l e s i  c m n i v  in the L u s t , l h’-
final decision algorrthrtn determ ines time pitt-h fn’ c c i m m  a l i s t  m v l m n - b i  m u ,  l c u i l c -  — - c i i  the  c a m  u Fu j i , .- , m n ’ c c m m u

each iteration.
The f i r s t  step in extracting the pitc h is to f ind all n c - ~ u k s  in  ( ui - ‘ , p i ” - m  ruin and to e l i n m m m n a m c -

from considerat ion those w ln ich  are judged to be sp u r i o u s .  I c c  cac t i  i , - k , an a m p l i t u d e  and a
frequency location are ,Ie termined.  ‘I ’h , - l oca t ion  is d c ’ f i m ~~- u I  s im p l y  as t Ime  f req u e n c y  at w l , m u - I m  I l u t

actual peak occurs. The a m p l i t u d e  is de f ined  not  as m i m e  m a g n i m r m c l i ’  of I i , , -  sample  at t i m e  peak ,
but rather as the “area under the h ump.” TI -nat  is to sa~~, the a m p l i t u d e  of a gb-en peak is t t t ( ’

non—normalized sum of t i -ne amp l i t udes  of all tine samples f rom m I m e  l m r c v i m c m m s  v a l l e y  to ti me follow-
ing valley. In the event that  the suna over f lows  1,’- hi ts , it is c lamped at + 1.  This choice of

definition was found to effect  a bet ter  separa t ion  between t rue  peaks and spurious peaks than
would a simple ampl i tude  at the peak.

Peaks are eliminated from consideration if they are too small  and/ or  too close to a neigh-
boring peak. Specifically, a peak is removeth if its locat ion is w i t h i n  1- samples (40 l i z )  of a
larger neighboring peak. A peak which is more than ( hut  fewer than 10 samples away f rom
its nearest neighbor is removed if i ts  amp l i t u nde  is less than 1 / 2  tIne amp l i t ude  of the near
neighbor.

The peaks that remain af ter  the e l imina t ion  step are given a rank order  ar-cording to s ize .
At the first iteration, a single pitch estimate is entered into a table of po ten t i a l  p i t c h  e s t i m a te s ,
defined as the distance between t h e  two largest  peaks . At t i -a ’  second i tc ’ra t ion , the t h i r , t  l a r ,~est

peak is added to the list  of peaks under cons iderat ion and two new pi tch - n  e st i n aami ’s  are added to
the table, defined as the distance between adjacent peaks , among tim three under considerat ion.
At each subsequent ~

th iteration, the largest peak among those remain ing  is added to the l i s t  of
candidate peaks and i new pi tch estimates are added to the growing l i s t  of es t imates , def i ned

again as distance between adjacent peaks (Fig. V-5) .
Pitch estimates are always added to the table in order , w i t h  tIne sma l les t  at the beginning

of the table. After  each iteration , a score is computed for the m a x i m u m  number of consecutive
“equal” pitc h estimates in the table. (Equal is defined as w i t h i n  14 117 of the succeeding en t ry
in the table.)

As soon as there are at leas t 6 “ equal” est ima tes , the avercm gc value for tIne “equal” entries

Is defined as the pitch (in Hz) .  If there are fewer than ( “equal” e s t i m a t e s, t in en the  a lg o r i t h nn

continues with the next i teration until  the s ize  of time next ava i l ab l e  l e f t o v e r  peak is less than
1/10 the size of the largest  peak , or un t i l  a m a x i m u m  of 7 peaks I c ac-u been exhausted,  If e i ther
of these conditions is met , the algorithm exits in sp i t e  of an inadequate score, and chooses as

the pitch value the average of the longest s t r ing  of “equal ” es t i mates .  In the case of a t ie  be-
tween two strings , the one wi th  the larger pitch estimate is arbitrarily defined to be the p i t c h .
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Fig. V-I ’ . Median smoothing f i l ter  (a) for hit stream , and (b i for function .

44



- - ‘.P, ~* 
- - - ILUL,~~~._._.,_ _ - ---- — — ____

This ha rm on ic -de t ec tncmn  ahgor i thna  u s run t w i c e  per 2 0 -n msec  f r a m e  on spectra i n f  data

spaced by 10-msec intervals.  The outp u t is thus  an c iversamp led , unsmoothed pitch contour .

and the final step in the processing is to make the b u z z - i n n s a  d o c ’ m . , mcmn and decide a single p i t ch

value for each frame. For this purpose , the pitch c c c n t ’ u u m r  is  ma ss ed through a I -poin t  fol lowed

by a 5—point  median smo,,th ing f i l te r 3 (F ig .  \‘-(c ( a - b ) J .

The buzz-h i ss  dec i sion  is made a lmos t  exc l u s i v e l y  c c n  the l l m m a i s  u , i  the  cmm c u i , thnes a  of the

pitch contour. Since the only t rue  fea tmire  d i c - u t i n g u i s h m n g  v c , , u - c ’ u I  f r c i m  u m m v c c i c e d  - q c e i -u - h  is the

presence of pitch pulses , and since the l ingu is t i c -  and acous tic  c o n s t r a i n t s  on t ine p i tch make

highly unl ikel y for a true pitch value to change d r a m a t i c a l ly  no the  course  i , f  a 10-msec in te rva l ,

one can expect that in voiced regions the pi tch will  change l i t t l e  f rom s am nmp le t i m  sample. In

unvoiced regions . on the other hand , there is little reason i , c  e xp o r t  the algor i thm to a r r ive  m,t

anything other than randona values for the pitch choice. ‘l’he cm nl y , c i h e n ’ f e a t u r e  used Im y the

buzz-hiss decision is an extremely conservat ive  s i lence t h r e s h m m l d  on the doubly downsamp led

waveform s3(n ) .
Thus , the buzz-hiss decision operates as fol lows.  If the ene i -gy  in a 3 (n )  is less than  the

silence threshold , consider the frame hiss and set the p i tch equal  to  0. If none of the three

input samples to the 3-point median smoothing f i t t e r  are “ eqmt a l ’ (where equal us  here defined

as within 33 Hz of each other) , consider the output of the med ian smoother t I m  be 0 (hiss) . Fi-

nally, if no more than 2 of the 5 ordered input samples to the 5-point median  smoother are

“ equal” (this t ime within 20 Hz of each other) , consider the output  of the 5-point smoother to

be 0 (hiss) (Fig. V -7) .
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Fig. V-7 . fllustration of median smoothing h t m , i -h i s s  algor ithrzu
under ar t i f ic ia l ly  adverse conditions .
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This algorithm works su rp r i s ing l y  we ll for  d e t e i - n m i r m i n i f  I c c n z i - h i s s .  It depends  upon a
10-msec rather than a 2 0 -n -nsec  update of the pi tch .  ‘ t y p i c a l  b u z z - h m ~~a i n d i c a to r s  such  as z e r m m

crossing density, R I / R o. and high- low energy r m n t i m ’ a  wez’e an’ r , i ’i ed on purpose , beca u se these

are likely to be degraded as a consequence of f i l t e r s , r l i a m c u r ’ I n c n r m s , uc n c h  n o u ~~e to wh ich  the input
speech may have been subjected.

ft LDVT IM P L E M E N T A T I ON

The algorithm as described above was incorpora ted  in to  a real  - t i r n m c ’  l i n e ;n r - p r e d i c t i c c n

vocoder imp lemented on the l , l)V’F , a ~~ -nse , -  i n a t r u n - t i c c o  cv, -I e  mi c - r c i c ’ o n n ; s u i m c ’ m ’ . w i t h  ut s tan-
dard ins t ruct ion set , desi gned and i)ui l t  at l in coln l a b o r a t o ry .  \ l e n m r u r v  a m z ”  u~~ a l i m i t i n g
factor with the LDVT , fo r it has onl y 2000 octal program and 1000 01 ‘ cmi  - i a t a memory  locations .
There is , however , a rapid a rm - esa  outboard memon ’v co n m a m n i n g  400( 1 ‘u c - t a l  ?o , - a ’m ons  f r o m  w h i c h
both programs and data can be retr ieved.

The pre-emp hasized analog waveform was  f i l t e re d  and s . m u m u j c l e d  a t  I 32- 1,,sec i n t e r v a l s , mi nd
a nonoveriapping buffe r of 153 samples was  u c c t m m n u l a t e d  ( ‘ c r  i ’ ;ich . t u u - m ~~t m e  ? n m ,m e,  ‘l’hese 1~ I
samples were used as input both to the autocorre la t cnr  and t m m  t he  i i  r am Fi l l  f i l t e r , 1- 11(1 (re fe r
to Fig. V - I ) .  The 51 output  samples of FIR 1 were complex m u l t i p i  med by e-~~~ 

“2 a nd prm-esst ’d
again through the FIR filter , using certain t r icks to handle the  complex input data , to y ie ld
17 new samples of s3 (n) .  The 128-point FFT was computed twice  per f rame by moving along
alternately by 9, then 8, samples of s3(n ) .  The computat ion of the magni tude  spectrum from
the 32 most recent samples of s3 (n ) ,  padded out wi th  zeros to 128 , completed the preprocessing.

For the postprocessing, a table of peak locations and a corresponding table of amp litudes
were determined and arranged in descending order w i t h  respect to peak size. Following this
step, the first two location entries were reordered and the d i f fe rence  between the two locations
was entered as the first pitch estimate. Then the third ent ry  in the location table was inserted
in order and two new pitch estimates, defined as difference between adjacent entries,  we re
added , also in order , to the growing pi tch-est imate table. Now the three ordered entries in
the estimate table could be scored for “ equality ” of adjacent elements , and an i terat ion is
completed. At each ~

th iteration, the ~
th location i~ inserted in order , and i new p itch esti-

mates are added in order to the estimate table. Processing is complete either when a peak of
insufficient amplitude is encountered , or a score of greater than seven adjacent “ equal” esti-
mates is obtained . At this point , the mean value of the “ equal” set is defined as the (unsm oothed)
pitch.

An appreciation of the complexity of the algorithm can be gained from some numbers as-
sociated with the LDVT implementation. The total number of memory locations required for
the entire pitch algorithm was 1425 decimal , divided about 50-50 between instructions and data.
The amount of time consumed for the preprocessing (FIR filters and computation of magnitude
spectrum ) was 2.66 msecc per I0-msec frame, or a li t t le over a quarter of the time available.
The time required for the postprocessing, or decision algorithm , was extremely variable and
therefore difficult to determine , but a rough calculation indicates that it was insi gnif icant  corn -

pared with preprocessing time. For purposes of comparison , the total time requirement was
roughly twice the amount required by the LDVT implementation of the r.old-Rabiner t ime-domain

pitch detector.
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E. RESU I . T S

The harmonic pitch detector , incorporated into a r e a l - t i nn e  4000-hits /sec  LP(’ vocoder ,

was evaluated subjectively by means of an AB comparison with  the Gold-It abine r t i m e - d o m a i n

detector,4 incorporated into an in the rwi se  identical  vocoder. -\ sv a t c m n n  w m n a  developed c c n  the

t u N I V A C  1219 faci l i ty  whereby the two vocochers could be exm’h anp ed  into the I . I ) V ’ I ’  e s sen tmal ly

instantaneously, while speech subjected to various d is tor t ions  and co r rup t ions  was con t inuously

-
‘ 

being played. The listener could thus , because of the in s t a n t a n e i d l i s  j u x tapos i t io n , readil y d cii) -

pare the quality of the speech produced using the f requency-  and t i m e - d o m a i n  pitch detectors .

Input speech subjected to typ ical telephone-channel degradat ions  w a s  generated by means

of a second LDVT containing a real- t ime digi ta l  telephon e - c h a n n e l  s i n a m u l c m t o r 1 ( l i p .  V-8 1.  The

parameters of the s imulator  were control led  at the console and thus  the user could conv ennen t l y

test the performance of the two p i tch  de tec t or s , w i th  i n c r e a s u n g  amounts  of va r ious  co r r u p t n c c n s .

For example , if  one wished to investi gate the sensi t ivi ty  of the two pitch detectors tc Gauss ian

noise , one could set all parameters  of the telephone simulator to zero except the Gauss ian

noise. The noise amplitude could then be slowly increased while the two p i tch  detectors were

alternately loaded into the othe r I.I)VT.

~~~~~~~ 3i4

26 NE* SAMPLES 

REAL SAMP1 E~~

cMP u:SE NO~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~- rzERo ouT~~[1 [ ( l NEGATIVE
- - 

LREOUENCY

I J - - --

.. ‘—.“ , ‘ DURAT IO N
RAT E REAL-FIL TER

~3g~~~5CY OFFSE1 

~~~~~~~~~~~~~~~~~~~~~~~~~ 
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_
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PHASE H uTS 
IF~ T

0/A OUT PUT
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Fig, V-8. Block diagram of telephone-channel s imulator  used to test harmonic
pitch detector perform ance.
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- sing this experi umn ent ,nl -,ct  op , ~V,  wet- c i l m l e  to e x u m n m i  inc the  relative s e n s i t i v i t y  of the t w c  -

p i t ch  f e t e  c -t u ’r a  t o the vm n i - l c m m u  ml - a t  ‘ i t  m u c u s  in the t e l ep hone I i  m c’ -, - ‘l’he major  s i m m i  u - i-c of breakdown
in the Gold-R abiner  p i t ch  i c - t o m - I  ‘c i ’  is the  telep hoine band pass f i l t e r , which removes in f o r rn atj m ,n
lc e l c c w  300 1Ii~ a t tenua tes  t in e  . m m m l u l  u t u u c ( , - I i i )  ( c c  as r imuch  as 1000 I Ix , and changes  the phase rela—

t i c  cnship. Subjec t ive  l i s t e n i ng  m r - s m  a a I n - c a  m m ~ m i l I S t  ant  i m n l  I ompr ’ove m ont  in  q u a l i t y  when the h a r n n o n i  c

p n t c h  detector is s ul u st  m t u m i c ’ m l  c c i  i i i , ’  m u  m u t e  — c i o n n a i n  d e t ect o r , u n d e r  c o n d i t i o n s  when only the tele —

phone f i l t e r  is i cr - e s en t  mm the , s m o t u m l a t i c , n .  I - ( g u i i ’ c-  \ — 9 u a - ) , u  sh c c ws  an example  where the p e r i o d —

i c i ty  i s  not evident  in the uu ’ m m ~ d u n n , l~~tt is a-e lI in d i c a t e d  iii the s p e m t r u m , when the speech is

processed through a t y p i c a l  m m l e p h c m n e  f i l t e r .

u b )

Fig. V-9. Waveform and spectrum of (a) telephone filtered speech ,
and (bi speech corrupted with  je t -engine noise.

Other audible degradations in typical telephone line s are Gaussian noise (thermal noise and
shot noise) and phase jitter. The latter is a low frequency modulation of the waveform as a
consequence of (usually 60 Hz) in ter ference  in the generation of the carrier  cosine . In some
European lines, the 50-Hz jitter can be as high as 35-deg peak-to-peak amplitude , causing a
peculiar granular quality and an echo ef fec t  in the speech.

As might be anticipated , both detectors were sens i t ive  to Gaussian noise , although the
breakdown as a consequence of Gauss ian noise was not as great as might be expected. The
Gold-Rabiner detector was far more sensi t ive  to the telephone f i l ter  alone than to Gaussian
noise alone, set at the level typ ica l ly  encountered in te lep lnone l ines (—40 dBmc) . The two
detectors were judged to be about equall y s e n s i t i v e  t m c  Gaussian noise.
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I’hase j i t t e r  con t r i but e s  an addi t iona l  degrada t io n  t he  i m  m m u l ’  - - u f u , i u , u m n  d , ’ m , - m ’ m , m u  , p a r t  u ‘ - m u l c t - t v

at the levels encountered  in European  l ines .  i nc luded  in  t i m ’ ’ h n m m r m i m c m n i c  P i t c h - I c - i  i um’ t cm r dec is l c c m m

algorithm is m m step to smippre ss h i e u mk s too close to n e i gh ’, r — and c c l ’ n i m s u u f t  I d i On )  amp l  t u t c l e . wh ich
makes time de tector  less sens i t i ve  to ptnase  j i t t e r  than  i l m c -  t i m c ’ — - l u o ’ u m m  in - 1 c m , - ,  m I t . -‘i t  t V ( m i c ti i

Amer i can  l i n e  se tt in gs , p h a s e  j i t t e r pr e sc ’mnt s  I i m t b -  p r o b l c ’ i m u  ‘ I I  i ’ (  ( u I ’ m ’  I c ’  O d I u m , .
The remaining parannete rs u n  the  5 iu i i u j a t or . w i t h  the  i m c I ~~s 1 - 1 -  - ‘‘m - ‘ ( u t  un  c u t  h m m u ’ m c c n i m -  dj ~~—

to rtiofl , s e e t i m  t m c  have l i t t l e  e m r - c - I  on pi tch e x t r act i o n , at the  0 ) 1 1 — ~ c c i i i  n i on i  v t u c und in the

telephone s v s l e m m m .

The t a - mi p i t ch  L l e t e I ’ t -  -u’ s  wer e  also evaluated on m e  u ’ t a i u m  cmth e r  t v j  ue - - ‘1 d eg raded  ~, iu oech .

Spec i f ica l ly, speech in the  ~,r r ’ s e n I - c ’  of ( I )  h e l i c c cp t e r  u i - u  m a r ’ , I ( t i d d l u ~e in mm la r g e  I - I  a i i -p lumne ,

and 13 ~ 60—l iz  h cn ni was processed t h r m u u g h both v- m c - o u l d  i’s - m m m u ’ I  the q u a l i t y  w m c s  c u  u l i u l u m n u ’ C I f ,  I ieli  —

copter noise w m m s fou nn d mu he m - c c r u m - e n t r a t e d  in f r eq uen c i e s  m u l u c m ’ , c ’  1000 l I z  a nd thc ’i ’ei’ore caused

only m inor degrada t ions  in bot in d e t e c - t l c i - -u ,let m i n i — c ’ i n c  l m u u l o s  m m l a rge  cm c i n p o n e n t  in  the  l u ’,’,- —

frequency region (below 300 lI z ) and therefore  i i u t e r t ’eu’es r at h e r  ar’~’ere ly  w i th  the  t i m e - dom a i n

pi t ch-ex t r ac t i on  a lgor i thm.  The same i s  Lrue , n h v u o u m s l v , fo r 6 0 - l I - i  h m i nn , whccse sm u ’m rn ges i
component is cut 60 liz but which contains weaker  ha rmon ic s  at h igh e r  f r equenc i e s .

For both the 60-Hz hum and the je t -engine noise , ( li ’ h n a i ’m o n i c  p i t ch  de t ec to r  p e r f o r m ed

substantially better than the time-domain detector. i- ve t u  cut l e v e l s  of h u m  in which  the time-

domain detector -ompletely broke itown , choosing 60 lI z as thc’ ptteh , t he t i a rmonic  d e t e c t o r

came throug h w i t h  clear speech. i- ’igure \ - ‘)~ l n I  s h c c w a  an c u x m m m m u l u l e  where  the p i t ch  i n f o r m a t i o n

is obsc ure in the wav efornn  but ev iden t  in the spectrion , ms’heuu t he  speech is  corrupted  w i t h i  1 m m

airplane jet noise .
For one specifi c kind of di stor iioin in ti’ m nn simui ssion chaninel~,. the hat-monic detector can

actually correct the d is tor t ion  and improve  the q u a l i t Y  of the or ig ina l  speech. This is for the

situation in which there happens to be a ve ry  large frequenc y ‘u d s e t  between the t r a n s m i t t er  cmnd
receiver carrier  in a single side-hand t r a n s m i s s i o n  s y s tem .  In su ch a case , both pos i t ive  and

negat ive frequency are shi fted in toward the o r ig in  liv an amount  equal to the offset , su ch that

the original pitch harmonics  are no longer ha rmonics . ‘I’he su bj e c t i v e  result  is that the per-

ceived pitch is wrong, and a small amp litude background h u n n  is heard at the correct pitch.

The harmonic pitch detector , since it does’not depend upon the fundamen ta l  but onl y upon
spacing between harmonics , can restore the ori ginal speaker ’ s p itch in the synthesized speech .
and remove the back ground hum. The formant frequencies an -c of course st i l l  shifted , but  the

formant shift is a second-order e ffect , perceptually.
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VI. OPTIMUM SPEECH CLASSIFICATION AND ADAh ’TIV l-~ NOISE CANC I-:LI .ATIO --.

A. INTRODUCT I ON

There are a var ie ty  of applications in whIch it is necessary to be able to classif y a given
set of speech data as corresponding to voiced speech , unvoiced speech, or silence. 1- or ’  i tO-
synthesis of speech using Linear l’redictive Coding (LPC) techniques ,~~

4 for example, it is m u d  -

essary that the speech signal be classified as voiced or unvoiced. This information is t r ans -
mitted to the speech synthesizer  along with coefficients that represent an all-pole linear f i l ter
model for the vocal tract,  For voiced speech, the filter is excited by a periodic t ra in  of im-
pulses , whereas  a white-noise excitation is used when unvoiced speech is to he synthesized.

The ability to detect silence is of interest in digital communications in which  channel capac-

i ty  is at a premium .5 By detectin g intervals of silence, other data stream s can be interleaved
with the speech conversation, the reby maximizing the utilization of the available bandwidth.
Another application of silence detection arises in conferencing situations.5 By det ecting wh en a

set of speakers are silent, their lines can be disconnected from the superposition of inputs so
that an enhancement of synthesizer input SNR can be obtained.

Solutions to the classification problem have, for the most part , been developed on an ad hoc
basis in which an individual discriminant is proposed which seems to characterize, in one \vav
or another, the attributes of the three possible speech events. In a recent paper , Atal and

Rabiner 6 proposed an algorithm that simultaneously computes five of the most-significant dis-
criminants and uses a hypothesis testing strategy to assign a given set of observations to one of
the three speech classes.

With few exceptions, most notably the work of Atal and Rabiner, most of the speech re-
search reported to date has dealt with a speech environment that has been car efully controlled
in the sense that background noise and interference signals have been eliminated from the speech.
It is generally known that the intelligibility of modera vocoders is seriously degraded when noise
and interference signals are supe r imposed on the speech data.5 Since there are many practical
problems in which noise and interference arise, it is of interest to develop more general speech-
processing techniques designed to eliminate the noise as much as possible.

In this section, it is assumed that the speech signals are corrupted by additive Gaussian
noise that may or may not be white. The unvoiced-speech signal is modeled as a zero-mean
Gaussian random process having a known covariance function. Voiced speech is modeled as a
zero-mean Gaussian quasi-periodic random process. By using these models as a starting point ,
the classification problem is formulated as a statistical hypothesis test and is solved usin g sta-
tistical decision theory. Subject to the validity of the underlying speech models, the resulting
signal-processing algorithm is optimum in the sense that the probability of a decision error is
minimized. The advantage of this approach is that the discrimination criteria are synthesized
from the model, rather than being selected on an ad hoc basis.

The classification problem Is recognized as a Gauss-in-Gauss detection problem for which
- - solutions have been cataloged by Van Trees.7 The estimator-correlator structure was chosen

since it led most naturally to a practical implementation. If pitch information is available, ad-
ditional discrimination can be provided in the voiced-speech channel using a comb filter tuned
to the most-recent estimate of the pitch.
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The ability to detr’m,-t t in ,  s i l c - , m L  u - - m ’  i ’ v m c l s  ) m m c u i s l -  alone) mewns that  the statist ics of the clut-

ter can be learned a i m - I  L i S(a h  t o l u , I I  u i u , - ! , m  - I , : - m u v c -  \\ j e u m e r  f i l t e r s  to enhance  the speech signal s

prior to coding. In t h i s  u u m , c u I , - , t i m e  - c  m m m ( u u ~~u -  , m u  l m l t c - n ’  , - a u i  he u sed as a preprocessor for any

narrowband or wideb an it  s 1 c c - , - - I~ c - m u  I c - u ’ .

An extensive ex~u c - u ’ i nn ( ’n tc n 1 u m ’ u c g  l ’ : m l m i  ‘. m e-u - I - - v  l m c r m e d  to evalua te  t ine  classifier in a variety of

acoust ic—nois e env i ro imnm c ot s  i c u u ’ l u m i i n g  s ’ I u i [ m l u c d u ~ ’ ui  - I u u i s l ’ , c f f i c e  noise , Ine l icopter  noise, and noise

in an airborne commauah  , m m s m .  I l u c  ‘ i - s u i t s  i c u m ’  u i i ’ I u o r u n c — e o u ’ u i m a n d — p o s t  noise are included in
- 

- this section.

B. MODELS FOR S I I , h - ; N (  ‘ l - , t N V Ü I ( ’  l-U , ,\\1J VOI(’I- D SI’LlX ’II

The basic problenu of u P ’ ) u - u  I u m m m ~ t ine c u ’c ’ s er ’ c e  c mf S i l c ’ l u (  I - . unvoiced speec in , or voiced speech

in a given set of data can a i o r n m u l a t c u l  mis a s~ m mtJs t ieal test for choosing one of the three

hypotheses:

~h i : S i l l u m e d -  v ( m m )  = a ( I n )

H2. unvoicer l  y i n )  —‘ u I n )  iv (n)

113~ voiced y I n )  = V I I I )  -f - v i i i )  (V I—1)

where w(n) ,  u ( n), and yin )  r e p u ’es eu u t  t i u r -  ~1
t I m  s anup le of noise, unvoiced-speech, and voiced-speech

waveforms, respectively. Based on a set of u I - — u - r v a t i o m n s  y ) i ) ,  y (2 ) ,  . . . , y(N) .  it is desired to
develop a dec ision rul e for de t e i ’n i i i i iuu g  wl i- -h of t Ime tlnree Inypotheses “best” characterizes the

data set. This is the classif icat ion o- u u t m l u - n c .  b-n u c -d - r  to synthesize an optimum decision rule
in the sense that a classification is made w ith m i n i m u m  probability of error , it is necessary to
develop statistical models tlnat cniaracter ize  the  data for each of the three speech events.

To begin with, the interference will be assumed to consist of simply zero-mean white

Gaussian noise. Once the detector s t ruc ture  has been analyzed and understood for this case,

the generalization to nonwhite-noise spectra follows almost by inspection.
In order to derive the s t ruc tu re  of the classif ier , it suffices to model the unvoiced- and

voiced-speech waveforms as sample funct ions  of Gaussian random processes having zero means
and covariance functions R u (k) and H

~~
(k) ,  respect ively, In addition , voiced speech is assumed

to be quasi-periodic in the sense that R ( k  4 T) R
~

(k) , where T is the period of the process.

This means that almost every sample funct ion is periodic with period T (see Ref. 8).
The preceding discussion can be summarized succinctly by the following set of modeling

equat ions. Under hypothesis ll~ the observed data set is given by:

y(n) = s
~

( n) + w)n)  i = 1, 2 , 3 ( VI — 2 )

whe re s1(n) 0 for silence, s2 (n) is a Gaussian  random process with mean zero and covariance

R~
(k) for unvoiced speech, and s3 (n) is mm z er o -mean  quasi-periodic Gaussian random process

with covariance function Rv (k) fo r voiced 5 ) u d l  ( I n . En all cases, the noise term w(n) represents

a zero—mean Gaussian white-noise randonm u t - u n - c — a s  havin g the correlation function R~~
(k) = u2 6(k) .

C. THE OPTIMUM CLASSII- ’IER ,-\( ; .- \ I N S  I’ \ V I 1 I T E  NOISE

The optimum classifier pro-~~’ss I ’ S t ine raw -Sj cI -ec h  data y( 1) ,  y (2) y(N) in such a way

that a decision is made with m i n i mu m  m c ’ o h m u l - i l i t v  of error on whether the given interval of signal
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should be classified as voiced speech , unvoiced speech, or silence. Using statistical decision
theory, the minimum probability error decision rule is:

“Declare hypothesis Ii j  to be t rue  if and only if the a posteriori probability that
l l

~ 
is t rue  conditioned on the observation set y ( 1) .  y ( 2 ) ,  .. . y(N)  is largest .” i.e. ,

p (I {~j  y (N ) y ( 1)j  = max p 1H k~ 
y (N),  . . . ,

1, 2,3

Signal-processing configurations of the likelihood-ratio test have been documented by Van TreesY
For the special case of ternary hypotheses, zero means, and stationary random processes, the
test is implemented by computing three sufficient statistics denoted by I~ (I = 1. 2 , 3) . The first
component of the ~th statistic is

= 

~ 

yin )  ~~(n) (V I - 3 )

where ~~(n) is the linear least-squares unrealizable estimate of the ~th signal s1(n) . The bias
component of the tb sufficient statistic is

T G. ( f )
1Bi = —

~~~ 
5’ ,fl + df i = 1, 2, 3 ( v I - 4)

where T = N/FS is the observation time of the process, 
~~ 

is the sampling rate, 
~~~~ 

is the
power spectrum of the ~th random process, and N / 2  is the two-sided white-noise spectral den-
sity. The complete ~

th sufficient statistic is

1i ’ 1yi + 1Bi i = 1, 2, 3 (V I —5 )

and the test consists of choosing the largest of

+ l oP 1 i = 1, 2, 3 (V I —6 )

where P~ is the a priori probability that hypothesis H1 is true. The goal now is to use the gross
attributes of speech signals to simplify the co’~ putations involved in implementing the likelihood -
ratio test,

Under hypothesis H 1, which corresponds to silence, the anticipated signal is s1(n) = 0.
Therefore, ~1(n) = 0 whence I = o~ 1B = 0, and I~ = In P1. The likelihood-ratio test reducesy l 4
to computing only two statistics:

= + l~~ + In P 2 — I n  P4 (VI-7a)

13 = I + + L aP
3 

.— I n P 4 (VI— 7b)

in which only 1 and I involve the raw data, and 
~13 being fixed biases reflecting they2 Y3 2 3

average energy in the ensembles of unvoiced- and voiced-speech sounds. Letting

= 
~~~I3 — In P2 + In P4 ( VI-.8a)

U 2

X = 1B — ~~~~ P3 + ~~ P 1 ( Vl-8b)
V

= “ 1 B2 
+ 

~l3 3 
— ~~~ P2 ~ ~~~ P3 (VI-Sc)
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the classification rule reduces to tine following:

If I ~ 
A u and I .~~ A declare silence (VI -9a)y2 y 3

If l
~~2 ~~~~ or I~ ~~A y and I~ , ~~~~ ~~A declare unvoiced speech (Vl-9b)

If I > A~ or I~ , > A ,,, and I — I 
- < A 0,,, declare voiced speech . (V I -9c)y 2 ~~

In order to simplif y the test f u r t h e r , it is noted from Eq. (VI-4) that the bias terms and
2

are related to the energy in tine ensemble of unvoiced- and voiced-speech sample functions.
3

If a global average is t aken , tine v c c i c ’ c - u I - s p c - e -h  s p e c t r u m  will h ave si gunificantl y more energy
than that of unvoiced speech , which would contribute a negative bias in favor of the unvoiced-
speech hypothesis. U sing this bias would be valid if voiced speech were t ruly stationary. In
fact , however , not onl y do the slmectra l  ~d 1’epeu’ties change from frame to f rame , but more im-
portantl y the amp litude undergoes a slowl y increasing and decreasing modulation at the begin-
ning and ending of a voiced sound. Since 10- to 20-msec frames of speech represent the data
base upon which a classification is to he made , then from a sample function point of view the
energy in a frame of unvoiced speech or a frame of voiced speech could be comparable . The
inclusion of the ensemble average energy bias term would therefore incorrectly favor unvoiced
speech. Therefore, the bias terms and 1B must be assumed to be equal. Under this con-

2 3
dition , the thresholds reduce to

A u — In  P2 + In  ( V I — l O a )

A = —I ~~ — In P 3 ‘f In  P 1 W I— l Ob)

A = — I n  P2 + R n l~3 ( VI — l Oc )

where 1B = = 1B represents an unknown bias term related to the a priori knowledge of the
2 3 — ___

energy in the unvoiced- and voiced-speech signals.
Although the Bayesian detection theory demand s that the bias term and a priori probabilities

be calculated, a more practical method for determining the thresholds would be to train the sys-
tem against noise and then choose those values that keep the false-alarm rate at a value consis-
tent with the system objectives. For exam ple, a much greater penalty is paid for failing to de-
tect speech than falsely classify ing noise as speech. Therefore, the thresholds most likely
should be set close to the 1-sigma values of I and I obtained during the noise training phase.y2 y3
This strategy is ideal for self-adaptive tracking of the noise statistics should they be nonstation-
ary. The voicing threshold A uv is most reasonably approximated by zero when the SNR is large
or the noise is white. When this is not the case, this threshold can also be trained to the 1-sigma
value of l — I

~
‘2 ~

‘3
As a result of the preceding anal ysis, the only statistics that must be calculated at each

frame time are the correlations

= ~ y(n) ~ . (n) I = 2 , 1 ( y E - h )

n= 1

s-i

-—
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a I ic ’ i c  ~‘(n) is t i ne  u ’ m m u v — s i c e e e h — i d l u i , s — m noise  c t m m t m m , and ~ .t n ) is t I m , -  lir n el m i ’ l c ’ m c s t — s r ( L m m m i - c ’ S  unz’c-;mljzmmh,lt’

e st i n n a te  ol’ s~ (n )  p i v c ’- i m  t h a t  I iv p c > t l u e s i s  I l .  is t rue.  Since t i me  un ivo i ced — ami d  t ’ ( d i m c ’ u I — S j i ( - ( ’ m - I n  ii m d v > - —

forms arc’ qu a s i — st a t i o ln a r .y, th e f i l t e r  t l u m n t  results  in ~~. ( i n )  g i v e u m  th at v I m )  = s l i m) + w ( n )  I u m m ~ t l uc-

u ’ :n o s  f e  i ’ IUnir - t i>>i n

0 ( f)
l I ~ ( i )  

~~~~~~~~ 

~

> 
‘

~~~~~ 
/~ 

. I \ F - 1 - t ~

Tine filte n i-u d e f in ed  by I m~. I \ 1 — 1 2 )  obtain enhanced disc n ’ i n h i n a t i o i c  m m g m m i m m s t  no ise  u t  u m m s s i m u g
I - c m m m l v  those frequeumcies ii m er e  t ine  signal power  is sub ,stam n t i a l l y  Ia m ’ ~m e m -  t I m :  mu t I n > -  m m r , i s c -  m c c c a e m .

I’:nj nan ced vo ice—unvoiced  ci i see irm ni n a t i on  depends (>0  t u e  implicit o m t l c ( l ( , - d ) m m : m l i t \  of ( I n c  - t n - ,c i ’ : em d c  ci :  -

processes, as z’cfle cted by the degree to which the spectral d m - m m u  i t O  s m i r e  c o r r c ’ l a t c ’m l .  I c I t  I i  t i m - a c

detection s l m m t i s t i v s  r ’ m m i m  be improved by capital izing on tine quas i  — I l l - I - i c  d l i v  p I ’dapt’ rt ies of v d l i m ’ c ’ d

smcec - I m . If the v n i v c - u I — i - u p e i - r ’ h process is periodic v i t lu  pe n eil T , t l u e m u  t h m c ’- vo ic e d— s p e e c In  p u l l ’, c - u ’

spectrum is more accurately represented by

03 (f)  C ( I ’; I ’ ( .. ( f )  ( V I — 13)

where G
~~

(f) represents the gross properties of the -u~m ec t u ’al  envelope , m m m d ( ( 1 ’ ;T) is m m comh hl-

ten’ reflecting tine fine st ru ctu re  of tine periodic spectrum. If t i n e  period is n n a i n t a i u n e d  for ,\ i  c c - ~

n ods, then

t ’( f ;T) - ! sin (ir MfIl-’) . exp~~j im Utt — I) f/ i-i  vt-I-I )

where  i- = i/T represents tine pitch frequency. \ot  ottl v does the - i m z i u i u  f i l t er  e m u l m a m a ’ e  t l u c - m ’ c u i c ’ c ’ u I —

speech—to—noise  ra t io , but  it also increases tine or tl iogonali ty of time voiced am i d  unvoiced spect I - u .

In order to exploit the additional discrimination in’m pli,cit in the (‘(cmii t i l t r- r, it is nd r ’ e s a a i ’y  tlnat

the p it ch period be known.  A discussion of how the pitch is to Iu e d e tcr n n i n ed  will  be d e f e r r e d

to Sec. B below.

Subject to tine assumptions that the envelopes of the unvoiced— and vciii - e d -s rc >-c -d-I m c( d w(- r

tra are known and that the p itch period for voiced speech c-an I l l -  e s t i r i n m u t c - u l , th en the ot n t i m u m n

classifier can be implemented as shown in l”ig. \ I - t .
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— I I I
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Of course, all this int’or m at io tm is not available a pr ior i  and it will be necessary to introduce
appt’ox ifln ation s to the t’iltering and es t imat ion operations while maintaining the basic structure
of the estiu ’unator-correlator receiver. This will be the goal of the next section.

I). PRA( ’TI(’AL IMl’LE -~M h- ~N ’l’A ’rIu \ ( h F  T h E  I- :S’ !’Ld,\ I’OR—( O R R I - J .ATOR
SPl-;iX ’il (‘LASSII-’IER

1-or  voiced speech , the optimum min imum mean-squared c’rror filter has the transfer
function

C (1) c ( f -, ’r)
I f )  = C ~~~ C(I ’I’) + (V T -h 5)

which Passes those frequencies at which the signal power is substantially larger than the noise
power and rejects all others. ( c r t a i n l y, tine comb f i l ter  in the denominator contributes to the
definition oh’ those frequencies at which noise rejection should occur. Howeve r, in white noise
approximately the same rejection performance can be obtained by a cascad e combination of the
comb filter and the least-squares filter designed on the basis of simply the spectral envelope.
Therefore , the voiced-speech estimator f i l ter  is taken to he

C If)
H (f) = C’ (f ;T) c m ” N’7~ 

(V I—1 6)

For unvoiced speech, the estimator filter is

C (f )
110 (f) = G~

(f) -f N / Z  (VI.-17)

Setting i = 2 for unvoiced and i = 3 for voiced , the Wiener filters based on the spectral envelopes
for both cases can be written as

11 (z) = 

k~~~~ 

a~ z~~’ (VI-18)

where the coefficients a~ satisfy the \Viener-Hop f equation

V a 1 [R (k — j ) + a2 ó(k — j ) j  R 1(j) —~~~ < j < ~ (VI-19)

where a2 
= (N 0/2) F~ represents the energy in the noise process (F 5 is the sampling rate), and

where R 2 (k) , R 3(k) are the sampled data-correlation functions corresponding to the power spec-
tra G

~
( f) . G (f) ,  respectively . In practice , the correlation functions can be suitably truncated and

the n Eq. (VT- I S)  can be efficiently solved using the Levinson recursion .9 Of course , the solution
requires that the correlation functions for an ensemble of unvoiced- and voiced-speech sample
functions be computed for a large class of utterances and a large class of speakers. In order
to bootstrap the system, initial class il’ication would have to be done manually, which would be
extremely tedious and time consuming. En order to avoid this problem, a more practical and
robust strategy is proposed based on the well-known global properties of unvoiced- and voiced-
speech spectra and a close examination of the f i l tering operation defined in Eqs. (Vl-16) and
( V t — I  7). -
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l ine c ’SSeuI CP of t ine m’\ R im e  m ’ f i l ter ’ is to pass those f r e q u > ’ m a - i m - s  at wh ich  t I ~ i-i~~c - >  > 1  po mu I r u s

substantial ly in i’gt’ t ’ t han  the Ib iS >’ 1)O~~ei’. As a good f i r s t  un p p u ’ o x i n n a t i o u i , it s c - n - r u m s  rc mc a d d  m u m m i c i  I

to UI)pr OXimate the \t n c ’ i n ( - r ’  j i l ter by a passband filter that passes “ most” c i  thc e m m e r - p v  in an
unvoiced— or’ voiced—speec h sound. I-or unvoiced ~ 1 m , -c -& Im , it can be assumed t l d m c ’ “ nm o s t ”  ccf  t I m > ’
energy will ice above 1000 lIz , u m -h i l e  ( I l l ’  voiced speech “ nm os t ” of t ime  - m n u - n ’ p y m c iii he cc - I c c  a
2000 li z. \>~ h u e  n ’e s tm ’ i c t i n g  t i m e  - s t i i u m m m t o i ’  filter’s to t l m c  se t i ’ e m ~ i m c - i m m -ies i mp r o v e s  t h m -  1, - t I - c  - t  i onm
SN I T of unvoiced and voiced speech u , of at lea st equal importaunce is t ine  m c t i m l i > v  of t i m e  t m m m v o j c - d - c (

f i l ter  to reject voiced speech> am nd vice v>-i ’sa .  Since tine fi rs’t t or ma n t  of voiced t i l l e d - u - l u  18 m m ( : I c u x —

in umnt c ’l y 1000 liz, then, if the cutoff of the unvoiced—speech filter is above 1250 lIz , m i u c u s t  of t ( u , -

unvon ~- ed t— sp eec h  energy will pass through the f i l ter  win i l e  a large l i ’ m m c - t I m c n  of a v o i e c - c h — s j a - c - c - I m
si gnal will  be mnt t e u mu ated .  Similarly, if th e cutoff of the voiced—speech signal is mmlx cve 2 W - u i  I I z ,
then  most of i t s  c u e  i ’gv will pass t imu ’oug h the voiced f i l te r , a l u i l e  a s u t m s t a m n t i m n l  d ’ : m c - l  P 1 m m  of  c c

unm voiced—speec t n  sig u m m n l will be at tenuated.  From this  point of view it can he sm-c-m I that it i i i  e n o —

cial ti-nat the input data to the classifier not be pre— ernp hasi zed since tine higinez’ f o r n m m u m t s  of a
voiced-speecin signal would take on tine a t t r ibutes  of an unvoiced—speech  wavefo rm at ti-ne c - x i s - m u s e
of good classif ier  pei’ for ’n -n’~au -n ce . Therefore, if p r e — e m p hasis  is to I~~- used for speech analysis

and synthesis, tine d ata will have to undergo cli gitai dc-em phasis prio r to speech c l a s s i f i c m m t i o m u .

On tune basis of tune preceding a rguments, ti -ne Wiener fil ter for unvoiced speecin will be am-
proximated by a high-pass l inear-phase digital f i l ter  whose cutoff  f r equency  is 1)elow 1250 l Iz .
For voiced speech , a low-pass l inear-phase dig ital f i l ter  having a cutoff  f r equency  above 2000 l I z

will be used. Tine l ium ear— phas e  requirement is essential since the temporal propert ies  of t i m e

wavefo rms must be preserved in order that a meaningful  correlation operation be obtained.  l ’Iuc -

practical implementation of the optinnunn classifier against ‘u-m ite noise is shown in l - i g. \ I - 2 .
The detailed characteristics of the linear-phase f i l ters  m m cc provided in the (‘onclusions of thui. -,

section on ~~~~~
Implicit in ti-ne realization il lustrated in l-’ig. V [— 2  is the est imation of t I m e  p i tc tn  period m c I  a

voiced waveform so that the additional discrimination inherent in t ime con-nb f i l te r  can l u c -  e x m c l m it cad.
A further simplification in processor complexity can be obtained simply I m v c c i i i  i t t ing t t u m -  comb

UNV OuC E O Fu LT ER - m uHIL~~~~~~~~

VOICED F u Li-ER 

__ __

~~~~~~~~~~~~~~~~~~~~~ 
I> I >IRESHOLD

f..L
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________________________P ~u rc ~ 1
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l ip .  \ 1—2 . Practical realization of opt imum speech m - l : m a s i l u c ’ m ’ .

57

- -  _ _ _ _ _ _ _ _ _



-- - ---‘ — ------ -~~ — ,-- --- ‘ -~~----‘ —- ‘-- - -  — —-.----—- —‘ —‘,
~~~~

n i l te i - a ind n c  - l v i i n g  on the spectral ot ’tho gonnu l i ty  of the two speech types. ilowever , since the
p e l .n c L h iu i t v  c~~ the voi ced—spe echn process is a potentially power fu l  classil’ication discriminant ,
for theoretical completeness, it is wor thwhi le  to develop a practical algorithm to exploit it.
Since this necessitates an es t innate  01’ the  pitch period, a brief exposition of an optimum pitch—
.,‘st in iat ion algonithn> will be presented.

I-: . h ’ I ’l’(’h I I- S I’B\L \T I (hN 
-

\ c l i ceLi  speech was modeled as a periodic i ’aundom process in the sense that R (k) = R ( k  + T)
fo r SOLOd ’ pitch pei’iO( i T. This nneans that almost eve ry sample function in the ensemble is peri-
odic v. i t i n  period 1’. Therefore , the voiced speech signal v(n) can be modeled as

yIn )  = q(n)
fl~0~~~ (Vl-20)

w b m c ~rc q ( h ) , q i 2 ) , ... , q(’l ’) are completely unknown.  Of course , to be faithfu l to the random pro-
cess formulation of voiced speech , the quantities q(k) should be treated as correlated random
variables. I lowever , to keep the est imation problem mathematically tractable, the correlation
properties will be ignored at f i rs t .  The voiced-speech d ata are therefore taken to be

y In)  = v(n) + w (n )  ( V I — Z i )

where w ( n )  represents white Gaussian noise , and y in) is given by Eq. (VI-20). Based on N sam-
ples of these data , the parameters q( 1),  q(2) q(T) and T are to be estimated.

The above formulation of ti m e p itch-estimation problem was formulated and solved by Wise,
Capnio , and l’arks.t° Using the maximum-likelihood estimation rule they minimized the cost
function

N
D(q, T) = ~~ [y in )

n= 1
— N T M -I

= ~ y2 ( n) — 2  ~ y (k  + mT) v(k + mT)
n= 1 k =t  m=0

T 2cl -I
+ 

‘~ ‘ “ v2 (k -+ tnT) . (VI-Z2)
k= 1 m= 0

In order to simplif y tine derivation, it has been assumed ti -nat N MT, M an integer.t From the
periodicity condition v(k + tnT) = q (k ) ~~0~~~, then Eq. (VI-22) reduces to

N T M-I  T

D(q, T) = ~ y2 ( n) — 2  ~j q(k) ~ y(k  4 mT) + M ~ q2 (k) . ( VI -2 3 )

n =I  k = l  m=0 k = i

t The more general case is tedious, and contributes little to the final result.
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Since the basic voiced-speech wavefo rnm q (t )  q(T) has been assumed completel y unknown

(i .e. , the correlation properties have been ignor~edt ), then, for the fixed T, the minimizing
values are obv iously

M - I

~(k)  = ~~ y (k  + m ’l’) . (V 1—24)
m=0

The estimate of the voiced-speech waveform is therefore

~ ( n I  N) 
~

(k) m d T  
( VI -Z5)

where the notation ~‘(n l N) is used to denote the fact that all N measurements y( I ) ,  y ( Z ) ,  . .. , y iN )

are used in develop ing the estimate of the voiced-speech waveform v(n),  n .~~ N. In that sense,
the estimator is unrealizable.t The corresponding minimum value of the likelihood function is

N

D(T) = ~ [y(n) —~~(n I N ) ) 2 (Vl-26a)

n= I

N N
v 2 \~ 2

= , y (n) — , v ( nj N )  . (VI-26b )
n = I  n= 1

Since ~ (n f N) can be interpreted as the output of a comb filter tuned to pitch period T whe n yin)
is the input , then the second term in Eq. (Vl-26b) simply represents the energy at the out put of
this comb filter. Therefore, the optimum estimate of the pitch period can be obtained by con-
structing a bank of comb filters each tuned to a slightly different p itch period, and choosing as
the estimate the pitch corresponding to the comb filter for which the output energy is largest.

It is important to keep in mind the fact that voiced-speech signals are at best quasi-periodic;
hence, there is a definit e limitation on the number of period s ove r which the averaging process
is a meaningful operation. Since values of the pitch frequency generally fall within the range
70 to 300 Hz corresponding to pitch periods 3 to 15 msec long, and since the time required for
a significant alteration in the vocal tract is approximately 20 msec, there can be I to 7 repetitions
of the voiced-speech wave form. Therefore , the number of periods over which the data are av-
eraged is a desi gn parameter that must be chosen to carefully trade off the estimation accuracy
and the quasi-periodic nature of the voiced-speech waveform.

A particularly important practical case corresponds to the assumption that the voiced-speech

waveform is periodic for two successive periods. In this case, from Eqs. (Vl-24) and (VI-25) the
maximum-likelihood estimate of the voiced-speech signal is

~( n I N )  = ‘~~ [yin) + y(n — T) J (V I —27 )

t The more general case is treated by McAulay.11

~ A realizable estimator that uses only the data up to time n is

M — I

~in l n ) = ~~ E y(n — MT)
m=0
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which from Eq. (V1 —2 6) results in the residual error

N N

D(T) = ~~~ [y in)  — ~ (n~ N) ) 2 
r ~~- ~~~ f y ( n )  — y in  — .l’fl

2 
. V I - 2 b )

n~ I f l r l

The estimate of the pit cin period is then tine value of T that minimizes  1)(T). Th is criterion h a s
already been proposed for p itch estinnation by Moore r 12 and i,v Ross et al. ,t3  except that the
squared difference has been approximated by the absolute magnitude diffe rence function in order
to achieve greater dynamic range and computational  speed. l-xperimental  results have shown
that the quality of the pitch estimates is roughly equivalent to that of the cepstral method, and

successful operation has also been demonstrated in strong noise environments. F’ox’ this reason,
it is conjectured that Eqs. ( V[ — 2 4 )  throug h (\‘I~ 26) represent a possible solution to the problem of
robust pitch estimation. To see this, suppose that tine true pitcin period is T~ then, the observed
data are

y (n)  v(n ; T0) + w I n )  ( V I — 2 9 )

where v(n; T0) = q(k)~~0~~~~. The output of the comb f i l ter  tuned to pitch pe r iod T is

M- 1 M - I

~(n; T) 
~j v(n — m T ;T )  4 wIn — m T )  . ( V [ - 3 0 )

m=0 m=0

The noise signal at the output of the comb filter is

M -I
,i(n;T) = w(n  — mT) . (VI-3 1)

rn=0

As long as the correlation time of the noise process is less than the minimum pitch period of
. , 2 , , 2interest, then, tf w(n) has variance a , nj( r 1;T)  will have variance a /M. For the comb filter
tuned to p itch T0, the output signal is

4 q(n ; T~ ) . ( VI - 32)

Therefore , there is an M: I inc rease in SNR as a result of using the comb filter. Applied to the
two-pulse canceler w Eq. (Vt -29) (i.e., the AMDF), a 3-dB improvement in SNR is obtained for
the class of noise processes whose correlatio n times are less than the minimum pitch period of
Interest.

Although ori ginally proposed as a p itch estimation criterio n based on ad hoc considerations ,
the maximum -likelihood theory shows that the average squared difference function is optimum
and robust when the voiced-speech waveform is modeled as a deterministic quasi-periodic wave-
form with pe riod icity extending ove r two periods. The major limitation in using the two-pulse
comb filter (i.e. , the AMD F) is the not-infrequent occurrence of p itch doubling which occurs
whe n the voiced speech is periodic for at least four pitch periods. At the expense of increasi ng

- m the length of the speech buffer , an M-.pu lse comb filter , M ~ 3 , can be used to reduce the rate
at which pitch doubling errors occur.

t,0
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A furth er enhancement in the pitch est imate can be obtained by us ing t h e  I c c ~ ’, — t m - s m -  v 

speech filter to increase tine pitch est imator SNR .  This col’r es lnonds tm,  c - x ! l u c i i a t j l n m u  of t i m - ~~I u c I u m I

correlation proicerti l ’s of voiced speech . I ’h c’  app n ’OX ifl ’natd ’ matched f i l ter  e c c i u t i ~~ m u i : u 1  n c - c  of i l u -
pitch detector is shown in Fig. VI-3.

I- ’. Til l- : OI ’TIMU M CLASSIFIER AGAINST COLORED N (~)I SI-

There are several examples in which speecin in nonwhite acoustic- background noise can I c e

effectively classified using the algorithm that was defined to be opt imum against white noise .
In particular, whenever the SNR is hig in , the white-noiiTc classif ier  will yield acceptable m c c n ’ t c u u ’ _

mance. There are son-n e cases, particularly if the SNR is low and ti -n e noise is inighl y c o n ’ r e l ; c t c - u l ,
whe re signi,ficant improvements can be achieved by taking tine spectral characteristics of tine
noise into account. In this section, ti-ne s tructure of the optimum classifier will be derived for
the colored-noise case and then reasonable practical approximations will be deduced in order t i c
simplif y the complexity of the signal processor.

For this classification problem, the data corresponding to hypothesis I h ~ are

yin)  = s~(n) + w (n) + w( n ) i = 1, 2 , 3 ( \  I — A t )

where w
~ (n) denotes the colored noise present on all three hypotheses. Note t inat a white-noise

component win) is also incorporated into the model to avoid mathematical problems relating to
singular solutions, The standard approach to this problem is to precede all the processing liv
a whitening filter and then apply tine white-noise solution. This was  ti -ne approach taken b~’
McAulay,t t  which , although mathematically correct, encounters practical di f f icul t ies  because
the whitening filter essentially pre-emphasizes the speech data. As has alreaci y been d i su -u s s c - m l ,

this can cause the higher formants of voiced speech to acquire the same attributes as unvoiced

4 speech, which makes classification difficult. McAulay and Yates 14 derived an e st inna ton’-

correlator classifier that does not require a whitening prefilter .  Drawing on th em ’ r esults m c m m u l

those developed in Sec. C above , two sufficient statistics are computed , nann el y:
I

z(n)  
~~

(n ) i = 2 , 3 i \ ’l -  ~-l)

c - I
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u - i c

b i n — k )  ~~k I  = I~~- l - 3 5 )

i s t he  lj r i c , n t  I c a s t — s i t u m c i c  1 c i i c r  u u r u r - - - c l t z m u l c k  c s t i r u m u n t  - s u n )  based ( c i i  t i l E -  data y i n )  = s
~

(n ) 4

w ) -F us ( i n ) ,  ar i d u~ I u  

/ 111 ) ~ b i n  — k) y i k )  ( V 1 - 3 b)
-

is t u e  i - c - s u u l t  c u f  pass L i n e  \ r u )  t hn rc cugli tl~ ’ hitter- — i’ L j ( c t t -  - i n  f i l t e r  ic~~I n ) .  it has been implicitly
cl t ina t  t h e  - 

~~i 5 c  c h mei n c i  m u -  i S c  - p i’~~c e ’ -u ses are ir sh - p c-n i den t  and quasi—stationary. The trains—
fe-i- functi ins t I u c ~ f i l t e r s  me ‘c 14

( ; n i )
11 (f)  = 

~~~~~ (~~ ( f )  ~~~~~~~~~ i = 2, 3 ( VI-37)

(;  ~I f )  N /~~hl u f )  = I - -  

fj
t~~~~ _ r , = (VI-38)

u e l c e r e  G u f ) , (~~, I t ) , and 0 3
(f)  represent tine power spectra for the colored—noise, unvoiced—

s p e e c h , aend v c c i c E ’d -Speecin  prcccesses, respectively. The second term in Eq. (VI—38)  is pre—
ei~ c l v  t i u c -  l inear least—squares un realizable estimator of w

~~
(n) based on the signal w

~
(n) + w(n).

I Iuerefccre , the clut ter  fi l ter attempts to remccve the colored noise from the dat a before perform-
ing the cccrre lat ion operation. The optimum classif ier  s tructure is shown in Fig. VI-4. The
classif icat ion rule is sim ilar to that derived for white noise , Eq. ( V I —9) ,  except that the suffi-
cient statistics are now I and I instead of I and Iz2 z 3 y2 y 3

r -JNVOCE- ~1 Tii~~j uiir ~~

- 

~~~~~~~~

z

~~~~~~~~~

;un

~~~~~~~~~~~~~~~ 4 

t j i , LTh~~~~~

H

-~O
p~~~O

Fig. VI-4. Optimum speech classifier against colored noise.

G. PRACTICAL IMPLEMENTATIO N OF’ Til I-: ESTIM AT OR-CORRELATOR
SPEECH CLASSIFIER

The argum ent s for simplit y ing the processing of voiced and unvoiced speech proceed along
the same lines as those made for the white-noise case. In particular , if knowled ge of pitch is

-2
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available, t ine  spectral harmonics  of voiced sp c- e eh  a r c  matched  1iy u s ing a cc i n n t ,  f il ter’  in e n s —

e ach’ with tin e \~ ionic r f i l ter  desi gne d u r n  t ine basis of tine spectral envelope. TIn e  r e h crc - , h ue-

v c c i c e d — s ~ ce e c I n  u - s t  i u n m n t c c r  f i l te r  is

- 
O f f)  

-I ( ,~, ut ’) = ( (I ;T) G l f ) G ( f ~~~~~~7~ 
I \ 1—3 9 )

~c I uc-n’ e C i f ;T) is tine cucmb filter tuned to tine n n c i s t — r ’ e c - e r n t  p i t ch  - s i n n u m u t e  ‘F. 1- - i  U ( m V (  iCc (i si ieeu Ic ,

tine estimator filter is~

0 I f )
i L

~1
( I )  = 

~~~ f) ‘ 
I \ I - - l u ;

iae -kirng knowledge - u f  t in e exact form of 
~~v 10 aind 0 ( f ) . a gccod l u s t  a p p r c - x i n u m u t i c  m u  i~ I - U S C  t i n t -

line a r — p hase low—pass  cu t o ff  abcive 2000 lIz) and i n i g i n — h c a s s  (cu tof f  below 1250 Hz) f i l t e r s  I n c  t m

voiced— annd unv oiced—speech channels as was don-ne in tine whn ite—n n cnis e case, TIns L n u s u r - s  t l u

spectral orthogonality of the two speech chainnel s and enhances the s p e e c h — t o — i n n n i s e  n a t O -  \~ l u (

ever t u e  noise spectrum lies outside tine f i l ter passbands. 1- or cc c l c c i ’ e m l  i u c u L s c - , I i c  Vu e v en , it 15

possible tlnat all tin e noise energy will lie wi th in  the fi l ter  passbands, inn w l n i c i n  cm n s e  no s;c - c - P

enhancement will occur if only the fixed filters are used. Sonnehow, additional processing tuned

to reject tine clutter will have to precede the fixed filters in ti-ne speecln ch annels. Tee dI V L l c u ; u  mc

clue as to the form of the clutter processor , it is necessary to re-examine i- qs. u \  ~ t u c )  and

(\‘I—4 0).  Letting G2 (f) G u W and G 3 (f) G
V

(i’), thnen tine unvo iced— and vo i c e d—s p ee c - lu  \\ L e n d ’

t’ilters can be written as

0-  (f )

G~ ( f )  -4- 0 (f) ‘ 
( V l — 4 1 )

Realization of these f i l ters requires that the speecin and noise spectra be knownn .  Since t i n e  i n

statistics can be measured during the silent intervals , it is reasonable to assume that  the u l t u t t c n

spectrum is known. Unfortunately,  a priori estimates of t i-ne speech spec t r a  m i r e ’ not ava i lab le -

unless long—term averages are determined from training sets. \ \ - I n enn  detailed knowledge of the

frequency distribution of the speecbn is unavailable, a conservative approach is to mm dcl the

speech as white noise thereby m aying a flat spectrunn. Lettinng

G~(f) = i = 2 , 3 ( V 1 — 4 2 )

and substituting this into Eq. (VI-4 1) results in the filters

= G (f) + 
~~~ 

i = 2 , 3 . ;V I-4 3)

Since H~(f) 0 whenever Gc ( f) >> c i . , and 11 (f ) 1 whenever 0 (f) << a . , Eq . (V [ - 4 3) can lie i m u t e n ’ -

preted as a notch filter tuned to reject fl mostU of t ine clutter energy. \\ l ien t ine spe e c i r -t o -nncc i s e

ratio is large, little clutter rejection is needed and en should be lai’ge , since tin is results  inn a

passband filter. ~V } n c - n i  the speech-to-noise ratio is small, tinen tine c lut ter  nnust  be rejected

whatever the cost in speech distortion , whicin necessitate s a small value for cc 
~
. It f c c l l ( u a s ,

therefore , that t ine parameter  a sinould be proportional to tine speec in— te— nn oi se  ratio. Si n n e E- t I n e -

t The effects of the ar t i f ic ia l  w ini te— n oi se-  tern -n have been nneg lected at this p c c i i n t , 501cc t lcet ’e  is
no problem with sing ular solutions.

I -  I
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c h r i t t c - r  isna-er is known from the silent intervals , estimates of the speech-to-noise ratio can be
m a d e -  f rom the data frame being analyzed. In this  mode, t ine  distinction between voiced and un-
voiced speech disappears and only a single parameter value and clutter f i lter  need be determined.
Inn t in i s  sense , the clutter filter represents an adaptive pref i l te r  winose output , in a conservative
sennse , n ’epresents tine best available estimate of the speecin waveform .

‘Fine results of this discussion are summarized in i - i g . \ h I _ 5  which  shows the practical real —
ization of the optimum classifier operat ing against a colored-noise background. Except for the
clutter filter’s in tine reference and speech channels , tIne p r e cc e ss ing  is identical to that used in
the whi te-no ise  case. Since selection of the tun in g  p a r am e n e r ~. ° c and a depends on the noise
- u t a t u s t i c s , f u r the r  discussion regarding the i r  se l ec tuo n  w i h I  he defer red  to Sec . H below.

iC~~~~~
E
~~~~~~~~~1 ~~~ 2

F I LIE B 
~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~TUNED Bi~~,J - -

~~~~ - — -

I - I 
,,
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N 
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12 50Hz I -C uiJIT E R - N O T C H
FuL lE R

TUNED BY

COM B
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COMB - Fu LTER-
BANK P I T C H
E S T I M A T O R

Fig. VI-5. Practical realization of optimum speech classifier
against colored noise.

ii

The only problem that remains to be discussed is the calculation of the clutter-filter im-
pulse response from Eq. (VI-43). The most straightforward approach is to solve the Wiener-
Uopf equation

~ a~~[R 1~(k _ j) + aô (k — j ) ] =  aô ( j )  ~~~m < j <  . (VI-44)
k=-’o

If the impulse response is truncated at ip, the 2 p + I coefficients ak can be found by solving
Eq. (VI-44) numerically using the Levinson Recursion. Another approach is to fit an all-pole
spectrum to + a using Linear Prediction techniques and use the spectral coefficients to
determine the clutter filter. For this method, the LPC spectral estimate of G

~~
(f )  + a can be

obtained by solving

p

~ 
a~~[R ~ (k — j )  4 a ä( k — j ) J =  R~ (j ) 1.~~j~~~p . (VI-45)

k= I 

- 
- - 

~
-- - - -

~~ ~~~~~~~~~~~~~~~~~~~~~~~~



This equation can be solved efficiently using the Levinson Recursion and results in a p-pole fit

to the clutter spectrum. The estimated spectrum is

—
‘S.--” 

-

_______G
~~

(z) 4 a = A(z) A *(z) ( V t — 4 6 )

where

p
A (z) = I — ~ ak z (V I— 47)

k= I

which corresponds to the Inverse Filter in the usual LPC analysis. Substituting Eq. (VI-46) into

‘ Eq. (VI-43) results in the Wiener filter

H(z ) = .
~~ A (z) A’T(z) (V I—4 b)

Letting yIn ) denote the input sequence and ~ (n) the output sequence , then

S(z) = A(z) A’n’(z) Y(z )

= ‘~~- A(z) X(z) (V I— 49 )

where

X(z) = A*(z) Y(z ) . (V I-50)

Since the LPC coefficients ~ak} are real

p
A*(z) = I — ak z (VI-51)

k= I

and

p
x(n) = y(n) — 

~~ 
a~y(n + k) (VI-52)

p

~(n) ‘~~ [x(n) — 
~ 

akx(n — k ) J  . (V I - 5 3 )

k= 1

Therefore, the unrealizable Wiener filter can be implemented by the cascade combination of an

inverse filter that operates on p samples of future data and an inverse filter that operates on p

samples of past data. A p-sample buffer must therefore be available to provide for the future

data. The advantage of this approach is that the length of the impulse response is completely

determined on the basis of the number of poles required to fit the clutter spectrum.

H. EXPER IMENTAL RESULTS

The signal-processing concepts developed in the previous sections were evaluated experi-

mentafly using speech data that were corrupted by Airborne Command Post (AC I’) noise. Nur t

only does this provide a good pedagogical tool for illustrating the filtering ideas, but it represents
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an n important real-world speech-encoding environment which is not adequatel y sol ved usin g state-
of-the-art vocoder technology .

The noisy-speech data were sam pled every 132 ~sec (7575 Hz), and 158 samples were col-
lected to define a 20-msec frame. Figure VI -6(a) illustrates a 20—msec sample function of
ACI’ noise; Fig. VI-6 ( f)  is a plot of the magnitude of its Fourier transform measured in decibels.
The correlation function of the mt1T f rame (i.e. , the current  frame) of noise data was computed
from

N-I -k
Ry (k; m) 

n=0 
x(n) x (n + k) k = 0, ~ • m = 1. 2, .. . (VI- 54)

where x ln)  is the Hamming weighted version of the input data y In) .  A first-order smoothed ccc-
relation function was then computed from

i~ (k; m) = 
— [R (k ;m) + ~~~~(k;m — I ) )  . (Vl -55)c 

~~~~~~~ 
y

In general, the weighting constant ‘y should be chosen to reflect the quasi-stationarity of the
noise random process. For ACP noise, ~‘ = 0.95 was chosen arbitrarily and seemed to produce
good results.

From Eq. (VI -38), the clutter filter in the reference channel was given by

a (m)
H ( Z ~m) = G~~

(z) -f a (m) (VI - 56)

The impulse response was found using Linear Prediction techniques as described in the previous
section. This necessitates solving the Wiener-Hop E p redict ion equation

k 1  
ak [~~0 (k — j ;m) + a~~

(m) ô(k — j )] = ~~~( j;m) I ~ j~~ p (VI-5 7)

using the long-term averaged correlation fu nction computed at the last frame (i.e. , the m th frame).
A whole class of clutter filters can be obtained simply by varying the parameter a

~~
(rn) . Typical

transfer functions from this class are shown in Fig. Vl-6(g) for three values of 0 c~ 
It was found

that the clutter filter defined for the value a
~~

(m) = ~~~
(0;m) worked well for ACT’ noise. For

other noise types, other values would probably be more appropriate. A little experimentation
is therefore required to tune the clutter filter to different noise processes.

The unvoiced- and voiced-speech channels are preceded by another clutter-rejection filter
given by Eq. (VI-43), namely,

a (m)
H (z;m) G ( ) ~+ ~~~ 

(V I-58)

where is chosen to be proportional to the speech-to-noise ratio measured for the current
frame of data (i.e. , the mtl1 frame). Since R~ (0;xn ) represents a measure of the speech-plus-
noise ener~~’ for the current frame of data, and since 

~ c(O;m) represents a measure of the long-
term averaged noise energy, then a reasonable estimate for the speech-to-noise energy is

~(m) = R
y

(o;m) — l
~c

( Om )  . ( Vt— 59)
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It is possible that the energy in any one 20-msec sample function will be less than the average

clutter energy, especially if that sample function contains noise alone or noise plus unvoiced
speech. Tinerefore , provision must be made to bound the clutter-notch parameter a~ away from
zero. A reasonable scheme is to pick

a (rn ) = max [~~(m ) , a (m)] (V I-60)

w hich guarantees that the speech-clutter-filter notch will never be deeper than ti n at  in the refer-
ence channel. As before , the impulse response was found using the Linear l’rediction power
spectrum which was obtained by solving the Wiener-Hopf predictor equation (VI -57 ) using u z~~

instead of a c.
The output of the speech clutter f i l ter  was then used as the input to the high- and low-pass

filters characterizing the unvoiced- and voiced—speech processing channels , respectively. The
filters were both 21-tap linear-phase digital filters designed using the Parks—McClellan algo-

rithm.~~’ The impulse responses and frequency characteristics are specified in the Conclusions

of this section on p. 73 . No attempt was made to optimize the filter design. The outputs of the
reference-channel clutter filter z(n) and the unvoiced- and voiced—speech fil ters ~ ( n ), ~ (n) are

shown in Figs. V 1-6(b) through (d). According to Eq. (VI-34), the output s of the speech filters
were then correlated with the output of the reference-channel clutter filter to form the detection

statistics:

N

11(m) = ~ z(n) ti(n) (V l— 6I a )

n= I

N

12 (m) = ~ z(n) ~ (n) (VI—6 1b)

n=I

13(m ) = i
~~

( m) _ I
~~

(m) . (V I—6 Ic )

It should be noted that the comb filter has been left out of the voiced-speech processing channel .
This decision was made to show that good classifier performance could be obtained without hav-

ing to make a pitch estimate whic h simplifies the classifier processing, which is necessary for
some applications.

The detection thresholds were obtained by driving the system with ACP noise for 15 data
frames (0.3 sec). This is the only training cycle required by the processor, and should be rel-

atively easy to meet in practice because there is always a speech-free interval before a talker

actually speaks into the encoding device after having turned the machine on. Averaged detection

statistics for the training noise are computed from

71(m) = [
~~ ~(m) + .yT~(r n — I )) i = 1, 2 , 3 (VI -6Z)

with y = 0.95 as before. The detection thresholds were then chosen to be

X~
(m) = 1.51 1(m) = 1, 2

X 3(m) = 11(m) —12 (m) (V t — 6 3)
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which  allows for moderate statistical fluctuations. After the first 15 data frames of noise luavu -

been Processed (m = iS) and the initial threshold setting computed , the classification process
is initiated. The next frame of data is processed and the detection statistics !.(m 4 1) are Cr101 -
puted. If 11(m + I )  < A 1(m) , and 12 (m + 1) < A 2 (m), then the data are classified as silencc- and
the clutter correlation function (V l— 5 5)  and the detection thresholds (V1 -62) and ( V 1— 6 3 )  a l e  up-
da ted. If i 1( m + 1) > A 1(m) . or 12 ( m + 1) > A 2 (m)~ then speecin is declared present and I 5 - l t ) r C n
tine clutter correlation function nor the detection thresholds is changed. No updating is done
until the next f r ame  of silence is detected. This procedure allows the classifier to track nnoi se

processes whose statistics vary slowly with time. Such a classifier s t ruc ture  is often n ’eierr ed
to as a decision—directed detector since it tells itself when to alter its s tructure.  It b e c I u n I u - u -

evident , therefore, that tine detection thresholds should be set m a  even at the expense a h igh
false-alarm rate (declaring noise as speech is a false alarm). It would be a more serious erro r
if the classifier declared speech as noise since, then, all the clutter f i l ters  and detection thresh-
olds woul d be tuned to reject speech. Fortunately, this malign event rarely o c c u r r e d  for A( I ’
noise , and when it did the noise always completely overpowered the speech so that little change
in the filter structures occurred.

The effects of the three filtering channels on the three speech types wil l be examined for
some typ ical cases to develop a feeling for the classifier operation. Figure V I - ( - ( a )  is a p lot f
a 20-msec-input sample function of ACP noise; Fig. V I—6(f )  is the corresponding shor t - te rm
power spectrum. Figure Vl-6 (g) is a plot of the adaptive clutter-filter t ransfer  function in t i i -

reference channel (the adaptive prefilter). For ACP noise input , it has adapted in such a ~r

as to make a — l O - d E  null at the clutter frequencies. Figures VI-6(b) through (d) show tine re-
spective output s of the reference channel, the high-pass filtered unvoiced-speech channel , and
the low-pass filtered voiced-speech channel.

As was described in the previous section, the out put of the speech-channel clut ter  f i l t e r
represents a minimum mean-squared-error estimate of the input speech. Figure V 1-6(e) shows
a plot of the prefilter output in response to AC? noise at the input . Of course , with high p rob-
ability the classifier will classify the frame as silence; hence, one has the option of setting tine
prefilter output to zero , which removes the residual noise completely.

Although the comb-filter discriminator was not used in the classifier , it remains of interest
to evaluate the robustness of the maximum-likelihood pitch estimator in ACP noise. This was
done by applying the output of the low-pass filter (n) to a bank of two-pulse comb filters cove r-
ing the range from 70 to 300 Hz. Figure Vl-6(h) Is a plot of the energy at the output of the comb
filters as a function of the pitch period for the ACP noise sample.

The same sequence of data is plotted in Figs. VI-7(a) throug h (h) and V 1-8(a) through (h) for
20-msec frames of unvoiced and voiced speech , respectively. Figures VI -7(a)  and (f) show t inat
the unvoiced-speech-to-noise ratio is less then 0 dB (it is roughly — 3  dB), yet Fig. VI-7(e) shows
that the prefilter has removed a significant portion of the clutter waveform while allowing tine
unvoiced-speech wavefo rm to pass relatively undisturbed. Figures VI -8(a) and (f) show that tin c
voiced-speech-to-noise ratio is quite large (it is roughly 9 dB). Figure VI—8(g)  shows tinat  the

prefilter t ransfer  function is adjusted to allow most of the speech to pass , even thoug h its spec-
trum overlaps that of the AC? noise. This shows the advantage of the adaptive prefilter.  Had

a fixed clutter filter been used , the voiced-speech wave form would have been distorted unnec-
essarily. Figure VI-8(h) shows that the pitch estimate is perturbed very little by the presence
of ACP noise. In general, the only significant p itch errors found were the effects of pitc in
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Fig. VI-7(g) . Prefilter frequency response. Fig. VI-7(h).  Comb-filter response.

70

-
_____________  

______________ __________________________________ ____________
_ _ _ _ _ _ _ _ _ _  — 

:~~~~
- - :



— - 

- -,- - ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ — :--- ‘-- -
~~~~~

-

-

_ _  

-

TIME —~~~ T I M E  —~~

Fig. V I— 8(a) .  Voiced-speecin Fig. ~‘1-8( b) . Refe r ence channel  ou tpu t .
sample function.

!Ii-2- Ii~~~ - - - 
t-~~ 1 534O

H r ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~

T I ME —*- T I M E  —~~

Fig. V 1-8(c). U nvoiced-speech Fig. VI-8(d).  Voiced-speech cinanne l output .
channel output.

0 -  - -
- F, 757& Hz -

H ~~~~~ 
::. F, ?

T I M E  —.- FREQUENCF

Fig. Vl-8(e) . Prefilter output. Fig. VI-8( f) . Voiced-speech
power spectrum.

I I i - 2 - I 3 3 4 ~~[

_ _ _ _ _ _ _ _ _  _ _ _ _ _ _  

JIJ~2~I33

flPITCH ESTIMATE

- 2 0  _____________________ I i i  _ _ _ _

0 F,/2 0 T,,1~ Tmo,

FREQ UENCY PITCH PERIOD

Fig. V 1- 8 (g ) .  I’refilter frequency response. F ig. VI-8(h }. Comb-filter response.

71 

-~~~~~~~ -~~~~~~~~~-~~~~- - - --~~~- 



- - _

TABLE V I— )

CLASSIFIER PERFORMA NJCE STAT ISTICS

~~~~~~~~~~~Estimoted

T rue ~~~~~~~~~~~~~ Silence Unvoiced Voiced

Silence 405 14 24

Unvoiced 4 43 2

Voiced 5 170

Un voiced-Voiced 0 0 6

F, 1 7 576 Hz ) s - 2 - I 3 3 4 5  I 7576 Hz

~ ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ 
J

0 F,/2 0

FREQUENCY FREQUENCY

Fig. VI-9.  Unvoiced-speech prefilter Fig. VT-b . Voiced-speech prefilter
output spectra. output spectra.
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doubling which occurred interm ittentl y near the ends of a voiced sound . Fi gure V 1-8 (e)  shows
how the prefilter attempts to repro duce the voiced-speech waveform .

Having established the basic cha racteris tics of the classifier , our next step is to evaluate
the frame-to -frame performance when an ACP noise-corrupted utterance is app lied to the input .
Classification errors were obtaine d by determining the true speech type by visually examining
the waveform , power spectrum , and comb-filter energy contour for each 20-msec samp le func-
tion. Statistics were accumulated for a total of three utterances spoken by three male speakers
in different ACP noise environments. The results , from which the false-alarm probability (de-
clare speech give n silence) is estimated to be 9.4 perce nt , are tabulated in Table V I - I .  The
mis s probability (declare silence given speech) is 2.3 percent. The misses mainl y occurr ed
for unvoiced speech that had been completely overpowered by the noise (— — 1 0-d H sper- ch-t o-
noise ratio). Erroneous classifications ( voiced — unvoiced) occurred at the rate of 3 percent.
\~ henever a fram e represented a mixture of voiced and unvoiced speech , the classifier always
chose in favor of voiced speech. This event could be reduced si gnifican tly by reducing the frame
period (10 vs 20 msec). Although these statistics have been gathered for a relatively small en-
semble , the general impression is that the performance is quite good.

Another aspect of the experime ntal program was the recovery and synthesis of noise-
corrupted speech using Linear Prediction techni ques. The voiced-unvoiced decisions and the

pitch estimates were derived using the methods described here. The Ll’C filter coefficients
were estimated from the prefi lter output waveform. For tine case of noise-corrupted unvoiced
speech . Fig. VI -7(a) for exam ple, the prefilter output is shown in I- ig. V l -7 (e ) .  Its short-term
power spectrum is shown in Fig. VI-9 which , when compared with that for the input unvoiced

speecin plus ACP noise — Fig. VI -7 (f) . clearl y demonstrates the action of the adaptive prefilter
in eliminating the clutter. The LPC power-spectrum estimate is also plotted in Fig. VI-9 and
shows that the synthetic speech is likel y to reproduce the original unvoiced speech. Of course ,
the ACP noise will cause the spectral estimate to be somewhat distorted , but the perception of
the additive AC? noise will have disappeared. It is for this reason that the synthetic speech is
perceived to be “ noise-free. ”

Similar result s are obtained for the voiced-speech samp le function shown in Fig. VI - 8 (a ) .

The short-term power spectrum of the prefilter output , Fig. Vl-8(e), is plotted in Fig. VI - t0
and should be compared with the voiced speech plus noise power spectrum shown in Fig. VI -8 (f) .
The corresponding LPC spectrum shown in Fig. VI- lO shows the distortio n in the first format

due to the presence of the AC? noise.
LPC synthetic speech was generated for a number of utterances recorded in ACP noise.

Compared with LPC speech in which no adaptive prefiltering was emp loyed , an improvement in

intelligibility was obtained.

I. CONCLUSIONS

Usi ng statistical decision theory , a new speech-classification algorit hm has been developed

In the form of an estimat or- .cor relator receiver. The structure is robust in the sense that it

can adapt to time-vary ing noise fields in which the SNR can be quite low (less than 10 dB). For

noiseless speech , the classifier simply involves two fixed filters and requires no pitch estima-

tion or linear-pred Iction-anal ysis parameters. For noisy speech, clutter filters must be added

to the speech and reference channels. The reference clutte r filter is developed on the basis of

an initial 0.3-sec samp le of noise data , while the other adapts to the speech-p lus-noise statistics
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TABLE V I—2

VOICED- AND UNVOICED-FILTER IMPULSE RESPONSES

Impu l se
R esponse Unvoiced Filter Voiced Filter

h ( l j  — 0 . 2 ) 5 I 1 0 6 7E-OI —0.38655568E-02

h(2)  ~
- O.5593974 lE— 02 —0.32053679E—0 1

h(3) 0.21661893E—O1 0.23418449E—01

h~4) 
- 

0.39310634E-O1 0.13665602E-01

h( 5) 0,45899481E-01 —O.42199165E-01

h(6) 0.29383000E—01 O.73566064E-02

h(7) —0.1533)455E—01 0.66053927E-01

h(8) —0.82I91288E—0I —0.65457523E — 0 1

h(9) —0. 1 5448785E+O0 —0. 84543467E-01

bo O) —0.210353911÷00 0. 30347985E÷00

ho 1 0. 768698511÷00 0.59) 47525E+00
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calculated for each frame. I.f a fram e is classified as noise , the r eterenc e-ctianz ~~l filter is up-
dated so that time-vary ing noise statistics can be tracked.

The output of the speech-channel clutter filter represents an improved estimate of the input
speech in the sense that much of the additi ve noise has been canceled from the signal .  i tv ap~-Iv -
ing Linear Prediction techn iques to this waveform , more intelligible synthe tic spCPch e ari be
obtained.

A relativel y thorough (non-real-time) evaluation of the classifier and ad aptive pref ilt er a ; . -~
conducted for ACP noise , and surprisingl y good results were obtained. Based on a limited n u flI -
ber of listening tests , the LP C synthetic speech using the prefilter out put was found to Ire mor e
intelligible than the LPC synthesis of the original noisy speech.

No attempt was mad e to optimize the design of the fixed-voiced (low-pass) and unvoiced
(higin-pas s) filters. The unvoiced- and voiced-speech Wiener filters were approximated by
Zi- tap l inear—phase high- and low-pass f i l ters designed using the l’arks-McCleilan algorithm .
Impulse responses used in the experimental program are given in Table Vl-2 [h(n)  h(— n) J .
The magnitude of the frequency responses is shown in Figs. \‘I-li  and VI -12 .  A better approach
woul d be to obtain long-term statistics for voiced and unvoiced speech and p ick the filter length
and passband edges to more closely represent the average spectral properties. Another useful
study would be to investigate the possibility of using recursive filters with phase compensation
to further  simplify the processing.

Alt hough a first-order attempt was made to improve the design of the clutter filters , other
methods are undoubtedl y possible. Additional insights are also needed in the selection of tine
clutter-filter design parameter ; in this rep ort , trial and error were used to make the selection.

Of course , the real test of any speech-processing algorithm is obtained in a real-time en-
vironment. This is the focus of the curren t effort.
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V I I .  T A N L E M I N G  AND IMPROVEMENT OF lEIGH-RATE CODERS

In ves t ig a t ions  of improved wideband speech digitizers (CVSD and APC ) and improved tandem

arrangements  (CV SD-CVSl) , LPC-CVSE)) required the design of two dis t inc t  sof tware  systems

on the Group 24 1 n iv ac -F l)P  f a c i l i t y .

For compar ison  of s tandard CV Si)  and modified CVSI) a lgori thms , a design program was

written for the FliP. This design program allowed two independent CV.SD encoders to run on

the same audio input samp les with  the parameters of one of the encoders easily modif ied .  Both

enc oders drove a routine which  computed an average mean-square error between the input  and

recons t ructed  speech waveforms . En this way, parameter  changes in the CVSD a lgor ithm could

be r s-aluated by comparing the resulting mean-squared speech error wi th  a “ s tandard” CVSI )

a lgor i thm error for a given audio input.  The output reconstructed speech from both modi f ied

and unmodified algorithms could be played out of the FDP digital-to-analog ID/A) converter- fox-

real-time listening to the two outputs. Finally, the input waveform and both reconstructed

waveforms could also be displayed for comparison and quant i ta t ive  evaluation . Another program

was writ ten to deal with the wideband tandeming situation.  This program could tandem up to

four CVSD encoders with high-order elliptic low-pass filters between encoders to smooth inter-

media te  waveforms and destroy synchrony between encoders. This was an accurate s imulat ion

of tandemed real-world (‘VSD units. In use , the firs t program described was used to converge

to an “ optimum ” set of parameters (i .e . , two time constants , and upper and lower slope changes I ,
- then the second program was used to evaluate the “ optimum ” encoder in a tandem environment.

CVSD parameter adjustment at 16 kbps was studied using this FDP-Univac facility. An

audio tape was generated for several conditions of slope clamping and slope t ime constant as

well as four times tandem. The fol lowing poin ts can be made to summarize the study and the

tape. First , there appear to be no “ optimum ” settings for the hi gh- and low-slope clamps and

the slope time constant , in the sense that large variations in these parameters (for examp le ,

10:1 in the case of time constant) effect the output speech just perceptibly, and probably do not

effect  intelligibili ty at all. The upper clamp level interacts with the time constant to the degree

that recovery to wide-dynamic-range changes is effected by a large time constant and a large

upper clamp. Again , this is noticeable only with large changes in parameters. Probabl y the

most noticeable effect of parameter changing occurs with the lower clamp, although intell igi-

bi li ty is degraded only in tandem use. With the upper clamp set at some reasonable value , and

a time constant set at 10 msec, the lower value can be varied from 0 (no lower clamp) to some-

thing like 40 dB below the upper clamp, with no severe change in the output speech. What does

change is the noise in speech silences. With a lower clamp of zero, all input noise is encoded

producing noise output from the receiver. When the lower clamp is moved up, the noise in

silences is suppressed at a reduction in dynamic range. From the point of view of tandem op-

eration, a lower clamp close to zero allows for minimum loss of’ speech sounds (minimum loss

of dynamic range) at a cost of som e noise in silent Intervals. This study indicates that  CVSI)

and similar devices produce a speech SNR reasonably close to what this clas s of devices is

capable of producing.

- The second distinct software system was designed to investigate tandem interactions be-

tween wideband and narrowband terminals.  The system allows for the storage of a raw d ig i t i zed

speech signal on the Univac drum . The waveform can then be played out to a speech coder , and

the coder output can also be stored on the drum. In its turn , the coder output can be play ed out
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to a second coder , wi th  t h i s  final output  also stored on the [ niva c  drum.  In th i s  manner , a

tandeming s i tua t ion  (-an he set up in a reproducible fashion w i t h  a fr x e d - s p e e ch  u t t e r an ce  as a

probe. The software and hardware systems as set up allow wavef orr c -s t i ,  hr displayed in flex-

ible  fo r ’mats , and any of t i re  node ou tpu t s  to be heard out of the D/A con ‘- , - t , - r .  This  s v- t h - r n  was
used p r i m a r i l y  to i nves t i ga t e  I. l’C output waveforms into C~. SI) coder ~~. T h i s  tandem combina-
tion was indicated by T & E  results  to be a par t icular ly  severe one. To reduce the peakv I .l ’(

output waveform and , in turn , reduce the CVSD slope overload dis tor t ion , the LI’( waveform
was synthesized w i t h  a mo d i f i ed  LPC f i l te r .  The modi f ied  f i l t e r  was obtained by s h i f t i n g  all the
f i l t e r  poles closer to the uni t  c i r c l e  in the sampled data z—p l an e .  ‘l i r i s  was done wi th  a s imp le

filter scaling in the iteration , and has the effect of narrowing the b andwidt in  of all the poles. The
technique was of l i m i t e d  value  and introduced severe s t a b i l i t y  problems which  could not be
solved except w i th  increased computat ional  complexi ty .  Stud y of several all-pass phase-
dispersion f i l ters  led to modest improvement in overall tandem performance , from a waveform

point of view , but seemed to make  l i t t le  difference in l is tening tests . Finally,  a class of dis- -

persive fi l ters  derived from the radar “FM chi rp ” concept appeared to yield some improvement
in paired listening comparisons of LPC-CVSD tandem situations, with and wi thout  the dispersion

fi l ters .
Design of a (digital) chirp f i l ter  can be understood by fi rs t examining the mathematical  ex-

pression for an analog chirp;

h ( t )  = ~~~~~ t 2 ( VI I - 1)

where t is t ime , V, is the ch i rp  bandwidth , and T is the duration of the chirp. To show that

IA is really the bandwidth , note that cx = irWt 2/T is the instantaneous phase, and therefore the
instantaneous frequency

f = = . ( V I I — 2 )

Thus , when I T, the frequency has chirped all the way up to W. Intuition tells us that the

signal h(t )  should have a spectrum that extends from about —W to +W , but this doesn ’t tell us

enough about the spectral details.
Digital chirp fi l ters are not quite as well known, although there has been some discussion

of their properties in a radar context.t A simple way to translate Eq. ( V u - I )  into a digital signal
is to let t = nT5 (where T5 is the sampl ing in terval ) and T = MT5 where M is the number of

samples in the signal; then

trW 2 2 ir (WT ) n 2

s(n) = h(nT5
) = sin~~ -~ — n T5 = sin —~ —---— ( V I I - 3 )

with the product WT5 defined as the “chirp constant.” Our firs t task therefore is to choose (WT
5

)

and M for best results. For speech , W should be about 3.5 kHz , so that the chirp sweeps out

the pertinent audio band. M is the parameter we have to play with;  a small M will yield a very

non-flat spectral response and distort the speech spectrum, while a large M tends to he expen-

sive to implement.

t L. R. Rabiner and B. Gold , Theory and Applicat ion of Digital Signal Processing (Prentice-Hall ,
Englewood Cliffs , New Jersey, 1975).
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F i g . Vl l - I .  Amp litude and phase character is t ics  of 34-tap chirp.

Figure VII- ! presents a compromise chirp f i l te r  in magnitude and phase. Tine magnitude

function is presented from 0 to lr , which represents the range up to half the sampl ing  f requency.

The chirp constant (WT 5) of 0.5 represents a chirp right Out to half the sampling frequency.

The l inear-ampli tude scale is down about 3 dB at both high and low ends. The pinase display is

that of the appropriate quadratic function for the chirp,  but i t  is d i f f i c u l t  to see because of the

ni representation. Figure VlI-2 presents the impulse response of a typical chi rp  fi l ter.  For
the given 34-tap filter, the overall delay dispersion from zero frequency up to the ha l f -sampl ing
frequency is about 4.25 msec.

This 34-tap fi l ter  as well as a 46- and a 64-tap version were included in the tandem dem-
onstration of LPC-chirp filter-CVSD delivered to Reston at the end of FY 7T. The demonstra-
tion allowed for comparative listening to LPC-CVSI) tandem with and without the dispersive
filters.

116-2 . 13303 1

Fig. VII — 2 .  I i i t  sample response of typ ical ch i rp  f i l t e r .
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As a result of our tandeming and wideband studies as descr ibed , it appears that  an ongoing
research strategy must be directed toward improved qualit y of botin the narrow and wideband
equ ipmen t s  separately. Any attempts to improve their  in te l— operabi l i t y seem to i c l d  very smal l
~a, ns not at al l  rorn iparable to the overal l  reduct ion  in q u a l i t y  and i n t e l l i g i b i l i t y  t ine  t andem
combinations produce. Some early work this past year on wideband AP(’ sys tems  produced
iiig}I(-r- -qualtty outputs at 16 kbps than any 16—kbps CVSD devices. However , ~e must reduce
\ I ’  ha rdware  comp lexi ty  to produce a viable wideband  a l t e rn a t i v e  to ( \‘SD.
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V I I I .  t ! 1 ( ’ R J P R O C t - ~SSOH RI-~ALIz .-\-r l o~ (I I :  \ I ,1 \  I A f l - i ’ I I L D I( TIVE VUt ‘ODL R

A. I N T R O DU CTION

For the past several years there has hei r, a t n -n d tea and t i r - r ea l iza t ion  of n ar r ’c ,wb and

speech ternninal s in the form of small genera l— pur po -a - d igi ta l  ( -ompuu -r s .  ‘l ’lr i ’se  r :o i l l pu t e r s

have been fast enough to run the “ real-time code ” Is-cessary to t rans form them from g -neral-

purpose computers to speech terminals capable of full dup lex operation l a - t a  eel iI,IkCr-jist (-,I,-I’

and modem. This approach was necessitated by the flux in narros hand speech  algor i thms dux’ -

ing this time. As a re sult of recent work in l inear  predic t ive  coding (Li ’ ( ’)  t echn i ques 1’2 
ap-

plied to the analysis-synthesis of speech, it has become possible to specif y an I PC approach 3

which produces acceptable narrowband speech u n the range from 2.4 to -1.8 kb ps. In addit ion , a

recent project at Lincoln Laboratory4 provided the opportunity to implement t i l e  1~e r t i nen t  Ll ’ (

code, pitch-detector cod e, and data-handling code in a very “lean ” manner  in t e rms  of program

and data memory use, and efficient real-time operation. This previous experience has enabi - il

us to approach the design of a microprocessor—based Ll’(’  vocoder ~xith full knowleJge of each

subroutine and all t iming sequences needed for interaction with both the incoming and outgoing

audio data , as well as the outgoin g and incoming digital data stream.
Our starting goal for a microprocessor-realized linear-predictive vocoder was tu e pro-

duction of a compact , low-power, inexpensive device using commercially avaLlahle in tegra ted
circuits. We were wil ling to design a completely special-purpose device 5 t hat would imp lement

only the LPC voice terminal  in an efficient form. In additiorn , there was no corn sider ation of cus-

tom large-scale-integration chip use since the costs for a limited vocoder niar-k -t appe red ti

high , and no small set of chi p types seemed adequate. En effect , the goal was a benchmark de -

vice using only commercial chi ps whose price would drop wi th  the larger commercial  mur k -i .

This benchmark device could then be used in larger system des igns as a clneap building block,

or could be modified and expanded to include modem and other functions.
Starting with a study of available microprocessor chi p sets , a p~ i t icular  choice was  m I l k -

on the basis of speed, signal-processing power , and basic chip organ izat io mn t i l e  A~\ I l )  ~~ O( se-

ries). Several design iterations were then made starting with a machine using th ree  sc-pan ic
microprocessor (‘l’Es. In this design each CPE was doing a special-purpose task, and was fed

from separate analog-processing circuits. Because of inef f i c i en c i e s  associated wi th  r r l e m o n v

sharing and access, this design evolved to a t ao  CI ’E mach ine  w inic l i  i~as physically li ~ ided into

a transmitter and separate receiver. This design also appeared inef f ic ien t .  i inally, it was

seen that a single CPE and hardware multiplier coul d , l a t i s f v  all the signal-processing require-

ments for the given algorithms. A complete s n f ta a r -  stud y then  preceded ti r e dc-tailed log ic i~~
sign. In effect , all the machine code was wri t ten  or bk k i d  out to v e r i f y  tir e de s ig mn. In spite - 

-

of our avowed goal of a special—purpose vocoder dc vi - - , in t i r e  c-nd we designed a ra ther  genera l -

purpose structure. The limited in-out capabili ty as well as t i r e  limited l a i n  and pr ogrann nncnl -

er r  are what remain of the special-purpose device . The end design is based on a single mnni cr o -
- -rocessor C i ’i -  augmented with a four—cycle multip li er. ‘Fi r e basic s t ruc tu re  is that of a tw -l us

general-purpose machine with separate program and data m em o r y  as shown in i- ’ig . \ Ill-I.

141 

_ _ _ _ _ :
~~



-

~~~~

AD A

SPEECH FROM
SPEECH TO 

I N  MODEM
0111 MODEM PROGRAM
4 ~ MEM ORY

I IS 546

I DATA 
48

~~ L~J 
l5 lr ~:~ OM 

MON AID S/P

[D/A P/S O- S K X I 6 R A M  
~6 2 8 

16 

LP

1~~ 5 0*1* ADA PROGRAM IC
MEMORYMULTIPLIER CONT R OL

C PE

MBA MAR MCD MPR 2

16 11 S T A T U S
IA IA ____________

J l ~~- 2 - r 3 O l , - I 1
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Fig. VIII—2. CPE chip block diagram.
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11. L i ’ ( ’ \ i  S\’S~ i-~M Di- s( RII ’T I ON

1. An c h it e - t r l r e

The basic block diagram l’or the LI’[ Jt-l is shown in E ig. VI I I -1 .  All instr -uetiomr s h r  t h i s
machine arc executed in a 150 —mi sec cycle e xce p t  the mul t iply a I i i i  r equ i l l - S  I I  I i  rn-u t - i l l  1’’ I -y e l l - s

or 600 05cc. Tire nucleus  i f  th i s  system is tire (‘i’l w h it - l i  is based eu tire \ \ f  1 2901 I I I !  ( l ’ s I t O —

cessol- cinip. Four such chi ps arc used along with a c l I r - r y — l i i c l i , u l I e z i l l  c i r i i n  to ‘;o-l ~ I a l — b i t  ( 1 ’  I ..

A s impl i f ied block diagram of the 290 1 appears in f i g. ~‘ i I l — Z . I - r o r i i  t h i s  l l r u g r l l r l  ii can hi -

seem tha t t he c h i p  cons is t s  of an Al  P capable  ( If  add , s ub t r a c t , rin d I l o o l i - n i  - p -r- t r - -- coup led
with an internal 2—por t  general register file consisting of 1 -  - I l l s . ~ l I l l t l ~ u s e r -  -i I t  1 1 1 1 ’  i npu t

of t his reg ister f i le  per m it a 1—bit u p — o r — d o w m n  shi f t  prior to a r -i t i r n g  t ire 111 ( 11 _ l~-;t e l ’

is provided whicir  allows double precision sh i f t s  to he implemented.  I p u t s  - t i r e  c in i p fromrl I l ie

outside world consist of two 4—bit  addresses for the internal r e g i s t e r  f iB - , i ’ l i ! t r - l i l  - l i g l u i l s , and

data from external devices such as memory at- I/o devices.  Tir e m a n u f a c t u r e r s l i t 1 - r -~1tu r - i -

should be consulted for fur ther  detail s about tIne 2901.
Referring again to Fig. Vh f — I , it is seen that tine 16—bit I - I ’ l  is i - o r r f l e~ I c d  to an i np u t  arid am

out put data line. The input line is mul t i plexed be tween 6 data sources, t ire B - - h r t  n r c n r o r -~ out-

put register P\IOl l )  of tine data memory, the 12—bit A/D conver ter , the 8-bi t  s ei - iu i -to -pa r- a ll e l

(S/P) converter, tine 16—bit upper and lower products coming from ti n e m u l t i p l i e r- , and an 1 1 - I - i t

field coming from the instruction register. The data memory consists 01’ 2K i i  -bit - l o r d s ,

1.5K of which are ROl’iI and contain tile various lookup tables needed to imp lement  t ire  I l’(’ algo-

rithm. The output of the C[’E is channeled to the D/A converter , t ire parallel- to-serial  ( i ’/ S)
converter, the memory buffer and address registers (MBR and M A R ) ,  and t ire nnu lt i plicand

(MCD) and multiplier (MPH) registers of the multiplier. These various outplr t  i t - g i s t - c s  l’e

clocked under the control of a 3-bit field in the instruction register.
Tine multiplier uses the Booth-McSorley algorithm to nnu lti ply two 16-bit t o o  s-conrplc-ment

numbers and make s the full 32—bit product available to the C1’E’ s input ports in t oo  11--b i t  p ieces.

The multiplier is fabricated from the AMDZ5SO5 4 )< 2 mul t iplier cini p. 1’ ig ir t  sI these are used

to construct a 16 X 4 array multiplier wlnich is clocked four times to yield t i le  f i mna l  r- i d u et .

The outputs are fully buffered so that the product may be retrieved i~---i i i r  the multi pli er a l ly  t ime

four machine cycles or longer after the start of the multi ply. The C i’I -  is i’r - e  to do other- 1 51- 5

in this interval while multiplication is taking place.
The program memory contains 4K of 48-bit words. The output of this nnemory is cli ck ed

into a micro—instruction reg ister , and tile memory address is derived from tire program i - o u t  ii

logic. The latter is based on tile AMD2909 program sequencer chi p, a s imp lif ied block dia gr’am
of which appears in I - ig. VI I I -3 .  Three of these 4-bit chips are used, making it poss ib le  to ad-

dress 4K of program memory even though only 1K of su ch memory is needed for t i l e  p rese n t

application. The 2909 controller is driven by a 2-bit  control line wh icin  enables era t o  s i - l e  I

the next program address to be either’ the last address plus one , a j u m p  address w h O - I l  r ’ o r r r r - s

from the m icro-instruction register, the latest address omi the inte i’nal ~ t~i -k , or an irn t i - I- rupt
address determined by the I/O system. The jum p log ic w h i c h  d r ives the cont r ol g l in t s  of t i l l

2909 allows for unconditional jumps , conditional jumps depending er r  ti a - st a tu s  f i t s  cor ’n i l lp  I- I - r n

the ( l ’E , and jumps to and returns from subroutines. Subroutin es may he no -stec i up to  fo u n -  l i - c - i )

when interrupts  are locked out , and three dee1, when they are active.

Ml
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The i/O system for the LPCM consists of two input channels — the A/U and s/i’ c I i n r ~ ’I ’ n t e r ’ s  - -

and two output channels — tine D/A and ~ /S converters. The A/I) — U/A chann ,-ls ru in on a com-
mon 129.6-1isec clock that is derived from the 150-nsec system clock. ‘F ine i ’/ S  ari d S/I’ con-
verters run on external modem clocks which must have the samr- nonn ina l f requt -ncy (2400 , 3 00 ,
or 4800 liz), but which may be asynchronous to one another. The i/v ehan nui s gc-ricz-ate LUr in-
terrupt  request whenever their associated clocks present a r is ing ed ge to tire system. Tin s re-
quest causes the program control logic to produce a jump to one of three pred -t errni nt -d locations

I 

- 
in program memory at the first instance the system finds itsel f in a position to allow in te r rup t s .

- 
- 

- 
Several interrupts may have requests pending at one time, they are serviced in order of t i n - i n
priorities which are P/s. s/p . and A/I) — D/A. While a given interrupt  is being sc-rvic -d, all
others are locked out. U pon return from an interrupt service routine, tire software m t - B ases
interrupt lockout thus enabling the honoring of further interrupt requests.

2. Instruction Format

The format of the 48—bit-wide instruction word is shown in l- ’ig. \ lhI-4. The instruct ion
word is divided into various fields of varying length, the functions of which will now be discussed.

The C0, I~ and l
~ 

fields determine the basic operation that the CPE is to perform , e. g. ,
add the contents of internal register at address A to the contents of the in te rna l  register  at ad-
dress B, or take the external data presented to the chip and logically AND them with the contents
of the internal register at address A. A list of useful combinations of these fields, along with a
mnemonic for each , is given in Appendix A at the end of this Section.

The 1d field determines where on the CPE chi p the output of the ALU is to go. Same exaAlI -
pies are: the output of the CPE alone, the output of the CPE and internal register file at ad-
dress B, or the output of the CPE and the Q-register.

The IC and OC fields determine where the CPE gets its input and where its output is to go,
respectively. The IC field steers the input 6-way multiplexer to any of the input sources men-
tioned above, and the OC field dete rmines which, If any, of the output registers connected to
the CPE are to be clocked. The A and B fields simply supply the addresses to the (‘PE’s t ao-
port memory and need no further discussion.

The JPC field along with the R and S fields provides program control by means of various
kinds of jumps. A complete list of these appears in Appendix A. Conditional jumps in the LI’CM
are somewhat unconventional in that the condition on which the jump is to be based must be es-
tablished in an instruction preceding the actual jump instruction by means of the TST field.
More precisely, if one wishes to conditionall y jump, say, based on whether one of the C}’I- ’ s

internal registers is zero, then the contents of this register must be made to appear at the C i’i-
output with an instruction that also has the TST bit set. This sti-obes the CPE ntatus into a
(2-bit) status register which, in turn, may be tested by a subsequent instruction containing tine
appropriate jump code.

The remaining fields are quite straightforward . The F field appears directl y at the C1- ’I-
input where it can be used for a constant or a base address. This field also contains the jump
address and must be set accordingly for each instruction containing a jump. The SI!. and ill ! -

- ‘ 
fields are used to set interrupt lockout and release interrupt lockout, respectively, and are
primarily used to prevent interrupts while executing calculations that an int errupt  could destroy
such as an ongoing multiply. The SC? and ECY fields are provided to facilitate multiple-
precision adds and subtracts. When the SCY bit is set during an add or subtract instruction ,
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the carry resulting from this operation is saved in a flip-flop. This saved carry can then be
used in a later add or subtract instruction by setting the ECY bit during that instruction. Fi-
nafly . the JILT bit stops the machine — a feature that is only used during debugging operations.
The two bits labeled U are unused.

3. Data-Memory Addressing

Addresses for the LPCM data memory must be generated in the CPE and then deposited in- 
- the MAR. Direct addressing of’ data memory is achieved by having the desired address in the

F field of the micro-instruction word and passing it through the CPL to the MAR. Indexed ad-
dressing can be accomplished by having a base address in the 1’ field , adding to it the contents
of a CI ’E internal register, and depositing the result in the 1 \ IAR .  It should be noted , howeve r,
that the contents of the addressed location in data memory are only available as a CI’E input one
instruction cycle after the desired address is placed in the MAR. This is due to the fact that the
memory output is buffered in the MOR. Writing data memory is also a 2-step process in the
sense that the address must first be calculated and deposited in MAR before the datum itself
may be read out into the MBR.

4. Timing Considerations

The basic events that must take place in order to execute an LPCM instruction are:
(a) Program counter assumes desired state
(b) Program memory is accessed
(c) Accessed instruction is executed by CPL.

It is not possible to perform all three of these operations in the desired cycle time of 450 nsec,
so the sequence is broken into two part s by inserting the microprogram instruction register
after the program memory. This results in what is called a doubly overlapped pipeline struc-
ture in which instruction fetch takes place in parallel with execution of the instruction fetched on
the previous machine cycle. This type of pipelining is transparent to the programmer of the
LPCI\1.

The LPCM also employs pipelining in the data memory acquisition path and in the jum p con-
trol path as has been described earlier. This pipelining is not transparent to the programmer
in that memory addresses and jump condit ions must be set up sufficiently in advance of the in-
struction that makes use of them. Experience has shown that careful programming can usually
circumvent any potential loss of program efficiency caused by these pipeithed paths in the
machine.

C. ENG INEERING CONSIDERATIONS

The present LPCM is a prototype designed to demonstrate that a dedicated linear predictive
vocoder can be realized both cheaply and compactly using off-the-shelf components. Sinc e it iii

- - a prototype, it was decided to use standard 16- )( 7-in, universal wirewrap boards as the pack-
aging medium rather than go directly to smaller PC boards. Universal boards were chosen be-
cause the LPCM uses every standard package size from 14- to 40-pin in its desi gn. The final
design uses 162 DIPS and occupies 1.5 boards. These figures include all the analog circuits
required before and after the A/D and D/A converters. The powe r consumption of the device
is less than 45 W. A photograph of the completed LPCM appears in l” ig .VIII -5 .
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Vi p -  V I I I — 5. l h c  completed  LPC~\I-

Appendix Ii l i i  the  end c i t  t i n s Section gives a complete comp ilationn of tine p~1nt s used to t a b —

ricate the l I’ ( \ I . Inr c lu dcd in t ine  table arc mili tary and commercial cost fi gures for bu i ld i ng  1,

~c0O , 1( 1110 , a in r i 10 ,000 r- ~~C -ssl r s. rirese figLnres are based on the exti-apolatiorn rules provided
by the \~r r - r - o n  it an i d  \ oh-c ( orn sor t iunn  Sub committee for estimation of “ cost to produce.” T i re

HO u r - e s  r ’ - I i - r - r -  P I g  to t b -  a e k a g i r g  of the I - I ‘(\I are estimates of how it could be packaged l r s l r r g

i’( - boa rds , anal do not r e  1 i - i t t i re  ~r n - c s e r r t  II ~ l-e a - r a p  packaging of the prototype.

U. Di-:m (~U 1\ ; \ \D  [i s--F s~ s - i - i :~u

1. I larchr a n c  - anal Soft a a n-c l) e l iugg in i g  Aids

‘Dre I - I ‘C\l is  i l i t  I i i  in )  be a s t a r n d — a l o r n e  device wi th  its control program res id in ng  inn

i ’i ((  ) \ I s .  I )u r i n i ~ t i c ’  i t - I  I l g O i n l e  p 1)1151’ - loa l v e r , i t  is necessary  to rep lace tine I’R( Y’ci w i t h  it -\ \ I

in o r ,b-  I ’  to I~c - - i i  li lt - -a fl I - I ~~ ug~ -s an a i  alBrw tine running of diagnostic p r o g r a m s .  hr : l l l d n t i o r r ,

it is ex t n -em e lv  c i  - M I I I -  U S  lo  rave r lrn eans  I on -  starting and stoppin g the mac m ine , Si - t t n  n o

b r e a k p o i r r l s , a n t  I - ” n r n l n i l l i n l g  I s -  i - i i i i t , - i l t s  l i t  r i at a  memory  and the C i’l- ’s internal r - e g I S t i - l -  I i i - .

Tir e ~h i i ~~ l i  ~ U l  l i i i  I t s  0 C I t  n i r t - t  l v  l i i i -  design arid fabrication of a separate unn it — the

Li  ‘(‘I’d tester- — w i n i c i r  is I l l r I l l - - t l - t  to t i r e  I - I ‘CU Iiy means of cables d u r i n g  the k -bu g g inn g  plr a se .

Tire main  i -o m ni por a’nt  I i I I i  - t i  - s t i  - is a 1024 -~ -I S I t - \ i\ I r v I n i i - i r  e f fec t ively rep l a - e s  t ire I ‘iii )I\ i d t - s —

f i n e d  to reside m t i l l -  I ‘1 - \ t .  Inn ( c l i r i n t i l l n , tine t est en - d u p licates tire AM29 09 pn-ogn ’afll (- 1 1 1 1 1  rol chi ps

t l r a t  are loca t ed in the  I - i t  - U j t s i - i  I .  Tln ir- Il l s  done to minimize botir tire numn ihcn- of (- I i r ) t r ’ l l i  cables

between t ue I - I’ ( i \ I  and i ts  test(’r a,nd tile t e ste r—or i en ted  10gb mnccd e d inn tine i - i ‘( U .

The tester’s program n l r r - r n I l l r - \  can i t t  loaded in eit ln - i- of two way s :  (a)  our -  r - egr  ~ t 1 r at a

t ime by mc-  an s n I f ron t  —p m m e l  s a I tc be s, or ( b) the en t i r e  nnem on-y  can be loaded f n- om  :r t r i l l - H  conni  —

pLIt ( ’r. Tine f i r s t  vu ode is us eful  i on -  toggling in small test j r r o g n - r r n l  s anal for p a t c i n in n g  h i  I~~ l I p r - i l  —

gn-:nnn s. TIre 1 ;r t t c ’  r - m e r i t -  is used for loading la rge  progranns  such as tia- diagnost ic-  svst  c l i i  I l l ’

the LI’C vor -ode n l In -og r a n lI i t s e l f .  Wh en the t es t e r  is conner -t ed to t i r c -  I i’Cl\l , the tii 1 lri ~ ing  I OIl~

t r ul fu n l c t n e r l s  I I ’ , iva i la t n ia - :

(a) Start program at a n r  U n ’ l r i t  n- U n v  address

(h) St i i j i  progr’11fl)

( c )  Si r n pl I ’ — s t e i  I p r o g r - ;i nn
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(d) Stop at break poin t determined by switches
(e) Inspect any location in data memory
(f) inspect any location in CPE register file
(g) inspect/ change any location in program memory.

In addition to the above-mentionned hardware debugging aids , an extensive s o f t w a r e  diagnros -
tic system was written for tire LI’CM. This system tests the following functions of the  1 i ’CM-

- 
- 

(a) ltA~\-I portion of data memory
(b) Cl’E functions
(c) Jump logic

(d) Mult iplier
( e)  i/O.

2. The LPCM Simulator and Assembler

A sim ulator for the 1 i’CM was written on a l rniv ae 1219 conrputer so tinat ~o f ta l n - e  debugg ing
could take place in parallel with the fabrication 01’ tine LI’( 2~l hardware . The s .in rllrl : t r acc i -i ts
as its input the binary code generated by an Li ’C \I assembler.  Tinis assembler- ass also a 1 1 t H - n
on tine 1-nivac 1219 and is a s t ra ightforward two—pass  assenthle r t i r a t  u n d e rs t a n d s  l J S \t  n r u l e -
monies and symbolic addresses. Symbolic code is generated usin g tint- U nnivac ’ s c - ( i t l l r  a n d tb - - i
fed to the assembler which produces a binary output that can be loaded into f i r e  I i ’( U on - l ç I l n lt ( d
on by the simulator. This sanne binary out put was later  used to bun -n in tine I ’ I I ( U l s  t t t  com-
prise the LPCM ’ s program memory.

The simulator is fairly sophisticated in that  it simulates all I/U opcratio rns . in n cl u d in g i n - t i
rupts. This allowed the debugging of not only the diagnostic package but the ent i re  L i t  voco d c-r
program itself. In the final stages of the vocoder programming, real speech aa s  used IS the  i i i -
put to the simulator and the synthetic -speech output of the program was stored on n r l l p l s - t n -  t i p - .
All computation was done in non-real time, but the final output tape was then-n ;ii vr- ml I - c - k  in n e l
time to provide convincing evidence that the L I ’CM vocoder alg --ithm was func t ion ing  e m -  I’d -t b .
This indeed proved to be tile case, because only a few additionai rogram bugs n c r - c -  found a i r e r r
the program was finally running on the LPCM itself.

E. FIRMWARE CONSIDERATIONS

1. The LPC Algorith m

LPC was first described by Atal and I lanauer  in 1971. 1 Since the n , f l U I r l \  v I n i c t i I i r l S  i l n l

algorithm have appeared in the l i terature  (see bibl iograp hi es inn  Ht ’f s,  2 c l - I I - I ,  \\ e ha~ t-
to implement the Markel form of the LPC algorithm for reasons detai led in itfI ’ l .  7 .

This algorithm is described in block—dia gram foci-n in t ip . V I I I - ’ . s- I i c - i - i I I  5 0 1 1 1 1 1 1 5 t k c  - i i

every 129.6 psec are divided into 158—po int non ot -er iapp inig groups ( ‘ o r n e s 1s m n r ( i i n 4~ I i )  : r ç i p r i i x i n r m i t c - I~
20 msec of data. These groups are multi plied by a i I a m n n i n n g  a indov. and t i r c - m r  used to to r nr
P -s- I autocorrelation coefficients R }t~,. The Parameter  i ’  is t in t -  on th-n-  el t in t -  t r i t e r  u s c - I
to model the vocal t ract , and ranges from 10 at 2400 imps to 12 I t f~ - ( i ( )  i r r i t  -15 ( 1 ( 1  I rp - .

The autocorrelatj on coefficients arc used zrs  the -on st annts  in a -i - i  t , f  I n m ,  I I I  c i i i t r i l r s  t t u m t
must be solved to obtain the parameters of the v r c c a l — t r : c I - t  l i l t  - I . I I  m i - n m -  I - l I l t r i i , r s  n -I -  s o l v c - r I
by means of the Levinson recursion8 w i th - li y ields a set of  P c l i, ’  t i l m m m  - i s - i f ~~ - i ,  - l i t  S Is ,~ . . . . K i
and a residual energy i-~. These reflection c oeff ic ients  will I t  U s c - i t  it t i n -  n - c - i - , -  i v , - i -  t i m  i nr p l c - n n - , n t

MS
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Fbi . \ i l I — i i _  l ie i . I ’ Y  - l i  m i t - n -  algon ’ithnr n .

the  v o c a l — t r M l l ’t f i l te r- . [he st n-u -tu  m l  - I i  S I - n i  ion - t i n s f i l ter  is tine acous t ic—tub e  f r l t m - r  d esr -  r ibv -d

in detail in I i t : f .  2 . Tine t’es ideal i - n i -  t - gv is U S i i l  Cit til l -  l i i l  icr to generate t i r e  a n p l i t t r d m  - el l i i i -

excitation for tire ar-oust ic t irk II.

Inn addit ion to the pn-OI-c-s Sing tescribeni : i h m m i t , 1 1 m m -  n - i n  speech samples ate fed to 1 I l l - I ann

voicing detector wIn e-h pn’od u c-es both a vo iced—unvo iced  d - -i s ion  and ann e s t imat e of p ib - l i .  ‘I ’in e

~na rti ular al g o r i t t r n n r  used b r  th is  purpose is ti n - Go ln i—i i ab in cr  pitch de te r -tot’ a bib -in is di sc r - i l med

inn detail in Ilefs. and 10.

Tine parameters in ’ m m m t u i - i I  as dese r -ib cd above al-C next coded and tot -med innto a sen - ju l  bit

s t r e a m  for t rannsmissio nl  to tine n en lrote receive r .  Tine receiver portionn of t i r e  a igon-i thm n- i - i -p l o

suc tn a serial m i t  s tream from tine remote t r ansmi t t e r  and unpacks it to form tine codi — t m m I i l k  a d —

dressc-s of tine various p an -amcten -s .  Tlncse addresses are then decoded to obtain t ine  actual i~a 1ui s

I Ii t - It ’  ~~ 
n - : c l  m i t - t i  - n - s  - W l ie  II  a re  t l r en r  u sed to i mp le nient the acoustic —tube in lie r a rn its t-xcn tation.

- otntpint of t i l l  - f i ltc l r is tire final sv r r t i r c t i c  speech.

Tine i- i si i m p  I tn t i r e  pa n-a n o e t c  rs , except  for  pitch wi nic ln is t r a n s m i t t e d  as is - i s a cc onn i d i sired

m y  a i l t r O m  n - i  t h n n i c  — S IMm r c t i  t a b i  e — l i t o k r r p  rout ine .  Tine  res id in al  ene n -g v is kn g n r i t h n n n i  ca l  l y r- ,cd ed t I

N i - i t s .  The r e f l e c t i o n  c rn e f f i c i en t s  a rc  coded by m ean s  cn f t r n r n c a t e c i , l o g— ar e a  r - : i t i m m n ,  u - : ; m c u i  

f l c - c t i ’ r n l  - r cp f f i c i en t  is  f i r s t  c I an n p e d  tin an i n d i v i d n r a i l y selected i n t e r v a l , t r a n s f l l r n r , - n b mv  l i m e  l og

a r t - -  — n I t i i )  f l n n c t i r , n l  l m l p f i l  — Ni / i t  - NI I~ - ant i  f i n : m i I v  t r n l n l c n t e c I  tu ti-ne desi red  n r r , n n i r m ’ r ol - i t , ,

The n m l l l m l m - r  i t t  t m i t s  I nS Cd  f o r  the i r n d i v i d l l a l  N’ - i s  a i r n n c t i r r n  ( I f  t i rt- desired r n ’ : i n ( s n n l j s s n r i  I t t ’.

2 . Inn p l e nn c n t m t t io n n  of the I - I ‘( Algor it inm

i’he Li ’C lr - l t p ra r r r  r - on n s i s t s  of fo u r- flr I j l m I ~ m i i - -es  — a i m I m - s p n - ( l m n n r m l  p r o g r am  t l n a t  ir at id l i ’ s  rU

tir~- -imp ir t I t  i ( m t l  that  ,ni ed 111111 he n cr - f o r m e d  m m i l l - c  - i~~ r i r ’ r r U l -  ~nnd tin n ’ i nnnt en— r rn j mt — s e r v i c e  n -o ut  i n ’  5

H i l t  Iran ci le  I I I ’  i o I l l I , t n t m l t t O r m s  t i n i t  n l u s t  i t ,  i l o r i c  l t m n  ( 1 1 11 nl r odenl i-lot —k U I I I  ( - I l l - i n  r I — l )  I l— .-\ - I 
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Tine ~\_ I) / i ) — -\ i f l t en ’ r inp t—s e rv i c i ’  rout ine uses t ine n ewly a r r i v e d  speech sar nnp le  to U 1i d i t e -  t ine
current  w i n r I l , n r r l - d  corr elat iorn and tine six elementary p itcin detem-tors.  In addition , t ine acous t ic -
tube filter is updated to produce a now synthetic-speech sample tor the D/A convcr-t ei- , This
approacln eliminates t i re  riced for any substantial buffer ing  01’ raw speech, t inin s n -educing our  data
memory re qui rcnner r rs .  The ret lect ion coeff icients  for t ire acoust ic  tube ar-c m Ite rpolated ag m i m r s t
tine &-o,-fficiennts fon tire n c -x t  f rame ~-v en -  5 msoc, an-nd tlrc- ampli tude is inn t er ; I o lUt ( -m l  ( l V ( - r y  tj n r ~-
a new pitcin pulse is gennen -ated. No amplitude interpolation takes place during unvoiced f n ’ a n n c - l .

The ma in task 01 th i -  i’/S comnv er te r  int e r rup t—serv ice  rout ine  is to pass flur - (-OdOd data  pr-o-
duced by tire analyzer portion-n of the program to tine transmit modem. This is ac i -omp li s l ed by
load ing the first code word inrt o the i’/S converter and then  counting a nu n r b c r  of in t e r - r u p t o  equal
to tine known number of bits inn tinis word. Subsequent words are tinen loaded and tine appn -opri lT e
number of interrupts counted after  each. Vt hen a complete f ram e of code w ords has been -~~-ri-
ali zed in this f lrs in ion and passed to ti-ne transmit modem, tine cur ren t  correlat ion i -ocf fj c i en t s
are transferred to registers used by the background routine , the con-rc latoi- is n’ eS ( -t  to St 1  rt a
new correlation, and a flag is set to tell the background routine to start a ncr- . f r ame  ca lcu l :i t io r r
using the new corn-elation coefficients.

The S/p interrupt-service rotntine receives serial data from the receiver mock-zii .  It d
rializes this stream into the pn-oper-length code words using an in terrupt-count ing techni que
similar to the one used by the ~/s converter. The code words are then used to access decodirng
tables thus producing thc parameters eventually used by the acoustic-tube synthesizer. These

parameters are transferred to the buffer used by the acoustic tube when the S/i’ r out i r r c ’s
counters determine that it has received a complete frame of new data.

The deserialization procedure just described only make s sense if the s/P routine “ knows ”
where the f i r s t  code word of a frame is in the incoming bit stream. The process of makin g tin s =
determination is known as frame synchronization and is another task of tire S/I’ routine. I-’rame
synchronization is established by having the transmitter transmit a known bit pattern in place of
the pitch word during unvoiced utterances. The pattern is chosen to correspond to an illegal
(too hig h) p itch so that the receiver can still make an unambiguous buzz/hiss decision . The
frame synchronization algorithm now consists simply of searching for this knnown pattern in tIne
serial bit stream as it arrives at the receiver. Synchronization is declared (i. -., knowledge of
the location of the pitch wor :~ when, and only when, the known pattern has been found at the
same location in six consecutive frames. When this occurs, the S/i’ routine sets its bit and
word counters accordingly, thus establishing synchronization.

The final routine to be discussed is the background routine. The start of this routine is an
idle loop whose sole purpose is to continually check the status of the frame-ready flag that  is set - 

-

by the i’/s interrupt-service routine. As long as this flag is clear , the program remains in the
idle loop except for those times when an interrupt arrives and transfers control to tu e appro-
priate service routine. When the flag is finally set, the program drops out of tine idle ioop anrd
begins its once-a-frame computations. The first of these is the final determinnation of p itc~r by
a routine that examines the status of the six elementary pitch detectors and produces In l m t n z z l l l i s s

decision and an appropriate pitch. Next , the double-precision correlation coefficients  are put
into a block-floating-poinrt format based on R(O) and passed onn to the Levinson recursion winicin

produces the desired reflection coefficients and the residual energy. The latter is m n n n n n o r m d i z t - d
to remove the scale factor introduced by the block-floating-point routine, mend then t i n e  p a r an n ( - t t -r s

are coded using the appropriate coding tabli-s. The final code words am - C P is ie r l  in a l ,u ff en -  winen e

- c l i
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t i r e  l’/S rout ine  can access th em tor  shi pment to the t ransmit  modem. C ontrol is thorn ri-t rrn -na- d

to the idle loom . It should be emphasized that , while the background routine is calcu lat inrg.  in-

t e r r u p t s  ar t -  active wi n i c i n  means that the background routine is only actually working in the- inn-

ten ’v ils wine ,n run in n t e r rup t— ser V iC c  routine is in pr-ogress.
( Inc final routi n e shoul d be mentioned , namely the ini t ial izat ion routine. ‘l ’ir is ro ut i nn e  s t ar t s

at fm r - o g n ’ am  addne ss  zero arid is only entered on power—up or when tine ini tial ize pushbutton is

pnessed . The main func t ion  of this routine is to clear data RA~\l , initializc- the few RA~rI reg-

isters that require it, a~d finally deternnn ine which rate vocoder is desired. The latter- functionn

is accomplished by sensing a tronnt—panel rate—control switch and then n setting pointers to the

proper coding and decoding tables, In addition , if the rate selected is 2400 bps. the filter on-dec

is channg cd f rom 12 to 10.

I- .
The design conncession s that  mark  t ine  LPCI\ l as a special-purpose macbrine designed to be

a sp&’eclr terminal are: limited I/O capability, annd limited data and program memory. ‘fine i/o
bus onni - , communicates with A/I)  — D/A. parallel-to-serial modem input , and sen’ial-to—para llel

modem out put. Tinc LPC 1’tl data memory consists of 1536 locations of 16-bit HOi\ l tables and

51. 2 locations of u i - b i t  i-IA\l words. Tine program memory consists of IN by 48 bits of 110111, 01

whic in  less than 800 locations are used. A priori knowledge of the operating algorithms as well

as an open-ating simulato r nd diagnostics reduced the ent i r e  tinne from design to completion to

less than one yea r -. Tine present package requires 162 1)11’s including audio circuits , di ssipates

less t lnan 45 W. and occup ies about 1/3 cubic foot. TI-ne operating code occup ies the machine for -

about 65 percent of real t inrne .

As a prototype device , ti-ne LPCM specifications are not as t ight as they might be. Given

the 65-percent utilization, the cycle t ime can be slowed to ove r ZOO nsec and power dissipation

reCl uced by roughly 10 V t .  The volume can be reduced by as much as a factor of 3 if PC boards

are used and tighter packaging is designed.

Tine overall  package count of 162 variorns-sized DIPs includes the 7 packages of

AMD f C I ’ E  (4) and AMD sequencer (3) J ,  about 40 packages of memory and memory-related cii’-

cuits (20 packages for multiplier, and the rest for I/O), bus multiplexing, timing, interrupt,

and branching. It is clear that in terms of power and size the device is not defined by tin e micro-

processor chi ps. Tire overall machine size is determined by all of the “ glue logic ” and nr ennon -y

packages which swamp out the microprocessor chi ps. In fact, the memory and memory-related

packages probably represent a lower hound on size and power , in the sense tinat eve rytining else

may shrink considerably, hut the current memory size and power are relatively static.

API ’ENDIX A: LPC 1tI MNEMONICS

The following is a compilation of the bit assignments that must be made to the fields of tine

I PCM micro-instruction word to achieve various functions. Each of these assignments is pr-c-

ceded with a mnemonic that can be used when preparing code for the LPCM assembler. Tire

f i r s t  group of these assignments are the so-called “op codes ” which affect  the C11 , I , a nd 1~
fields. The fo rmat  of the presentation consists of a mnemonic followed b y a 3 -d ig i t  oc ta l  m a n n -

ber giving the va lues  assigned to C0, I~ , and I ,~, respectivel y, followed by in br i e f  d es c r ip t b n n n  m f
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t l m r -  c c  - i t t  i mi n i nc’ (IOniplished by tine assignment.  The result ol ti n - opt - ra t ion t j m p n - a n s  at tis- inter-

nal Al 1 ou t l ru t  port. ‘l’lne follo wing notations are used in tine desc ript ionn s:  =

ill A) (‘ onntennts  of internal register addressn -d by t i re  A field.

il (  I i )  t n n r t c n r t s  of i nn t e rn r a l  register addrc-ssed in-, t i re 11 f ie ld.

Q ( m i n i t c r r t S  01’ tine Q— n - e g istcr.
I )  l)ata mit input port of tire C i’i-

i~ogicai ANI )

I Lo gical O R
Logical exclusive OR

-~ Lo gical complement

It slnou ld be noted t ir at  all 1no ssiinl e open ’ationrs w in i r - i r  t I r e - C !‘i- is capable 01 i n - c  not included in -n

tire fol lowing list.

AI )DAB 001 i l iA )  11(B)
A i ) l ) I P \  005 1) - R ( A )

ADl)AB1 10-I R (A)  1-1(B) + I
A 1)DDAI 105 0 - - 11(A) -* I
Sl BBA 111 1-1(B) — 11(A)

SUBAD 115 11(A) — I)

SI BAP 121 11(A) — 11(B)

SUBDA 125 D — R ( A )

SU BBAI 011 11(11) — 1-1(A) — I

SUBADI 015 R ( A ) — D — 1
S1’BAB I 021 R(A) — 11(B) — 1

S1 BDAI 025 D — 11(A) — It

MOVU 033 R (B)
034 11(A)

MOVD 037 1)

INCB 103 R (B) -t- I

INC A 104 11(A) -t 1

INCD 107 D + I
DECB 013 [1(11) — I

DECA 014 1 1 ( A ) — I
DEC’D 027 D — I
CSB 123 — R ( B )

CSA 124 — 11(A)

CSD 117 — D

ANDAB 041 R(A) ’ 11(B)

ANDDA 045 I ) ’  11(A)

ORAB 031 11(A) I 11(B)

ORDA 035 D l R ( A )

XORAB 060 11(A) ~ il ’13)

- : YORDA 065 1) ~ 11(A)

I) ~
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( I l l  142 0

The mn ext set of assi gninu ’nnts concerns the destination field 1d’ ~ In ch  dc- ten-mines  a l a - i - i -  t i  -

output cnf tire A l l  is to go . Th e format  is mniemc,nic , 1— digi t  octal rnun nb ei ’ , arid descr ipt ion.

Tine notations I for A l l  (nutput and \ for ( i ’ m :  output are used in the descr i pti ons.

Q 0 l- —.- Q, I- — V

RAY 2 1- — 11(B), 11(A) -
~~

11 3 1-’ -
~~~ 11(B), 1” V

SUD 4 Double-precision down shift
[F , Q]/2 — [ 1 1 ( B ) ,  Q]
1-~ — V

SD 5 1/2 -
~ R(B) ,  1- — V

S1’D 6 Double—precis ion up shif t
[F , Q1~ 

2 [11(B), QJ
F V

SU 7 1-’ : 2 R(B),  F V

The next set of assi gnments concerns the JC field which controls the input  m u l t i p lexer 1 m m

the C’ PE. The format is mnemonic , 1-di git octal number , and descri ption.

SP 0 Serial-to-parallel converter
ADC I A/D converter
LP 2 JIlts 0 to 15 of the product
U P  3 Bits 15 to 30 of the product
MOR 4 Memory output register
FD 5 I l-bi t  instruction field

The clocking of the various registers connected to tire output of the PL is corrtrolled by

the output control field OC. The format is th~ same as for tine input control field.

NIL 0 Clock nothing

MAR I Clock rr .ei-nory address register
MBR 2 Clock memory buffer  register
MCD 3 Clock multiplicand register
DAC 4 Clock 1)/A converter buffer  register-
PS 5 Clock into I’/S converter
MPR 6 Clock mult iplier register and start

multiply sequence

The final group of assignments concerns the jump control fields: J1’C, S, and ii. f i n e  f o r -

mat is mnemonic, 3—di git octal numbers giving the assignmennt to tine Ji ’( ’, S, and i-I l i t  i m I s . n - I - -

spectivel y, and a description.

- I NIL 000 No jump
JP 100 Unconditional j ump
JPZ 200 Jump if positive or zero
JZ 300 Junnp if

I l l
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JN 400 Jump if negative
JNZ 500 Jump if not zero
JSW 600 Jump if switch w on

JSV 700 Jump if switch v on
JPS 110 Uncondit iorral  j u m p  to subroutine

JPZS 210 Jump to subroutine if positive or zero
JZS 310 Jump to subroutine if zero
JNZS 410 Jump to subroutine if negative
JSWS 610 Jump to subroutine if switch w set
JSV S 710 Jump to subroutine if switch v set
SBR 101 Returin from subroutine

APPENDIX B: LPCM SPECIFICATIONS

Cycle Time 150 nsec
Basic Logic Family TTL using low-power ScInottk y TTI. in AIVI D chi ps ,

high-power Schottk y where necessary in critical
paths.

Program Memory (ROM) IN X 48 bits 12 — PiIM 1 6351 (IN X 4)
Data Memory (ROM) 1536 X 16 bits 4 — 1111111 6351 ( I N  X 4)

2 — FCLD 93448 (512 X 8)
Data Memory (Active) 512 x 16 bit s 8 — FCLD 93442 (256 x 4)
Hardware Multiplier One quarter of an array operating in 150 -nsec

4 >( 16 multiply
8 —AMD 25S05 (2 x 4)

Basic CPE 4 — AMD 2901 (4-bit slice)

Microsequencer 3 — AMD 2909 (4-bit slice)

Audio Conditioning 12-bit AID, D/A conversion at 129.6-ji sec samples.
Input Filter 8th order, elliptic fi lter  52-dB stop -band
attenuation 1.2-dB ripple, cutoff at 3596 Hz.

Output Filter- 8th order, elliptic filter 4 1-dB stop-band
attenuation 0.2—dB ripple, cutoff at 3596 Hz.

Total DIP Count 162
Total Power Dissipation 45 W
Construction Technique Two universal wirewrap boards (50 percent of second

board unused) 7 x 16 in.
Center plane voltage
Two outside planes ground
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IN. ( ‘ h I A H G I : — ’ I ’u \ N ~-d t : U — u I - : V w l .  !~~ll’l~ I \ l l . \ ’ I \ t  J ( I \  ( I I  ( l l \\ \ l. I ,  \ ( ) (  ( ) DIJ~H

As a res ult of ‘l’tu E c o r n  pa i—i ~ ens S t  e ’’t t h e  . K. I ’ !  I ~‘ •~ • -I — 6 1 ( 1 5  Iii i I f l ( ’ l  - I I ( I I  - :i H

Z. 4 — k h ps I l ~~ sy s t e m s wh i c h  ~i ’ i l t I l l ’  lteI~’ I r (f  4 4  1(10 4 1:! lO l Ie  I I f l I ( I I t j l I ’, 4 i n  0 . - I . - .

L “ robus t n ess ” and q u a t t~~ a I I - . ’ p t - I r u - e , a sm a l l  s i m u l a t i o n  ~t a t r  \ V I 5  p e r t  ( I n : .  I f . i  Il -O h I  I , a l . 1,

r at orv .  ‘rho res u l t  ( . 1  t h e  st~ a l v  w as  :i l ielga rci Siu l I l l I l t  ion r : I I I I I I I I6  I I I  a l . I I I ( -n I r  I : i I u r - . t u r  I ; \ ’l
I n f o r t t i n a t e l v , the  c h a n n e l— ~~o~’oder  s t r I l - t u c e  r e q u i r e s  111:01’ . ‘ l i ~~i t il t i l t - c s  SI. I t - i  I . -

operat ion is lus t  possible on a l)V ’l ’ , compared  w i t h  t i l l ’  l e s s — t h a n —  1 1 : —p e r - e l I  : l ! I I l .~~ I f ’ ’-

LP(’ us ing  s t a n dar d  d i g i t a l — f i l t e r — c o m p u t a t i o n  SI  n I l - t I r e s . ‘ n c c ’ r ’ - ~~~ i l l  I I I  ~~I ( I  ~~l . - t  I I  I

or ch a r g e — t r a n s f e r  devices ( ( ‘ ‘I ’ ) ) ) , h o w ev e r , o f f e r s  t he  p i s s i H I t i t -  ( I I  .‘ I!l. -~~- r t  I - i : . I I I I , l —  ‘ - -mb
(‘liter imp le m e n t a t i o n s .  .-\ smal l  St aL was  u n d e r t a k e n  , ,j n t  V ~ U l Ie  I i ’ -  ron c-s I i  ‘- - ‘ - i -

L a b o r a t o ry  ot ’ t h e  I nj - ,- e r si t v  of ( ‘ a lj f or n i a  i t  l t ’ rk c ’le ’  t o  ( a )  5 1 1 1 . 1 ’ , t l m ~’ c . e r a l l  I I  er  I

f i gu ra t i on . (b )  design , fab r ica te , and t O s t  a p r o t o t y p e  I l l — a u - - c  r’ . ‘~~t i t i k ’ r — . I ’ ’ s - I r r

(c I breadboard a disc’ rete t ransversa l  hand pass \ o I  1) 111 r lilt. .’ , a t I l l  I I  c a ‘C 4 fn l  l v  ‘a) I .

opera t iona l—ampl i f ie r  design compatible  w i t h  I ice o n — c h i p  t r I I : - -. ’’r s I — t i  ( h r  ( ‘ I V )  ‘ ‘i I I  I ’ l l .

Th~ ove r all vocod er conf i g u r a t i o n  is c i sed  on a P 4 1 6 - I r h  s t r a - I r , r ’’ u s i n g  f i Ii ’ e i r n ( I Is.-

response I I ” I R )  t r a n s ver s a l  f i l t e r s .  W i t h  t h i s  a p pr o n ch , t ) s -  ( l o s  can  i m p h e n l . - r  f l : . , s t  ot - ‘

f i l t e rs , w i t h  the envelo pe de t ecto r  in the  voc ’od er a na ly s i s  one of ‘ I : . ’  l U I R t i l l a  I ‘ I I  f l U .— . I - 1  -

second t a s k  of d e s i g n i ng  t h e  t~Ili Wa V C d l  I i ! i ’ r I i ( ’ S R n I p l inp  f i l ’ ’’ t ’ \ v - IS I c i m u p l ete c i  du r i f l L  t i ’

3—month  tasking,  a nd In ’ completed ch i p ~c as de l ive red to Lincoln I .  s r i - t o r y  1,r  l ’ \  4 1  I ’ ’ ’ ) I  t i .

The chi p is shown in F ig.  I N - i .

ABSOLUTE FILT ER - 
0 1 4

VALU E -

INPUT
- 3

-- -. — D E L A Y - L I N E

~~ -: 
-, ~~~~~~~~~~~ 

~~~

“ FILT ER OUTPUT A M P L I F I E R
( b u f f e r )

1- ig . I N — i . ‘Ole r e r t i f i e r—desampl in g  f i l te r  c h i p.

The input  c i rcu i t  of the Chi p u t i l i ze s  t h e  d i f fe ren t ia l  capabi l i t i es  of a “f i l l  and  sp i l l ”
input 1 in order to calculate  the absolute value  of the  applied signal,  This i n p u t  Is ’ s :1 c -o rn l , i  —

nation of charge-coupled and bucke t -br igade  typ e t r a n s f e r  me c hanisms to y ie ld  a SI c i i  h - a c

which requires onl y a single level of me tr i l i z at ion .  This avoids the  problem of t l . r e s t .o I , 1
which occur  between d i f f e r e n t  me ta l i za t ion  levels and t h u s  y ields increased dvn r im ic ’  t ’ I h I g c  f I r

the absolute value c i r c u i t .  In addi t i on , the  input  s t r u c t u r e  w a s  designed to  a l l t o n c a t i c a )  l\  in-
corporate a bias charge  level since the  add i t io n  of a IX’ level to the  in pu t  .s i gna l  wol  Id II ‘g 1’:I h i . ’

the accuracy of the absolute value .  F igure  l \ — 2  shows the  inpu t  s ignal  (bot tom I r a . - e l , t h e  1 1 1 1 1

put of the absolute—value ‘i rcl li t  (top t r a c e ) , and t he  f i l te r  o l l t p cl t  ( u s ing  ahso lu t e— ~ 111cc i n pu t  I

a f ter  30 stages of delay th ro t i gh  t h e  (‘TI )  f i l t e r  ( m i d d l e  t r a c e t .

0) 
— 

— - -
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Th~°~

— 

DELAY - LINE OUTPUT
at ,e r abs o Iu ~e v a l u e

F I L T E R  OUTPUT
I ~.s ~~nq a bso Iu~e value

in put I

~~ 4 .— S I G N A L  INPUT

l” ig . l \ — 2 . i te l cav i or  .1 chip  shown in Fig. I N — I .

° 

_______ _______

O 50 0Hz

)“ ig. I N - i . l” r equen cy  response of f i l ter  (bypassing
absol u t e — v a l u e  i npu t ) ,  1c = 10 kI l z .
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1110 output  of th e ab s o l u t e— v a l u e  circui t  is ch a r g e , it is di rectly compat ib le  w i t h  1114 ’
I T I p : I t  Of a CT I ) I r~ii i sver sz , 1  f i l te r .  ‘I’I te f i l ter  was imp lemented using the  sp l i t — e l e c t  rodi ’ ap—
proa c ), to obt ain an ex t r eme ly  narrow l o w — p a s s — f i l t e r  charac te r i s t ic .  The optimal linear-
) ) t I as( ’  we igh t ing  & ‘o , ’ f f i  ,- ie l lt s 2 we re  (t O t e  m i  m e d  w i t h  the  cons t ra in t  t h a t  t h e  w e ig h t i n g  c’oefl i c ’ i e t l t

I t ’  p ( I S i t i )  t’ . All  po si t i~ c— w e i g h t in g  coel’t ’ic ’i ents have two  ad v a n t a g e s :  t he  t a p — w e i g h t  ac I i I r l I ’V

‘Ol l l c t  he Inc reased h~ a fac tor  01’ t wo , and i t  made possible an ext r en cv ’l  v s imp le on — c h i p  o c c t l ) l l t

I I  r c l I i t  . ‘I b is ci r i ’u it  was  composed oh a reset  s w i t c h  and a sou rce  l’o llower , an d 1154 (1 I I I , ’  5( 1151 —

l ine  :I p ; l c ’ i t anc e  to in t eg r a t e  t h e  s i g n a l  c’harge.  in a d d i t i o n , one p hase cl oc ’k ing was used w t I i . - t ,

t u r t t cer  reduces o f f — c h i p  c omp l e x i ty .  ‘(‘he f i l t er  response , shown ill i - i g .  I N — i , has a peak  s id e—
lobe le~~c I of 45 dB down from the ‘i l t e r  p assb and response . ,-‘td d f t i o n a l  m e a s u r e m e n t s  h a y , ’
s h I l W l I  t h e  to ta l  harmonic  d is tor t ion  to  he less t h a n  I pc ’r c ’en t .  ‘ l’t .ese resu l t s  i n d i c a t e  I ha t  t u e
c- c ’n cp l i i ,’ated o u t p u t  ci r c ’ l l it , s  cis clal  I >- U sed to r  (‘Tl) f i l t e r s  a re  not nec e s s a r i ly  requ i red  to  o t > t : l i l I

a c ) eq la t e  p er t o r r n an c e .

P r e l i m i n a ry  r e su l t s  c f  t a sk  ( d l  l ’on ( ’ er n in g  a f u l ly  i I t e g r a h l e  MOS o p e r a t ion a l  amp l it ’ i ’ ’r

a rc  ( ‘i l co llr a ging. ‘l’h e possibility of u s in g  the  MOS op-amp for a sampl ed d a t a - r e c u rsiv e  t i l l e r

m ay  prove to be more e t l i c i en t  t h an  the  (‘Ti)  t r ansve r sa l  f i l t e r .  Thi s is a next  logi l -al  area of

St I l dV in t i le  quest for an efl ’icient channel-  cn’oder real izat ion.
If the f i l t e r rea l i za t ion  is fea s ib le , t he  remaining areas of work to imp lement  the  voc -c ob ’ .’

are those involving known d ig i t a l  c i r cu i t s  technology for encoding, decoding, a n d p itc ’ I .  de tec t io n.
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.\. ( ‘ O N T I N U I N G  WORK AND ( ‘O N ( ’L l  I SlONS

L h is  report describes the l” Y 76-7 ’l’ Lincoln Laborato ry  effort  under  the IX’ .-\ Spec h
I ; : I I I I : l t i o n  c o n t r a c t .  .1 separate  report descri bes the effor t  lj r lder take n  on S\-s t , ’rn s lmpl ic -a -

11515 of i’a c -k e t i zed Speec h.
As we  t i scu s s t ’ I in  the  o v e r v i e w  Section (Sec. 1), the ( “I  7 ’ .— 7 ’l ’  e f fo rt has b een di r e c t e b i

I~ \c a rd “ rc ) l) 11St ness ” of nu row ha ic) speech IC rn i inals , improv ing  voc ode r interope r ahi l  it s ’ , :1 r I d

i 1 :- ~ 1l ( ’ n I e n t i I l g  a lo w—i - o s t  I PC t e r m i n a l .  ‘l’lie wo rk toward  “ robus t ”  - - o i c i ’  c o d i ng  r ep o rl e ’ I  he re
has  not  V e t  b i d  i t S  impact  on nat ’rowh: i nd hardware  devices . hcct we are  wi th in  sight of tha t  goal.
l lop t ’f u l l y, i ’ ‘i 77 e ffo rt s wi l l  i ncorpora te  this year ’s a lgor i thms  i n t o  next  year ’ s devices .  The
me diu m — r a t e  coding problem m ay  yield to low— cost  adapt ive  predict ive devices , s i n c e  t he  A P ( ’

app roach yields ,‘xc ’, ’ l l c , i t  q u a l i t y  O u t p u t  speech at  lb  kbps. The ohs t ac :le  is ha rdware  -o st and
complex i ty .  T u e  tandem qua l i ty  problem wil l  pr obably rem ai n d i f f i c u lt unt il we succeed at

improving t h e  narrow and wideba nd t e rmina l s  independent l y. Our work  on the low-cost LPC
t e r m i n a l  has been very suc’ce ssful .  We have pr oduc ’ed two microprocessor—based LPC vocoders
a h i ch  can d r ive  modems at 2.4 , 3 .6, and 4.8 kb ps. These devices have elicited much  in te rest
from o ther  mi l i t a ry  agenc ies, pr iva te  agencies , and the Lincoln Laboratory Comm u nica t ions
1 ) 1 , - j  S iol l.

Oci r program in I V  77 c o n t i nu e s  work  on narrowband speech a lgor i thms aimed at bet ter
model ing of the  speech wave , by adapt ive  techniques , smoothed es t imates, and more  a c c u r a t e
f i l t e r  models wh ich  include zeros . A c  oncentrated conferencing effort  in l- ’ \’ 77 will s tar t  w ith
an e labora te  confe ren cing  s imulat ion faci l i t y capable of runn ing  twenty  user conferences dialed
:.p by touch- tone  control. This facil i t y will allow us to s imula te  all promising conferen c ing
geometries and control strategies. l”inally , we are launching  a substantial  effort  to design
and evaluate bandwidth efl ’icient communicat ion systems capable of voice and data t ransmiss ion
using the  packetized virtual circuit  concept.
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(~LOSSAll Y

- Act umula  b r
I )  I ‘( ‘ ~.,l \ I i ap tj  e 1) 1 ft ’cren t  i al Pulse (‘ ode M o l l I c l a t  ion

1) ,t - ‘\ r i t t u n l c t i c - - ‘ 1~ng i 1- ‘ n i l

A \I i t i - ’ 14 h s o l c i t e  M :ignj  I ado Dil ’fei’enc’e F u n ct i o n

Ada pt ive  Pred ic t ive  (‘oding
A d a p t i v e  Residual  (‘ oding

‘( ‘i) l ’h a r ge— ( ’ oup led

( ‘ ) ‘ T ’ (‘ent ra l  l’roc ’essing Element
( “I’I ) Cha r g e - T r a n s f e r  1)evlce

- \ S l )  ( ‘o n t i f lu d l l l s ly  Variable Slope Delta Mndul a t i c in

l)efense Communications Agency
1) 1 ‘I’ Discrete Four ie r  Transform

DIP Dual In - lAne Package

DU T Diagnostic Rhym e Test

( ) V T  l) igi ta l  Voi c e  Terminal

I’ mit t u ’ r (‘oupled Logic

l’:mitter  Follower Logic

I”i)P l ast Digital  Processor
( “ I T Fast Fourier  Transform

FIR Finite Impulse Response

16’ Integrated ( ‘ircuit

WET Inverse l ast Fourier Transform

LDVT Lincoln Digital Voice Terminal

LPC Linear Predictive Coding

LPCM Linear Predictive Coding Microprocessor

LST Large-Scale Integration

MMSE Minimum N-lean-Square Error

MSI Medium-Scale Integration

PCM Pulse Code Modulat ion

RAM Random Access Memory

ROM Read-Only Memory

SSR Single Sideband

SSBSC Single-Sideband Suppressed-Carrier Amp litude Modulat ion

SSI Small-Scale Integration

TTL Transistor-Transistor Logic

VLSI Very  Large-Scale Integra t ion
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