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Each chord has sixteen s teps and size of the step in

each s u c c e e d i n g  chord is d o u b l e  t'v .size of the step in the 

p r e c e e d i n g  chord except for the lirst two c h o r d s  on either 

side cf the origin. Here the steps in each c hord have equal 

size. For the A-la w f u n c t i o n  the four c h o r d s  about the 

o r i g i n  can be cons id e r e d  as a s i n g l e  s e g m e n t  so that the 

A - l a w  c h a r a c t e r i s t i c  is s o m e t i m e s  r e f e r r e d  to as being a "13 

s e g nent" transfer function.

In order to o btain iin i m p l e m e n t a t i o n  of the transfer 

f u n c t i o n  d e s c r i b e d  above, the c o m p a n d i n g  DAC is c o n s t r u c t e d  

in such a way that the e n c o d e  and d e c o d e  functions are 

offset by one-hal f step. Thus the q u a n t i z i n g  band of the 

e n c o d e  DAC will be cente r e d  about the d e c o d e  value. This is 

shown in F i g u r e  7. As an e x a m p l e  a s s u m e  that an ana logue 

input w h o s e  a m p l i t u d e  lies b e t w e e n  levels 2 and 4 is being
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e n c o d e d .  The best q u a n t i z i n g  c o d e  to a ssign to this 

q u a n t i z i n g  band is its mean va^ue of 3. Th us the DAC used 

in the s u c c e s s i v e  a p p r o x i m a t i o n  f e e d b a c k  loop of the e n coder 

has o u t p u t  levels which r e p r esen t the q u a n t i z i n g  D a n d  edges. 

T h e s e  are referred to as d e c i s i o n  levels. The c o m p a n d i n g  

DAC for the decoder has output levels w h i c h  rep re s e n t  the 

m e a n  v a lues of the q u a n t i z i n g  bands. These are referred to 

as r e c o n s t r u c t i o n  levels.

Dig it a l

ENCODE

DECODE

-------- oeci&oN

LE V ELS

FIGURE 7 A-LAA ENCOOE / DECODE CHARACTERISTIC ABOUT THE ORIGIN

In the PMI c o d e c  system a single c u r r e n t  o utput DAC is used 

to g e n e r a t e  outpu ts for either the e n c o d e  or d e c o d e  mo de of 

o p e r a t i o n .  This is pin s e l e c t a b l e  as shown in figure 8. 

Tfte e n c o d e  mode is offset one-h a l f  step from the d e c ode m o d e  

by m e a n s  of the cur rent g e n e r a t o r  w h i c h  is switched in 

d u r i n g  the e n c o d e  mode selection.
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F i g u r e  9 shows the c o m p a n d i n g  DAC t r a ns fer function used to 

i m p l ement  the pie ce- w i s e  li'iear a p p r o x i m a t i o n  of the A - l a w  

t r a n s f e r  function.

T he f o l l o w i n g  d e f i n i t i o n s  are in order

* step current size

1 c e, c chord current size

IpN = P e<̂ e s t a * c u r r e n t  size

w h e r e  N * chord number (0 to 7)

T he first chord (N=0) uses 16 equal steps each of size I

0

w h i c h  is 1/16 the size of chord c u r r e n t  source I

C0 *

The

next cnord, N= 1, begins at + 1. 5T ̂  i.e. 16.5 steps from

the o r igin. This is d o n e  by m a k i n g  use of a pedestal  

c u r r e n t  w h i c h  is directed towards the output, with m a g n i t u d e  

I£0 ♦ 1 . 5 I C), The third c h o r d  b e g i n s  at I^(, + 1.5lr ♦ 1^, + 

1.51 ̂  and ends at IrQ ♦ 1 - 5 I (, + Ir] + 1.51 j + I ,-, + 1 . 5 1 ̂  

and so on for the rest of the chords.

The p r o c e s s  c o n t inues with pedes tal c u r r e n t s  for each c hord 

number N d e s c r i b e d  by the e q u a t i o n :

N-l

‘PN ■ S (IC, ’ 

i* 0

(1.3)

with ipjJ * O



f ig u r e  & c o n s t r u c t io n  o f  th e  c o m p a n d in g  d ac t r a n s f e r  f u n c t io n



T h �  functional d i a g r a m  of the c o m p a n d i n g  DAC which 

i m p l e m e n t s  the transfer func tion d i s c u s s e d  abo ve is shown in 

f i g u r e  10.

T h e  r e f e r e n c e  amplifier sets the bias current for the chord 

c u r r e n t  g e n e r a t o r  by means of 1^-, w h i c h  is a current mirror 

w i t h  o u t p u t  equal to 21,^,. By m a k i n g  use of a R-2R ladder 

n e t w o r k  is made equal to o n e - h a l f  and is t h e r e f o r e

equal to I i r( • I-,, is made equal to o n e - h a l f  lcf and so on. 

F r o m  1,.^ d o w n  to 1^, a slave ladder is used in p lace of a 

c o n v e n t i o n a l  R-2R ladder network, but the results o b t a i n e d  

are the same. A detailed d i a g r a m  of the chord c u r r e n t  

g e n e r a t o r  is shown in Figure 11. The c hor d c u r r e n t s  d ouble 

in size from lcp to lc7 with IC1 * lc 0 .

T h e  chord selector is p r o g r a m m e d  from a 1 of 8 decoder so 

that the c h o r d  identified by b i n a r y  c h o r d  number N on leads 

B i to will switch ICN to the step g e n e r a t o r .  All other 

ch o r d  c u r r e n t s  are switched to the p e d e s t a l  selector. The 

pe d e s t a l  selector is p r o g r a m m e d  from the same 1 of 8 chord 

d e c o d e r  such  that chords to I., . are s w i tc hed to the

U N — I

pe d es tal selec t o r  output in order to g e n e r a t e  pedestal 

c u r r e n t  Inil. All other chord c u r r e n t s  are switched tor N
g r o u n d  so that a pedestal c u r r e n t  equal to the sum of the 

chord c u r r e n t s  from 1 ^  to IC (N _ u  will be d i r e c t e d  to the 

o u t p u t  c u r r e n t  switch matrix as

ICN flowing into the chord s e l ector from the step g e n e rator 

is equal to 16 step currents, w h e r e  a step current is equal 

to the c u r r e n t  step caused by c h a n g i n g  the least s i gniti^ant 

bit in the chord of interest. A d e t a i l e d  d i a g r a m  of the 

step c u r r e n t  gene rator is shown in figure 12. The step 

c u r r e n t  g e n e r a t o r  has the a b i l i t y  to i n t r o d u c e  a current I 

into the o u t p u t  so as to p r o v i d e  the o n e -h alf step offset 

re q u i r e d  w h e n  the system is o p e r a t i n g  in the encode mode. 

T h i s  o n e - h a l f  step offset c u r r e n t  is c o n t r o l l e d  by the E/D
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r,c ,jR t . V t  GENERATOR

: . . . .•i< 17.at. ion d 1 stor t i on

■ < • . r> f q u a n t i z a t i o n  d i s t o r t i o n  or noise is c o v ered

>. x t.v ly in the l i t e r a t u r e  [Cattermol e, 1969; Betts,

, ; ; jut anc Schillin g, 1971] and the intention here is

l . j britf summary.

. - i n  d i s t o r t i o n  is very diffe ent in nature from the

f ,.i narmo nic and i n t e r m o d u l a t i o n  d i s t o r t i o n  p r es ent in 

an. i ■ om m u nicat ion systems. T h i s  is due to the fact

th-t th* transfer c h a r a c t e r i s t i c  used, for e n c o d i n g  and 

d( O'.iing, is a d i s c o n t i n u o u s  f u n c ti on, c o n s i s t i n g  of a 

n • t f di s cr ete steps and thus any a n a l o g u e  w a v e f o r m  can 

r/nly i: •1 i p p r o x i m a t e d . The error due to this a p p r o x i m a t i o n  

:• .jr. j f * r; t itself as noise.

C o n  i )i r <i linear codec, a s e ction of w h i c h  is shown in 

f i j.irt 1 I. * ■ t t hr insta n t a n e o u s  a m p l i t u d e  of the a n a l o g u e

si i’ia1 \' v arvl th* nearest q u a n t i z i n g  level be v . . (Av) .



d e f i n � s  th� st � p over which s ample > . .11 t c a:.: i;ru-'

to q u a n t u m  level v..

ri. i

i-i

_L SAMPLINu tNSTANT

FIGURE IS QUANTIZATION OF ANALOGUE SIGNAL

T h �  q u a n t i z i n g  l�v�l v. is impli�d as beina dt a  r It .•<. 1 . 

The levels v . - (fiv) ./2 and v.-i (av) ./2 art irrpli�c a<- �iit 

� n c o d e r  levels.

T h e  q u a n t i z i n g  �rror is giv�n ��

v - v . (1.4)

and the mean square error v o ltage is
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All th� signal a m p l i t u d e s  w i t h i n  th� rang� v . - ( £ v ) j / 2  to

v .+ (Av) ,/2 will �� r� f� rr�d to the i ^ l�v�l and the mean

2
sq u a r e  error voltage  a s s o c i a t � d  w i t h  this l�v�l is o. 

g i v� n  ��

+ (a v )^/2

ff . *■ = I (v - v i )2 p(v) dv (1.6)

v . - (AV)^/2

w h e r e  p(v) is th� p r o b a b i l i t y  of an 

i n s t a n t a n � o u s  v o ltage v falling w i t h i n  th�

rang�  v v - ( a v ) . / 2  to v i+ ( A v ) . / 2

If the step siz� is small we can a s s u m e  that the signal is 

u n i f o r m l y  d i s t r i� u t e d  over the step and t h e r e f o r e

p ( v ) « p ( v  .).

T h u s  the above e q u ation  reduces to

(Av) . p(v )

2
o , « ------------------  (1.7)

12

2
The total mean square q u a n t i z i n g  nois�, <r , is giv�n ��

° 2 * Y. ''j2 = l / l 2 E  p ( v j) (1.8)

i i

1/12 ^  ( A V ) , 2 p ( v . )  ( A v )  . (1.9)
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All th� signal a m p l i t u d e s  w i t h i n  th� ran g � v . - ( £ v ) . / 2  to

1. L .

v . + ( A v ) ./2 wil? �� r � f� r r� d to the i l�v�l and the m e a n

. 2

s q u a r e  error volta ge a s s o c i a t � d  w i t h  this l�v�l is o  ̂

g i v � n  �	

^  i ♦ (Av) ./2 

c . 2 - I (v - v ^ ) 2 p(v) dv (1.6)

' v i - (Av)t/2

w h e r e  p(v) is th� p r o b a b i l i t y  of an 

i nstan t a n � o u s  voltage v fallin g w i t h i n  th�

rang� v i~(^v) . / 2  to v. + (Av)^/2

If the step siz� is small we can a s s u m e  that the signal is 

u n i f o r m l y  d i s t r i � u t e d  over the step and t h e r efor e

P ( v ) = p ( v .).

Thus the above e q u a t i o n  reduces to

(Av). p(v.)

2
° { - ------------------  (1.7)

12

T h e  total mean square q u a n t i z i n g  nois�, <f , is giv�n �	

°2 = l / l 2 H  ( A v ) i i P (v.) (1.8)

i i

1/12 (a v * 2 p(v.) (Av) . (1.9)
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. , th

T h e  p r o b a b i l i t y  of the signal a m p l i t u d e  being w i t h i n  th
 l 

s t 
 p  is

v i 4 (Av)./2 

P B I p ( v ) d v  (1.10)

and sinc
 ( i v ) j is small c o m p a r e d  w i t h  th
 total a m p l i t u d e  

r ange

P i  s  p ( v A ) ( a v ) . ( 1 . 1 1 )

Thus

As we have lin
ar q u a n t i z a t i o n  i.e. all steps are of equal 

siz


£

T h 
 r
  f ore

(1.14)
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This is th� fundamental e q u a t i o n  for the mean sq uare 

q u a n t i z i n g  nois� introduced by a lin�ar q u a n t i z i n g  law.

As d i s c u s s e d  earli�r, th� pi� c�  wis�  lin�ar a p p r o x i m a t i o n  to 

the A - l a w  is c o m p ris� d of a number of segment s, the steps 

w i t h i n  � a c h  s�gment being lin�ar. T h u s  the o i� c� - w i s�  

lin�ar a p p r o x i m a t i o n  to the A - l a w  is m a d e  up of a number of 

lin�ar s� g m e n t s  and the mean s q uare q u a n t i z i n g  nois� for 

each c h o r d  or segment is giv� n �y th� a � o v e  eq uation. This 

is s u b s t a n t i a t � d  by Pearce [1982). Here, he dt -ri��s a 

thr�� c h o r d  codec used for FDtf h v p e r g r o u p  tr anslation, and 

g iv� s th� rms quanti z i n g  nois�  as:

wh�r� n * number of bits

V * p�ak input range of the codec

and V / 4 , V/2, V are the c hord end-po ints

(1.15)

In a d d i t i o n ,  Fouri�r a n a l y s i s  can �� used to c a l c u l a t e  the 

signal to q u a n t i z a t i o n  d i s t o r t i o n  p r o d u c e d  by the q u a n t i z i n g  

p r o c e s s  and this is c o v e r e d  by T s i v i d i s  and Zee (1979].

T s i v i d i s  and Zee c o n sid er a sinusoidal signal x(t) ��ing 

a p p l i� d  to the input of a seep q u a n t i z� r  with transf�r 

c h a r a c t � r i s t i c  giv�n �y y= y ( x ) . The f u n c t i o n  y= y ( x ) giv� s



2 4

th
 d e c o d e r  output level (filt
r
d or unfilt
r
d) in t
 rms 

of a c o n t i n u o u s  a m p l i t u d e  x. T h e  input signal p 
 r i o d i c  

o u t p u t  can be repr es e n t e d  by a F o u r i 
 r  s
ri
s:

00

y(t) * �_ + > ' b cos (u>t + 6 ) (1.16)

0 / ,1 n n

n* 1

The dc term, b[(, is of no c o n s e q u e n c e  in th
 pr
 s
 nt work.

F r o m  (1.16) the signal to q u a n t i z a t i o n  d i s t o r t i o n  ratio is 

g i v 
 n  �y:

D

(1.17)

n= 2

1.3.4 G ain track i ng

u a i n  tracking r
f
rs to the a b i l i t y  of a system to l i n
 a r l y  

track its input power level. In a s y s t e m  d i s p l a y i n g  an 

ideal gain tracking c h a r a c t 
 r i s t i c ,  any c h a n g
  in th
 input 

level to the s ystem must be m a t c h e d  e x a c t l y  by the same 

c h a n g e  in th
 o utput level. G a i n  trac king is s o m e t i m e s  

r e f e r r e d  to in th
 lit
 ratu re as. gain d eviation.

I
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Co n s  

prev

3 inu

the

G ------  (1.18)

A

ideritig th� m ethod of Fouri�r a n a l y s i s  � mployed in th� 

iou3 section, and letting th� a m p l i t u d e  of the 

soidal input x(t) be A, the q u a n t i z � r  gain is giv� n  �y 

following � quation:

1  ̂ Def in i t ions

It is a p p r o p r i a t�  at this stag� to d e f i n �  c� rtain t�rms 

w h i c h  ar� used e x t e n s i v � l y  t h r o u g h o u t  the p r e sent work. The 

t e r m i n o l o g y  is c o n c e r n e d  m a i n l y  w i t h  th� p r i n c i p l �  of half 

c h a n n e l  m easu r e m e n t s .

Half channel m e a s u r e m e n t  for enc oder

T h e  half channel p e r f o r m a n c e  (gain tracking, q u a n t i z a t i c n  

distortion) for an e n coder is �qual to the o v e r a l l  

p e r f o r m a n c e  of the encoder under test and a decoder w h i c h  

has an ideal p e r f o r m a n c e  for the w a v e f o r m  used to s t i m u l a t e  

the encoder. T h i s  is shown in s c h � m a t i c  form in figure 14.

FIGURE >4 HALF CHANNEL MEASUREMENT FOR ENCODER
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Half chann�l m e a s u r e m e n t  for d e c o d e r

The half channel p e r f o r m a n c e  of a d e c o d e r  it; �qual to the 

ov e r a l l  p e r f o r m a n c e  of an ideal e n c oder f e eding th� decoder  

under test when m e a s u r e d  from and to end wi th a s p � c i f i� d  

wa v e f o r m .  This is shown in s c h � m a t i c  fo rm in figure 15.

f i g � r e  is h a l f  c h a n n e l m easurem ent f o r  d e c o d e r

Re f e r e n c e  curve

The r e f e r e n c e  curve for a p a r t i c u l a r  parameter (gain 

tracking, q u a n t i z a t i o n  d i s t o r t i o n )  is th� c u r v e  that w ould 

be o b t a i n � d  with an ideal encod er and ideal d e coder 

c o n n e c t e d  in cascade.

e x a c t l y  to the 

r e c o m m e n d a t i o n  G711

d e c i s i o n  levels d e f i n � d  in 

[1976a) and has no impairments.

C C I T T

An ideal decoder is one in which th� r � c o n s t r u c t i o n  levels 

c o n f o r m  e x a c t l y  to the r e c o n s t r u c t i o n  levels defin�d in 

C C I T T  r� c o m m e n d a t i o n  G711 [1976a) and has no impairments.



27

Imperfect e n c o d e r

A imperfect encod er is d e f i n� d  as one in w h i c h  th� d e c i s i o n  

l e v e l s  d e v i a t �  from the ideal e n c o d i n g  law as s p � c ifi� d by 

C CITT.

Imperfect d e c o d e r

A imperfect d e c oder  is d e f i n � d  as one in w h i c h  th� 

r � c o n s t r u c t i o n  levels d e v i a t �  from the ideal as sp ecifi� d by 

C CITT.

U n f i l t � r � d  e n c o d e r

An u n f i l t � r � d  encoder is d e fin� d as an e n cod er whi ch is not 

p r e c e e d e d  by a normal a n t i - a l i a s i n g  or send filt�r, �ut is 

f�d with a t�st signal with s p � c t r u m  w h i c h  is limit�d by 

s o m e  means to e n s u r e  that a l i asing of e n e r g y  is a c c � p t a � l y  

low. The test signal may be c o n t i n u o u s  in time as the 

e n c o d e r  has a o n - c h i p  sample and hold.

U n f i l t � r � d  d e c o d e r

An u n f i l t � r � d  decoder is d e f i n �d  as a decoder w hich has no 

r e c o n s t r u c t i o n  filt�r a s s o c i a t � d  w i t h  Jt in th� normal 

sense, but which p r o d u c e s  a output w h i c h  is � s s � n t i a l l y  PAM 

w i t h  pulse height �qual to the d e c o d e r  output level, w h i c h  

is h�ld c o n s t a n t  d uring th� int�rvals � � t w � �n  samples, apart 

f r o m  a short time d u r i n g  which it sl�ws from the p r e v i o u s  

o u t p u t  to the current value.
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Until r � c � n t l y  PCM syst �ms were impl em e n t e d  in an a n a l o g u e  

to a n a l o g u e  c o n f i g u r a t i o n  in order to p r o v i d e  incr �as�d 

c a p a c i t y  on e x i stin g c a � l �  j u n ctio n links � � t w� � n 

� l � c t r o - m e c h a n i c a l  �xchang �s. C o n s e q u e n t l y ,  the m e a s u r e m e n t  

m e t h o d s  used to d e t e r m i n �  th� p � r f o r m a n c e  of the systems  

r e q u ir� d signal g � n � r a t i o n  and signal m e a s u r e m e n t  in th� 

a n a l o g u e  domain. W i t h  th� i n t r o d u c t i o n  of e l e c t r o n i c  

s w i t c h i n g  th� � n c oding and d e c o d i n g  f u n c tions b ecame 

s e p a r a t e d  by m e a n s  of a s w i t c h i n g  m atrix intro d u c e d  b e tween 

them. As a result s e p e ra ted p e r f o r m a n c e  m e a s u r e m e n t s  are 

requ i r � d . For the encoder this � n t a i l s  signal g � n � r a t i o n  in 

th� a n a l o g u e  d o m a i n  and signal m e a s u r e m e n t  in th� digital 

domain. For the decoder signal g � n � r a t i o n  in th� digital 

d o m a i n  and signal measuremer.t in th� a n a l o g u e  d o m a i n  is 

r�qui r � d .

For the m e a s u r e m e n t  of q u a n t i z a t i o n  d i s t o r t i o n  and gain 

tracking two basic m e thods are p r o p o s e d ,  viz. the frequency 

d omain s u b t r a c t i o n  method and the time d o m a i n  s u b t r a c t i o n  

method. The fre quency d o m a i n  s u b t r a c t i o n  m e t h o d  is used in 

all c o m m e r c i a l l y  a v a i l a� l �  i n s tr uments. The time d o m a i n  

s u b t r a c t i o n  method is p r o p osed in th� l i t � r a t u r e  but, as far 

as the author is awar�, has not been used in any c omm ercial

i n s t r u m e n t .

The time d o m a i n  s u b t r a c t i o n  m e t h o d  involves c o m p a r i n g  th�

input signal to the devic� under test with th� output signal 

from the devic�. Kikk�rt (19 1] d e s c r i � � s  a m e t h o d  w h e r e b y  

it is p o s s i � l �  to m e a s u r e  the q u a n t i z a t i o n  d i s t o r t i o n  of a 

PCM s y s t e m  (full channel or half channel) by using th� 

a r r a n g � m e n t  shown in figure 16. W is d e f i n � d  as the 

d i f f � r � n c �  � � t w � � n  th� input signal to the system(v) and the 

output of the s yste m (U), and is t�rmed the error due to the
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q u a n t i z i n g  process. Thus the signal

d i s t o r t i o n  ratio w o u l d  be gi v� n � y  Q = V / W .

to q u a n t i z i n g

If s � p a r a t � d  tests are to be c o n d u c t e d  on the encod?r and 

d e coder an a n a logu e to d i g i t a l  and digi tal to a n a l o g u e  

c o n v e r t e r  w ou ld be requir� d. For the encoder test the input 

signal (V) w o u l d  be in th� a n a l o g u e  d o m a i n  and the output 

signal (U) would be in th� d i g i t a l  d o m a i n  r� quiri ng a 

digital to a n a l o g u e  converter b e f o r e  the c o m p a r i s o n  with th�

i nput signal can tak� plac�. For the d e cod er test the input 

signal would need to be in th� d i gital d o m a i n  thus requiring 

a a n a l o g u e  to digital c o n v erter or r e f e r e n c e  encoder. The 

above is r� quir� d assuming that signal g � n � r a t i o n  and signal 

m e a s u r e m e n t  are done in th� a n a l o g u e  domain.

INPUT V
FU LL CODEC

OR
SEPARATE ENCOOER

AND DECODER

OUTPUT U

—  W-U-V

FIGURE 16 TlMf DOMAIN SUBTRACTION METHOD OF MEASURING QUANTIZATION 
NOISE

Stodd a r t  (1971) proposes a m e t h o d  w h e r e b y  it is p o s s i� l�  to 

m e a s u r e  the q u a n t i z i n g  � rror i n t r o d u c e d  in th� � ncoder. 

This is shown in figure 17. The signal q� n� rator p r o duce s a

2 kHz a n a l o g u e  sinusoidal signal and a 8 bit PCM word w h i c h  

c o r r e s p o n d s  to the 2 kHz signal �� ing � n c o d e d  by an ideal
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�ncoder  

the d i f f � r � n c �

i' used to trigg�r th� �rror 

• -)ue . 2 chosen that it 

-1- kHz fr�quency) to s a m p l e

ts peak zero a m p l it ude points.

.use" lor testing th� decoder.

ft kHJ TIMING

� • 'AP Mt T H O D  OF TESTING ENCODER

methods, s p e c i f i c a l l y  that p r o posed by 

m e t h o d  for testing th� codec, 

at each of the c o d e c ' s  256 q u a n t i z i n g  

to ensure that they 

c h a r a c t e r i s t i c  d i s c u s s e d

• >r 1 i � r .

d r a w b a c k s  (Attridge et 

not d i r � c t l y  

th� d e t e c t i o n

'! 1 i»nd f r e q u e n c y  dependent e rrors is not p o s s i � l �



w h� n  using this method. An e x am ple of 1 1 ■ t '1‘

effect of the sample and hold circuit: tv c, .. . : * w  < 

oppos 3 t- r? ends of the a m p l i t u d e  range, gi . _ t • r r ■ •

than w h e n  two s u c c e s s i v �  samples are c l o s e  to t 

C o n s e q u e n t l y ,  time d o m a i n  s u b t r a c t i o n  is rtof: * ac

for d e t e r m i n i n g  th� p � r f o r m a n c e  of int�cjr 

c o d e c 's .

As m e n t i o n e d  previously, the second m e t h o d  proposec ; 

of freq uency d omain s u b t r a c t i o n .  F i g u r e  18 giv�s th� : 

d i a g r a m  of a f r e q u e n c y  d o m a i n  s u b t r a c t i o n  q u a n t i z - 1 U h  

d i s t o r t i o n  m e a s u r i n g  s�� using a p s � u d o - r a n d o m  t 

se q u e n c e  as st imulus (Rolls, 1980). T h e  p s e u d o - r a n d o n  

se q u e n c e  is g e n e r a t e d  using a 17 stag�  shift r�gist�r, 

o u t p u t s  of stages 3 and 17 are c o m b i n � d  by means 

E X C L U S I V E  OR function and fed back into the input 

shift r�gist� r. The output of the shift r � g i s t t : 

�and limit�d to a b a n d w i d t h  of 100 Hz (450 Hz to 5: ■! ! 

fed into the encoder under test.

-------
NOItC
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Th  o utput signal from the decoder is split into two paths. 

In the first path th  siqnal p ass s t h r o u g h  a 4 5 0 - 5 5 0 H Z  

b a n d p a s s  filt r, th  p u r p o s e  of which is to filt r out the 

rest of the channel freq ue n c i  s ,  l aving th  nois  s t i m u l u s  

signal alone. This is m e a s u r e d  by the rms meter to giv   a 

value S. In the second path the signal p a s s  s  t h roug h a 

860-3400 Hz b a n d p a s s  filt r, w h i c h  filt rs out the s t i m u l u s  

signal l aving th  q u a n t i z a t i o n  d i s t o r t i o n  c ompon ents. This 

is m e a s u r e d  by the rms meter g i ving  a value N.

The ratio S/N is th n tak n g iving th  signal to 

q u a n t i z a t i o n  d i s t o r t i o n  ratio.

The f r e q u e n c y  domain s u b t r a c t i o n  m e t h o d  for m e a s u r i n g  

q u a n t i z a t i o n  d i s t o r t i o n  is shown in figure 19. As the 

q u a n t i z a t i o n  d i s t o r t i o n  m e a s u r e d  is for the range 

8 60 -3400HZ, a c o r r e c t i o n  factor is used to quote the 

q u a n t i z a t i o n  d i s t o r t i o n  over the full channel s p e c t r u m  viz. 

300-3400Hz. This c o r r e c t i o n  factor is giv n !y:

(3400 - 860)

\ 0 l o g ------------------  * -0.87 dB

(3400 - 300)

FIGURE 19 CHANNEL FRFOUENCY SCHEMATIC

FREQUENCY ( H I )
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Th" a#ove m e t h o d  requir" s signal g " n " r a t i o n  and m e a s u r e m e n t s  

to be done in th" a n a l o g u e  d o m ain. H e n c e  the test is d o n e  

on an encod er and decoder c o u p l e d  in cascade.  For s e p a r a t e d  

p e r f o r m a n c e  m e a surements, signal g" n " r a t i o n  and m e a s u r e m e n t s  

are requir" d both in th" a n a l o g u e  and digital domains.

Molinar i (1977) suggests a m e t h o d  for testin g " n c ode rs by 

ma k i n g  use of digital filt"rs. Thi s is shown in figure 20. 

The s t i m u l u s  used to e x c i t "  th" "ncoder is g" n" rat" d in th" 

a n a l o g u e  domain.

FIGURE 20 DIGITAL SIGNAL TO QUANTIZATION DISTORTION MEASUREMENT FOR 
ENCOOER

Mo l in ari [1976] also d e s c r i # " s  a digital s i n" w a v"  g" n" r a t o r  

used to m e a s u r e  the p e r f o r m a n c e  of d e c o ders. All f r e q uency 

s e l e c t i v "  m e a s u r e m e n t s  are done in th" a n a l o g u e  domain.

Dell [1981] proposes the use of an ideal encoder w h e n  

c o n d u c t i n g  t"sts on i nt" grat" d c i r c u i t  codecs. These are 

implem e n t e d  in t.oftware. In a d d i t i o n  Dell uses a Fast

■ ■ ■ I
■ ■ ■ ■
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