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Abstraet: Detectien threshold  for distetuons due to time  ]itter was  measured  in  a  2 aLternative

forced choice  paradigm with  switching  sounds.  Music  signals  wirh  random]itter  were  simulated  on  the

digital domaLn. The  size  Qf Jitter was  arbttrary  controlled  so  that the  detection threshold  could  be

estimated.  Professional audio  engineers,  sound  engineers,  audio  critics  and  semi-professiona]

musicians  participated as  1isteners The ]isteners were  allowed  to use  their own  ILstening environments

and  their favoflte sound  materials.  It was  shown  that the detection threshold fOr random  jitter was

several  hundreds ns  for well-trained  1isteners under  their preferable 1istenmg conditions
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             1. INTRODUCTION

   The samphng  period of  lmear PCM  data has to be
strictly  constant  during a  digital to analogue  conversion  in

order  to reproduce  the sounds  as they were  recorded.  If this
samp]ing  penod is quivering, the reproduced  waveform

will be difierent from its original  form and  therefore the

sounds  are  distorted. Although  there  are  little scientsfic

evidences,  it is presumed that this phenomenon, so-called,
time jitter depends on  a modulation  of the power supply,

the cab]e  length, circuit  implementation details in products

[1],

   It is pointed that the  contents  in the next-generation

audio  that contain  more  high frequency components  than
conventional  CDs  may  be more  susceptrble  to Jitter, as the

jitter-introduced distortion is  directly proportional to the

frequency of  the signal [1,2]. In the case  of  ]inear PCM
data, amount  of  distortions can  be estsmated  from a  slope

of  the waveform  and  a  size of  jitter, If the distortions are
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smaller  than the quantization noise,  jitter does not  induce

any  degradation of  sound  quality. Because  the  maximum

slope  in  a waveform  of  a high frequency sound  is 1arger
than  that of  a  lew frequency one,  the spme  amount  ofjitter

resu]ts in the more  distortions in the higher frequency
sounds,

   According]y, the maximum  acceptable  random  jitter
can  be defined as thejitter  that  results  in  a  1-quanuzer  level

error  when  the signal  is of  the highest recordable  frequency

[1,3]. When  the highest recordable  frequency is 20 kHz  and

the quantizat]on bit number  is  16, the maximum  acceptable

size  of  randomjitter  is 121 .4ps In other  words,Jitter  has to
be smaller  than 1214ps  in order  to reproduce  a 20kHz
tone with  a 16-bit resolution  [3].
   Even m  the  case  of  rnusic  sounds,  the  maximum

acceptable  size  of  random  jitter can  be estimated  if the

maximum  slope  in the sound  waveform  is known, By
analyzing  vanous  signats  in a lot of  CDs, it was  shown  that

jitter has to be as small  as  several  hundreds  ps in some
cases  to preserve a 16-bit resolut]on  [3].

   However, these  estimations  are  not  practical because
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' such  small  distonions are supposed  to be masked  by the

background noise  ancl the internat  noise  ef  the reproduction

system  in the  real  environment  It is much  mere  practical to

evaluate  jitter based on  its detection threshold, Ben]amin
and  Gannon [1] made  an  attempt  to measure  threshoLds  ef

audibility  for sinusoidal  jitter on  program  materials.  Their
study  seems  to have a few prob]ems, however ln their
study,  a special  arrangement  was  made  to the reproduction

system  in  order  to add]itter  at  the  digital interface, It is not
known  if such  an  arrangement  might  change  sound  quality
and  affect  the results,  Secondly, they employed  a  self-

administered  threshold evaluation  tn which  the 1isteners
determined their thresholds at their discretion Their results
might  contain  errors due  te the  cognitive  factor,

   Ashihara and  Ktryu [3] measured  thresholds for
random  jitter on  music  signals.  All 1isteners in that study
were  graduate or  undergraduate  students  and  the most  of

them  were  not  well-tramed  listeners. As BenJamin and

Gannon reported,  detection thresholds for jitter may

depend  on  how  well  the  1isteners are  trained

   In the studies  of  Benjamtn and  Gannon and  Ashihara
and  Kiryu, the ]istening conditions  and  the materials  used

were  fixed for all  1isteners except  that the  volume  was

adjusted  for each  listener, Although a fixed listening
condition  and  fixed sound  materials  are preferable for mter-
subyect  cemparison  and  retests,  no  fixed conditien  may

satisfy al1 1isteners' preferences The optimal  1istenmg
condition  is  diencult to define because that  tastes for
hstening conditions  vary  among  hsteners. In the present
study,  most  equipment,  environment,  and  sound  materials

were  not  decided and  provided by the  examiners  but by

each  listener. Because a software  simulator  of  ]itter
preposed  by Ashihara and  Kiryu [2-4] was  used,  no

specia]  modification  of  the  reproduction  system  was  needed

except  that a notebook  PC  with  a mouse  had to be used  in

the expenment.  Listeners in  the present study  were  audio

professionals or  semi-professionals  who  were  supposed  to

be well-trained  1isteners. Threshelds  were  estimated  based
on  the discrimmation scores  of  the Listeners in a 2
alternative  forced c,hoice paradigm.

                2. METHOD

2.1. Listening Conditions and  Listeners

   In order  to measure  detection thresho]ds forjitter, it is                               '
necessary  to control  the size ofJitter. To  control  the size of

the  actual  Jitter during reproduction  of music  sounds,  a

special  digital-to-analogue converter  (DAC) or special

alternation  of  DAC  is needed.  Choice of  the  DAC,
however,  is a  very  crucial  part in  configuratton  of  the

hstening condition.  To  avoid  usmg  a  special DAC,  we  had

proposed a software  simu]ator  ofjitter  [2-4], By usmg  this

simulator,  we  could  predict distortions due  to any  given

jitter for any  given PCM  data. We  could,  therefore,

quantitatively control  the amount  of  jitter,
   Experiments were  carried  out  in  the  1istening booth  or

,studio that each  1istener had offered.  The examiner  only

brought there a personal computer  with  a  digital audio

mterface  and  a  mouse  and  each  iistener provided his or  her

favonte DAC,  amplifiers  and  loudspeakers.

   The sound  matenals  were  also  selected  by each

1istener Matenals that had been  repeatedly  heard by  the
                        '
listener could  be used

   A  total of  23 audio  professionals or semi-professionals

participated as  the listeners. They  were  audio  engineers,

audio  cntics, sound  engineers,  and  musicians,  Some  of

them  were  volunteers  and  the others  were  paid for their

partLcipation, Al] of  them  were  willing  to participate in the

expenments.

                '

22.  Simulation ofJitter  
'

   Simulation of  J]tter consisted  of  interpolation,  shifting

samples  and  an  ant]-ahasing  filtering, Figure 1 shows  a

schematic  illustration of  an  artificial  time  jitter on  PCM

data. Open circles represent  the original  samples  and  fi11ed
triangles  represent  the artificially jittered samples.  A

dashed  ]ine was  a  distorted waveform  obtained  by

interpolation  of  the Jittered samples.  Vertical grids repre-
sent  the ideal sampling  positions. By  re-sampling  the

distorted waveform  at the  ideal  sampling  penod, PCM  data

o 1 2 3 4

  saraple No.

5

Fig. 1 PCM  data before and  after  addirion  of  artificial

 Jitter are  shown  A  solid  1ine, open  circles, and  fi11ed

 t-angles  rcpresent  the  ortgtnal  waveform,  samples

 without  dtstortLons and  the arttficLal]y Jtttered samples,

 respect]vely  Vertical grids represent  the ideal  sam-

 pling posntens A dashed hne and  open  diamonds

 represent  a distorted waveform  and  PCM  data with

 distotuons, respective]y

                 '

6
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contain]ng  distortions were  obta]ned  (open diamonds). As
addition  of  jitter might  introduce components  above  the

Nyquist frequency, an  anti-aliasing  process was  needed  [2]
The PCM  data finally obtained  shared  the same  format with
the  original  PCM  data so  that the  data with  and  without

distortions could  be reproduced  in the same  rnanner

without  using  any  special  alternatton  of  equipment,

   It was  confirmed  that the distortions obtained  by this
method  us]ng  sinuseidal  signaLs  exactly  agreed  with  what

were  predicted by the phase modulation  theory [2].
   Each  listener had presented the raw  PCM  data to the

examiners  in  advance  Their distorted versions  were

prepared by adding  artificial random  jitter of  vamous

ainounts.  Although  most  of  these  matenals  were  music

sounds  recorded  on  commercial  package media,  there were

a]so  recordings  from radio  dramas.
   All data were  filed on  a  notebook  PC  This notebook

PC  was  brought to the place where  the 1istener had

provided a  DAC,  amphfiers,  loudspeakers, a PC  monLtor

and  whatever  he or  she  had  wanted,  headphones  for
instance. A  diagram  of the  reproduction  system  is shown  in

Fig, 2, No  modification  except  for existence  of the note-

book PC  with  a mouse,  was  given to the hstener's own

1istemng environment,

2.3. Procedure

   Discrimination tests were  perfbrmed in a 2 altemative

forced choice  parad]gm  Each run  consisted  of  a  full

reproduction  of  a  material.  The duratron of  sound  matenals

ranged  from about  2min. to 4mm,  Durmg  a  run,  two

versions  of  the same  materia]  were  simultaneously  repro-

duced, They were  a  reference  version  without  Jitter and  an

ar"ficially Jittered version.  Only one  of them  could  be

presented acoustically  in the fbreground while  the other

             [] equipment  prov-ded by listener

Fig. 2 A  block  diagram  of  the reproducnen  system  is

 shown  A  DAC,  ump]]tiers,  and  loudspeakers or

 headphones  were  se]ccted  by the ]istener
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was  reproduced  in  the background (muted). The fore-

ground  and  the  background could  be switched  by a  hstener

at any  moment  ln a  run.

   A PC  monitor  was  placed in frent of  a ]istener. On  its

screen,  three buttons were  displayed. Each button was

tabeled either 
tA,'

 
"B,'

 or 
`X,7

 respectively.  Butten  X

always  made  reference  version  audible.  Either button A  or

butten B did the same  work  as butten X. Only the other

button made  the Jittered version  audib]e,  The  instruction

given to the 1istener was  as  fOllows.

    
`There

 are 3 versions  (A, B, and  X) of  each

    materlal.  Verslon X  ls  a  reference  verslon.

    Version A and  version  B are' comparison

    versions,  The  reference  version  is the sound

    without  distonion. One  of  the comparison

    versions  is identical to  the  reference  while  the

    other  version  contains  distortLons. Although

    only  one  of them  can  be heard at one  time,

    you  can  switch  the versions  by chcking  the

    buttons on  the screen.  Dunng  a  reproduction,

    you  can  switch  versions  as  often  as  you  hke  to

    compare  the sounds.  When  the reproductton  is

    completed,  please judge which  of  version  A or

    B  was  identical  to  yersion  X.'

   To prevent clicks from occurring  when  the versions

mterchanged,  they  were  smoothly  cross-faded  in 100ms,

Switching between versions  was  processed in the digital
domain without  using  e]ectncal  switches.  A  session  started

with  relatively  easy  condition  containing  Jitter as  ]arge as

several  ps. A listener had to make  at most  9judgments for
the  same  condition.  Because it was  a  2 alternative  fbrced

choice  paradigm, only  when  the listener scored  75%
correct  or better, he or  she  couid  succeed  to the next

condition  where  the size  of  the artificial  jitter was  to be
reduced  by half. When  3 wrong  answers  before 7 correct

answers  counted,  the session  was  terminated  w]thout

succeeding  to the next  condmon.  When  the 1istener felt
the task  was  very  easy,  the run  could  be terminated before
the reproduction  completed  to save  time

       3. RESULTANDDISCUSSION

   Table1  shows  the  number  of  1isteners who  cou!d

discriminate between sounds  with  and  withoutjitter  at each

Tabte  1 Stze (r m  s)  of  randomJitter  added  to matema]s

 and  the  number  of  hsteners who  could  discriminate

 between  sounds  with  and  without  ]itter

Slze of  random  Jltter

    (rms)
Number  of  1isteners who

 discnminated sounds

 2ps

 1pssOOns250ns
 23
 11
 6none

NII-Electronic  



The Acoustical Society of Japan (ASJ)

NII-Electronic Library Service

The  AcousticalSociety  of  Japan  {ASJ)

,

       '

K  ASHIHARA  et  alTHRESHOLD  FOR  DISTORTIONS  DUE  TO  JITI]ER

 Jitter size. When  theJitter size was  2 ps (r,m.s ), all listeners
 scored  more  than  75%  correct.  About  25%  of  the  listeners

 detected'Jitter when  its size  was  500ns. When  it was

 250ns, however, no  1istener cou]d  discriminate the  sounds

 The  thresholds for random  jitter added  to program
 matenals  seem  to  be severa]  hundreds ns, Ashihara and

 Kiryu [3] measured  detection thresholds  for random  Jitter

 in a fixed 1istening condition.  14 ]]steners without  special

 training  part]c]pated. Seme  1isteners couLd  detect jitter of

 1,152ns but no  one  detected Jitter of  576ns in  their study.

 Even  though  they  used  a  fixed condition  and  non-

 professional 1isteners, their result is comparable  to the

 present resuLt.  Tomiztiwa et  al, [5] measured  detection

 thresho]d  fbr artificial jitter under  the headphone  1istening

 condition.  In their study,  thresho]ds ranged  frQm  several

 hundreds ns  to several  ps. They argued  that the detect-

 ability  ofjitter  would  depend  on  the contents  of  materials.

    Beiuamin and  Gannon [1] reported  that the thresholds

 forjitter on  program matemals  ranged  from 30  ns  to 300ns.

 The  thresho]d values  ]n their･study were  a  little bit smaller

 than those  in the present study.  It may  be attributed  to

 severaL  differences in  the  methods.

    In the study  of  Berljamin and  Gannon, they  connected

 the output  of  the  CD  player to a distribution amplifier  with

 two  outputs  The  first output  was  connected  to a DAC  via

 an  AB  comparator  box. The  second  output  from  the

 distnbution amplifier  
'was

 connected  to a Jitter rnodulator

 that could  add  ]itter by using  a function generator as the

 jitter source  The  output  from the jitter modu]ator  was

 connected  to the DAC  via the AB  comparator  box, Two

 signa]s  to be compared  were,  therefore,  from the same  CD

 player but had different pathways, This might  result  in  a

 slight  change  of  sound  quality. In the present study,  two

 vers]ons  of  the material  were  reproduced  completely  in  the

 same  manner  without  us]ng  special  equipment.

    Secondly, BenJamin and  Gannon used  sinusoidal  Jitter

 instead of  random  Jitter. They, furthermore, selected  the

t Jitter frequency that might  result in detectable distortions

 based on  observed  spectra  of  the signals  Jitter frequency

 they used  ranged  between 1,530Hz  and  1,850Hz. Loud-

 speakers  were  used  in the most  cases  in  the present study

 while  Beiljamin and  Gannon used  headphones.

    Another difference which  is supposed  to be most

 important  is that  in  Benjamin  and  Gannon7s  study, the

 1isteners were  allowed  to decide their thresholds at  their

 own  discretion. The 1isteners were  asked  to ad]ust  the J]tter

 ]evel until they decided that  their thresholds  were  reached.

 The  rehability  of their own  decision was  not  verified. This

 self-administered  threshold esumation  might  a]low  under-

 estimation  of  the threshold values.  In the present study,

 thresholds  were  determined  objectively  based on  the scores

 in a 2 alternative  forced choice  paradigm where  the

 hsteners could  not  determine their thresholds  at  their
                                L

discretion.
   It can  be concLuded  that detection threshold  for random

]itter added  to program materials  is several  hundreds ns
even  for well-trained  listeners under  their preferable
1istening cond]tions.  Accerding  to BeTljamin and  Gannon,
sinusoidal  Jitter as small  as 30ns (r.ms) might  be
detectab]e under  a  certain  condmon.  Considermg these

results,  the maximum  acceptable  size ofjitter  would  be  the

order  of  ns.

   In some  contents  of  conventional  CDs, It had been
observed  that jitter had to be as  small  as  several  hundreds

ps to preserve the resolution  of  16 bits [3]. This is way

below the detection threshold values.  Nishimura and

Koizumi  [6,7] made  attempts  to measure  actual  ]itter of

various  DA  systems  during reproduction  of  music  signals

They could  not  detect any  Jrtter larger than 3ns in their

measurements.

   So fat, actual  jitter in consumer  products seems  to be
too small  to be  detected at  ]east for reproduction  of  music

signals.  It is not  clear,  however,  if cletection thresholds

obtained  in the present study  would  really represent  the

hmit  of  auditory  resolution  or it would  be 1imited by
reso]ution  of  equipment.  Distortions due to very  small  Jitter
may  be smaller  than distortions due to non-1inear  charac-

tenstics  ef  loudspeakers Ashthara  and  Ktryu [8] eva]uated
linearity of  loudspeaker and  headphones  According  to

thetr observation,  headphones seem  te be more  preferab]e
to produce suthcient  sound  pressure at the ear drums with
smaller  distortions than  loudspeakers

              4. CONCLUSION

   In order  to determ]ne the maximum  acceptable  size  of                                 '
jitter on  music  signals,  detection thresho]ds  for aruficial
random  jitter were  measured  in a  2 altemative  forced

choice  procedure. Audio professionals and  semi-professio-

nals  participated in the expenments.  They were  allowed  to

use  their own  listening environments  and  their  favorite

sound  matertals  The results indicate  that the threshold for
random  JJtter on  program  materiaLs  is severaL  hundreds ns
for well-trained  ]isteners under  their preferable 1istenmg
conditions.  The  threshold  values  seem  to be suthciently

larger than  the  jitter actually  observed  m  various  consumer

products.
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