
The Acoustical Society of Japan (ASJ)

NII-Electronic Library Service

TheAcousticalSociety  ofJapan  {ASJ)

  Acous!,

PAPER

Sci. &Tech.  24, 4 (2003}

Acowsticsource ilocallfizatfiown wsimgpimasedifferewnce  spectrumril  fiffrmages

Ryuichi Shimoyama' and  Ken  Yamazaki

Departi'nent cij' Etectri('at ai'id  Etec,tronic: Engineering, CoZle.oe Qf Jndttstrial
Ni,hon Universitv, 1-2-1, IzLtmi-cho, Ntxrashino, 275-8575  Japctn

(Rec,'eived 22 Ma.v 2002, Accel7ted,fbrpttblication 6 Februar.Ni 2003 )

7lechnology,

Abstract: The  localization ot' a  singlc  ucousLic  source  on  the horizontal plane usin.g. phasc difference
spectrum  imuges is discussed. The azimuth  fOr source  is identified from the general linear rclationship,
which  is extracted  from the nieasured  phase difference spectrum  after filtcring. The  phase difference

spectrum  is introduced ag  the quasi-stationary cross-spcctrul  phase belween the sound  signals  detected

simultaneously  by twe  sensors.  Acoustic source  locali7ation in an  anechoic  chambcr  having a metal
base plate using  two  types of  sonnd  signals,  white  noise  and  voice,  indicated that the phase diiTerence

spectrum  was  not  affected  with  respect  to the sound  pressurc lcvcl but was  affected  w'ith  respec[  to the

azimuth  for seurcc.  Although the phase difference spectrum  measured  in a  reverberant  room  had lcss

conlinuity  as  a funcLion or  frequency, a linear distribution of  the images obtained  from thc data (dots)
was  observed  on  the  frequency - phase difference plane. Using the phuse difference spectrum  "nages,

the  azimuths  for various  sourccs.  which  radiated  any  kind of  broadband seund  on  separated  time

schedule,  werc  prcciscly idcntificd cven  in the reverberanl  room.
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             le INTROff)UCTION

   An algorithm  to precisely identified yarious  azimuths

for source  using  only  two  sensors,  as is the case  with

human the btnaural system,  is of  g.rcat interest in several
appiications,  such  as  acoustic  source  detection in humanoid

robots,  hcaring aids,  and  acoustic  sccurity  systems.  Such  an

algorithm.  by  providing an  analog  to various  human

hinaural functions, wil] alse  further our  understandin.e. of

hutnan information processing.
   Several studics  havc cxamincd  thc binaural model  for
human  locatization of  an  acoustic  source  Ll-6L and

approachcs  to the  localization of  an  ucoustic  source  via

t",o sensors  can  be categorized  into three primary types  of

ale.]erithm and  combinatiens  thereof.

   The  first is the time  delay (TD) hctwcen  thc  seund

pressure waveforms  as detected by two  sensors,  whieh

corresponds  geometrica]ly to the azimuth  for source  after

bcing transformed  to the propagation path ditTcrence

[ 1,2,7-9], Titne de]ay, which  gives the maximum  corrcta-

tion between  two  wavelbrms  in time, is calculated

numerically.  Reverberation occasionally  decreases the

accuracy  of  time  delay deLection. The  onset  of  the

wavcfurm  is evaluated  in detecting the titne de]ay because
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the onset  of the  waveform  is not  intluenced by rcvcrbera-

tion, Environmenta] silence  is requjred  in orcler to estimate
the azimuth  tbr source  in TD  estimation.

   Second, the leve[ ditTerence (LD) between two  detected                                               '
sound  prcssurcs. -,hich  is caused  by the path differcnce,
depends on  the azimuth  for source  [t.2,10,1L]. As  LD  is

very  susceptible  to i'everbei'atio",  the  leve] difference

spectral  patterns t'or various  source  azimuths  are  recorded

in advance  and  the arbitrary  azimuth  for source  is obtained
by interpo]ating the recorded  data. The azimuth  for only  a

nearby  seurce  cun  be estimatcd  because LD  is undetectable
at  normal  conversational  sound  level when  the  seurce  is
located relative]y  far from the  sensors.  In I.D estimation,  a

priori knowledge  or  the  e'nvi]'onment  is neccssary  in order

to determine the azimuth  for only  nearby  sources.                                     /
   The  third is the phase diiTerences (PDs) to which  TD  is
transformed  in the frcqucncy domai- [12,l3]. As  PDs  are

greatly influenced by  reverberation  similar  to TD,  an

urbitrury  azimuth  for source  is estimated  by Lnterpolating

thc phase difference spectra]  patterns recorded  for various

source  aziniuths  in the  same  manner  as  LD  estimation.  The

prepared database depends on  the surrounding  environment

in PDs  estimation.

   In the present paper, a new  algorithm  is proposed LhaL

preyides precisc and  rc"1-timc  lecalizution of  an  acoustic
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source,  even  under  reverberation,  using  two  sensors.  The

azimuth  on  the  horjzontal plane for a single  source,  which

is located relatively  distant from  the two  sensors,  is
identified from the gencrul linear relationshLp  on  the

frequency - phase difference plane, which  is extracted

from the measured  phase differenee spectrum  after  filter-
ing. The phase difference spectrum  is introduced as  the

quasj-stationary cross-spectral  phase between  the  sound-

signals  detected simultaneously  by two  sensors.

   In Section 2, the principle of  the present a]gorithm  is
described. The  relationship  between the propagation path
diffbrence and  the uzimuth  for source,  as well  as the path
ditference dependency on  the distance between source  and

scnsors,  ure  glven.

   In Section 3, the  measurement  and  computational

precedures are  presented, including techniques  for measur-

ing the phase difference spectrum,  fiItering, the general
slope  approximation  on  the phase djfference spectrum,  and

the  identification of  the  source  azimuth.

   SectiQn 4 presents a  number  of  examples  regarding

acoustic  source  localization in an  anecheic  charnber.  Two
different types  of  source,  white  noise  und  voice,  are used

for the source  tocatization under  the same  condition.  The
azimuths  for various  source  positions are  identified. The
source  Localization accuracy  is presented. As  more  com-

plicated examples,  the  source  localizations at  the center

and  beside the wall  in lhe corner  of  the  reverberant  roern

are  shown.  Both  the  white  noise  source,  which  is located
appreximately  4.7m  from the sensors,  and  the open-air

noise  source  through a  slightly open  door, are localized.

                 2e METHOD

2.1. Propagation Path Difference and  Azimuth  for
     Source
   Let us  censider  the  cuse  in which  the  sound  is Fadiated

fi'om a point source.  A  pair of  sensors  (Mic1, 2) positioned
at a distance D  from the source  and  separated  by the

intervai S is used  to detect the sound  signaLs,  as  shown

Fis.. 1.

   The  phase difference A ¢ between  the sound  pressures
is expressed  as a function of the propagation path
ditiference Ad  between  AE  and  BE  at  an  arbitrary

frequency

                   Ad
             Aip=  × 360
                   x
                                              (1)
                   Ad
                =  fx36e  (deg)
                   c

where  X is the  wave  length, c  is the sound  velocity

(constant), and  f is the  frequency. Both sides  of  Eq. (1) are
then differentiated by f and  the slope  cr of  the phase
difference spectrum  is introduced on  the frequency - phase
difference p]ane.

J62

Acoust, Sci. &  Tlrch. 24, 4 (2003)

y
Soundsourc

Ax
lE

DPathdifference

Ad zimthsex

A sNsKB

Micl-

CS/2
S12xMic2

Fig. 1 Geometry  of  Round  source  and  a  pair ot' sensors

 (a plane view).
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The  slope  a  of  the  phase difference speetrum  depends  only

on  the  path difference when  the  sound  velocity  is consLant,

Equatiens (1) and  (2) imply that the phase difference
spectrum  ot' sound  pressure radiated  from a single source  is
theoretically a straight line.

   Next, let us  examine  the relationship  between  the
                                 '
propagation path difference and  the  azimuth  fOr source  on

the horizontal plane. The  path difference is calculated  using

the principles of  plane geometry as fol]ows (see Fig. 1).

    AE  ==  D2 +  (S!2 +  Ax)2

    BE=  D2+(Sf2-Ax)2  (3)

    Ad=AE-BE

       =  D2+(S!2+Ax)2-  D2+(sf2-Ax)2  (4)

The  azimuth  for source  e is expressed  as

            e=  
326ffO

 arctan(ADX)  (deg) (5)

   Using Eqs. (i), (4) and  (5), a number  of theoretica]

examples  of  the phase difference spectrum  are shown  in
Fig, 2, The phase difference spectrum  may  be a discontin-
uous  function of  fl/equency. The discentinuities will be

jumps of  3600. As  the frequency decreases, the value  of  the

phase ditTerence approaches  zero,  The  phase difference

spectrum  passes through  the  origin.  The  absolute  value  of

the  spectrum  slope  is fbund to decrease for smaller

azimuth.
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  Fig.2  Calculated phase difference spcctra  ot' sound  pressure.

2.2. Path Difference Dependency orm Distaamce between
     Source and  Sensors
   The distance between source  and  sensors  is assumed  as

apriori  know]edge  in Eqs. (4) and  C5), see  D  in Fig. 1 . This

condition  is unrealistic  in the ]ocalization of  sound.  The

propagation path difference dependency on  the distance
between  source  and  sensors  is shown  for a number  of

source  azimuths  in Fig. 3. The  path difference does not

change  great]y with  dist,ance under  the condition  in which

the  distance from  the  source  to the  sensors  is greater than

the sensor  interval S. D  )}> S, as shown  in Fig. 3(a). The

path dift'erence valLte  at  DfS  =  2.5 is appruximutely  2%

[ess than that at 1)!S =  20 for the source  azimuth  +200, On
the other  hand, the path ditiference changes  according  to not

only  the  distance but also  the  azimuth  for source  when  the

source  is located near  the sensors,  D <  Sl as shown  in Fig.
3(b), One-to-one  con'espondcncc  between  the  path differ-
ence  and  the aziinuth  for sourcc  can  be found onlv  under                                          J

the eondition  D>S.  An  arbitrary distunce frem the

sensors  that is greater lhan  the  scnsor  interval S should

be substituted  f'or D  in Eqs, C4) and  (5). The estimation  of

slopc  or in Eq. (2) is equivalent  te searching  the azimuth  for

source  in space  under  D  )}> S.

3. SOURCELOCALIZATgONPROCEDURE

   A  kind of  invcrsc problem  may  be solved  in order  to

estimate  the azimuth  t'or source  using  the measured  sound

pressures. [n order  te localize the acoustic  source  in a  real

environment,  a number  ot' procedures are  rcquired  fur
ovc:rcoming  the difficulties associated  wLth  measuring,  for

example,  the repeatability  und  adaptability  to various

environments,  In the prcscnt paper, the re]ationship

betwe ¢ n  the  phase differences in the  frequency domuin is
uti]ized  as  the acoustica]  cue  of  the sound  prcssure. The
seund  source  Iocalization procedure is outlincd  in Fig. 4.
'1'he

 procedure is composed  of  the foIIowing four opera-

nons.
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   Fig.3  Path difference dependency  on  the  distance

    between source  and  scnsors  (normalizcd with  the

    sensor  interval S),

3.1. M[easuring Phase Difference Spectrum

   The  time-dependent  sound  signal  waveforms  detected

simultaneously  using  each  of  the emni-directiona]  micro-

phoncs, are  multiplied  by a Hanning  window  and  are

transformed  from  the time  domain to the frequency clomain
via a DFT  algorithm,  The corresponding  output  pairs in
frequency domain  are  multiplied  to form  the cross

spectrum.  The  phase clifference spectrum  obtained  as thc

cross-spectrai  phase is overlapped  and  averaged  ox,er  time.

3.2. Fi]tering Phase Difi6erenc'e Spectruin

   The  phase difurence spectrum,  which  is meas'ured  in

thc  reverberant  room  for the case  in which  thc  source  is
iocated far from the  niicrophones,  tends  to be distributcd at

randotn  on  the frequency - phase difi'erence plane due to
the  infiuence of  thc  rcverberation.  A]] of  the  phase
dlfference spectrurn  may  net  always  contribute  to the

localization of  the target source,  Therefore, the phase
dLtTbrence spectrum  is filtered under  the rule  in which  the
'tcluster"

 is selected. Here. the 
`[cluster"

 indicates the group

                                           163
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s  Phase difference  ( Cross spectral  phase)

      Fig. 4 Propo'sed algorithm  for source  localization.

                                              '

of  the phase difiference data in which  values  are  similar  in

frequency. The filtering algorithm  is as followsi

  (i) On the frequency-phase difference p]ane, the  mea-

     sured  frequency span  is divided into L sections,

     whcrc  thc phase difference span  is divided into M

     sections,  see Fig. 5. The, entire  plane is then divided
     into L  x  M  sections,

 (ii) The number  of  the phase ditference data containcd  in
     each  section  is calculated.  ･

 (iii) The maximum  number  of  datu contained  in the

     section, IY.,, is determined.
                    '

                   A  seiected  section

         
     g
     g
     L

    s-
    :t
    

pt
 

         

                      Frequency

  Fig.5 Filtering the  sections  for evaluation  on  the

    frequency 
-
 phase  difference plane based on  the

    number  of  the data contained  in each  scction.
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 (iv) Data in sections  which  contain  less than  ?V.,, *C

     data are  not  used  for evaluation,  where  C  is the

     filtering constant  (O S C S 1).

As the phase difference spectrum  is a one-valued  function
of  frequency, the fi]tering procedure determines the

appropriate  frequencies for evaluation.

   These constant  values, C, L and  M  are  adjustab[e,

allowing  adaptabiiity  to various  acoustic  environments  in

the present algorithm,  That these constant  values  may  be
set in advance  for typica] known acoustic  sources  in certain
environments  is desirabie. The  souree  azimuth  identifica-
tion is not  se  sensitive  to these  constant  values,  as  will  be
described ]ater.

3.3. SlopeApproximation

   The  spectral  slope  a  in Eq. (2) using  the filtered phase
ditference spectrum  is approximated  as fbllows.

   Let us  assume  a  straight  line inclined cr which  passes
through  the origin  on  the frequency - phase ditllerence

plane. The theeretical  phase difference value  can  be

ca]culated  on  the  assumed  straight  Iine at  arbitrary

frequency. The optimum  value  of  a  is obtained  such  that

the norm  between the  filtered phase difference spectrum

and  the calculated  spectrum  is tninimized  by scanning  its

slope,

   As a  definite lbrni. the  norm  e defined in Eq. (6) is
numerically  minimized  over  the frequency range  from ,fL
to fk,Then, the optimal  slope  cr is obtained  when  thenorm

s  is minimized

                IV

            E=Z(Adi,-a,fb2  (deg2) (6)
                i=1

where  " is the  frequency, Atoi i's the filtered phase
difference value  at A, and  N  is total number  of frequencies
selected  for evaluation  in Section 3.2, This procedure
extracts  a general linear relationship  from the fiItered phase
difTerence spectrum  un  the frequency - phase difference

plane.

3.4. Calculatio" ef  Source Azimuth

   Equation  (2) can  be expressed  tn the fol]owing form.
                       orc

                 
Ad=36o

 (m) a)

If the  optimal  slope  value  is substituted  for a  in Eq. C7), the

path difference Ad  corresponding  to the  azimuth  for source
is obtajned  Then, Ax  is numerically  searched,  where  the

error  in Eq. (8) is minimized.

         error  =  IAd 
-
 (VbiLl 

-iTs12
 +  A.v)2

                                              (8)

                -vw tt2+(Sl?-z!x)')

Equation (g) is obtained  frem  Eq. (4), Finally, the azimuth

for source  is calculated  in Eq. (5).
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   Finding the optima[  slope  or in Eq. (6) is equiva]cnt  to

searching  the azimuth  for source  not  onty  in space  but also
in frequcncy.

              4e APPLICATJON

   In ordcr  to confirm  the experimental  accuracy  for thc
source  [oca]ization. the  sound  was  radiated  through a

speaker  driver, which  was  connected  to a copper  tube

(length: l2cm,  inner dlameter: 8mm)  via  a  tapered cast-

nylon  tubc. Thc ucoustic  source  was  ]ocalizcd fer two
sound  signals  

-
 white  nolse  and  },oice  (BBC News},

whicb  were  recorded  and  reproduced  using  a tape  reeorder.
'l'wo

 microphones  (Type 4190, B&K)  werc  f]xed in the

same  direction at a 20-cm  interval using  a tripod.

   The frame peric)d' was  sct  to 500ms  in the DFT

proeedure. The  phase difl'erence spectrum  was  rneasured  as

the eross-spectral  phase, xN'hieh  was  overtapped  75%,  and

was  the averagc  oi' ten meusurements  condueted  using  a

multi-ana]yzer  systcm  (Putse 3560C,  B&K).  

't'he
 sound

signal  ",as  trcatcd as quasi-stationary by time averaging

over  the total mcasurement  period for approximately  1.6s.

Averaging  fcwer measurements  deteriorates the repeat-

ability  ot' the Tncasurement,  The cross-spectral  phase was

measured  over  thc fTeguenty range  from O C,fL) to 6.4 kHz

(1fii ), which  nearly  contain  the  Tnuin  formant frequencies of
the voice  sound  sis,nal,

4.1. Souree IiocaMzatioan im an  Anechoie Chamber

   The speaker  driver was  placed 48 cm  <D in Fig. 1) from
the two  rnicrophones  in a  t,t-m3 anecheie  chumber  having
a  metal  base plate. The  fiat metal  base plate covered  with

glass wool  functions as a kind ot' sound  refiector  in the

anechoic  chamber.  Figure 6 shows  the phase difference

spectra  measured  tbr several  white  noise  source  a7.imuths,

As the source  azimuth  inereases, the general slope  of  the

phase difference spcctrum  increases. Each  spectrum  shows

a ripplc. Thc rcsults of  similar  experiments  conducted  in a
larger ancchoic  room  havin.o no  sound  reflector  revealcd

that intcr{'crcnce between direct sound  and  refiected  sound

may  be thc primary cause  of  the ripple  because the ripp]e

was  only  barely noticeable  in the spectrum  obtained  in the

Iarger anechoic  roorn,

   Thc sound  pressure arnplitudc  spectra  for the white

noise  and  voice  are  showJi  in Fig. 7. Thc amplitude  of  each

spectrum  was  obtainccl  by time averaging  tcn measure-

ments  performed using  Mic1. shown  in Fig, 1, Corregpond-

ing to Fig. 7, Fig. 8 compares  the  white  noisc  and  voi ¢ e

sound  signals  with  respect  to thc measured  phase ditl'erence
spectrum  and  the identificd spectrum,  Althou.uh the

amplitude  spectrum  for the white  noise  sound  signal was

found to diffcr remarkably  from  that of  the  voice  sound                     v
signal. as shown  in Fig. 7, Ihe phase difference spectra

differed only  slightly, as shown  in Figs. S(a) and  (b). The

ACOUSTIC  SOURCE  LOCALIZATION
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  True azimuth  (e )

Fig. 9 Con]pEuison oi' true azimuth  with  identified tbr
 various  source  loeations,

phase ditllrrence spectrum  was  not  atlbcted  by the type  of

sound  signal,  except  at  either  frequencies lower than 1 kHz

or at  approximately  5 kHz  when  the sound  pressure ]evel is

too low to be detected precisely, especially  in the case  of

the  voice  sound  signal,  This indicates that the phase
difference can  be precisely detected even  in the  case  of

very  low-level sound.  The  identified spectrum  passes
through  the center  along  the distribution shown  in Figs.
8(a) and  (b). In both cases,  the optimal  spectral  slope  was

identified as 
-O.075601Hz

 and  the corresponding  source

azimuth  was  -20.60, with  an  errQr  of  approximately  +2:

(true azimuth  was  
-22,6").

 The  filtering did not  contribute

to identificatien of  the  source  azimuth  in the  above

experlments.

   The  comparison  of  true  azimuth  with  identified for

various  source  locations is shown  in Fig. 9, The azimuths

for source  were  identified within  an  error  of  ±2; over  the

azimuth  range,  from  approximately  
-40"

 to +400.

4.2. Source  Localization at the Center in the Rever-
     berant Reom

   The  phase difference spectra  were  measured  at the

center  of  the reverberant  room  (approximately l1.2m in

length, 7.2m  in width  and  2.7m  in height). The  room  has

good  echo  characteristics,  because the exposed  concrete

walls  face each  other.  The white  noise  source  was  located

3m  from the microphones  (D =  3m  in Fig, 1). Figure 10
shows  the measured  phase difference spectra  for different
source  iecations. Each phase difference spectrum  is widely

distributed from -2000  to +200e.  Although the measured

phase difference spectrum  has less continuity  as a function

of. frequency, a line representing  the distribution of  the data

(dots) is observed  on  the frequency 
-
 phase difference

plane. The genera] slope  of  the phase difference spectrum

changes  with  the  azimuth  for source.  Comparisons  of  the

filtered phase ditTerence spectra  with  the  identified spectra

are  shown  in Fig. 1 1. The  filtering constant  was  set  to O.45.

'
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where  the freqaency span  was  divided into 200  sections

and  the phase ditlerence span  was  divided into 50 sections

(C ==  O.45, L =  200. M  =:  50 in Section 3.2). The optimal

spectral  slopes  were  identified as (a) +O.O123r'fHz, (b)
-O.O027"fHz, and  (c) -O.O13601Hz, respective]y,  The

corresponding  sound  azimuths  were  (a) +3.20, (b) -O,70,

and  (c) -3.6:, with  an  error of  approximately  ±30.

4.3. Souree Localization Near  the Wall in the Reyer-
     berant Room

   For more  complicated  applications,  the azimuths  for
various  source  types were  identified, Figure 12 shows  the

reverberant  room  layout. Two  ,microphones were  placed

approximate]y  45 cm  from the expesed  concrete  wall.  The

room  had a door and  a  speuker  driver was  placed at the

corner  of  square  strut on  the  right-hand  side.  An  air-

conditioner  diffuser was  located on  the  left-hand side  of  the

ceiling.

   The white  neise  through  the  speaker  driver ]ocated

approximately  4,7m from the microphones  wag  localized

for the  case  of  no  air-conditioning.  Figure 13 shows  the

measured  phase difference spectrum  (a) before filtering and

(b) the comparison  of the measured  spectrum  with  that

identified after  filtering (C =  O.45, L =  200, M  =  50). The

filtering extracts  parts of  the  cluster  as  the images  on  the

frequency - phase difference plane. The  azimuth  for source

was  precisely identified from the cxtracted  images on  the

phase difference spectrum.

Fig. 12 Reverberant [ooTn  layout.

or
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  Fig.13  I.oca]ization for white  noise  source  placed
    beside the wal]  (D =  4.7m, Truc azirnuth:  O =  +l30).

   Next, the  azimuth  for the open-air  noise  thrQugh  the

sliglttly open  door was  identified in thc absence  ol' any

other  noise  for the case  of  no  air-conditioning.  No

particular noise,  other  than trarac noise  far from the  room,

entered  the room,  The  ampLitude  spectrum  detected by

Mic1 and  the cerresponding  phase diff'erence spect,rum,  are

presented in Figs, 14 and  15, respectively,  The sQund

pressure level of  open-air  noise  was  observed  to decrease

gradually for higher frequencies, with  the exception  of  a

number  of  peaks, as showii  in Fig. 14. A  belt efclusters  at

frequencies lower than  2kHz  is observed,  whereas  the

phase difference spectrum  is distributed almost  randemly  at

frequencies higher than  4kHz,  as  shown  in Fig. 15. Figure

16 shows  the  sound  azimuth  identification dependency on
the  filtering constant.  The  identified sound  azimuth  does
not  agree  with  the true azimuth  for (a) C =  O.3. In contrast,
the identified seund  azimuth  agrees  well  with  the true

azimuth  for (b) C=O.4  and  (c) C==O.5 (L=200,      '
M  =  50). The  filtering procedure is required  in order  to

identify the aLimuth  for source  from the faded images on
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  Fig. 15 Mcasured  phase diil'erence spectrum  of  open-air

   neise  zhrough  thc  slightly  upen  door (D =  2.3 m),

the phase difference spectrum.  Figure 17 shows  the

distributions uf  the norm  s in Eq. C6) on  the sourcc

azimuth  for the filtering constant  C (L =  200, M  =  50).

Althou.vh the nurm  takes a minimum  value  at approxi-

mately  O' in the cases  of  C=  O.1 and  C =  O.3, the norm

takes a minimum  value  at  true azimuth  (20-29'`) jn the euse

of  C  =  O.4-O.8. The  idcntified azimuths  in which  the  norm

in Eq. (6) is minimized  arc shown  with  respect  to the

filtcring constant  C and  wiLh  respect  to the number  of

divisions L und  il4 in Fjgs, 18(a), (b) and  (c). respectively.
The identified azimuths  agree  well  with  the true aziinuths

for filtering constants  larger than  O.38, for a numbcr  of

frequency divisions greater than  100, and  for almost  a]]

numbers  of phase difference divisions ranging  from  10 to
70, as  shown  in Figs. 18(a), (b) and  (c), rcspectively.  Thc
source  azirnuth  ide]]tification was  not  exceedingly  sensitivc

for the uenstants.  C. L and  M,  so  that changing  these
constants  individually was  not  necessary  in the above

experiments.  As  thcse  constants  occasional]y  af]fect the
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                    Sourceazimuth (e )

  Fig. 17 Digtribution of  the norm  s  Cin Eq. {6)) on  the

    source  azjmuth  for the  fittering constant  (open-air
    neise  threugh the slightly  open  door, D==2.3m,

    L =:  200, M  =  50),

accuracy  of  the seund  azimuth  identification, carel'til

attention  shou[d  be given to the selection  of  suitab]e

constants  according  to the measured  spectrum,  Otherwise,

an  additionul  procedure, for example,  fi]tering with  respect

to the sound  pressure level. should  be introduced to the

present algorithm.

   Finally, three types of  spectral  patterns on  the

frequeney - phase ditiference plane are shown  in Fig. ]9.

Each spectral  pattern is generutcd by marking  the selected

section  black after filtering. The  marked  sections  are

distributed in differently corresponding  to the various

acoustic  conditions.  If the spectral  patterns are recorded  as

a  datubuse corresponding  to typical acoustic  scenes  in

adVance,  the surrounding  acoustic  scene  may  be estimated

by  matching  a  specific  spectral  pattern.

               5. CONCLUSEON

   The  azimuth  on  the horizontal plane for a single

acoustic  source,  which  was  located relatively  far from two

sensors,  was  identified from a general linear relationship  en

the frcquency - phase difference plane, which  was

extracted  from  the measured  phase difference spectrum

after filtering. The  phase dit]Ference spectruni  was  intro-

duced  as  the quasi-stationary cross-spectral  phase between

the sound-signals  detected siin-ltaneously  by two  sensers.

The  results  of  the prqsent study  are as follows. Flrst, the

phase difference spectrum  was  hardly atfected  bY the seund

pressure level, but was  affl)cted  by rhe azimuth  for source.

Second, although  the measured  phase diffcrence spectrum

had less continuity  as a function of  frequency, a  linear

distribution of  the  images  obtained  from  the data was

observed  on  the phase difi'erence spectrum.  Finully, using

the images on  the  phasc difference spectium,  the  sound

azimuths  for various  sources,  located at  a  distance from the

sensors  that is greater than  the  sensor  interval and  rudiating

any  kind of broadband sound  on  a  separated  time schedule,
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Fig,19 Fi]tered phasc dift'crcncc spcctraT  paitems fur
 vtkrious  acoustic  conditions  in the rcverheranl'  reom

 (C =  O.45. L  ==  80. M  ±=  20}.

could  be precisely identified even  in a  rcverberant  room.

Carei'ul attentien  shuu]d  be given te the  selection  of  the

filtering constant  C  und  the  number  of  divisions L and  M
according  to thc mcasurcd  spectrtim.  In order  to improve

thc aduptability  to various  environments,  the optimization

teehnique,  which  allows  the constants  C, L  and  M  to be
optimized  may  be inTroduced to the present algorithm.

   An interesting potential appiication  of  the present
algorithm  to the  binaura] model  is the  use  of  a  dumniy  head

for furthering our  understanding  of the human auditory

system.  Source localiLation using  more  than  two  sensors,

whjch  would  allow  two-  or  three-dimensional  loca]ization,

as  well  as  gocalization of  niultip]e  sourc ¢ s, is also possib]e
using  the proposed al.aorithm, The real-timc  display on  the

pbase difference spectrum  using  multiple  sensors  would

enable  an  aceustic-cumera,  a  sound  version  of  the  TV

eumera,  ]n addition,  the application  of  the proposed
aigorithm  to various  physical phenomena  having  a  wave

nature  may  provide interesting and  exciting  insights.
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