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Abstract: In order  to investigate the effecl of  room  acoustic  conditiens  on  music  players on  the

stage, the authors  have been conclucting  experimental  studies  of  solo  perfbrmances, using  a  newly

developed sound  field simulation  method  with  a  6-channel recording!reproduction  technique.  By

expanding  this system,  another  simulatien  system  to duplicate the situation  where  two  musicians  play
in ensemble  has been newly  developed using  two  anechoic  rooms  and  a  24  channel  digital convolution

system.  Using this system.  examinations  were  conducted  

'to
 check  the applicability  of  this sound  field

simulation  technique to the experimental  investigation of stage acoustics  for ensemble  perfbrmance
between two players.
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nsemble  perfbrmance

             1. INTRODUCTION

   In concert  hall design, the aceustic  conditions  for music

players on  the  stage  should  be considered  as  well as  those

for the audience.  The authors  have been making  exper-

imental studies  of  
"stage

 acoustics"  focusing on  $olo

perfbrmances  by  app]ying  a newly  developed sound  field
simu]ation  technique using  a 6-channel digital convolution

system  in an  anechoic  roem  [1,2],
   In addition,  the acoustic  conditions  for ensemble

perfOrmances  should  be considered  as  an  important factor

of  stage  acoustics  and  several  researchers  have published
studies  on  this topic  [3-6]. The  present authors'have  also

started  an  experiment  for ensemble  perfbrmances by two

players on  a stage  by expanding  the sound  field simulation
technique  mentioned  above,  using  two  anechoic  rooms  and

a 24 channel  digital convolution  system.  In this paper, the
acoustic  simulation  sygtem  is first introduced and  the
results of  the examination  of  its applicability  to subjective

experiments  are  presented.

'e-mai]:ueno@iis.u-tokyo.uc,jp

2. SIMULATIONSYSTEMFORENSEMBLE
    PERFORMANCES  BY  TWO  PLAYERS

2.1. Modeling  and  Measurement  Methods  of  the

     Sound Transmission between Two  Players

   The  sound  transmission between two  players on  a stage

can  be modeled  as shown  in Fig. ]. In this figure, P,.if is the

sound  transmission  from  the instrurnent of  a player to him-
self!herself  and  P,,.,, is that from the instrumenr of  the  co-

player. To  obtain  these sound  transmission characteristics,

the impulse responses,  pAA(t), pBB(t), pAB(t) and  pBA(t) are

measured  in the  configuration  shown  in Fig. 2. In the

measurements,  a dodecahedral loudspeaker system  with  an

omni-directional  characteristic  up  to about  2k  Hz  was  used

to mode]  the musical  instruments and  an  omni-directional

or  uni-directional  microphone  was  located just behind the
sound  source  as shown  in Fig. 2. In the measurements

using  the uni-directional  rnicrophene  (SONY  C48), the

impulse responses  in six orthogonal  directions (pAA,i(t),
pBB,i(t), pAB,i(t) and  pBA.i(t), i =  1 to 6) were  measured  by

rotating  the microphone  in 90-degree increments [2], The
omni-directional  impulse responses  (pAA.o(t), PBB,o(t),
pAB,o(t) and  pBA,o(t)) were  also  measured  to obtain  room

acoustic  indices, For this impulse response  measurement,

the time stretched  pulse (TSP) technique [7,8] was  applied

by keeping the  energy  of  the source  signal  c.onstant.
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2.2. Sound  Field Simulation in the Laboratory

  In order  to simulate  the sound  field conditions  for two

players separately,  two  anechoic  rooms  (room-A: 7 meters
cubed  and  room-B:  4.0m  x  6.8m  x  7.0rn) are coupled

acoustically  as  shown  in Fig. 3 and  the four sets  of  6-

channel  directional impu]se responses  installed in the

digital convolution  system  (24･channels in total) are used  to

synthesize  the sounds  from six directions for each  player.

  In this system,  the direct sound  from each  musica]

instrument is detected through a  uni-directional  micro-

phone (SONY  C48) set  at  a  point close  to the player in each

room.  The output  signal  is convolved  with  each  impulse

response  Qf  2.7s duration time measured  in real 
'cencert

halls. That is, the sound  from  the  instrument of  the  player A

is convelved  with  the sets  of  6-channel directional impulse

responses  pAA,i(t) and  pAB,i(t) and  the sound  from the

Fig. 1 Modeling of  the seund  transmission between two  players.

                Acoust. Sci. &  Tech. 25, 5 (2004)

instrument of  the player B is convolved  with  the impulse
responses  pBB,,(t) and  pBA,i(t). Here, for pAA,i(t) and

pBB,i(t), the components  of  the direct sound  from the

sound  source  and  the refiection  from  the  stage  floor are

excluded  from the directional impulse response  signals,

because the fbrmer is unnecessary  for the simulation  and

the latter can  not  be sirnulated  exactly  in the simulation

system  used  in this experiment.

   The convolved  signals  are  mixed  as shewn  in Fig. 3 and
reproduced  through  the six loudspeakers (TANNOY  T12)

set in each  anechoic  room,  The  loudspeakers are  set  on  a

spherical  surface  of  2m  radius  in room-A  and  of  1.6m

radius  in room-B  around  the  performance  positions. The

frequency characteristics  of  the total recording  and  repro-

  

  

  
  

Fig. 2 Configurution of  the  measurement  system.

Anechoic room  A  for Pla er A Anechoic room  B  for Plaver B               J

Fig.3 Sound field sirnulationsystemconstructed  in tmechoie  reoms.
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duction system,  including the uni-directiona]  microphone

and  the loudspeakers, are equalized  over  the frequency
range  from 1 25 Hz to 4k  Hz  in octave  bands using  spectrurn

equalizers.

3. EXAMINATIONOFTHEREPRODUCTION
               ACCURACY

3.1. Impulse Response Measurement  in Real Concert
    Halls

  The impulse response  measurement  mentioned  above

was  performed  in four concert  halls in Japan as shown  in

Tab]e 1. The  measurement  positions on  a  stage  are shown

in Fig, 4, where  pattern A  is for the players' positions for
chamber  music  and  pattern B are for those  for an  orchestra

performance. The  impulse  responses  between the two

positions shown  in Fig. 2 were  measured  fbr each  pattern,
Figure 5 shows  the actua]  measurement  on  a stage.

Table  1Data  of  the concert  halls.

Fig.6
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Measurement  positions on  stuges.

Fig.5Measurement  on  a  stage,

3.2. Methods  for Analysis  of  the Impulse Responses

   In order  to examine  the transient precesses, the impu]se
responses  measured  with  an  omni-directional  microphone

were  divided into three cornponents  as shown  in Fig. 6; the
direct seund  including the reflection  from  the floor (Dir),
the early  reflections  (ER) and  the reyerberation  process
(Rev). These components  of  an  impulse  response  were

separated  in the  time domain as follows.

              PT(t)=wT(t)･p(t) (1)

where  pT(t) is the respective  part of  the impulse response,
tvT(t)  is the gating function and  p(t) is the over-all  impulse

response.  This processing was  pgrfbrmed for p,,if(t) and

pcnnss(t) as  shown  in Table  2.

  Next, the respective  pT(t) was  filtered through band-

pass filters by  digital signal  processing, Here, it is ex-

pressed as  pT,N(t): N  indicates the tV-th band. The  energy

(squared and  time-integrated  sound  pressure), ET,N, was

caiculated  for each  frequency band  for the  respective

components  as fo11ows.

             E,,.=ll
"Op;,,(t)dt

 (2)

From  these results,  the

EDir,N,se]f, the energy  of

pscif(t), were  calculated.

LER.N,self

LRev,N,se]f

LDir,N,cress

LER.A',c[oss

LRey,N,cross

fo11owing indices normalized  to

the direct sound  component  of

=  10lg (EER,N,selflEDir,N,self)
=  10]g(EReN"v,self!EDir,N,se]t)

=  tOlg(ED]r,,v,crosslEDir,N,selr)

=  10 1g (EER N,crosslEDLr,N,se]t)

=  101g (ERev,NctosslED]i N,self)

(3)

(4)

(5)

(6)

(7)
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Table2Separation  of  impulse response  in the  time  domain.

Components PT(t)
'Gate-ontirne:wT(t)=i

ThedirectsoundofpsctfCt) PDir,sclf(r) O<t<10msr

Theearlyreflectionsofpseif(t) PER.setf<t) 10ms<t<10ems-

Thereverberatienprocessofpsetf(t) PRev,self(t) 100ms<t<oo-

Thedirectsoundot'pcToss(t) PDir,cross(t) t'<t<t'+10ms=

TheearlyreflectionsofPcross(t) PER.cross(t) tJ+]oms<t<100m ms

Thcreverberationprocessefpcross(t) PRew,crDss(t) 100ms<t<oom

* t =  O is the starting  point ef  pseif(t); t =  t' is the starting  point of  pcross(t)-
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Fig.7Reproduction accuracy,

   As  mentioned  above,  the over-all  impulse responses

were  divided in the timc domain and  filtering processing
was  performed  fOr each  part, and  the total energy  of  each

part in each  frequency  band was  calculated  by squaring  and

time-integration processing. This is because after  band-

pass filtering the impulse response  becomes long in time

especially  in the low frequency bands and  it becomes

impossible to divide it into the components:  the direct

sound,  early  refiections  and  the reverberation  process, In

Gade'F definition, LER, ,,if corresponds  to STi and  LRev, seaf

correspondS  to Snate [S]･

3.3. .Reproduction Accuracy

   In order  to determine the reproductien  level of  the

simulation  system,  impulse responses  were  measured  at  the

center  point (performance position) of  the simuJated  sound

field in each  room  using  the dedecahedral !oudspeaker

source  and  the omni-directional  microphone in the  same

way  as  in the measgrements  in real concert  halls (see
Fig. 2). The  reproduction  level of  the  simulation  system  in

each  room  was  adjusted  so that LER,seif and  LRev,seif

measured  in the simulated  sound  field were  equal  to those

measured  in the real concert  hall, respectively.  Next, the

reproduction  levels fbr the cross  components  between  the

two  rooms  were  adjusted  so  that LDir, cro,,  measured  in the

simulated  sound  field were  equal  to that measured  in the

rea]  hall. By making  such  level adjustments,  the sound  field

conditions  at  the  two  perfbrrnance positions can  be

simulated  in the artificial  sound  field in each  of  the

anechoic  rooms.

   To see  the similarity  between the real sound  field and

the simulated  one,  the correspondences  of  the indices

defined by Eq. (3) to (7) and  RT  between the real  sound

field and  the simulated  one  were  examined.  Here, when

obtaining  the value  of .EER for the simulated  sound  field,

the  starting  time in the calcu]ation  was  changed  from 10 ms

to 20ms  for EER, ,,if  and  from f +  10ms  to t' +  20ms  for

EER,cross, respectjvely,  becapse  reflections  caused  by the

IQudspeakers were  observedjust  after the direct sound.  The

results for room-A  (for the subject)  in the middle  frequency

range  (2-octave band including 500Hz  and  lkHz  octave

bands) are shown  in Fig. 7(a), (b) and  (c), respectively.  In

each  figure, the RMS  value  indicates the extent  of  the

scattering  of  the plots. In each  of  these resuLts,  almost  all

plots lie on  the 45  degrees line and  a fairly good

correspondence  can  be seen.  Figure 7(d) shows  the

correspondence  of  RT  between the real  seund  field and

the simulated  one  fOr P,.if and  P.,.,, in room-A.  In this

result,  the correspondence  is not  as- good as the former

cases  and  mo're  deviations from the 45 degrees line are

seen.  The RMS  value  for P,.]f and  P.,.,, are  O.19s and

O.21 s, respectively.  The reason  of  this discrepancy might

be attributed to error  in the evaluation  of  the  decay  curve

and  that occurred  ip the retouching  processing of  the
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Fig. 8 Definition of  the  feedback souncl  in the simulated
 sound  field.

Fig. 10 Ensemble performance  in the simulated  sound  field.
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Fig.9 Relative level of the feedback sound  to the direct sound.

impulse responses  by using  the multiplying  exponential

function to depress the effect  of  background  noise  in the

later part of  the reverberation  process [9].
   Here, to examine  the  feedback effect  from  the  loud-

speakers  to the  uni-directional  microphone  used  to detect
the musical  instrument's sound,  the  relative  level between

the  energy  of  the  direct sound  (within 20ms  from the start
of  the direct sound)  and  that of  the feedback sound  (after
20 ms)  in the impulse response  measured  through the uni-

directibnal microphone  in room-A  was  analyzed  (see
Fig. 8), Among  the  results,  the relative  level in each

octave  band for the  most  serious  condition  in which  the

reproduced  seund  from the loudspeakers was  the strongest
among  the  data shown  in Fig, 7 is shown  in Fig. 9. In this
result, the energy  of  the false signal  caused  by the feedback
effect  is lower than  that of  the direct sound  by 16 to 22 dB.
For the other  cenditions,  the relative  leve] is ]ower, i.e. the
feedback effect is weaker  than  this case. These resu]ts

indicate that the feedback effect can  be neglected  in this
seund  field simulatien  system.

4. PRELIMINARY  STUDY  FOR  SUBJECTIVE
        ASSESSMENT  EXPERIMENT

   Using these simulated  conditions,  a  subjective  assess-

ment  experiment  was  conducted  to check  the va]idity  of  the
simulation  system.  The  subject,  a professienal musician,

performed one  or  two  phrases in a piece at the center  point
of  the  simulated  field in room-A  with  a  co-player  (an

amateur  vio]inist with  16 years' experience)  in room-B  by
imaging  that they  were  playing together  on  a real stage.

The two  players could  see  each  other  through  a  video-

monitoring  display set  in each  room  (see Fig. 10).

   During the performance, the experimenter  stayed  in
roorn-A  and  questioned the subject's  auditory  impressions
about  the naturalness  and  presence (reality) of  the sound

field and  the effectiveness  of  the  visua]  presentatien. In this

preliminary experiment,  variation  ef  the hall conditions

(the set of  the directional impulse  responses,  see  Table  1)

for the  same  combination  of  performance positions and  the

difference of  the performance positions for the  same

concert  hall were  examined  (see Fig, 4). Eleven profes-
sional  players (4 vio]inists, 2 violist,  1 cellist,  2 flutists, l

clarinetist and  1 oboist)  participated in this experiment,  For
each  subject,  four to eight  variations  among  the  test

conditions  described above  were  presented.

   Table 3 shows  the representative  comments  made  by

the  subjects  through  the  experimenL  In these comments,
different opinions  are seen  concerning  the visual  monitor-

ing system.  This might  be attributed  to the way  of  setting

up  the  video-monitoring  system  in this experiment  and  the

differences between the playing attitudes  of  the subjects

related  to their usual  activity  and  musical  instrument. As
was  expected,  unnaturalness  because the co-player  was

spatially  separated  was  pointed out. Nevertheless, as seen

in the comments  on  the subject's  feelings about  acoustic

presence, it can  be considered  that the subjects  can  get the
feeling of  playing on  the real stage  ef  a  concert  hall and  can

distinguish differences between  stage  conditions,  It was

also  commented  that it is possible to concentrate  on

creating  mllsic  with  a  co-player  after  becoming accustomed
to the simulated  sound  field,

             5. CONCLUSIONS

   In order  to simulate  the  3-dimensional sound  field on

the stage  ef  a concert  hall, a  technique using  a 24 channe]

digital convolution  system  and  two  anechoic  rooms  was

developed and  its applicability  to psycho-acoustic experi-

ments  on  ensemble  performance  was  examined  by con-
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Table3Comnient  of  subjects  on  applicability  of  the simulation  system.

Visualpresentation Unnaturalness Acousticalpresence

Notnecessa Presenceoftheco-laer RLeaj1!tyt
.Icanplaywitheutthevisual.Physicalcontactislacking-Thedifferenceofthedistance

presentationbecauseIusuallybecausetheco-playerisnotbetweentheplayers(3mandthe
playusingear. inthesamespace. distancebetweentheconcertmaster

-Whenconcentratingonsound,'Bedymovementisalsoandthewindinstrumentplayer)can

thevisualpresentationisneeessarytotakecontactbesensedasbeingaccustemedin
ratherdisturbing, withtheco-player;itcanrealhalls,

Necessartomakesin notberealizedinthis-Theeasinessanddifficultiesin

.Iseethevideo-monitoronlytosyst'em. playingexperiencedinrealhallscan
seethestartingsignfromthe-Breathingisalsoanbesensedinthissimulatienfield,

ee-playerandwhentheimportantsigninensemble-Theinfluenceofthereverberation

ensernbleisoutofstep. andthissystemseemscanbejudgedasinarealhall,

Indisensable inorganiconthispoint' Creationofmusic
-Eyecontactisessentialin -Itispossibletoconeentrateon

ensembleperformance. creatingmusiewiththeco-player.

-Whenaccustemedtothissystem,it

maybepossibletocreatemusicas

usualinrealhalls.

ducting a preliminary subjective  assessment  experiment,

As a result, it was  found  that musicians  can  get a  feeling of

the acoustic  reality of  perfOrming on  a stage  and  can

distinguish the differences between  acoustic  conditions,

though  the absence  of  a eo-player  from the same  room  was

felt to be  unnatural.

   From  these results, it has been decided to pursue a  more

rigorous  subjective  assessment  experiment  to investigate

the  relationship  between acoustic  conditions  on  a  stage  and

the musicians'  impressions of ensemble  perfOnmances by

two  players. This experiment  is now  being performed with

the coeperation  of  professional musicians,

            ACKNOWLEDGEMENT

   The authers  wish  to generously thank  the musicians

who  participated in this study  for their wMing  cooperation

during the subjective  assessment  experiments.

                  REFERENCES

 LII S, Yokoyatna,  K. Ueno, S, Sakarnoto and  H. Tachibana,

    
"6-channel

 recordinglrepreduction  system  fbr 3-dimensional

    auralization  of  sound  fields," Acoitst. Sci, & 7lech., 23, 97-le3

   <2002).
[2] K. Ueno  and  H. Tachibana, "Experimental

 study  on  the

   evaluation  of  stagc  acoustics  by  musicians  using  a  6-channel

   sound  simulation  systcm,"  Acoust. Sci. &  Tlrch., Z4, 130-]38

   (2003).
[3] A, H, Marshall, D, Gottlob und  H. Alrutz, `'Acoustical

   conditions  preferred for ensemble,"  J. Acoust. Soc. Arn., 64,

   1437-1442 (1978).
[4] j. Meyer, 

`'Problems
 of  mutual  hearing of  musicians,:'  Proc.

   Ien 
'86,

 pp. 33-38 {1986),
[S] A. C. Gade  

"Investigatiens
 of  musicians'  room  acoustics

   conditions  in concert  halls, Part 1: Methods and  laboratory

   experiments,"  Acustica, 6Y, l93-203  (1989).

[6] J. Meyer,  
"Infiuence

 of  communication  on  stage  on  the

   Muslca] quality," Proc. ICA 
'95,

 pp. 573-576 (l995).
[7] N, Aoshirna, 

LiComputer-generated
 pulse signal  appHed  fer

   sound  measuremenl."  J. Acoust. Soc. Am.,  69, 1484-14g8

   (1981).
[8] Y. Suzuki, F. Asano, H. Y. Kim  and  T. Sone, 

"An
 optimurn

   computer-generated  pulse signal  suitable  for the rneasurement

   of  very  long impulse responses,"  .L Acoust. Soc, Am,,  97,

   ll19-1123  C1995).

[9] M, Kaite, Y. Hidaka and  H. Tachibana,  
`'Measurement

 of

   impulse responses  used  for synthesizing  test signals for the

   subjective  evaluation  of  room  acoustics,"  Proc. 1990's Meet.

   Archit. instit. .ipn.,  pp. 251-252  (1990),

..tt.t..tt

378

NII-Electronic  


