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ABSTRACT 

We心mess against a user's p'o釘ti'On shifting is 'One 'Of the m'Ost imp'Or骨
tant problems 'Of binaural reproducti'On using l'Oudspeakers. ln出is
paper we pr'Opose a ne畑meth'Od 'Of inverse filtering 'Of ro'Om ac'Oustics 
wi出 high robustness ag氾nst a user' s p'Ositi'On shi食ing by p問senting
a wave仕'Ont estimated合om白e binaural re氾'Ording. T'O analyze and 
syn也esize the wavefront， we intr'Oduce a new physical m'Odelling 'Of 
the sup町田p'O出'On 'Of the wavefronts weighted by multi伴s'Ound
s'Ources. By f'Oll'Owing the fluctuati'On 'Of the wavefr'Ont with a time­
varying白Iter，出直analysis and syn山崎is 'Over∞me the Iimitati'On 'Of 
the number 'Of s'Ound s'O町∞s. Utilizing arbitrary ∞mp∞ents 'Of白e
gen氾ralized inverse ma町ix， wavefr'Ont approximati'On d'Oes n'Ot de­
grade the aαuracy 'Of repr'Oducti'On at白e c'On住olled area 'Of the in­
verse filter 

Index Terms- Spatial audi'O， binaural rec'Ording， directi'On 'Of 
紅rival， matrix inversi'On， ac'Oustic fields. 

1.町TRODUCTION

S'Ound repr'Oducti'On using l'Oudspeak巴rs can be classified int'O tw'O 
gr'Oup唱; repr'Oducti'On 'Of wavefr'Ont 'Or that 'Of binaural rec'Ording [1]. 
Many 'Of白e small systems in the first gr'Oup are bas巴d 'On a simple 
idea t'O P岨1 multichannel signal， which is r'Ob叫st against a user' s p'O­
siti'Oning and is widely distributed as stereゅph'Onic 'Or 5.1 surr'Ound. 
H'O明ever，ω'Obtain highly realistic sensati'On，由巴 size 'Of也e system 
is Iikely t'O bec'Ome t'O'O large [2， 3]. 

Reproducti'On 'Of binaural rec'Ording can achieve realistic sensa­
ti'On with四:latively small system called transaural system [4]， where 
an inverse filt釘 c'Omp叩sates 白e rmp叫se responses at the usぽ's
ears including白巴 reverb釘ati'On， s'O-called binaぽaI r'O'Om impulse 
resp'Onses (BRIRs). Alth'Ough BRIRs are n'Onrr註nim山n phase sys・
tems in general， multiple input/'Output inv官rse出e'Orem (MlNT) [5] 
pr'Oves白紙the廿inverse filters can be designed using m'Ore l'Oud­
speakers than the c'On町'01 points， i.e.，白e Iistener's ears. H'Owever， 

出e c'Om戸nsati'On is n'Ot satisfied by白e inverse filter 'Outside白e c'On­
位。I p'Oints (sweet spot)，組d it is kn'Own出at 甘ansaural repr'Oducti'On 
is weak against a user's m'Ov百ment. The repr'Oducti'On with 1\但NT is
specified t'O ac沼町acy in the ∞n位。I points，初d repr'Oducti'On 'Outside 
the c'Ontrol points is n'Ot c'Onsidered. Wi血 such specified c'Ontrol， the 
wavefr'Ont 'Outside the c'Ontrol p'Oints is f'Orrned as an entirely differ­
ent 'One in the primary field， and the s'Ound l'Ocalizati'On degrades ∞n­
siderably when出，e user m'Oves fr'Om白川! c'On甘'Olled ar官a. A1th'Ough 
s'Ome cr'Osstalk cancellers， which c'Ompensate皿ech'Oic head related 
仕組sfl紅白ncti'Ons but BRIRs， successfully exp岨d 也e sweet sp'Ots 
t'Oward fr'Ont and back [6]， their reproducti'On acc凶acy is n'Ot as g∞d 
as th'O哩e based 'On MlNT. T'O adapt由e inverse filter， rnicr'Oph'Ones are 
required t'O be set at the user's ears [7]， which inteπupts Iistening. 

T'O rnitigate the effect 'Of the listener's m'Ovement， we have pro­
p'Osed an inverse filter design t'O maintain wav芭合'Ont 'Outside th氾 sw巴d
spot [8]. By 'Optirnizing arbitr訂y c'Omp'Onents 'Of 1\狙NT， directi'On 
of the prim紅y s'Ource is pr，esented even 'Outside the sweet sp'Ot wi出
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Fig. 1. C'Onfigurati'On 'Of a住ansa町aI system with tw'O contr'Ol points 
釦d M l'Oudspeakers. 

accuracy at the c'Ontr'Ol p'Oints unchanged. H'Owever， 也is meth'Od 
is merely a出巴'Oretical 仕amew'Ork阻d can 'Only deal with binaural 
rec'Ording 'Of a single s'Ound s'O町α. In 血is paper， utilizing 'Our pre­
vi'Ous work， we pr'Op'Ose a new time-varying inverse創te出19 meth'Od 
f'Or binaural recording 'Of multiple s'Ources， which achieves住ansa町aI
reproducti'On with high robustness against a user's m'Ovement. The 
wavefr'Ont is analyzed with the binaural rec'Ording t'O be reproduced， 
and the analyzed wave企'Ont is appr'Oximated 'Outside由e sweet sp'Ot. 
T'O analyze the wavefr'Ont f'Orrned by白e multiple s'Ources， we intro­
duce a new physical m'Odel inspired by binaural cu巴 ∞ding (BCC) 
[10]. BCC is a multichannel audi'O c'Oding method by 組a1yzing
time- and level-difference am'Ong the audi'O channels c'Onsisting 'Of 

組 arbitrary number 'Of s'Ources. Since the wavefront f'Orrned by the 
multiple s'Ources is directly f'Oll'Owed by a time-varying filte丸山e pro­
posed method can reproduωarbi回ry number 'Of s'Ources. E伍cacy
'Of出.e prop'Osed meth'Od is asce口ained in b'O出 'Objective組d subjec­
tive evaluati'Ons 

2. CONVENTIONAL SOUND FIELD REPRODUCTION 
USING INVERSE FlLTER 

τbe transaural system achieves high realistic sensati'On 'Of s'Ource 1'0 
calizati'On by reproducing binaural r巴c'Ording at 也e Iistener's ears. 
Such a reproducti'On can be achieved by designing the inverse filter 
'Of白e BRIRs. By using m'Ore l'Oudspeakers出組 the c'Ontrol po凶s，
it is pr'Oven出at出e s凶ct inverse system 'Of出e BRIRs with n'On­
minimum phases can be designed [5]. Her巴 we deal with the pr'Ob­
lem 'Of ∞ntr'Olling the sound field ar'Ound tw'O c'Ontrol points C 1釦d
C2 at也e tw'O ears 'Of the Iistener using the M (> 2) loudspeakers Lm 
(m = 1，...， M). We sh'Ow the c'Onfiguration 'Of such出e transaural 
system in Fig. 1 

We den'Ote the binaural r巴c'Ording in the合巴quency domain as a 
tw'O-dimensional vect'Or x(ω) = [Xl(ω)， X2(ω)]T， where ω is angu­
lar合equency and {・}T den'Otes ma位ix transp'Ositi'On. We measure all 
the transfer functi'Ons gnm(ω)合om Lm t'O Cn f'Or m = 1，. ..， M， n = 
1， • • . ，2. We define a 2 x M matrix G(ω) = [g開(ω)]nm， where [a]nm 
is a matrix白at has an element a in出e n-th r'Ow and m-th c'Olurnn 
百len we design an M x 2 inverse filter matrix H (ω) = [hmn(ω)]mn t'O 
satisfy the f'Oll'Owing c'Onditi'On 

G(ω)H(ω)=1， (1) 
where 1 den'Otes 組 identity matrix. By outputting 白e filtered 
binaural rec'Ording H(ω)x(ω)針。m the l'Oudspeakers， the repro­
duced signals y(ω)鉱山e user's ears satisfy the conditi'On y(ω) = 
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Fig.2. Con自guration of the proposed system 

G(ω)H(ω)x(ω) = x(ω)， and the binaural recording is reproduced. 
百le condition in Eq. (1) shows白紙H(ω) can be designed with 

白e generalized inverse ma位ixG-(ω) ofG(ω). To fix ambiguity of 
G-(ω)，出e Moore-Penrose (MP) generalized inverse matrix G+(ω) 
is generally used [9]. Utilizing singular value decomposition， 由e
generalized inverse matrix can be denoted as 

IA(ω)I.，H G- (ω) = V(ω) 1 -;/:-:;1 Un(ω) ， I S (ω) 1 
、ーー、，ー-"

Mx2 

(2) 

A(ω) = diag [λ1 (ω) ， ，h (ω)] ， (3) 

ん (ω)= j Edzh(ω) *札 (4)I 0 (otherwise) ， 
where μk(ω) (k = 1 ， 2) denote singular values， U (ω) and V(ω) 紅e
unitary matrices with the left eigenv巴ctors and出e right eigenvec­
tors corresponding to血e eigenvalues， respectively， {・}H denotes the 
conjugate transposition， S (ω) is an的i町町(M - 2)x2 ma凶X，組d
diag['l shows a diagonal matrix composed of白e arguments.百le
MP generalized inverse ma汀ix G+ (ω) can be obtained by se託ing
S (ω) to be a zero matrix. Finally we use G+(ω) as白e inverse filter 
H (ω) = G+ (ω). Howev巴丸山e MP-based inverse filter is specified 
to血e reproduction at由e con住01 points姐d白e reproduction cannot 
be guaranteed outside the control points.τbus the sound localiza­
tion degrades considerably when the user moves from the controlled 
area. 
3. OUR PREVIOUS WORKS: 11可VERSE FILTERING WITH 

SECONDARY SOURCE SELECTION AND 
ENHANCE島IENT

3.1. Summary 
To improve the robustn巴ss against出e user's position shi食ing， we 
have proposed an inverse filter design method to appro氾mate 白e
wave台'Ont formed by a sound source outside the sweet spot without 
degradation of reproduction at the control points [8]. Such 釦1D­
verse filter is obtained by巴mbedding a白lter to form出e wave合'Ont

泊出e arbi位ary elements in the nullspace of th巴 generalized inverse 
ma住ix shown泊Eq. (2)百出me也od can deal with only the binau­
ral recording generated by a single source也a known direction， and 

白is method is 釦 important basis of白e proposed method. 
3.2. Algorithm 
First we design the filter to appro幻rnate the wave企ont. As a method 
to forrn出e wave企'Ont， we output sound from only a single loud­
speaker located凶也e source direction. For the p紅allel use of the 
filter with inverse filtering， the latency and the g氾n should be con­
formed with白ose of批inverse fi 1 ter.百e filter T(ω) to satis作曲巴
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condition is obtained as 

ル(ω) = {崎川
(ifm = k)， 

(otherwise )， 
( 5) 

where T is the latency where the MP-based inverse filter has the 
largest peak 泊 the tirn巴 domain， k is the number of loudspeaker， 

組d 11・IIFr denotes 白 Frobenius norrn given as lI[amnlmnllpr = 

d万万司京吉 w悦巴叫叫1 t白hem皿u山l
the direction empフhasisfi可臼lter.

Next， to appro泊mate T(ω) 泊也e subspace (or nullspace) of 
σ (ω) wi白帥i四y components S (ω) in Eq. (2)， we obtain the gen­
eralized inverse I田町ixG一 (ω) closest to T(ω). We utilize the Frobe­
nius norm as the dis凶ce m回sure and we obtain σ(ω) to minimize 
F(ω) = IIG一(ω)ーT(ω)II!， Since白Frobenius norrn is not ch釦ged
by multiplication of u凶tary ma凶ces， F(ω) c飢be re明ltten as 

F(ω) = IIVH(ω)(σ(ω) - T(ω)) U(ω)11!r 
一Ilr A - V�姐(ω)T(ω)U(ω) lW 
- lllS(ω) ー V�ull(ω)T(ω)U(ω)JII日
=IIA(ω) - V�an(ω)T(ω)U(ω)II� 

+ IIS(ω) - V�Ull(ω)T(ω)U(ω)II� ， (6) 
where V，pan(ω) is a ma凶x composed of出e first two ∞lumn of 
V(ω)， and Vnull(ω) is a matrix composed of白e rest of the com­
ponents of V(ω). Since A(ω) is indispensable for the generalized 
inverse matrix，出e optimal inverse filter is obtained by the substitu­
tion S(ω) = V�ull(ω)T(ω)U(ω) as 

1 A(ω) I.，H H (ω) = V(ω) I "'TH 1' . .�-;'-; _/.'\ .，.， r _.'\ I Un (ω) . (7) IV�ull (ω) T (ω) U (ω) I 
3.3. Problem Under Existence of Multiple Sound Sources 

百也e binaural recording is generated by a single source， the design 
and the filtering should be conducted for binaural recording of each 
soぽce. However， the sep訂ated binaural recording of each sour∞is 
not available generally in practical siωation. If the number of the 
soぽces is only two， 也e so町'ces can be sep釘ated by be創nfoロ凶ng.
However， it is di節cult to obtain high-quality source separation of 
more 血組曲ree sources 企'Om only the two-channel observation of 

出e binaural recording. 
4. PROPOSED METHOD 

4.1. Motivation and Strategy 

To apply the above位組sa凶al reproduction accompanied with wave­
front appro足mation to the b加aural recording of an arもitrary number 
of sources， we propose a new time-varying inverse filtering method. 
To analyze 組d synthesize wavefront generated by the multiple 
sources， we ID甘oduce a new physical model inspired by BCC [10]. 
By analyzing par沼田ters concemed with perception of source lcト
calization in each narrow subband of each analY5i5 合創ne， BCC 
5u箇ciently encode5 the multicbann巴1 signals composed of組 arbi・
trary number of sources with low bit rate. Sir凶1紅Iy to BCC， we 

組alyze出e wave仕ont as DOA and synthesize白e wavefront as in 
白e time-合equency domain. Since source sep紅ation is not used in 
血is s回.tegy， we c組 deal with an arbitrary number of 5ources. 

Here we describe the detail of the proposed physical model.百le
wave仕ont generated by a single source in a fix巴d position is constant 
in spite of由巴 unsteady behavior of出e sour，∞signal. The wave丘ont
under existence of multiple sources is a superimposition of the m叫­
tiple wave合onts generated by each of白巴 sources.Since the super­
imposition of each wavefront is weight巴d by the unsteady behavior 
of each source signal， the superimposed wave合ont fiuctuates in each 
narrow subband泊each short tirne duration separately. All we have 
to reproduce is such time-varying wave合ont but the static one of 
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R・g. 3. Configuration of intensity p組rung.

each of the sources. Thus， we analyze and synthesize the wavefront 
follo明ing the fluctuation wi白山e time-varying filter. 

Here we briefly surnrn紅ize出e proposed method. First we esti­
mate也e wave仕ont's direction of arrival (DOA) in each subb岨ld of 
each short-time analysis合ame. According to出e estimated DOA， 
p釦血ng is determined in each narro明 band of each frame. Finally， 

白e inverse filter is optimized in each of出直合ames.
4.2. Algorithm 

[STEP 1] Short・time narrow-band DO吟estimation
As a method to晶.chieve也le DOA estimation貨om the binaural 
recording in each subband in each short-time analysis台ame， we 
utilize a binaural DOA estimation method based on interaural level 
di仔erence (ILD) and interaural山ne difference (πD)[ l l ]. 

First we apply short-time Fourier analysis to the b凶aural record­
ing. We denote白e binaural re叩rding in the time-frequency domain 
by X (ω，t) = [X1 (ω，t) ，X2 (ω， t)]T.τbe estimated DOA 8L(ω，t) with 
ILD 組d 白e es出lated DOA candidate 8T;γ(ω，t) wi曲目1) are ob­
tained as 

(2o logIX2(ω， t)/X1(ω， t)1 \ 
8L(ω，t) = arcsin 1 -- --0 '--.，-;，-:' --，，-， ." 1. (8) 

l α(ω) J 
( c(arg(X2(ω， t)/ X1(ω，t) + 21rγ))\ 

8T." (ω，t) = TII-'-o'--. '-' - '�-，- '�-' " -" ' '' ) '.，'--" -- ， 
rß(ω) J 

with TI(x) = 0. 50018x + 0. 009897� + 0.00093r， (9) 
where γis 組 indefinite integer， c [m/s] is 出e wave propagation 
speed， r is the head radius， and α(ω) andβ(ω) are scaling coeffi­
cients learned企om白le head related transfer function database. To 
utilize the property吐lat ITD is reliable in出e 1 0岬 frequency while 
ILD is reliable in the high合equency， we estimate出直 DOA as

(8T;γ (ω， t) γ= 0 (if ω< KI) 
。(ω，t) = { 8H (ω，t) (if KI ;三ω壬K2) (1 0) 

l 8L (ω，t) (if K2 <ω)， 
。H(ω，t) = argy凶n9r，6(ω;)18L(ω，t) - 8T•γ(似の1. (1 1 ) 

In o町implementation，we set KI and K2 associated with 1 ∞OHz and 
2000 Hz， respectiv官Iy
[STEP 2] Time・.frequency domain amplitude panning filter 
First we describe出e filter to d同�fine the intensity p組国ng based on 
sine law [1 2] among白e loudspeakers in each n紅TOW band of each 
frame. We sho明白e∞n負guration of intensity panning in Fig. 3. 
We select the two loudspeakers 1叫{ω1)組IdLm2加;) in the開。closest
directions 8町{白川(ω，t)，8，町(ω./)(ω，t)ω8(ω， t). τbe目白le amplitude 
bal祖国 bm1(ω;)(ω，t)， bm2(ω.1)(ω， t) between L，勾噌咽叫"町'1山(仏ω色ω叫J人.
obtain巴dfrom由巴fお'011 0岬ing rule批e広: 

bm，(ω;) (ω，t) - b町{ωJ) (ω， t) 
bm1加.1) (ω，t) + b町加;) (ω， t) 

{^' ， (θm1(叫) (ω， t) + 仇"が叫) (ω， t)ìì 
Sin ) 8 (ω， t)ー 1 ...，，-- ，. • 

2 
....'--， . . 

J J 
(8i'm1 (叫(ω，t) - 8.町(叫(ω，t)ì 

Sffil I \ 2 ， 
bm1(ω;) (ω，t)2 

+ bm2(l川(ω， t戸= 1 .  (1 2) 

3.9(m) 
Fig. 4. Experimental conditions. 

[STEP 3] Maintenance of gain and delay 
Here we describe the maintenance of latency and gain. The latency 
is determined in the same maruler of the conventional direction em­
phasis filter. As for gain， we equalize白e gain in the whole of the 
reproduction白'equency range. The equalized gain is determined by 
the gain of 白eMP・・based inverse filter normalized by the whole the 
合'equency r組ge， The m-th-row-n-th-column component Emn(ω，t) of 
由巴凶ne-varying direction emphasis filter E (ω， t) is given by as 

Emn(ω， t) 
_ fbm (，ω， t)σn (.ω，t) pe-jWT (if m = m;(，ω，t) for i = 1，2) イ (1 3)1 0 (otherwise)， 

where σn(ω，t) is a coe伍cient to prevent the dip in spectrum caused 
by phase-out effect， given by 

ρj駐車:(X1('ω./)+X2(W;))
σn (ω，t) =.， 崎縄 . X� (ω，t) ， (1 4) 

-vIX1 (ω，tW + IX2 (ω，t) 1" 
where * denotes co町ugate，釦dρis血e to凶g包n of the inverse filter 
m出e full bandwidth of the reproduction shown as 

1 I 1 ("' _" 内= 一戸 ， / ;;:- 1 IIG+ (ω)1I�r dω ..fi 'v 2π J-1r " - '-- ，..�， 

[STEP 4] Embedding of panning to nullspace 
In the final， we embed the time-varying direction emphasis filter 
E(ω， t)出血nullspace sirnilarly to Eq. (7) as 

I A(ω) I nH H (ω，t) = V (ω) I T TH f ，，-;' �-� ....'\ TT l' ，， 1 Ut1 (ω) . (1 6) IV�Ull (ω)E (ω，t) U (ω) I 
τbe loudspeaker output is obtained by the overlap-and-add method 
of血e proωssed binaural recording H(ω， t)X(ω， t). 

(15) 

5. EXPERIMENT AND DISCUSSIONS 

5.1. ExperimentaI Conditions 
τb巴 experiment was conducted via ten loudspeakers for reproduc­
tion， in a room 3.9 m x 3.9 m with a reverberation time of 160 ms. 
百le length of the measured imp凶se response is 9600 po泊ts in 
48 kHz sampling， 釦d the inverse filter is designed using zero­
padded imp凶se response with 1 6384 samples.百le f陀quency range 
of the control is 150-6000 Hz. In the short-time Fourier analysis of 
the binaural recordings， we used a Hann window with 81 92 s氾nples.
5.2. Eva1u凶00 of Reproductioo Performance 8t Control Points 
To show that出e proposed method does not degrade出e reproduc­
tion at the control points， we compared出e accuracy of the proposed 
method wi白血at of the MP-based inverse filter. We used binaural 
recordings of music as 白e signal to be reproduc巴d. We show the 
result in Table 1 .τbe degradation is not at a problematic level and 

出e quality is sufficient for high-fidelity listening. 
5ふEva1凶tion of Sound Quality Apart from the Sweet Spot 
We comp訂'ed出e quality of sound outside白e controlled area in sub­
jective evaluation. We made 凶 computer simulation白signals at 
the e釘s of也e user 30 cm apart in 仕ont of the control points， and白e
sound was played back wi也 headphones. 百le music is an ensem­
ble of more めan three instrurnents. We made four stimuli changing 
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18ble 1. Reproduction performance at control po凶ts
| Method I SNK [dHJ I 
| 仁onvent1on剖methodwíth MP I 5U.':I I 
|Propòsed method I 4':1.7 I 
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(a) (b) (c) (d) (e) 
Fig. 5. Mean opinion score of sound quality out of sweet spot.百le
error bar shows 95% confidence intervals. 

由e combination of由e sources. We show the results in Fig. 5.τbe 
methods compared are (a) the original binaural recording， (b) simple 
playback of也巴binaural recording with two loudspeakers， (c) 出e
time-varying direction emphasis filter E(ω， t) described in Sect. 4.2， 
(d) the conventional MP・based inverse filter， and (e) the proposed 
method. The s耐ects consisted of seven males 

As a result， the sound quality of吐le proposed method has no 
significant degradation compared with出e conventional method and 

出e ster∞playback.τbe time-varying direction 巴mphasis filter de­
grades the sound quality because of the musical noise caused by the 
time-varying filter. However， the effect of the degradation caused by 
the time.v訂ying direction emphasis filter is not problematic in the 
proposed method because白巴degradation is masked by出巴泊verse
filter. 
5.4. Evaluation of Localization Ability Out of Sweet Spot 
We comp紅ed出巴sound localization ability outside白巴sweet spot 
泊白e subjective evaluation. τbe reproduction is conducted in出e
real environment of the room shown in Fig. 4. As出e source sig­
nals， we used performances of pi組0， flute and drums. The posi­
tions of也e prirnary sources are血r巴e combinations of directions 
(ー900，-300， 300)， (_600，00，600) 組d (- 300，300， 900) clockwise in 
front of白e con住01 points. We presented 72 stirnuli in a random 
order， and the subjects were forced to choos巴由巴answer合om出e
directions - 900， -600， -300，00，300，600 and 900•百le length of each 
stirnulus was 5 seconds. 百le subjects consisted of six males and a 
female. We show the results in Figs. 6 組d 7. 

Comparing (a) and (b)， the stereo playback of the binaural 
recording could not present directions wider出an 300• Al出ough由e
conventional MP-based inverse filter has high acc町acy around the 
front，出e acιuracy is low in the lateral directions. In contrast，出c
proposed method has no signific阻t eπor and showed a 22.4% higher 
rate of correct answer出初出e conventional MP-based inverse filter 

6. CONCLUSIONS 
We proposed a new sound field reproduction method robust against 
a user's position shift. By following the fluctuation of the wavefront 
with a time-varying inverse filter，出e proposed method successfully 
presents the DOA of the sources with the binaural r巴cording con­
sists of佃arbitrary number of sound sources without degrading the 
accuracy at the sweet spot. 百le results of subj巴ctive and objective 
experiments ascertained the effìcacy of也e proposed m巴出od.ηle re­
maining problem is DOA estimation of wave仕ont that ar討ves from 
behind the listener. 
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