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Recording and Reproduction

History of audio reproduction system
A Holodeck (Star Trek) |

How to share the same sound space
with people in remote place?
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Conventional audio systems

* Stereo, 5.1ch surround, etc...

Recording
@ engineer

| Drawbacks |

@ Listening position is limited around center of loudspeakers (sweet spot)

® Reproduced sound is artificially designed by recording engineers

April 17, 2015 5




Sound field reproduction for audio system

[ Sound field recording and reproduction ]

Microphone array Loudspeaker array

.
.
.
8
.
.
.
.
.
3 )
. - ‘s
"

. % .
. % .,
. H .
K H P

L) -
- - "
- - .
. . .
. H 0
1 u :
H H
H . H
. H :
: H :
. . K
. . o
. :

. : K

v . B

N . B

5 3 R
3 h K
N
a R
5
5
5
.
5
5
5
g
5
5
o
B

 Large listening area can be achieved

[ Listeners can perceive source distance

J Real-time recording and reproduction can be achieved
without recording engineers
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Sound field reproduction for audio system

[ Sound field recording and reproduction ]

Microphone array Loudspeaker array
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» Signal Conversion for Sound Field Recording and
Reproduction

— Signal conversion from signals received by microphone array
into driving signals of loudspeakers for reconstruction of
sound field

— Fast and stable signal conversion method for sound field
recording and reproduction is proposed

» Super-resolution in Sound Field Recording and
Reproduction

— Improve reproduction accuracy at frequencies above spatial
Nyquist frequency determined by intervals of array elements

— Two approaches of super-resolution are introduced

April 17, 2015 8




SIGNAL CONVERSION FOR SOUND FIELD
RECORDING AND REPRODUCTION
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Sound Field Recording and Reproduction

Obtain driving signals d(rs, w) of secondary sources (= loudspeakers)
arranged on S’ to reconstruct desired sound field inside V/

]

Recording area Target area
Primary
sources
d(rs, W) '__¢"

<> Inherently, sound pressure and its gradient on S is required to
obtaind(rg,w), but sound pressure is usually only known

reproduction with ordinary acoustic sensors and transducers

~N

<> Our objective: Fast and stable signal conversion for sound field recording and

J

April 17, 2015

10




Recording and Reproduction with Planar Arrays

Primary
sources

Signal

> y conversion

Receiving plane

Desired sound field based on Rayleigh integral

Paes (1, w) = _2// Ip(rm, w)

OYm

G(r|ry,w)drndzy,

Green’s function

Synthesized sound ﬁg(l)d by secondary sources

Psyn (T, W) = // d(rs,w)H (r — re,w)drsdzg

— o0

Transfer function

Target area

2 rs = (-’ES7 0, zs)
A

7

\ Secondary source plane

Approximate secondary sources
as point source (H ~ G )

- d(rs,w) = —26pg;:r: w)
-

[@ p(’rm, w) is only known]

Distribution of sound pressure gradient needs to be estimated




Formulation in Spatial Frequency Domain

[ Sound pressure distribution is represented as a sum of plane waves ]

W st

II —

J_Zp DY \/\/
L
. r NS N N S N
-y + | Decomposing
VAVAVAVAVAVAVAVAN
-

-
>

_/ .
/ / / into plane waves
T \
Receiving plane

Since each plane wave uniquely determines propagation in ¥ direction,
sound pressure gradient can be estimated

—

» Plane wave decomposition corresponds to spatial Fourier transform

1 > o© .
p(r7 CU) — 4—2 / dkx / dkzprcv(kaca 07 k27 W)ej(kwx—i_kyy_i—kzz)
! o — 2 2 _ |2
Spatial frequency spectrum (hy = £V/k* — k3 — k2 )
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Signal Conversion in Spatial Freq Domain

[Koyama+ IEEE TASLP 2013]

Recording area

A
Primary

sources

Y nd

— / / / >y conversion

Receiving plane

Desired sound field based on Rayleigh integral

Pdes(T,w) = —2 // MG(ﬂrm,w)dwmdzm

OYm

Green’s function

Synthesized sound ﬁg(l)d by secondary sources

Psyn (T, W) = // d(rs,w)H (r — re,w)drsdzg

— o0

Transfer function

April 17, 2015
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2 rs = (.’L’S,O,ZS)
A

7

\ Secondary source plane
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Signal Conversion in Spatial Freq Domain

[Koyama+ IEEE TASLP 2013]
Recording area Target area

rs = (',ES7O7ZS)

Primary

z z
A / A
sources

7, 7

Receiving plane \ Secondary source plane

Desired sound field based on Rayleigh integral in spatial freq domain
Pdes(kaza Y, kza (,U) — _zjkyprcv(kxa 07 kz; w)G(kxa Y, kza CU)

Green’s function 4 dg r w} can be )
Synthesized sound field by secondary sources in spatial freq domain obtained only
PsVn(ka:a Y, k., w) — D<ka:7 k., (.U)H(kx, Y, k2, (.U) from Prcv(rma CU) !)

Transfer function

) D(ks, ke w) = —25ky Prcy (kz, 0, k2, w)
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Wave Field Reconstruction (WFR) Filtering

Wave Field Reconstruction (WFR) Filter: Driving signal can be obtained by applying

spatio-temporal filter [koyama+ IEEE TASLP2013]

Source area [ZMicrophone array Loudspeaker array Target area
o= WER filter . —1
o | 1 1 1 = —>1ﬂ
! I E I I E I : '8 "
! 1 1 1 1 B
1 @ D(w) - E =
f — - | !
. o & [P 5 |P() ™ F(w)P(w) Dl = dwlis] - %D .
< 1
: BE & | (B
IR ] L
O— —
o —

> Linear arrays of microphones and loudspeakers: 2D Convolution of WER filter F'(w)

D(w) = F(w)P(w)

(_% Received signals in
[Driving signals in "\ | spatial freq domain

: . Diagonal matrix consisting of
spatial freq domain 5 5
] exp ( k2 — ka;,z‘yref>

Fi(w) = —4j
Hc(Jl) ( k2 — k?c.iyref)
April 17, 2015 \_ Y,
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Wave Field Reconstruction (WFR) Filtering

Wave Field Reconstruction (WFR) Filter: Driving signal can be obtained by convolution of

spatio-temporal filter [koyama+ IEEE TASLP2013]

Source area [ZMicrophone array Loudspeaker array Target area
- WER filter . 1
o | 1 1 1 = _)Elq
: I E i | E I : Fg |
A = = SR - S
w)l=IP(w 098] =" wlila | - .
p— A = =F(w)P(w) .8 === =
1 1 8—4 1 1 a 1 1 5 _>|iq
1 1 | 1 I ) 1 1 % !
I ] L
o —{
o —

> Linear arrays of microphones and loudspeakers: 2D Convolution of WER filter F'(w)

<> Filter for signal conversion is stable compared to that designed by
numerical approach (e.g., Least squares)

<> Fast computation of signal conversion can be achieve by using FFT
algorithm

April 17, 2015 16




Wave Field Reconstruction (WFR) Filtering

Position of reproduced sound field can be controlled by spatial phase shift and modulation

Source area Microphone array Loudspeaker array Target area
o{ |
= WER filter N
Po— = Z |~d
| |z 1 - 1 I 1 | "g I
. | | = 1 E 1 [ E 1 | ; I
=l (=] " |D(w) A= l ' &
' (W) B —= | P(w) D (w)|= [d(w)|& oo . %
p—{~ ble) g % =F(w)P(w) -2 4_29 >
— < D] 1 b ‘I
1 | < 1 o 1 1 ol ! 1| & ‘.. \
I I R= (I 2 I 2 s I \
I I =y 1 1 1 I 1 | '
D— A —i]
P —~{ -
, I Reconstruction line /
Rotation angle: 6,4 Shift distance: (d,, dy)

<> Reconstruction line can be shifted by spatial phase shift and rotated
by spatial modulation

<> Itis possible to recreate virtual sound sources in front of loudspeaker
array

April 17, 2015 17




Practical Implementation

[ Real-time sound field transmission system by NTT [Koyama+ IEICE Trans 2014] ]

Kanagawa zZ Tokyo
Network 1

» Loudspeakers (for high freq.): 64, 6cm intervals
» Loudspeakers (for low freq.): 32, 12cm intervals
» Microphones: 64, 6cm intervals

» Array size: 3.84 m

» Sampling freq.: 48 kHz, Delay: 152 ms

April 17, 2015 : ‘ 18




Recording area

Target area

A
o
3

Measurement experiments

Y

A

x » Visualize reproduced sound field

— Impulse responses were measured on
planar region of 2.15x 1.65 mat 1.5 cm

intervals (144x108 points)
™ — Reverberation time (Tg,): 167ms
— Source: Loudspeaker

— Array of smaller loudspeakers was only
Y used

Impulse response measurement
: | L SN

42 m

101
o
1.65m
of f«—|
O A
.. 101
Source position [
101
L B 2.15m
101
1.0m (o]
101
5 Y
101
101
101
=
< > \
33m Microphone array  Measurement region
6.6 m
'ﬁ A
] 1.65m
I —
B a X
4 :
i
a z
{]-E) """""" 2.15m
{]0.5 m i
i
i
B A
i
H(
i
2N v
< > A
33m Loudspeaker array Measurement regiot
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Measurement of Reproduced Sound Field

— Source signal: Low-passed pulse (0 — 2.6kHz)
— Source: Loudspeaker, Position: (-1.0, -1.0, 0.0) m

Orignal Reproduced

April 17, 2015 20




Measurement of Reproduced Sound Field

— Source signal: Low-passed pulse (0 — 2.6kHz)
— Source: Loudspeaker, Position: (-1.0, -1.0, 0.0) m, 2.0 m forward shift

Reproduced

April 17, 2015 21




Sound Localization Listening Test

2.7m

Microphone array < > . .
= » Sound localization test
Sl Teo: 150ms ,
o — 6 listeners answered sound
o 7 S4 Sl ¢} : .
o IR o location from 9 positions
© :
s G s e o] — Compare localization accuracy
S R Y o] 44m between real and virtual sound
o Source position . Lom o]
O : o sources
8 e B ,
T — Source signal: Speech (4 sec)
of | — Each sound source position was
< — > randomly selected at 144 times
Um
- 6.6m _ in total
. A
Virtual Tea -
. 60 : 167ms . . . .
sourde position ﬁ Sound localization listening test
. m L 1 | 4]
© : i
(] :
S :
© T 42m
=) i :
v :
T, . s
= ! )
I- -lﬂ 1.0m
]
{\\ Y
< 20m » Loudspeaker array
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Listening Test

<

6.6 m

Y

«

Virtual

source position |

> Result of perceived location Virtual
— Almost the same localization

--------------------------------------- 42m
25m
EV9
Y
<l - N
= 20m 7”1 Loudspeaker array

accuracy

— Accuracy rate of virtual sources

at V1 - V3 was slightly low

— Low accuracy rate of real
sound sources in line with
front-facing position (V5 & V8)

April 17, 2015
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Demonstration System with 3D image

Diginfo TV: http://www.diginfo.tv/v/13-0016-r-en.php

April 17, 2015




Signal Conversion for Recording and Reproduction

<> Fast and stable signal conversion for sound field recording and
reproduction

<> WEFR filter was analytically derived in spatio-temporal freq
domain

<> Signal conversion by spatio-temporal convolution of WFR filter
<> Real-time sound field transmission system and its evaluation

Related publications

e S.Koyama, et al. “Wave field reconstruction filtering in cylindrical harmonic domain for with-
height recording and reproduction,” IEEE/ACM Trans. Audio, Speech, Lang. Process., vol. 22,
no. 10, pp. 1546-1557, 2014.

* S.Koyama, et al. “Real-time sound field transmission system by using wave field
reconstruction filter and its evaluation,” IEICE Trans. Fund. Electron. Comm. Comput. Sci., vol.
E97-A, no. 9, pp. 1840-1848, 2014.

* S. Koyama, et al. “Analytical Approach to Wave Field Reconstruction Filtering in Spatio-
temporal Frequency Domain,” IEEE Trans. Audio, Speech, Lang. Process., vol. 21, no. 4, 2013.

* S.Koyama, et al. “Reproducing Virtual Sound Sources in Front of a Loudspeaker Array Using
Inverse Wave Propagator,” IEEE Trans. Audio, Speech, Lang. Process., vol. 20, no. 6, 2012.
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SUPER-RESOLUTION IN SOUND FIELD
RECORDING AND REPRODUCTION
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Sound field reproduction for audio system

[ Super-resolution in sound field recording and reproduction ]

Microphone array Loudspeaker array

4 )
Improve reproduction accuracy when less microphones than loudspeakers

A AAAARAAARAAARAA

UUDDUDTT0000TD00Y
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» # of microphones > # of loudspeakers [Ahrens+ AES Conv. 2010]
— Higher reproduction accuracy within local region of target area

» # of microphones < # of loudspeakers [koyama+ wAsPAA 2013], [Koyama+ ICASSP 2014]
— Higher reproduction accuracy of sources in local region of recording area

\—— Y,




Wave field reconstruction (WFR) filtering method

[Koyama+ IEEE TASLP 2013]
Recording area Target area

rs = (-’ES7 07 zs)

Primary

z z
A / A
sources

i g
7, 7

Receiving plane \ Secondary source plane

Plane wave Plane wave

/
(i) = 3 b ()00 i) sy Areie) = 3 () nlrie)
Rseicgt:;llid n % Driving signals n

[ Each plane wave determines entire sound field ]

Spatial aliasing artifacts due to plane wave decomposition mp

Significant error at high freq. even when microphone < loudspeaker




Sound field decomposition for super-resolution

T

Plane wave decomposition

f/\

Zb

» Computationally efficient

¢nrw)

Plane wave

» Larger effect of spatial aliasing

\_ /

Decompose into source signal,
location, transfer function, etc...

\
— Z Sk (w)hk (’l", CU)

L Transfer function

p(r,w)

» Smaller effect of spatial aliasing

> Accurate estimation in real

\ environment is very difficult

)

Intermediate representation of sound field is required

for super-resolution in recording and reproduction




Two Approaches to Super-resolution

» Source-Location-Informed Sound Field Recording and
Re P rod Uuction xoyama+ waspaa 2013]

— Assume that approximate locations of sound sources in
recording area are known

— Driving signals of loudspeakers are obtained by using prior
information on source locations

» Sparse Sound Field Representation for Super-
resolution in Recording and Reproduction ioyama+ icasse 2014

— Signals received by microphone array are decomposed into
monopole source and plane wave components

— Sparse signhal decomposition algorithm is applied under the
assumption of sparse distribution of monopole source
components

April 17, 2015 30




Source-Location-Informed Recording and Reproduction

[Koyama+ WASPAA 2013] Target area M Control points

Observed (desired) }

Virtual primary sources sound pressures

\ s,

N
H Ay
| 3
) :
I
!

{

VoS

Approximate location is
obtained by sensors

Secondary source plane: T

Constraint on driving signals

Pdes = /d( rs)G(rs)dl + € (Optimize ¢(rs) and ¢ by\

Desired Transfer function using prior information
pressures .
on source locations

Linear combination of spatial basis functions 7 J
N
d(rs)

= S:qubn(TS) = ¢’ (rs)c

April 17, 2015 31




MAP Estimation of Driving Signals

Target area M Control points

[Koyama+ WASPAA 2013]

Virtual primary sources

\
3
3
. 3
Yo -
[N !
I 1 . ;
N
4 .
i
E b
H b
i i

Secondary source plane: T

Maximum a posteriori (MAP) estimation

(¢, p(rs)) = arg max 7 (d(r,) = ¢” (15) €| Pacs)

T (d(rs)lpdes) X7 (pdeS|d(rS)) T (d(’f‘s))

Likelihood function Prior distribution

Bayes’ rule

April 17, 2015 32




MAP Estimation of Driving Signals

[Koyama+ WASPAA 2013] Ta rget area M Control points

Virtual primary sources

g
p
N $
3 $
Ly R v
N 4
y . .
% kY .
\ §
N 8 )
f
[N 4 i
f 5
.
S 7 fo
F ] i fo
Lo i e
i
Y i f
H 0
b

/ i H
_u" Ry . . e -
B . Mo H i
hS H Py
odee i 1
d ".,._c' AT et
‘7' H . H ]
S 3 e LA (.-"~..r
SEPe
S
PoAL
o
]

Secondary source plane: T°

Maximum a posteriori (MAP) estimation

(¢, p(rs)) = arg max 7 (d(r,) = ¢” (15) €| Pacs)

T (d(rs)lpdes) X7 (pdeS|d(rS)) T (d(’f‘s))

Likelihood function Prio‘r distribution
N\

Bayes’ rule

[ Use amplitude distribution of d(7) obtained from prior source locations ]
. , —_— 33




MAP Estimation of Driving Signals

» Assume spatial basis functions are M orthogonal functions, which satisfies the
following relation of singular value decomposition

fgrS?GH(rS) =¢' (r ) AU
» Optimal spatial basis functions and their coefficients
qggrs) = §grS?A_1UTG*§rS)

é¢= (ol + A?) 7 AU pyes

((x : regularization parameter)

» Driving signals obtained by MAP estimation

d(rs) = E(rs) G (r)U (oI + A2)'UH pyes

April 17, 2015 34




Predicted Amplitude Distribution of Driving Signals

[Koyama+ WASPAA 2013]

Target area M Control points

Virtual primary sources

g
p
. J
$
$
Ly R v
N 4
y . .
% kY .
\ §
N 8 )
f
[N 4 i
f 5
.
S 7 fo
F i fo
Lo i e
i
Y i f
H 0
b

df’l‘s?

Secondary source plane: T°

Assume spherical wave propagation from prior source locations

ngrs: —9 aEdesgrsz

OYs Normalization

~ (y_yps)jk”r‘s —Tps| T gk:|rs —Tps| - f ”I“S |d(’rsb|// ,rs |2dF

27 |rs — Tps| €T
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Algorithm

Microphone array Loudspeaker array

g y
—i

. Transform filter | — (] X

o , | X
||| d=Fpue g |E[

{5 (Rl = S (=] IO

o — : X

Sensor | :ﬁ X

Control points

Location detector

Tps
Discretize secondary source distribution
i — I:d(rs,]_)’ d(r872) B d(rsaL)]T
H=|G(rs1),G(rs2) - ,G(rs L))
Amplitude distribution for prior

§ = diag ([6(75,1),&(rs2) -+, €(7s,1)])
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Algorithm

Microphone array Loudspeaker array

g 3
i

. Transform filter | — (] X

o , | X
||| d=Fpue g |E[

{5 (Rl = S (=] IO

o — : X

Sensor | :ﬁ X

Control points

Location detector

Detect source location (7ps)

Calculate amplitude distribution &

Calculate Re CM*M as R = H¢H"

Eigenvalue decomposition of R = UA2UH

Obtain transform filter as F :§_HHU (aI + A2)_1 Ut

April 17, 2015 37
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Relation to Sound Pressure Control method

[Gautheir+ JASA 2005]

Loudspeaker array Control points
> k‘- CH it bl ) ¢ /
> -—HI' ...... ;/)(
—> _,ﬂ "X
I I
! Inverse : NS
1 I . R I

Pdes | System d H :
—| of H g .. «x
| ’ S 1
| : ’ |
I : o I
! | .’ 5 . !
> _’ﬂ "' L eee- ‘_“_x
~— _.%u::::::........:x

L loudspeakers M control points

Inverse filter based on minimum-norm solution

i: HH(HHH + ﬁI)_lpdeS
T

[ Correspond to the case that £(75) is uniform distribution!
April 17, 2015
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Simulation Experiments

Original sound field Reproduced sound field

Microphone array Simulated region

I

porg Li, Yy, tk ﬁrep (xia Yj, tk)

Loudspeaker array Simulated region

42m

he
Ve

3.8n

0.5
\ 4 3.6m ! 'm* 3.6m |

» Proposed method (Proposed), WFR filtering method (WFR), and sound
pressure control method (SPC) methods were compared

» 32 microphones (12 cm intervals) and 64 loudspeakers (6cm intervals)
» Signal-to-distortion ratio (SDR) for evaluation

D Zj > ok |Porg(Ti, Y ti) |2
Zi Zj Zk |ﬁrep($z’7 yj7 tk) - ﬁorg(xiy yj) tk)|2

April 17, 2015
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Reproduced Sound Pressure Distribution (1.0 kHz)

» Source location: (-1.0, -1.0, 0.0) m, Exact prior source location was given
Proposed WEFR SPC

.2 o 4
15 3
-1 " 2
Q
= 05|} 1
a z -\
05| : -1
Q-
i )
2l L]
0 05 1 15 2 25 3
y [m]
[dB]
_— ’
< .
-10
h ~—
g _
2 oy £ -15
} . »
L
L 120
I 1-25
s -30

0 05 1 15 2 25 3

y [m] 0 05 1 ;"fm] 2 25 3
April 17, 2015 17.9d8B 17.8 dB




Reproduced Sound Pressure Distribution (1.7 kHz)

» Source location: (-1.0, -1.0, 0.0) m, Exact prior source location was given
Proposed WEFR SPC

X [m]

X [m]

Pressure

X [m]

16
April 17, 2015 14.5dB




Frequency vs. SDR

» Source location: (-1.0, -1.0, 0.0) m, Exact prior source location was given

20

15

1

Spatial Nyquist frequency

- | —O— Proposed
<O WFR
--8-SPC
] 1 -l |
0 500 1000 1500 2000

Frequency [Hz]

SDRs above spatial Nyquist frequency were improved




Reproduced Sound Pressure Distribution (1.7 kHz)

» Source location: (-1.0, -1.0, 0.0) m, Prior source location: (-0.9, -1.2, 0.0) m
Proposed WEFR SPC

. " 4
wslf ;
|

i.5 ' ro1-3

05 1 .5 2 25 3

Pressure
X [m]

(=]

16.6 dB
April 17, 2015




Frequency vs. SDR

» Source location: (-1.0, -1.0, 0.0) m, Prior source location: (-0.9, -1.2, 0.0) m

Spatial Nyquist frequency
20

1
lllé

15

1

0+ | —©—Proposed
-~ WFR
--8-SPC

=
| 1 s 1 |

0 500 1000 1500 2000
Frequency [Hz]

Proposed method is robust against mismatch of prior source locations




Two Approaches to Super-resolution

» Source-Location-Informed Sound Field Recording and
Re P rod Uuction xoyama+ waspaa 2013]

— Assume that approximate locations of sound sources in
recording area are known

— Driving signals of loudspeakers are obtained by using prior
information of source locations

» Sparse Sound Field Representation for Super-
resolution in Recording and Reproduction ioyama+ icasse 2014

— Signals received by microphone array are decomposed into
monopole source and plane wave components

— Sparse signhal decomposition algorithm is applied under the
assumption of sparse distribution of monopole source
components

April 17, 2015 45




Generative model of sound field

Plane wave component
~
Monopole source component

[Koyama+ ICASSP 2014]

% Distribution of

monopole components

» Inhomogeneous and homogeneous Helmholtz eq. /

(V2 + k) p(r,w) = { —Q(r,w), 7re

0, r ¢ )

Inhomogeneous + homogeneous terms

p(r,w) = pi(r) + pu(r)

B / Qr)G(r|r')dr' + pu(r)

Green’s function
April 17, 2015 46




Generative model of sound field

> Observe sound pressure distribution on [’
X .

Monopole source component

)
i

Plane wave component

T Receiving plane: "

» Conversion into driving signals

o Synthesize monopole sources [Spors+ AES Conv. 2008]]
dr) = 5 p(7)
Yy y=0
oG (r|r") 1 o° o° :
o / / - . (kyxx+k,z)
_/r/EQ Q) FEE| g |k, /_OO dkjky Bk, ks )e7
y_
/’

[ Applying WFR filtering method [Koyama+ IEEE TASLP 2013] ]

Decomposition into two components may lead to

higher reproduction accuracy above spatial Nyquist freq.




Sparse sighal decomposition

» Sparse representation of sound field Grid points

Monopole components Z Q
/
/ Q(r')G(r|r')dr’ + pu(r) X

l Discretization

y=Dx+h

X X X X
X

Microphone array

N :#of gr|d points within 0, M : # of microphones, N > M
y € CM. observed signal,

X € (CN Distribution of monopole components,

M XN
2 cC : Dictionary matrix of Green’s functions
h CM : Ambient components

A few elements of X may have non-zero components




Sparse sighal decomposition

» Sparse signal representation in vector form

x € CV

» Signal decomposition based on sparsity of X

minimize ”X”g (p<1) l Minimize £p-norm of X]

subject to y = Dx

heCcM

e

EEEEEEEEEEEECE
|
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Structured sparsity based on physical properties

> Sparse signal representation in vector form Structure of sparsity induced

X | by physical properties

J

» Group sparse signal models for robust decomposition
e Multiple time frames

heCcM

[(TTTTTTTTTTT ]

e Temporal frequencies
 |mage sources and multipole components

» Decomposition algorithm extending M-FOCUSS

[Koyama+ ICASSP 2015 (to appear)]

April 17, 2015 50




Block diagram of signal conversion

Driving

signals

Monopole

synthesis
Group sparse

decomposition

» Decomposition stage

— Group sparse decomposition of Y.

» Reconstruction stage
— X and h are respectively converted into driving signals
— dis obtained as sum of dxand dy
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Simulation Experiment

Recording area Target area
Grid points Microphone array Loudspeaker array
X X X X X X X X
X X X X X X X ‘
19
X X X X X X X X 19
19
X X X X X X X X :
X X X X X X x x : y y
X X X X X X X X : - -
19
X X X X X X X X -y
9
X X X X X X X X 9
19
X X X X X X X X 9
/ X X X X X X X X \ .
) Reproduced region
Y T VCC

» Proposed method (Proposed), WFR filtering method (WFR), Sound pressure
control method (SPC) were compared

> 32 microphones (12 cm intervals) and 64 loudspeakers (6 cm intervals)
» ():Rectangular region of 4.0x4.0 m, Grid points: (10cm, 20cm) intervals
» Source location: (-0.82, -0.86, 0.0) m
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Reproduced sound pressure distribution (1.0 kHz)

Proposed
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WFR
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Reproduced sound pressure distribution (1.8 kHz)

Pressure

0 0.5 1 1.5 2 2.5 3

Error

Proposed

1.5

.
IS & ) N

0 05 1 1.5 2 2.5
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—250
-300
—-350
—400

Decomposition result (1.8 kHz)

Microphone array

- P SR 3R 2B S SB Jb 2B 3B SR IR IR IR b 3R B R 3 3k 3k 3R IR IR IR SR IR SR SR IR IR SR S ¢

- Source location

| Decomposition result

R Grid points
-200 -100 0 100 200

X [cm]

A few dictionaries around source location is used

for representing observed array signals




Frequency vs. SDR

Spatial Nyquist frequency

_—G—Proposed'é """ s BOALA L
-x-WFR | TR e ﬁ(_
A SPC : é

500 1000 1500 2000 2500

Frequency [Hz]

SDRs above spatial Nyquist frequency were improved




Super-resolution in Sound Field Recording and Reproduction

<> Two approaches to super-resolution in sound field recording and
reproduction

<> Source-location-informed recording and reproduction use prior
information on source locations

<> Sparse sound field representation based on generative model as
a sum of monopole source and plane wave components

<> Reproduction accuracy above spatial Nyquist frequency was
improved in both methods

Related publications

e S. Koyama, et al. “Structured sparse signal models and decomposition algorithm for super-
resolution in sound field recording and reproduction,” Proc. IEEE ICASSP, 2015 (to appear).

 S. Koyama, et al. “Sparse sound field representation in recording and reproduction for
reducing spatial aliasing artifacts,” Proc. IEEE ICASSP, pp. 4476-4480, 2014.

* S.Koyama, et al. “MAP estimation of driving signals of loudspeakers for sound field
reproduction from pressure measurements,” Proc. IEEE WASPAA, 2013.
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Conclusion

» Signal Conversion for Sound Field Recording and
Reproduction

— Wave field reconstruction filtering method for fast and stable
signal conversion for recording and reproduction

— Real-time sound field transmission system

» Super-resolution in Sound Field Recording and
Reproduction

— Source-location-informed sound field recording and
reproduction

— Super-resolution based on sparse sound field representation

Thank you for your attention!
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