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The potential of time reversal processing for room acoustics has been extensively investigated in the
companion of this papgr. Acoust. Soc. Am113(3), 1533-15432003)]. In particular, a simple
implementation of a loudspeaker time reversal antenna able to take advantage of the multiple
reflections in reverberating rooms demonstrates its potential for audible range acoustics while
improving focusing both in space and time. However, loss of informdgam, sound absorption in

walls or nonequalized bandwidths of the loudspegkeusing a time reversal experiment degrades

the quality of time reversal focusing. In this paper, a more sophisticated technique called
spatio-temporal inverse filtering is investigated that achieves time and space deconvolution of the
propagation operator between the loudspeakers antenna and a set of microphones embedded inside
the insonified volume. Theoretical and experimental comparisons between time reversal and inverse
filter focusing are presented. Finally, advantages and limitations of both focusing approaches are
highlighted. © 2003 Acoustical Society of AmericdDOI: 10.1121/1.1628247
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I. INTRODUCTION (e.g., absorption losses, diffraction outside the recording sur-
' ) o ) face,..). These information losses break the equivalence be-
One of today’s most challenging applications in r00mM,een 4 matched filtetime reversaland an inverse filter of

acoustics is the ability to control or focus the sound field in 3he propagatio? Indeed, this irreversible loss breaks the
predefined area of the propagation environment. Ideally, thiﬁme reversal invariance and, consequently, time reversal

sound control should be achieved with loudspeakers and mi- . .
does not ensure an optimal focusing.

crophones not necessarily located in the vicinity of the re- : S .
P y y In the context of audible range acoustics, it is interesting

gion of interest. This situation is common to various cases h dif hed filteri
such as noise attenuation, compensation of room acoustlg compare these two difterent approaclveaiched filtering

characteristics, or immersion in virtual sound environment£nd inverse filteringof sound control. In order to study more
(i.e., auralization specifically the problem in terms of propagation, we will
This problem of sound control has been widely studiedntroduce a spatio-temporal inverse filtering technique
in terms of signal processing. Indeed, the propagation in &lightly different from the one proposed by Kirkelgy al>
room between the set of emitting loudspeakers and the set dhis technique uses a singular value decomposition of the
control point$ can be assimilated to a multi-dimensional fil- propagation operator, and has been proposed and studied as
ter. One solution is then to obtain an inverse for this multi-an adaptive focusing technique for a complex propagation
dimensional filter and use it as a set of filters for emissidh. environment by Tanteet al”® in the context of medical ul-
From this “signal processing” point of view, the propagation trasound. In particular, this approach allows one to link the
in the medium is considered as a “black box.” From anothersingu|ar value decomposition of the propagation Operator to
more “physical” point qf view, the spatial and tempora}l CON- the plane wave decomposition of the wavefidld.
trol of sound can be linked to the problem of focusing the  This paper is divided into three main sections: First, a
acoustical energy on ori@nd possibly manyfocal points. matrix formalism is introduced to describe the slight differ-

. In the companion papettit has been shown that.atech— ences between time reversal and inverse filtering. Next, ex-
nigue such as time reversal could be very useful in such a

context. Time revers&lprovides an elegant way to focus perimep tgl results are presented fpr the problem of focusing
acoustical energy spatially and temporally, even in Comloli_sound |n§|de a room. Th.ese'experlments show to wh:?\t extent
cated environments such as strongly reverberating room&€ quallty of_focusmg IS dlrectly Ilnke_d_to the quality of
Time reversal consists in using the time-reversed version di¢verberation in the room. In particular, it is shown that these
the Green’s function associated with the desired focal poinf0Und control techniques can be used even if propagation
as a filter during emission. Thus, time reversal provides bott§onditions are very complex. For example, focusing can be
spatial and temporél adaptive matched filtering of the me- achieved when loudspeakers are in one room and the area to
dium. In some applications, this adaptive matched filter iscontrol is in another one. Finally, we experimentally demon-
equivalent to an inverse filter of the propagation mediumstrate how the multiple reverberations of sound in walls can
However, loss of information can appear during propagatiorbe used to achieve a super-resolution focusing of sound.
Such a super-resolution effect has already been previously

@Author to whom correspondence should be addressed. Electronic mai?Xplamed _by our grouﬁ)zfor multlple Sc_atte”ng anq Strongly
michael.tanter@espci.fr reverberating medid*? and numerically studied by
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Blomgrenet al* We now consider its application to the do- description function r, and the operatatiH " known in the

main of audible range acoustics. . .
9 literature as the time reversal operaltbr.

The inverse filtering technique is based on an approxi-

Il. INVERSE FILTER AND TIME REVERSAL mation of the inverse off. The problem of the inversion of
{h, }(t) thg mgtrix propagato_H is of course ill-conditioned. First,

/ noise introduced during the acquisition ldfwould produce

We define the linear operator relating thelements of  very large errors in the reconstructed results. However, even
the transducer array to the setMfcontrol points located in  jf the measurement was perfett,is not necessarily invert-
the medium. We define an impulse respohgg(t) for each  ible. Many techniques for the regularization of this problem
couple (m,j) comprising a control point and a loudspeaker. have been describédhe regularization is achieved here us-
This impulse responsh,(t) is the signal received at the ing the singular value decomposition technigte:can be
mth control point when a temporal delta function is applieddecomposed as
on thejth loudspeaker. This response includes all the propa- B +
gation effects in the considered medium, as well as the H=UDV', ©)

acousto-electric responses of the loudspeakers and micrgshereD is a diagonal matrix containing the singular values
phones. This set oM xJ temporal functions characterizes of H. The matrix inversion is only applied to the physically
the propagation operatodescribing both the propagation en- relevant singular vectors dfi, which gives a noise filtered

A. The propagation operator

vironment and the transducer configuration. approximation ofH ~%:
Let gj(t), 1<j=<J, be theJ input signals for the loud- o i}
speakers. The output signdls(t), 1I<m<M, received by Ao 0O e o 0
each microphone are o - 0 :
’ H-l=vD lut=v| I 0 £, S ut,
fm(t):;l hmj(D7 (1), 1=m=M, (1) . 0
Where*; is the temporal convolution operator. A temporal I A
Fourier transform leads to the relation (7)
F(o)=H(w)E(w) VYo, (20  whereNis the number of physically relevant singular values

) at the frequencyo. Thus, for a given field distribution objec-
where E(w) ={E;(w)}1<j<; is the column vector of the (e F (w), we can calculate the set of emission signals
Fourier transform of the transmitted signals affw) () that should give rise t&o(w) after propagation in the
={Fm(®)}1<m=w is the column vector of the Fourier trans- medium. After emission oE(w) by the loudspeakers and

form of the received signals. The transfer matt(w)  propagation in the medium, the field obtained at the set of
={Hpj(®)}1<m=m1=j<s is the temporal Fourier transform .qniro points is

of (P (8). ;
J For(@)=HA~Fo(w). ®

B. Time reversal and inverse filtering It appears from Eqg7) and(8) that accurate reconstruction
As explained in the Introduction, the time reversal fo- of the target field depends significantly on the number of

cusing technique consists in playing backwards the signal‘;“elevant singular values. For a given frequency, the number

received at each loudspeaker location after emission of ff reI?r\]/ant smgutlar V?ltlrjles cartw)lbe pfdlctec: f_or th:pl'el' catses
single impulse at the desired focal spot location. Thus, th rtorrll 7 © ?r(]aome Yy Of f € problem. As exptlameb ty anter
emitted signals can be written etal,” in the case of free space propagation between two

linear parallel arrays, this numbgtis given by the relation
€j(1)=hpyi (=) ={hmi} (= )% & (1), (3)
t

tan” 13) , 9

N=2 i
o 2F

where &, (t) is null everywhere, except fom=m, andt
=0 [y (1) is a temporal and spatial delta function distribu- whereD and L are the width of the emitting and receiving
tion]. After propagation in the medium, the signals receivedarrays, respectively, anél is the distance between the two
at the control points can be written antennas. The number of degrees of freedom for the propa-
gation operatorN, can be seen as the number of independent
focal spotg(lateral width~X\F/D) that can be created at the
control points aperturd.. It also represents the capacity
) ) given by the propagation medium and the geometrical dispo-
In the frequency domain, Ed4) can be written for each gjiion of the antenna to recreate a complicated sound field at
frequency componend: these control points: if the projection of this desired field on
F(w)=H(w)HT(w)AmO, (5)  the physically relevant singular vectors does not result in
significant loss of information, the system will be able to
where” denotes the transpose conjugate operation,sand  create the desired sound field with a good accuracy. Thus,
=[0---010--0]". Thus, the signal§(w) are linked to the projecting on the main singular vectors the wavefield distri-

J
fm<t>=|j21 hmjm*hmj(—t)] * 8 (1) (@)
= t t
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bution that we would like to achieve at the control points is ;
a good way to predict the wavefield that will be obtained ! SO iiiiiid
experimentally. Equatioti9) relatesN to the parameters of |
the problem in a free space environment. In the case of re-
verberating rooms, previous work€ indicate that an in-
crease in the number of degrees of freedom due to the in-
crease of the emitting antenna apparent diameter leads to an
improvement of the focusing pattern obtained by time rever-
sal. The same result will be presented in this paper for room
acoustics. v ol
It has been shown in ultrasound that time reversal tends
to achieve an inverse filter of the propagation when no loss
of information (e.g., absorption effects, diffraction of the
wavefield outside the array aperture, limited spatial directiv-
ity and bandwidth of the emitters and receiyemppear dur-
ing the first step of a time reversal experiméftn our case, 3.45m
such information losses are of particular interest as, for ex- D
ample, sound absorption occurs in walls. In addition, even
high end loudspeakers have irregular transfer functions, lead-
ing to a degradation of the bandwidth that is not compen-
sated and even amplified by time reversal techniques. Thus,
in audible range acoustics, there should be some differencds
between the focusing quality obtained by time reversal and  The propagation operator corresponding to the setup de-
the spatio-temporal inverse filter. By introducing a time andscribed above is first acquired: To measure the impulse re-
space deconvolution process, the spatio-temporal inverse figponseh,,(t), the mth loudspeaker emits a linear chirp in
tering process provides a way to compensate partially, somehe band 400 Hz to 4 kHz. The corresponding signals are
times completely, for electronics limitations but also spatialthen acquired at each of tlecontrol points. Signals are then
setup limitations. In Sec. I, experimental comparisons be-correlated with the initial chirp to obtaih;(t) for each
tween time reversal and inverse filtering illustrate this pur-control point. This process is then iterated for each loud-
pose. speaker.

After adequate windowing and filtering, the frequency
domain representation of propagation operatqg(f) is ob-
tained. In order to be able to invert matrik for each fre-
quency, we must identify which part & is related to ex-

Ill. EXPERIMENTAL RESULTS IN ROOMS perimental noise, and which part is related to relevant
propagation information. As explained above, only singular
vectors corresponding to high singular values should be used
The first series of experiments have been carried out igjuring inversion. For this reason, it is important to be able to
an empty room with reverberant walls, floor and ceiling. Thedetermine a simple method for differentiating the physically
considered room dimensions are 5@&45x3 n* and the  relevant singular values from the ones corresponding to
Sabine reverberation timé@he standard reverberation time noise. Such a differentiation is made easy by studying the
has been defined as the time for the sound to die away to d@istribution of the singular values plotted in decreasing order
level 60 dB below its original levglis quite long due to the as a function of frequencireferred to as the singular value
absence of acoustical energy absorbers such as furniturgpace. Figure 2 gives an example of this representation.
Teo=1,56s. In order to study the propagation operator, an  As explained previously, the number of relevant singular
antenna made of 16 Audax AX34 loudspeakers is placed nea@lues of the propagation operator corresponds to the num-
one of the wallgsee Fig. 1. The set of control points con- ber of available degrees of freedom for the reconstruction of
sists of 25 points located along an axis parallel to the loudthe desired field. In Fig. 2, the singular value space is calcu-
speaker antenna. The impulse responses are acquired sucdaged in two configurations: in the first configuration, the di-
sively using a microphone translated to each control pointect wavefront is detected in the temporal propagation opera-
position. The first step of each experiment consists in acquirtor, and this single wavefront is used to calculate the singular
ing the propagation operatdr,j(t). In order to obtain a value space. In others words, no reverberations are taken into
good signal-to-noise ratio, the process is as follows: first, theaccount in the free space propagation operator. This is an
microphone is placed in positiojy then, a chirp signal is easy way to obtain a good approximation of the propagation
emitted from loudspeaken, over the usable frequency range in free space, with the same configuration for emitting trans-
of the systen{400—4000 Hx. The signal measured with the ducers and control points. FiguréaR presents the singular
microphone is then correlated with the original chirp in ordervalues distribution of this free space propagation operator. In
to obtain the impulse response between loudspeakand the second configuration, the complete propagation operator
control pointj. (direct propagatioftreverberations is taken into account

»
4

16 loudspeakers antenna

F=2.7m

575m

h 4

FIG. 1. Setup for the experiments in a reverberating room.

The propagation operator

A. Experimental setup
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during the singular value decomposition. The singular valuen Fig. 2(b) and shows a good agreement between the theo-
space in Fig. @) corresponds to the entire propagation op-retical description and real measurements. Moreover, it con-
erator when propagation occurs in the reverberant room. Airms that we should be able to create spots\@f diameter

one can notice by comparing FiggaPand(b), the fact that  at the set of control points by using correctly the walls re-
propagation occurs in a reverberating environment stronglyerberations.

increases the number of degrees of freedom available for The results given in Fig. 4 provide confirmation of the

each frequency. above analysis. The spatial frequency spectrum of the differ-
This increase of the number of freedom degrees can bgnt singular vectors is plotted fdp=1500 Hz. The dashed
explained from a “diffraction” point of view: in the case of o5 separate the singular vectors corresponding to noise
free space _propagatlon, the_flnlte aperture of the eMitingom the ones corresponding to physically relevant data. It
antenna I|m|ts_the number of independent foc_al spaith a appears that the spatial frequency bandwidth of physically
l;?(;ienr'?sl ;?)Se?tlz:zr\p/\v:ir/ﬁ()ast;]:(t:tct?)nEz((EQ)C. rﬁéfgoye:hzcgg?ér_m relevant singul_ar vectors is Igrger in th_e case of re_verberant
ing to Eq.(9), N should increase linearly with fre;quency: rooms, which includes the higher spa_tlal frequencies corre-
' sponding to plane wave angles of arrival that cannot be at-
tained when considering only the emitter array in free space.
Thus, working in a perfectly reverberant environment allows
us to reconstruct a sound field with a large spatial frequency
wherec is the sound speed. This linear frequency depengpectrum. In practical applications, it means that such an
dence orN is clearly found in the singular value space of the gy ironment makes it possible to simulate a sound field with
experimental propagation operator in Figaj2 The white 5y girection of arrival regardless of the positions of the
line in Fig. Aa) corresponds to the theoretical H40) and emitters. Of course, this description corresponds to a case

clearly fits the experimental separation between noise SPaGEhere no attenuation occurs during the reflections. In practi-

and singular value space. In the case of a reverberating room L .
. ) cféll systems, however, attenuation implies that the spatial fre-
the numerous reflections against the walls create a set 0

virtual sources correspondi . . guencies corresponding to a significant number of reflections
ponding to the mirror images of rea

loudspeakers in regards to each wall. An observer located at

the focal point does not only hear the real loudspeakers but

also their images through the wall mirrors, as shown in Fig.

3. Thus, reflections on boundaries allow one to create a vir-="**®888

tually infinite array of emitting transducers in every direc- )

tion. In this case, the focal spot size should be only limited

by the classical diffraction minimal width/2. Consequently,

the number of degrees of freedom of the propagation opera

tor should reach its maximum valié=2L/\=2fL/c. Of

course, in these experiments, walls are not perfectly reflect-

ing and the amplitude of signals decreases progressively witt

the number of walls reflections. However, as it results in a

slight and progressive loss of amplitude, only the relative y .

weight of each eigenvalue is affected at a given frequency. e

ThL_jS’ Eq.(lO)_ remains valid even in eXpe”men,tal conditions FIG. 3. Principle of the mirror images: an observer S located at the focal

as it deals with the total number of relevant eigenvalues at Boint does not only hear the real loudspeakers but also their images through

given frequency. The theoretical lilf¢(f) =2fL/c is plotted  the wall mirrors.

tan 12) , (10

L .
N=2fEsm 5E
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are sometimes not available. In that case, the spatial postjuality that can be achieved when the conditions explained
tions of the emitters play an important role. above are respected. The temporal objective is chosen to be a

To be able to invert the propagation operator, a separgaulsed signal of bandwidth of 1-3 kHz, and the desired focal
tion must be established between the physically relevant pagpot width is fixed to 17 cm. We also consider the time
and the noise part of the propagation operator. This separaeversal focusing which is obtained by performing a time
tion is easily established from the results presented in Figs. &versal experiment with an initial signal identical to the one
and 4. Indeed, there is a brutal variation in the intensity ofused as the objective for the inverse filter technique. Figure 5
the singular values from 0—10 dB to less thaB0 dB and clearly shows the improvement that can be achieved with
this variation corresponds to the appearance of noise in thiaverse filtering compared to time reversal: the spatial side-
singular vectors. Thus, in our series of experiments, a limitobe level is at least 5 dB lower for the spatio-temporal in-
value of —25 dB will be used for considering that singular verse filtering process.
values are physically relevant, and may be used in the inver-  Until here, we have considered a field objective consist-
sion. ing of 25 control points. In these conditions, the inverse filter
and time reversal processing are not fairly compared: the
quantity of information used to obtain the presented results is
25 times more important for the inverse filtering method.

Once the propagation operator has been acquired andHowever, this inverse filtering process can also be achieved
good approximation of its inverse form has been calculatedising fewer control points. This aspect is presented in Fig. 6
as explained above, emission filtezgt) are easily calcu- describing the evolution of the sidelobes level obtained with
lated for a given field distribution objectivig,o(t). Though  both techniques versus the bandwidth and the number of
the desired field can be whatever is needed, our initial inter-
est is to obtain a single focal spot, since any field distribution
can be deducted from this simple one.

Through the inverse filtering process and the backpropa-
gation operatior{Eg. (8)], we obtain a least mean squares
approximation of the desired sound fidlgy(t). No specific
condition is imposed by the algorithm on this sound field, but 8
physical characteristics of the propagation medium and of§
the electronic emission/reception system have to be takeru§_
into account. Thusf,o(t) must be chosen according to those
characteristics, otherwise the algorithm will use too much
energy in trying to recreate a nonphysical field, resulting in £
an increased noise level. To take into account these condi®
tions for the case of propagation in the room, two points
must be respectedl) The frequency content of the sound
field must be included in the bandwidth of the electronic A T a0 30 40 0 10 20 30 10 0
system and?2) the focal spot width cannot be less thaf2,
where\ is the wavelength corresponding to the minimal fre- distance to focal point (cm)

quency in the desired SOl_md _ﬁeld- _ ~ FIG. 5. Directivity patterns obtained with time reversal and inverse filtering
Diagrams presented in Fig. 5 show the spatial focusingdor different numbersv of control points.

C. Focusing and sound control capacity

Spread
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. L " Frequency (Hz
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FIG. 7. Spectral content at the focal point after time reversal and inverse
filtering.
transducers used. The evolution of the sidelobes level was o ) ) ) )
extensively discussed for the time reversal approach in th the combination of time reversal with bandwidth equaliza-
companion of this paperand we focus here on the differ- tion (in others words, a inverse filter technique with a single
ences between the time reversal and inverse filtering metr£ONtrol point located at focusAt focus, the temporal side-
ods. Figure 6 shows that time reversal and the inverse filtef?P€s are almost 20 dB lower for the inverse filtering tech-
give globally similar results in terms of spatial focusing for Nique than for time reversaFig. 8. The focal signal shape
the same quantity of information. However, as it is presente@Ptained by inverse filtering is sharper, thus permitting at-
in Fig. 5 forM =5, one of the advantages of spatio-temporaltainment of a very good temporal approximation of the de-
inverse filtering is that it allows us to force certain points toSiréd impulse signal.
have a null field, with an attenuation up te40 dB. Thesg D. Robustness with respect to changes in the
results correspoqd to S|gn§1Is that use the vvho!e avallaplgcoustic environment
frequency bandwidth and this frequency diversity is essential

to obtain such spatial focusing results. Figure 6 clearly illus- !N practical systems, sound control needs to be robust,
trates this point. It represents the level of the sidelobes opESPecially in the frequency domain of potential applications:
tained by time reversal and inverse filtering as a function of Time reversal

the used frequency bandwidth and as a function of the num- °f

ber J of loudspeakers emitting the time reversed or inversed

signals. The improvement of the level of the sidelobes by 2| [

inverse filter focusing compared to time reversal is only sig- My R
W

|

i Vil

I
nificant when the frequency bandwidth of the emission sig- ’M ‘ WW
nal becomes important. Unfortunately, common signals such_ | ,
as speech are characterized by the fact that in practice only %% 5 10 15 20 5 30 35 40
few frequenciegcorresponding to formantare emitted. As ) . Time reversal w/ spectral compensation
explained in Ref. 5, such signals are quasi-monochromatic ' ‘ ' ‘ ‘ ' |
from the point of view of diffraction, and lead to similar
point spread functions whatever technique is used. Thus, ir
terms of spatial distribution of the acoustic energy, focusing 4|
of speech(quasi-monochromatjcsignals is almost identical
when using the time reversal or inverse filtering methods.
However, important differences between the time rever-
sal and inverse filtering methods occur in the time domain. o
As seen in Fig. 7, the frequency spectrum of the signal ob-
tained at focus is quite different for both focusing methods. 20
Contrary to time reversal, the inverse filter focusing tech-
nique introduces a frequency bandwidth equalization by-o
achieving a space and time domain deconvolution. This de- lli Y

convolution corrects for the non-flat amplitude response of 40 5 — 10 i
the loudspeakers but also for the frequency dependent ab t(ms)

sorption effects occurring durlng propagation. One ShoulqZIG. 8. Temporal sidelobes and temporal recompression observed at the

nOti_Ce in Fig. 8_ that thi_S Space and_ tim_e deconvc_’lljtionfocal spot, for the different techniques. The signal amplitude is presented in
achieved by the inverse filtering technique is not equivalent dB scale.

20+ p

Inverse filtering
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FIG. 9. Robustness of focusing versus temperature and time: initial ttinfle corresponds to the acquisition of the propagation operator. The solid line
corresponds to the evolution of the level of the sidelobes while focusing every 15 min at the same focus location. The dashed line corresponlisitm the evo
of temperature operating at the same time.

sound control has to be achieved in media where objects wiltorresponding to different temperature conditions in the
eventually move and where propagation conditions can varyoom.

in time. The influence of such an evolution has been mea-

sured in two ways: first, the quality of focusing was mea-g. Example of sound field shaping

sured with different perturbations in the room, such as mov- f th ol licat ¢ | tech
ing persons, or the introduction of sound absorbing objects. Ong of the possible app |cgt|on§ of sound qontro tech-
These tests did not show any significant variation of the folques Is to recreate an approximation of a desired complex

cusing in terms of the spatial and temporal sidelobes level 0§ound f|_eld on all th_e control points. In this context, t_he
the focal spot width. inverse filtering technique should provide better results since

: . least mean square approximation is made over the whole
In a second experiment, the focusing robustness regar&- q PP

ing slow variations of the propagation medium is tested oveiet ?;;(r)w?;%npsm;i’ \(’:V:EL?:; évhseen gg?eﬁevforfa;;r?ssgﬁttrﬁ
a long time period48 h). To study this evolution, an initial PP P y

propagation operator is acquired at a titme0 (room tem- point. : . o .
peratureT=11°C) using the technique described above For this reason, the inverse filtering process is expected

From this operator, a set of emission signals is calculated t;[0 be much more efficient than time reversal in such a con-
P ' g Yext. Figure 10a) corresponds to the signals received in the

|dnvers_§ f(;lt_enlr:lg f;:ja .S’O(L;r;d flleld ofje_gﬁrﬁg(t%hsuchta_\s room at the control points when loudspeaker 1 emits a short
escribed In Fig. wdesired focal Spot Wit 18). 11is Set1s pulsed signal. As one can notice, a lot of successive rever-

then reemitted every 15 min in order to study the eVOIUt'onberations are recorded at the control points after arrival of the

of the sidelobes level versus time. A preliminary experimentdirect path signal. Results shown in Fig.(80correspond to

shows that during 48 h, no important degradation of the f0y,o ¢, field observed at the control points in the reverber-

cusing occurs. However, the inverse filtering technique, lik&,in o ro0m, when trying to recreate the effect of a virtual
time reversal, is quite sensitive to changes of the med'ur%ulsed sound source located at the position of loudspeaker 1
characteristics, such as sound speed, that induce a cumula-

U\ A ke

\»I TN L IR

AR LA TR u'." i i
of the sidelobes when focusing at a given location returns  ° 5
back to its initial value when temperature is equal to the

tive errors during wave propagation. Figure 9 presents the :
a)
: 10 15 20 25
temperature of the initial measuremerf=11°C). This T N
5

-50F
results obtained when this experiment is conducted during 4¢ |

h, with variations of the temperature of the rodie., varia-
tions of the sound speedc/st~0.6 m.s.1.°C™1). An inter-
esting point is that the focusing quality described by the level 5|

o

X (cm)

w
QL - & =4

t (ms)

point can be also illustrated by calculating the correlation
coefficient between the initial impulse response relating onex
loudspeaker to the microphone located at focus and the sam "
impulse response acquired later during the 24-h experiment o
As one can notice, this correlation coefficient reaches 1 when

the temperature reaches the same value as the one corfeG. 10. Bscan representati¢temporal signals received at the set of con-
trol points (a) when loudspeaker 1 emits in the reverberating room (&ahd

spondlng to the initial acquisition of the ImpU|se reSpor]Sei/vhen the inverse filter is used on the array of loudspeakers in order to

Thus, th_e problem of sensitivity t(_) .soun.d speed variationgecreate at the control points the virtual sound field corresponding to loud-
can easily be overcome by acquiring different data bankspeaker 1 emitting in free space.

10 15 20 0
t (ms)
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A I R N R FIG. 12. Spectral content of the signal received at focus after time reversal
TYYYYYTTYY VY VYV VY S or inverse filtering(with 25 control points

The acoustic attenuatibh between the central loud-
speaker of the antenna and the central position of the micro-
phone is 263 dB. The 8-cm-thick wall by itself is made of
hollow bricks and plaster. However, such a wall provides a
normalized acoustic attenuation of41 dB. Thus, the most

FIG. 11. Experimental setup for focusing through a wall. important part of acoustical energy that manages to reach the

focal point comes from “leaks,” probably via doors and win-
(see Fig. 1 and emitting in free space. In other words, thedows, but also from lateral propagation through walls.
aim is here to use the array of loudspeakers to cancel rever- These complex conditions for propagation lead also to
berations in a chosen time domain at the set of controlmportant variations of attenuation with frequency as shown
points. As seen in Fig. 1B), in the vicinity of the control in Fig. 12. So, inverse filtering could be efficient in such a
points (vertical axig, the loudspeaker seems to emit in free case, whereas time reversal will be handicapped because it
space, without any reverberation. The horizontal axis corredoes not compensate for those variations. Experiments pre-
sponds to time and the signal amplitude is represented in sented below have been achieved with exactly the same
gray scale. Figure 10) is obtained with the inverse filtering electro-acoustical and electronic devices as those used for the
technique. The reverberations induced in the room have beasxperiments in the room.
completely cancelled and the wavefront received at the con-
trol points seems to come from a source in a free SPaCB Results
environment: the level of the temporal noise is more than 40
dB below the maximal amplitude received at each control ~ As in the case of the reverberating room, relative perfor-
points_ However, when trying to recreate a similar soundnance of time reversal and inverse filter can be measured
field with a time reversal technique, temporal sidelobe levelvhen trying to recreate a single focal spot, such as the ones
is here more important than those observed for a single focdlescribed in Sec. Ill C. Theoretically, results obtained with
spot, and the pulsed signal is wider in time. These effectsan inverse filter should be very similar to those obtained in
due to the fact that time reversal does not provide a way t600ms, whereas those obtained with a time reversal tech-
consider the sound field as a whole, make the inverse filteique are degraded because of attenuation during propaga-
ing concept an interesting technique for such applications. tion. Results shown in Figs. 13 and 14 prove to be quite
different from theoretical expectations.

IV. EXPERIMENTAL RESULTS THROUGH WALLS Results obtained with an inverse filtering technique
when focusing through walls prove to be as remarkable as
results of Sec. Il C, when considering temporal compression

In the previous section, focusing was achieved in a reand noise level of obtained signals. Indeed, as it is shown in
verberant room. This medium is complex by itself, becauséigs. 13 and 14, inverse filtering allows one to obtain a very
of reflections and diffraction effects on every object in the

16 loudspeaker antenna

A. Experimental setup

room, but attenuation is not very strong. Thus, the situation T ' ‘ ' " erse Fitering
corresponds to the conditions needed to achieve time rever ﬁ

sal focusing with good precision, and differences obtained in o[~ """ T WW“”W“”(:;;‘
terms of quality of focusing between the inverse filtering - + = = % = = = 0
approach and time reversal focusing are not very important. i i . : : : :

In the companion papérjt was shown that time reversal 1'r Time reversal
focusing could also be achieved through a wall in an experi- OWWW\L\ ]
mental setup described in Fig. 11. This situation proved to be , ‘ ‘ , , [ _ tims)
a lot more challenging for time reversal, so we try here to o 5 1 15 20 % %0 3 40
compare it to the optimal results by the inverse filtering tech,G, 13 Temporal recompression at the focal spot using time reversal or
nique. inverse filtering(with 25 control points
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volutions of the propagation operator. However, time rever-
sal remains an interesting technique to approximate such a
field because of its simplicity of implementation.

In audible range acoustics, it appears that the main ad-
vantage of inverse filter over time reversal is its capacity to
compensate for the variations of the spectral densities of the
transfer functions. Noise reduction at focus can reach more
than 20 dB.

The spatio-temporal inverse filter should be even more

PSF (dB)

I L L I I t

0 40 30 20 40 o0 10 26 30 20 50 adapted to complicated environments suffering propagation
distance to focal paint (cm) losses and to systems relying on low-quality electro-
acoustical devices with, however, the cost of much more

FIG. 14. Directivity patterns obtained using inverse filter{aglid line) and signal processing and the need for more amplification power.
time reversaldotted ling through the wall. '

good temporal approximation of the desired impulsive signal®Control points correspond to a set of measurement points whose signals

at the focal spot. Specifically, the spectral density can be allow a recons_truction of the sound field in the_ zone of interest_.

corrected with good accuracy over the whole bandwidth 2V. Martin, P. Vignassa, and B. Peseux, “Numerical Vibro-acoustic model-
. . . ’ ling of aircraft for the active acoustic control of interior noise,” J. Sound

Figure 14 shows, however, that only a slight improve- i, 1763), 307-332(1994.

ment is provided by inverse filtering compared to time rever-20. Kirkeby and P. A. Nelson, “Digital Filter Design for Inversion Prob-

sal in terms of spatial focusing. This surprising result is only Iig]gsgm Sound Reproduction,” J. Audio Eng. Sot7(7/8), 583-595

_due toa technl_cal limitation of our electronics: time re\_/ersal 4y, Kahana, P. A. Nelson, O. Kirkeby, and H. Hamada, “A multiple micro-

is @ matched filter and so maximizes the energy received atphone recording technique for the generation of virtual acoustic images,”

the focu$® whereas the inverse filter corresponds to a least J. Acoust. Soc. Am105 1503-15161999.

mean squares approximation of the desired sound field. Thuss,SJO”tﬁgdtméFr'gké "Sa‘l’ua”pd fgg‘éﬁ'fjgj'fkgeoveftbesfitc'”gAg?ogi :gt‘i ;h'r:ur\?:

. . . . . walls: | Vers pr , . ust. . . | -

energy obtained gt the .focgs for inverse filtering is !ovyer vember 2002.

than the one obtained with time reversal, and electronic lim-6p. Fink, “Time-reversed Acoustics,” Phys. Tod&0(3), 34—40(1997.

its of the emitting and recording devices used in the experi-’M. Tanter, J.-L. Thomas, and M. Fink, “Time reversal and the Inverse

ment were unfortunately reached. However, with a newfilter” J. Acoust. Soc. Am10§ 223-2342000. :
C. Dorme and M. Fink, “Focusing in transmit-receive mode through in-

_em|35|on{rec_ept|on system providing a better dy”ar_""? range'homogeneous media: the time reversal matched filter approach,” J.
inverse filtering should reach through the wall, similar to Acoust. Soc. Am98, 1155-11621995.

performances obtained in the room. Indeed, the measure?.if\/l- Ta_nter,bJ--F- Aubry, J. ther_ber, J--Lf-_IThor;as, ;’smg M. Fink, f‘?ptimil
; i ocusing by spatio-temporal inverse filter, Part I: Basic principles,” J.

sidelobe levels do not corr_eqund t.o a conceptual limit, put Acoust. Soc. Am10L. 37—47(2000,

are only due to an electronic noise limited value. Thus, whilewp oy and M. Fink, “Time reversal in a waveguide: Study of the tem-

using a system with a better dynamic range, the improve- poral and spatial focusing,” J. Acoust. Soc. A7, 2418—24292000.

ment of the level of the sidelobes by inverse filtering com-"*A. Derode, P. Roux, and M. Fink, “Robust acoustic time reversal with

pared to time reversal should be about 20 dB high-order multiple scattering,” Phys. Rev. Letf5(23), 4206—4209

(1995.
123.-F. Aubry, M. Tanter, J. Gerber, J.-L. Thomas, and M. Fink, “Optimal
V. CONCLUSION focusing by spatio-temporal inverse filter. Part Il. Experiments,” J.

. . . . Acoust. Soc. Am101, 48-58(2002.
Inverse filtering is based on the knowledge of the entireisp, giomgren, G. Papanicolaou, and H. Zhao, “Super-resolution in time

propagation operator between a set of emitters and a set ofreversal acoustics,” J. Acoust. Soc. A1, 230—248(2000.

control points located in the medium. For a given target“C. Prada and M. Fink, “Eigenmodes of the time reversal operator: a so-
. . . . . lution to selective focusing in multiple target media,” Wave Motid

sound field at the control points, this technique provides 1u5'1_163(1994)'v using in muliiple targ ! ve Motizd,

theoretically the best approximation of the field in a leastisacoustic attenuation Pis defined aD;=L,—L,, whereL, andL, are

mean square sense by achieving both space and time decorthe mean sound levels measured in each room, for a white noise.
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