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A nethod for electronically beamform ng acoustical signals and

acoustical wensme7sappar at us The present invention i s BEHERIBH83%0yY

directed on a technique for so-called "beam f.orm ng" on acousti cal

si gnal s. 5 The use of directional acoustical/electrical transducers and

especially of such m crophones is one of-the nost efficient ways for

i mproving signal to noise ratio in audio systens. It is known to

realise directiognal Jm crqphones by using an
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ommi di rect| oﬁgﬁ%%%%%%eone r'?egf S tafﬁus- known principle is shown in fig.
1. Two omi directional mcrophones, 1 and 2, are provided with a mutual
di stance pThéhpresemy isivprtiiof ionayeririafllhdirertophonmesa avechnigget o
signal Al is tinme delayed by the time anmount, [err], the tine del ayed
si gnal accéPdi £ 1CRIAES (peary formingan AR igaL t$mposing unit 3
to the undel ayed out put signal Alerr] of mcrophone 2. At the out put
of 1Ne SUPGLLTRAY b qiredtilidnad st foil [ ddG QU P ULl diRle M Chid
with arm anplification 30 Nersus | mpi ngi ng ‘angl e [err c’ﬂaracterlstlc, as
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customary to sel ect , , ) L .
ways for improving signal to noise ratio in audio systems. It

is known to realise directional microphones by using an array
of microphone cells and time delaying and superimposing the
10 output signals of such cells following up the known "delay and

sum® technique.

With two omnidirectional microphone cells this known principle
is shown in fig. 1. Two omnidirectional microphones, 1 and 2,
are provided with a mutual distance p. The output signal of one

15 . of the microphones according to signal Al is time delayed by
the time amount t, the time delayed signal according to A,' is
superimposed at a superimposing unit 3 to the undelayed output
signal A, of microphone 2. At the output of the superimposing
unit 3 there results the output signal A, with an amplification

20 versus impinging angle 6 characteristic, as shown in fig. 2 for
one frequency o considered. Thereby, it is customary to select
as delay time t as the quotient of distance p and velocity of
sound ¢. With this arrangement there results, as shown in fig.
2, a first order cardoid characteristic. It may be shown that

25 the amplitude of the resulting signal A, is proportional to the
sine of the signal frequency ® and to the distance p. The
maximum gain in target direction (180°) occurs at the frequency
£, = ¢/(4p). For a distance p of 12 mm, £, becomes approx. 7

kHz.



as delay time [err] as the quotient of distance p and velocity of
sound c. Wth this arrangenent there results, as shown in fig.
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of the resulting signal Ais proportional to the sine of the signal
frequency [err] and to the distance p. The maxi mum gain in target
direction (180[err]) occurs at the frequeacy f[err] =c/ (4p). For a

distance p of 12 mm f [err] becomes appr ox.
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may be reall sed. known arrangenent to realise second order
cardoid thaﬁmbﬁet@mmhleﬁsehlcardangementsg hiighershovder Fardebg, K chanae-

rower beam can be achieved. Th gher the order of the direc- tional
n1crophom§%ﬁ#%ﬁ&ﬁﬁmﬁﬁy brererihe®ehecomes the directiv- ity index and
the gain at f[err]' but the higher will also be the 10 roll-off for |ow

and high ﬁﬁf %les a Aol Ca PHARGEMGA L UPs real 88! 88cShdCol@beSca¥iibild

respect to the definition of the direc-
characteristics according to fig. 4 is shown. Thereby, a nar-
rower beam can be achieved. The higher the order of the direc-
tional microphone arrangement, the higher becomes the directiv-
ity index and the gain at £,, but the higher will also be the

10 roll-off for low and high frequencies and the number of un-

wanted side-lobes. With respect to the definition of the direc-
tivity index please refer to speech communication 20 (1996),

229 - 240, "Microphone array systems for hands-free telecommu-

nications", Garry W. Elko.

15 1In fig. 5 there is shown the gain versus frequency characteris-
tic of the first and second cardoid characteristics for an im-
pinging angle 6 = 180°. Therefrom, high and low frequency roll-

offs are clearly evident.

Such techniques for beam forming are well-known and have been
20 realised using analogue signal processing, as e.g. shown in the
US-A-2 237 298, US-A-4 544 927, US-A-4 703 506, US-A-5 506 508
or using digital signal processing, both in time or in fre-
quency domain, as shown in the EP-A-0 381 498 (time domain) or

in the US-A-5 581 620 (frequency domain).

25 Beam formings realised with any of these principles has the

following drawbacks:

a) The resulting signal is dampened at low frequencies, which

results in a bad signal to noise ratio.
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- 3- b) Tha 4Ff B8 ?FyaV U48x*?89Gery sensitive to matching of the
i ndi vi dual m crophone cells, especially at |ow frequencies. c) The
di stance p §etygenci8gush&yobaRadcweehl 8 ahgH! §aks LAr88rget direction is

rather small, as may clearly be seen from f£ig. 5.

e) The directivity largely depends upon the number of micro-
phone cells and thus on the complexity of the overall ar-

rangement .

10 f) As one aims for a high directivity by increasing the number

of cells, more unwanted side-lobes are. introduced.

Several techniques have been proposes to overcome some of these

drawbacks:

In the WO 95/20305 (E. Lindemann) an adaptive noise reduction
15 system for use in binaural hearing aid is proposed. It detects
the power of the received signals to separate the desired from

unwanted signals.

There is proposed a "broad side" microphone-cell array, i.e.

target direction is perpendicular to the axis from one micro-
20 phone to the other, in contrary to the arrangement according

e.g. to Fig. 1 and the principles of the present invention,

which is "in line".

The disclosed apparatus is bulky (>> 5 cm), so that it may not

be implemented for one ear hearing aid.

25 Two equal beam lobes are generated in target and in opposing

directions.



(> 12 mm) for audi o range. S d) The frequency band with a high gain in
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rangenent. 10 f) As one ains for a high directivity by increasing the
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are generaéﬁﬂlbﬂstafgsigﬁaﬂ PPoO@pe:hEIto AudﬂbFQﬁHINBéustics, October 15
- 18, Mohonk, New Paltz, New York, such beam forming is effi-
cient only up to about 2 kHz and leads to distortions of the

desired signals.

10 The US-A-4 653 102 proposes the use of two direc¢tional micro-
phones aimed in target direction and of a third microphone
aimed in opposite direction. The signal of the third microphone
supposedly only containing noise is used to shape the response
of the two primary microphones. This technique obviously has

15 the drawback within reverberating rooms, where the desired sig-
nal is reflected on walls, floor, ceiling and furniture and is
therefore considered as noise by the system. This technique is

further unhandy as making use of at least three microphones.
Attention is further drawn to US-A 5 400 409 and 5 539 859.

20 As an example of known beam-forming techniques, the US-5 539
859 proposes a technique wherein reception characteristic is
logged in on that direction wherefrom the highest energy im-
pinges on a pair of microphones and considered in the sound en-
vironment. Principally, all sound impinging from directions

25 other than from highest energy direction is considered as noise

and its reception is cancelled.

Thereby, an analogue to digital conversion and subsequent time
to frequency domain conversion is performed on the output sig-

nals of two microphones. Exploiting the knowledge of the fixed
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10 By such a technique the energy distribution in the sound envi-
ronment traps the selectivity of reception, and it is not pos-
sible to freely select or preselect a maximum reception charac-

:teristic, e.g. in direction wherefrom sound is desired to be
selectively received, irrespective of its relative energy. One

15 field whereat such selectivity irrespective of energy distribu-
tion within the sound surrounding would clearly be advantageous

is hearing aid technique.

It is an object of the present invention to provide a method
for electronically forming a predetermined characteristic of

20 amplification in dependency of direction from which acoustical
signals are received at at least two spaced apart acousti-
cal/electrical transducers and a respective acoustical sensor
apparatus, with which only a small number of microphones or mi-
crophone cells has to be used and which is thus enabling small

25 and compact directional transducer or microphone realisation.

J'Thereby, the preferred apparatus according to the present in-

vention is a hearing aid apparatus, and especially a one ear

hearing aid apparatus.



25 other than from hi ghest energy direction is considered as noise

and its reception is cancell ed. Ther eby, an anal ogue to digital
conver si on 9%9&%quent tine to frequency domai n convePSTARIE0H889
performed on the output sig- nal s of two m crophones. Exploiting the
know edge of the fixed - 5-
mut ual di stance between the two mi crophones,~ wher ef rom phase

di fference of the inpinging signal spectra |s dependent t here S

det er m ned .t he yut [ Qg? ir hest
ener gy SOUI%(%' g‘lsgr‘laa@rtﬁ?@é ectl Onlijsrféwf'l es‘f %ﬂetehqéd ar}ld a?&nc?és%urce
wi thin the3edgd d‘@'fﬁétg.(é}&tﬁﬂlfﬁkpo‘iié&&.rﬁ the addid Nds flrc&n thedween

direction are anplifie y nmeans of in- phase shifting and addi ng
simlarly Bappaexaut® and| X ikie. t echni que, whereby signals from ot her
| mpi ngi ng angles are can- cell ed as noi se. 10 By such a technique

h b
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presel egt %d@f‘ infBHRJE CER 'é%iba&*k%@sc'whlch d18dw tHiGh & i%main td RGlddra-
wherefrom sound 1s desired to be sel ectively received, irrespective of
its rel ati tdoenmaghyisa@ieon without unwanted side-lobes and with easily

variable beam form, e.g. for acoustical zooming.

These and other objects are realised by the inventive method,
which comprises the steps of repetitively determining from sig-
10 nals dependent from the acoustical signals a respective mutual
delay signal according to reception delay at the at least two
transducers; subjecting a signal dependent from the output sig-
nal of at least one of the at least two transducers to filter-
ing with a filtering transfer characteristic; and of control-
15 1ling the filtering transfer characteristic in dependency of the
mutual delay signal; further exploiting a signal dependent from
the output signal of the filtering as electrical reception sig-

nal.

To fulfil the above mentioned objects the inventive acoustical

20 sensor apparatus comprises at least two acoustical/electrical
transducers, arranged at a predetermined mutual distance in
target direction, a time delay detection unit, which has at
least two inputs and an output, the inputs thereof being re-
spectively operationally connected to the outputs of the two

25 transducers, whereby the time delay detection unit generates an
output signal in dependency of the time delay of acoustical
signals, impinging on the at least two spaced apart transduc-
ers, preferably a time domain to frequency domain converter

unit generating the output signal of said time delay detection
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provi de-a net hod for electronically form ng a predeterm ned
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provi de in frequency domain mode; with a filter unit with a controlla-
ble transfer characteristic, which has at least one input, a
control input and an output and whereat the input is operation-
ally connected to at least one of the outputs of the at least
10 two transducers, preferably via at least one time domain to
frequency domain converter, the control input is operationally
connected to the output of the weighing unit, the filter unit
generating an output signal in dependency of its input signal
and of.its transfer characteristic which is controlled by the
15 signal - preferably a spectral signal - which is applied to the
control input of the filter unit, this weighing - preferably
spectral weighing - result signal being dependent from the out-

put signal of the time delay detection unit and the weighing

characteristic of the weighing unit.

20 Other objects, advantages and specific embodiments of the pres-
ent invention shall be exemplified with the help of further

figures. The figures show:

Fig. 1: A functional block diagram of a two-cell directional
microphone arrangement according to the prior art

25 principle of "delay and sum';

Fig. 2: the first order cardoid amplification characteristic

of prior art arrangement according to fig. 1;

Fig. 3: departing from the prior art arrangement of fig. 1 a

further arrangement following up the technique of
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realised by the inventive nethod, whi ch conprises the steps of
repetitively determning fromsig- 10 nals dependent fromthe acoustical
signals a respective nutual del ay §1dha1 according to reception del ay
at the at |least two transducers; subjecting a signal dependent from

the output sig- n Jalla O la i _é\ﬁ@s%oqn%egli%lﬁgatselc%% o fc%%%%%%rri to
char ac c I

filter- ing wwth a filtering transfer teristic; and o ontrol -
15 ling the filteridgttiregnsfer characteristic in dependency of the

nmut ual del ay signal; further exploiting a signal dependent from t he
output signal of the filtering as electricgl reception sig-, . nal.
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time delay detection unit, which has at | east two inputs and an

out put ,st h&iignpt:s tihe deplendenoy ©of- frequenpycttheelywpdpEiattdnal kharac-
connected to the outputs of the two 25 transducers, whereby the tine del ay
detection unit genetgFdstds of thg pgyangeqsrt AFcesPdRdesy £d0 t ReOFi e
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apart transduc-
signals;

Fig. 6: a simplified functional block diagram of an inventive
10 apparatus operating according to the inventive method

and further showing the sequence of process signals;

Fig. 7: in a representation according to fig. 6 a first pre-
ferred realisation form of an inventive apparatus op-

erating according to the inventive method;

15 Fig. 8: in an inventive apparatus operating according to the
inventive method according to fig. 6 a further pre-
ferred form of realisation of a time delay detection

unit;

Fig. 9: a polar diagram of signals as realised by the embodi-
20 ment of fig. 8 for explaining operation of a compara-

tor unit as provided in the fig. 8 embodiment;

Fig. 10: the course of comparison results in dependency of im-~
pinging angle of an acoustical signal and as realised

by the embodiment according to fig. 8;



ers, preferably a.time domain to frequency domai n converter uni t
generating the output signal of said time delay detection
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wei ghi ng characteristic and with an input and with an out put, wher eby
the input thereof is operationally connected to the out put of the tinme
del ay detection unit and preferably recefv? -~ 5 ing the signal at said

out put of said tinme delay detection unit in frequency donain node; with
a filter untf _wih. Leflc i £h has
2t least onignpnt: 3 PRLEELLE form of B BNELE AONAMEL Bl et I

i nput is operation- signakhldepedatsy efirdw Dipilwptig agd dheapuiPotist Hf
the at least 10 two transducers, preferably via at |east one tine domain
to frequency dorgdh BH¥RR} (3% an RNkt agrerdingpe? £idnadty
connected to the output of the weighing unit, the filter unit

generating .an_o ut. si ' C 1is i . Si I o]
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preferably a spectratompgfidon wéswltd SapRldEikdd with a profdFeddi &put of

the filter unit, this weighing - preferably spectral weighing - result
si gnal bei ng dependérrdimemt t¥rswiliing in pihe siigallbfdeprndémey del ay
detection unit and the wei ghi ng characteristic of the weighing unit.

Fig. 13: in polar diagrammatic representation the dependency of
superimposing result signals from impinging angle of
acoustical signals and from frequency as realised by

10 the embodiment according to fig. 8;

Fig. 14: a preferred realisation form of the fig. 8 embodiment,
additionally counteracting frequency dependency as

shown in fig. 13;

Fig. 15: in a representation according to fig. 13 the.depend-
15 ency of the superimposing result signal with normali-
sation as realised by the embodiment of fig. 14 with a

first preferred normalisation frequency function;

Fig. 16: a representation according to fig. 15, realised with a
second preferred normalisation frequency function at

20 the embodiment of fig. 14;

Fig. 17: a first (rigid line) and second (dashed line) pre-
ferred realisation form of amplitude filter character-

istic at the embodiment of fig. 6 or 7;

Fig. 18a: the effect of the amplitude filter amplitude versus
25 amplitude transfer characteristic according to fig. 17

(rigid line) on the output signal of the delay detec-



20 O her objects, advantages and specific enbodi ments of the pres- ent

i nvention shall be exemplified with the help of further figures. The
figures shoWO9%/09786 Fig. 1: A functional block di agram of aPEWEBIBHNIEY

di recti onal m.crophone arrangenent according to the prior art
25 principle of "delay and sum'10 Fig. 2. the first order
cardoid anplification characteristic - of prior art arrangenent
according to fig. 1; Fig. 3. departing fromthe prior art arrangemnent
of fig. 1a tion urditl LNSp RV RGL RNt HelehBitheft. I digthty @ie of
- 8- ay and sunT for realising second order character-

I stic; Fig. 4:7; the second order anplification characteristic as

real - ised by the prior art arrangenent according to fig. 3;

5 Fig. 5: dependency of frequency the npllflcathn char ac-

teristic of%ﬂna%ég rﬁiﬁnﬁﬁ %ﬁﬁﬁﬁiﬁQﬁﬁﬁ {} signal of a tige de-

maxi mum anpl i ficati any HUENGAE gas%%w%wx% h the amplitudeS'dNdlek
5 with a transfer characteristic according to fig. 17

(rigid line) and as realisable by the embodiment of

fig. 6 oxr 7;

Fig. 19: the spectrum of an acoustical signal converted into
electrical and input to a controllable frequency fil-
10 : ter as provided by the present invention according to

fig. 6;

Fig. 20: the electrical reception result signal realised by am-
plitude filter characteristic according to fig. 17
{(rigid line) and reception signal as exemplified in
15 fig. 19 at the inventive embodiment according to fig.

6;

Fig. 21: the resulting dependency of amplification from imping-
ing angle of an acoustical signal as realised by the
fig. 17 amplitude filter characteristic (rigid and

20 dashed lines);

Fig. 22: the amplification versus impinging angle characteris-
tic as realised by the fig. 6 or fig. 8, 14 embodi-
ments of the invention, making use of an amplitude
filter characteristic with a maximum to minimum spec-

25 tral amplitude transfer behaviour;

Fig. 23: in a simplified signal/functional block diagram a fur-

ther preferred embodiment of the invention;



Fig. 6: a sinplified functional block diagramof an inventive 10

appar atus operating according to the inventive nethod an
further 'shoWPr?Q/O?Wg sequence of process signals; Fi g. 7PCT/BP8A088I
representation according to fig. 6 a first pre- ferred
realisation formof an inventive apparatus_op- erating
according to the inventive nethod, 15~ %’gf 8: in an inventive apparatus
operating according to the i nventive method according to fig.

6 a further;res,: in a signal eI ARIILRnd L HIRH RpAschddtFortlel 2y
detection . unrt; Fig. 9° a polar diagramof signal's as
realised by the enb@&@hirthe20 mode of realdMatdfor iaf thed drivexplediay niptec-
operation of a conpara- . tor unit as provided in the fig. 8
embodi nent ; Fitg.om amithase fosd d0 Ediars 8¢ results i n dependency
of 1m pi ngi ng angl e of an acoustical signal and as realised

by the enbqdi menf. agcor.di L9 19w 8 . block tati
-9- ilg.’ %% ggpraeféel%?eg' #orm’oFurneca l|<."sn|ar¥'g Sl?[?erire gs‘falsr%l raesllﬁr%' 2
si gnal gependency f rrapthay m@ided cindlealdfsadiAr @Stthe time delay deteasd
signal at an enbodi nent accordi ngi to figt. 8; , i )
tion unit following the technique as shown in fig. 8

or fig. 14.

In fig. 6 there is shown in form of a functional block diagram,
together with principle signal processing diagrams, the princi-

10 ple of the inventive method and apparatus.

At least two acoustical/electrical transducers 1 and 2, as es-
pecially of microphones or microphone cells, are provided with
a predetermined mutual distance p along axis a. Acoustical sig-
nals IN are received by the transducers 1 and 2 as they impinge
15 from different spatial directions 0. The acoustical signals IN
have frequency spectra which vary in time. Output signals of
transducer 1, S,(t,®) and of transducer 2, §,(t,w), are formed
as electrical signals at the output of the transducers 1 and 2.
Due to the mutual distance p of the two transducers 1 and 2 -
20 which is preferably smaller than 5 cm, preferably between 0,5
and 1,5 cm, especially for the inventive sensor being a one ear
hearing aid apparatus - and as shown with the two respective
V" pointer diagrams below the functional block diagram of fig. 6,
"the acoustical signals IN impinge on the transducers 1 and 2

25 -with a time delay dt, which may be expressed by the phase dif-

ference Ag, at each spectral frequency ® according to

(1) Ap, = w.dt,, where



Fig. 12: in a representation according to fig. 10 the course of 5

conparison results as realised with a preferred em bodi nent
resul ting i \VQA¥Y8&G. 11 dependency; Fig. 13: in pol ar PEGTABASANSRAL i C -
representation the dependency of superinposing result
signals frominpingi ng angl e of acoustical signals and from
frequency as realised by 10 fhé2efbodi nent according to fig. 8;
Fig. 14: a preferred realisation formof the fig. 8 enbodi nent,
additionally counteractjng frequency dependency as shown in
fig. 13; (2) Fioat 1% +ncesr@presentation according to fig. 13 the.depend-
15 ency of the superinposing result signal with normali -

sation as realised by the enbodi nent of fig. 14 with a first

preferred npg nghd S@éﬁ@@eféﬁqmé’t{]éwpté%al IN il pdfit BHBREELSHhh | ON

according to fig. 15, realised with a second preferred

nor mal i sat itte ft g edelay ufic) ibacores?@qual for alllhepechedilmenmpohentg. atd,
Fig. 17: a first (rigid line) and second (dashed line) pre-
ferred realthatdihferent of . aFpei oukput | sigrakhaf.aemner S, of the transdugtic

ot e OOt 0L 41 e Cobfedlionany Ldhndg NP SIS SR AVe i
characteri §his a6€04 ¥ e t@e1d P ddtlection unit 10, Gy dditDat¥l 1 out-
out put signal of the delay detec-
put signal A, according to the spectral distribution of time
delays dt,, which are, as was explained, a function of the im-
pinging angle 6 at which the respective frequency components
10 impinge on the transducers 1 and 2 and thus in fact of 0,.
Purely as example a possible spectrum of output signal A, is
also shown in fig. 6. This spectrum varies in time according to
‘the time variation of impinging acoustical signal IN. The out-
put signal A,, of time delay detection unit 10 is input to a
15 weighing unit 12. As the spectrum of dt, with respective spec-
tral amplitudes of A, is input to the weighing unit 12 with
the preselected weighing transfer characteristic W, there re-
sults at a certain moment in time, as an output signal A,, a
spectral signal W(o), as also shown as an example in fig. 6.
20 A,, results from respectively weighing the spectral amplitudes
of A,, according to the characteristic W. As A,, indicates ac-
cording to dt, from which direction 6, each frequency component
of the acoustical signal IN impinges, its specific weighing by
means of function Wis nothing else than predetermining which
25 impinging directions 0, shall be amplified or attenuated. Thus,
the weighing unit 12 determines with its characteristic W the

beam shape.

The output signal A,, is applied to a filter unit 14 with a

controllable transfer filter characteristic. There, each spec-



- 10 - tion unit as provided in the enbodi nent of fig. 6 or

7; Fig. 18b: the representation of the output signal of a tine de-

| ay det’ecti owouaie78passed t hrough the anplitude filter 5 PCT/IB98/0088%t h a
transfer. characteristic according to fig. 17 (rigid line)
and as realisable by the enmbodi ment of fig. 6 or 7,

Fig. 19: the spectrumof an acoustical sighdl “converted into

el ectrical and input to a controllable frequency fil- 10 ter as

provi ded by rese i i v di N
Fig. 20: the eelec ?’%ca%ff r%\gﬁﬁﬁ %@ Sl gjetn&lmrmeﬁ% s}:eh(f l?utg{ﬁ %19@@1

plitude filtseqeChRr ast Ambltiifs edC oot dithentiatbddactbdrding to the conth@ld ing
l'ine) and receptlon signal as exenplified in 15 fig. 19 at the

inventive espeditremt Wyccad) ndgritus fiupit 14 is a filteSjunit forFiippw@l: the

resul ting dependen of anp I|f|cat|onfrom|nB|n- I ng angl e
of an acousﬁﬁaaalssénéF yaieBarhechrppsfrE characteristictig Viylﬁﬁplﬁﬁude

filter cglar %%B%rz]o%.tl'e(& W 9\19. aﬂg dependency of the kind of filter unit 14

the weighing unit 12, generally spoken, calculates adjustment

of filter characteristic determining coefficients as a function

of A,.

Thus, along the channels 10 and 12 there is predetermined by
10 the weighing transfer function W which spatial directions 0O
shall be "aimed" at. At the filter unit 14 this beam shaping
information is applied to the electrical analogon S, of the
acoustical signal IN, thus resulting in an output signal

S8.(t,w) representing the shaped reception signal.

15 By adjusting the weighing transfer function W by applying a
control signal C, to a control input C,,, the beam form can be

adjusted and thus acoustical zooming is realised.

As shown in dashed line, it may be advantageous to subject both

transducer output signals to a controlled filtering at unit 14.

20 In fig. 7 there is shown a first preferred form of realisation
of the inventive principle according to fig. 6. Thereby, the
output signals S, and S, are first converted from analogue to
digital form in respective analogue/digital converters 16 and
17. The digital output signals of the respective converters 16

25 and 17 are input to respective complex time domain/frequency

domain converters 18 and 19.

The output spectra S,(t,o) and S,(t,m) of converters 18, 19 are

input to the spectral time delay detection unit 10'. Unit 10'



20 dashed Iines); Fig. 22: the anplification versus

i mpi ngi ng angl e characteris- tic as realised by the fig. 6 or
fig. 8, 14 WeHWH9786 ments of the invention, nakP@TIRISH0’SY an -
anpl i tude filter characteristic with a maxi rumto m ni num
spec- 25 tral anplitude transfer behaviour; Fig. 23: in a
sinplified signal/functional block diagFaﬁ?a“fur- t her
preferred enbodi ment of the invention,;

- I f : '
c M- gorhiked boddkdiny 428 £ddnila Hﬂctf}g;?dha@eo%fﬂe%w%&h@

realisationof the tine dela

unit as show waviiked ﬁyanﬁe respebttve2$reiieficy ON2b Feewltf HAChhOBAK -
bl ock representation, a further node of realisation of the

ti me del ay piett eci-gnal spectrum AT ereaovndidgltowiig tive tdedlay gl as whewn
infig. 8 6 there is shown |n form

I n f|
of a funct e inest iy W%ﬁ%“’n witth &iger bui ?I]l?epﬂur’fauﬁl & aPt
processi Ng +JiR0 By [k Ui unit 10', A,,', is further treated, as was

explained in connection with fig. 6, by the weighing filter
unit 12 and the controllable filter unit 14. In the following
table there is exemplified how the unit 10' operates. Out of
the spectral phase distribution ¢,, of signal S, and ¢,, of sig-
10 nal S, the time delay dt, is calculated for each spectral line

within an interesting spectral band.

®, o, o, o,
Si1(w) A, A, A, Ajn
© P P12 Pys . Pin
52 (o) A, A, A, A
P2 ®z; P23 P2a

W:am ﬁn"q’zz/@l (P12‘(P22/(°4zl Pr3=Paa/ O I I l (pln—(pZn/wn!

So as to extract the phase information ¢ out of the two signals
15 S, and S, the time domain to frequency domain conversion units

18 and 19 perform complex (real and imaginary) operation.

A second preferred realisation form of the present invention,
and especially as concerns realisation of the time delay detec-

tion unit 10, shall be explained with the help of fig. 8 and 9.

20 The output signal of one of the transducers, as shown e.g. of
transducer 1, S,(t,w) is fed to a time delay unit 20, wherein,
in a first form of this realisation, signal S, is time delayed

by a predetermined frequency independent time delay t.



10 ple of the inventive nethod and appar at us. At | east two

acoustical/electrical transducers 1 and 2, as es- peci ally of
m cr ophoneswsr99/@#isophone cells, are provided with a pr BGTABISM0BRI
mut ual di stance p along axis a. Acoustical sig- nals IN are received

by the transducers 1 and 2 ‘as they inpingfs 15 fromdifferent spatial
directions 0. The acoustical signals IN “have frequency spectra which
vary in tinme. Qutput signals of transducer 1, S[err](t,[err]) and of

t ransduce P ' 0 rg i gRa t he.
u r{_.éok§%§n g%@kr bh far;ﬁdfl éf@.ﬁ.@nal Dfﬁ&cé‘éf‘&é tk@s wighaksgahlt A

out put of etr ucers 1 an € to the mutual distance p of the
two transducers 1 and 2 - 20 which is preferably smaller than 5 cm

pr ef er abl y Thet waepud, Bignalaed tibecdeleypawiisl RP tbust Bedordsnikd sdskor
bei ng a one ear hearing aid apparatus - and as shown with the two
respect i veBal APt £+9di Agrans bel ow the functional bl ock di agram of fig.
6, the acoustical signals INinpinge on the transducers 1 and 2 25

with a tinmg Qe't%edfdel‘élgﬂ GHoMBY Receriassed Ay the phsspifpbsed to £REENCE

[err] at each spectral frequency [err] according to (1) T[err] =

[err]. d [ ebukputhefigmal S,(t,») from transducer 2 at a superimposihd unit
23 according to unit 3 of fig. 1, thus resulting in an output
signal according to A.(t,®) of fig. 1. As is known, and as was
explained in connection with fig. 1, the output signal A (t,o)
depends from the impinging acoustical signal direction 0 ac-

10 cording to the first order cardoid beam of fig. 2, which car-

doid function nevertheless varies with frequency o. The output
signal A, of superimposing unit 23 and e.g. the output signal

S,(t,0) from transducer 2 are input to a ratio unit 25, as a

comparator unit.

15 For understanding the functioning of ratio unit 25, attention
is drawn to fig. 9. In fig. 9 the cardoid attenuation charac-
teristic of output signal A, at a specific spectral frequency
®, is shown. At a specifically considered impinging angle 8,
the output signal A, of superimposing unit 23 is A (w,) with an

20 amplitude value as indicated in fig. 9. Simultaneously, at that
frequency ®, considered and at that impinging angle 0, consid-
ered, the amplitude of signal S, is A, ,(0,) as also shown in

--fig. 9. It must be emphasised that as the amplitude A,, varies,
"the amplitude of A, varies proportionally. Thus, the ratio of
25 A,, to A,, according to fig. 9 is indicative of the impinging
_ angle 0,. In the division unit 25 of fig. 8 there is formed for
each spectral component amplitude the ratio of A, to A,, where-
from there results a signal spectrum at the output of division

unit 25 with a ratio spectrum. The spectrum of A,, according to



(2) dt[err]= P cos [err]. C I f the source of

acoustical signal INis a point source, then the tine delay dt[err] .
becomes equ¥O P#HP784| | spectral conponents at the di ff cRETABIPOIASY. The
output signals S[err] and S2 of the transduc- 5 ers 1 and 2 are
operationally connected to the respectiyelgn: puts of a tine delay
detection unit 10, which generates an out~- put signal Alerr] according
to the spectral distribution of tine del ays dt[err], which are, as was

expl ai ned, fadqf,UBCHAE Beddies Bhe spechivigi B¢ aAR0kepletiliedtrathict khtilke
respective frequency conponents 10 inpinge on the transducers 1 and 2 and
thus in faneveirthelelss is indireltyivas ofxdinel dmpipgisigblhagdeedt, r am whicht put
signal Alerr] i al so shown in fi This spectrumvaries,in_ti

g. 6.
accor di ng FGCh:%reﬂﬁgﬁﬁxﬂgqﬂBQE%ﬁtoﬁfoghﬁnﬁpﬁﬁFﬁ&ma8€y§PﬁcéfogfﬁﬁgﬁllEEEWhe
out - pHBlSH&?ﬁ%gé@e%&khpkégggEtd%Ba¥h%$ eﬁE'3”o¥”£ke19wbstkﬁﬁghukgr%

15 wei ghi ng uni As the sp rum o rr] wth respective spec-

tral amplit(gdes faly.Aker.r In €ignpet the tbeted ginegblbck iAdichibes thet Be-
presel ected wei ghing transfer characteristic W there re- ,Sults at a
certai n noAeit defectien & isn IQuRSFETSigaatoAfdnr] 6 -aFurthexpedgpal prgfal
Wlerr]), as_also.sh a appl e in.fi.g. .6 20 Alerrl, results.from
respectiveﬁﬁsﬁgsgﬁfngg?ﬁ§§gﬁgb??agggnﬁrggﬁaggd by mSPnﬁ[S?r lgécgrd%hS‘to
the charac{ghpi #eighhgranikenn] anadiceates136ble rileekdungtt @4dt[err] from
whi ch direction [err] each frequency conponent of the acoustical signal
I N i npinges, its specific weighing by means of function Wis nothing
el se than pretibier gimhpdamentcRt 28 ppagikdengodprerérrong Ofeer fomain| tpe

aanIHde ggegaggggahg%aigh%%hversion at the output side of comparator

unit 12.

Thus, the output ratio signal of unit 25 is a measure for the

time delay dt, and is input to the weighing unit 12.

In fig. 10 there is shown the course of the ratio A_ to A, as a

15 function of 6 at a specific frequency o,.

This amplitude ratio is shown for T at unit 20 of fig. 8 being

selected to be

Tt = p/c,

wherein p is the distance of the transducers 1 and 2 and ¢ is

20 the velocity of sound.

When selecting T to be p/c and as may be seen from the cardoid
" beam function of fig. 2 signal attenuation or dampening for 0

near 0° becomes very high.

Thus, in this area of impinging angle 0 any kind of noise in A,

25 according to S, of fig. 8 would falsify comparison result



the weighing unit 12 determines with its characteristic Wthe beam

shape. The output signal Al2 is applied to a filter unit 14 with a
control| abl V@ PM93¥er filter characteristic. There, each spe®CT/IB98/00889
- 13 - - tral line of the tinme varying spectrum of the output signal

Slerr](t,[err]) is anplified or attenuageq7aqcording to the controlling
spectrumWerr] Alerr]. Thus, unit 14 is afilter unit for input
signal S[err] at which the transfer characteristic is varied, as 5

control | ed fyrfé@rat biitepsndenty piroblemkénd ¥é é1ihbhatédib}ichoosingha
wei ghing unit 12, generally spoken, cal cul ates adj ust nent of filter
char act eri sdeayet evhiah nigs cbicfffe memnt Lhexreby prEfcambly lamfexA[terar .p/c.
Thus, along the channels 10 and 12 there is predeterm ned by 10 the

wei ghing transfer function Wwhich spatial directions O shal | be

"ai med" at .Intfige 1ItRe ¥ePYlbing nrardeit, dagray 1s showp okemtT on 3 <2
lied t | | : . ti,cal _si | _EN,
appl ied to fhe %ﬁ&%éé&afhﬁpﬁﬁg’%%iﬁo@ o8 ]STrging?fTo f:ﬁ?oi’@ L& cféﬁ:gg%hcéf

t hus result ng I n an outp err representing
shaped secepié dmpslptede of A, divided by the amplitude A,.

Further, it must be noted that the cardoid function as shown in
the figures 2, 9 and 11 is only valid for one specific fre-
quency considered. In fact, considering different frequencies,
the cardoid function varies as shown in fig. 13, wherein the

10 amplitude A, of the output signal of superimposing unit 23 ac-
cording to fig. 8 is shown for p = 12 mm, a delay t of 42 mi-
croseconds and for frequencies of 0.5, 1, 2, 4 and 7.2 kHz.
From this polar diagram the frequency dependency of the cardoid
amplification function is clearly evident. Although such de-

15 pendency may be neglected in a first approximation, in a pre-
ferred form of realising the inventive method principally as
shown in fig. 8, such dependency is taken into account. Thus, a
preferred realisation form of the fig. 8 technique is shown in
fig. 14. Here, the same reference numbers are used as in the

20 figures 7 or 8. The outputs of the transducers 1 and 2 are con-
verted into digital form by respective analogue to digital con-
verters 16, 17 and the resulting digital signal of transducer 1
is time delayed by a time delay t', which is larger than p/c.
The output signal S, of transducer 2 is further converted into

25.Pfrequéncy domain by a linear (not complex) time to frequency
domain conversion unit 18°', whereaslthe output signal A, of su-
pefimposing unit 23 is converted to frequency domain at a lin-
ear time to frequency domain conversion unit 19'. The frequency
dependent polar diagram according to fig. 13 is taken into ac-

30 count by a normaliser unit 30 which is in fact a filter. In a



15 By adjusting the weighing transfer function Wby applying a control
signal Cerr] to a control input CJerr], the beamform can be adj ust ed
and t hus  acwobkgmt zooning is realised. As shown in dRITABIEN0ERE | t-
may be advant ageous to subject both transducer output signals to a
controlled filtering at uni't 14. 20 In4fgg. 7 there is shown a first
preferred formof realisation of the inventive principle according to
fig. 6. Thereby, the output signals S[err] and S[err] are first
converted #{pst aBRbodieehd the trapsfer ébaractrerispiortof etleaf bher digit al
converters 16 and 17. The_ digital output signals of the respective
conver t er ssdbect&dapdopdraienahpe® 140k cShbet resutspinxat fraquency de-
domai n/ f requenc - _ donmai n, copverters_18.an 9, . Thes o pectra
Slerr](t, [%????Xaﬁd%[ ‘éﬁ?] E’?,le[‘g%??’fa%fa%oh%eéri‘% 2 i Sy 2’?5} JSI‘gpu'h.“f'%put to
the spectral Ligegdghay dpicetéghedytvdies Ué tsHdm in fig. 13.

14 - conputes according to fornmula (1) the phase difference spectrum
[err] divided by the respective frequency [err] to result in an out-

put si gnal Aspeayr be Akeny |4 gacdonadtoling iheachiavetd| fyr depall|anglensd
explalned | 0o CRRogethotet! b £ %ndue Ryt PAE 21 el &biacion s

about 10 %, at O = 180°.

A further, even improved normalisation function or filter char-
acteristic at unit 30 of fig. 14 is achieved when the filter

10 characteristic is selected as a function 1/sin(®). The result
is shown in fig. 16. The characteristics match well from 0.5 to
4 kHz. A further advantage of this normalisation technique is
improved sensitivity in backwards direction. This improved sen-
sitivity may be exploited for adaptive beam forming, that is

15 for selectively eliminating noise sources from the rear side.

It is evident for the skilled artisan, that such normalisation

may be performed also in signal path 1 to 23 and/or 2 to 23.

In this embodiment of £ig. 14 it is highly advantageous that
only one-dimensional TFC's 18', 19' have to be used and not

20 complex TFC's as in the embodiment of fig. 7.

Fig. 24 shows in block diagram form, that the signal A,, (dt,)
.may also be generated as the output signal of a comparator unit
60 to which on one hand the output signal of an omnidirectional
. transducer 61, having equal amplification of its acousti-

25 cal/electrical reception characteristic substantially irrespec-
tive of the impinging angle 8 and the output signal of a direc-
tional transducer 62 with selected, beam shaped reception char-

acteristic are led to.



5 tinme delay detection unit 10", Alerr]', is further treated, as was
explained in connection with fig. 6, by the weighing filter unit 12
and the conwooiolgmée filter unit 14. In the foll owing t ROT/ABY8I00889 | S -
exenplified how the unit 10" operates. Qut of t he spectral phase
distribution [err] of signal S err] and [err] of sig- 10 nal S2 the tine
delay dt[err] is calculated for each sﬁééﬁ?é] l'ine W thin an

i nteresting spectral band. [err] [err] [err]

[err] é&cél‘&[ﬁ%)f%rﬁgfr.JQS[té:}rP?[ ﬁéi%gﬁx? T xﬂ%rﬁ]}so be performed by

Alerr] err]) Alerr]
[err] one of the transdufers]itselferr] [err] So as to
extract the phase information [err] out of the two sighals 15 S[err] and
S[err] the time domain to frequency donmai n conversion units . 18 and 19
per f or m coTipexeby s ekh the ewbgiiment ofefigi oS as well 38ceRdfpfef 8rFed
realisation formof_the present invention, and especially as concerns
real i sat i gFP%iPE h%e}?ﬁ’éegeFa BefBEC- tion unit 10, shall be expl ai ned
with the help of fig. 8 and 9. 20 The output signal of one of the

transdgceng; ¢ RSy REOMB1E- 8 8ig. 23 Al BEHES pRefStped] ibbainént] Sekpd-t 0
a time delay unit 20, wherein, ina first formof this realisation,
signal S[ eri3dlly ofneeddiajed the time delay detection unit 10 of fig. 6
shall be explained. The output signals of the transducers 1 and
2 are first converted by respective analogue to digital con-
verters 16 and 17 and then by respective time domain to fre-
10 quency domain converters 18, 19 finally into frequency domain.
One signal, as an example S,, of the converted output signals
of the transducers, which, after time to frequency domain con-
version may be represented as a spectrum of S,, pointers, is
converted to its conjugate complex pointers at a conversion
15 unit 50. At the output of this unit 50, the conjugate,complex
pointers S°,, are generated. This spectrum S,” and the pointer
spectrum S, are multiplied to form the scalar product spectrum
S, in a multiplication unit 52. As may be shown, the pointers

S,, of spectxrum S, have a phase angle with respect to the real

20 axis, which is Ag,.
Thus, the imaginary part of the pointers S,, of S, become
(3) Im (S,) = I8, | sin (Ag,)
with

(4) Ap, = o ° (p/c) - cos(6,)



by a predetern1ned frequency independent tine delay [err].

- 15 - Looki ng back on fig. 1, signal S[err] accords thus mnth si gnal
A[err]. WO 93¥78ut put signal of time delay unit 20 thus aBEHARPS/0A889h

si g- - nal Alerr]' of fig. 1. The tine delay signal according to
Alerr]' is superinposed to the 5 out putpgsignal Sferr](t,[err]) from
transducer 2 at a superinposing unit 23 according to unit 3 of fig. 1,
thus resulting in an output signal according to Alerr](t,[err]) of
fig. 1. AsAceokding, tanfiigs @ds a conegpsidnednin Ebnﬁenmsonhqntmagngary
the output signal Alerr](t,[err]) depends from the inping
acoust i cal P3¥§naF & ?eEPFBhefﬁr jo gBd aléurEBPH| §1F059h5°FWFthSr&@P11’
cardoi d begm,of 1$ | |%h Calhters doi d function neverthel ess varies
with frequ Hé?s[ . ofh qugP Si'gnal Al err] of superinposing unit 23
and e.g. the output signal S[err](t,[err]) fromtransducer 2 are input

to a ratiopypl ;mg?3 d8ldes ofCA ﬂodﬂﬁé YiddfH tin (3])5m Plhd! r%:&ﬂ&iiﬁ’ega the
functioning of ratio unit 25, attention is drawn to . In fig. 9

the cargloi dpatiteendt,i e thatathere restutistiromof(3put put sugnal A[err] at a
specific spectral frequency [err] is showmn. At a specifically

consi dered i i ngi ng angl errj,.
I 085" Sl wipre

(3)' Im (8,,) - cos (6,)

Thus, and as performed by unit 55, dividing the imaginary parts
Im (S,,) of the pointers S,, of spectrum S, by the respective
values of the scalar product according to Isml, there results
10 an output signal which accords with Ag,. As was already ex-
plained with the help of fig. 7, A¢, is further divided in unit
56 by.phe respective pointer frequency w. The resulting signal

is A,, according to fig. 6 or A,,' according to fig. 7.

All the units 50, 52, 53, 54, 55 and 56 are preferably realised

15 in one calculator unit.

Let's turn back to the generic block diagram of fig. 6 having
described different possibilities of realising the delay detec-

tor unit 10.

By means of the figs 17 to 22 we will further explain with a
20 specific example the effect of amplitude filter unit 12 and of
controllable filter unit 14.

In fig. 17 there are shown examples of two weighing signal
characteristics of unit 12. According characteristic I each dt,
spectral line amplitude of signal A,, {see fig. 6) is attenu-

25 ated to zero, if such amplitude is below or above predetermined



the output signal Alerr] of superinposing unit 23 is Alerr]([err]) with an
20 anplitude value as indicated in fig. 9. Sinultaneously, _at that
frequency MWO99%%& ] considered and at that inpinging angl ePFEf’Pﬂs’@ﬁ??si d-

ered, the anplitude of signal S[err] is Alerr] as also shown in fig.

9. It nust be enphasised that as the anpkihtude Alerr] varies, t he
anplitude of Alerr] varies proportionally. Thus, the ratio of 25 Alerr] to
Alerr] according to fig. 9 is indicative of the inpinging angle [err].

I n the di waslwes udtl, 25 3.5 i, and iheset isofloe nbondbrif suckaspespesira
conponent anplitude the ratio pf é%frr to Alerr], where- fromthere
results a QHRRPeRHARATPHITYES (1R B "{ﬁl%noffh Si¥dnvaluegnit 25 with a
rati o spectrum The spectrumof Alerr], according to

- 16 - | Such!i8lefeionSob SGorERiAdion RACI S Ofe A GIPLA 4CohabLe BB
nevertheless 1s 1ndicative of the impinging angle [err], at which

each frequedlyspeapowenk,,of ashehewpecinuthef figerasolsai and 384- nal

i mpinges with respect to the axis a of the two transducers 5 (see fig.

6). In fig. 8 the dotted |ine bl.ock indicates fhe de- | ay detection
ot 15 acles FHGETEs 1 TER S AR R FeAToTRiRRRtory £ il T hERfor e
as was exp% | by neans of fig. 6, i.e. via weighing unit 12 and
controllabl'e filter unit 14.

Fig. 19 shows a spectrum example of sigmal S,. At the control-
lable filter unit 14 all spectral lines of S, (Fig. b) are am-
plified by the value 1 according to A,, or are nullified ac-

10 cording to zero values of A,,. This results, according to fig.
20, in a spectrum S, as an output signal spectrum of controlla-
ble filter unit 14 of fig. 6. If the weighing function I of
fig. 17 is applied to the technique according to fig. 7 there
results a beam form as shown in fig. 21 in strong lines. If an

15 amplitude filter characteristic is applied as shown by II in
fig. 17, there results the characteristic as shown in fig. 21

in dashed line.

Fig. 22 shows the resulting beam if in analogy to fig. 17 and
with an eye on figures 8 and 9 all ratio values which exceed
20 (A./A,)max are discarded. This is realised by the amplitude

filter characteristic as also indicated in Fig. 22.

In fig. 22 the ratio A,/A, is denoted with r(o).

It is clear for the skilled artisan that only examples of the

invention were described with the help of the figures. For in-
25 stance more than two transducers or microphones arranged in

linear, planar or spatial array form can be used. Additionally,

directional microphones may be used instead of the omnidirec-



In this enbodinment it is possible to performa tinme domain to 10

frequency. d | nver si on at the output side of conparator unit 12
Thus, the o%ﬁ%ﬁ%ﬂ o signal of unit 25 is a measure for thBCT/IBIS/0088Y o
delay dt[err] and is input to the weighing unit 12. In fig. 10 there
is shown the course of the ratio Alerr]_tgp Alerr] as a 15 function of
[err] at a specific frequency [err]. This anplitude ratio is shown
for [err] at unit 20 of fig. 8 being selected to be [err] =
p/ c, tibardi.nBeams fohraidgsfaddewdhgt hbet inmedtitvesptinaip2eandncalsgo

20 the velocity of sound. \ \Wen sel ectin err] tg be p/c and as,nm
oo soor 1B TRSeobYIehg combigakibRRE FhE SRAFFioRs of Pap 4t BAha, PR o

dampening LobphBhkk. as 18°Re-2ReLil BIEANPEoVELY Bidiligd artidBHSaibg LNis
area of |np|n8|ng angl e any kin f nolrse In err according to S2
of fig. 8 whul deflaysidbyeectspachnober eetllised in many other ways. Further,
5 normalisation, which was explained with the help of normaliser
unit 30 in fig. 14, may clearly be done by providing time do-
main to frequency domain conversion just after the analogue to

digital converters 16 and 17 and providing frequency-specific

arrays or tables of time delays t,.

10



- 17 - formed at unit 25. This problemcan be elimnated by choosing
.dela err%ﬁmhich is different, thereby preferably larger than p/c.
In fig. 11 ¥V|Qe99{°§ lting cardoid diagramis shown for [err] BCI/IB98/00889 p/ G,
whereas-fig. 12 shows in analogy to fig. 10 the course of 5 the anplitude
of Alerr] divided by the anplitude Alerrls . Further, it nust be noted
that the cardoid function as shown in the figures 2, 9 and 11 is only
valid for one specific fre- guency considered. In fact, considering
di fferent frequencies, the cardoid function varies as shown in fig.
13, wherein the 10 anplitude Alerr] of the output signal of superinposing
unit 23 ac- cording to fig. 8 is showmn for p =12 mm a delay [err] of
42 m - Claim8aconds and for frequencies of 0.5, 1, 2, 4 and 7.2 kHz.
Fromthis polar diagramthe frequency dependency of the cardoid

anpli ficatjon TAnGILRGy! fof | SPEdraNd ety ALLRONS N Prbaderniieapendpocy

may be negl ect ina first apprOX|nat|on in a pre- ferred form of
realising jbeeipyenti ye amphofli athon phh | dependency sbpvaitactign §9) sBebm
dependency is taken into account. Thus, a preferred realisation form

of the5fi gyhgche@mma%ca% gH@ORLs n(IN) a1r¢greqa:w¢@r@t %elgaﬁ’é E¥Per ence
nunbers are us The., out

transducer%pﬁp%ﬁdgéa% %%%gtlcaiﬁ%ifééﬁF fﬁ?ﬁ?%ﬁe %rﬁ} iésﬁ%@ rig-

anal ogue tphdli %Eaieaga mtmxveétﬁfédé@erﬂn@@dffé@é Ix&am digét ateps
si gnal of transducer is time delayed by a tine del ay [err] , which

is larger ¢ofian p/c. The output signal S[err] of transducer 2 is
further converted into

- repetitively determining from signals (S;, S,) dependent from
10 said acoustical signals a respective mutual delay signal
(dt,) according to reception delay at said at least two

transducers;

- subjecting a signal dependent from the output signal (S;) of
at least one (1) of said at least two transducers (1, 2) to

15 filtering with a filtering transfer characteristic (14);

- controlling said filtering transfer characteristic (14)in de-

pendency of said mutual delay signal (3,,);

- exploiting a signal dependent from the output signal of said

filtering {14) as electrical reception signal (S,).

20 2. The method of claim 1, further comprising the step of de-

termining said mutual delay signal (dt,) as a spectral signal.

3. The method of claim 1 or 2, further comprising the step of
performing said repetitive determining from said signals (S,,

S;) converted into frequency domain.

RO R A



25 frequency domain by a linear (not conplex) tine to frequency
domai n_ conversion unit 18, whereas the output signal Alerr] of su- -
peri nposi ngVRIPPIB8 i s converted to frequency domain at a | iBET/ABIS/OMSEY ti e
to frequency domain conversion unit 19'. The frequency dependent pol ar
di agram according to fig. 13 is taken imtZt ac- 30 count by a normaliser
unit 30 which is in fact a filter. In a

- 18 - fi ' t e kr haragt er,j st t fi r S
sel ected p%bpor??%ngggggthFe?%?.o#hggéiﬁéu?tgéi%’aéééégﬁggé% gg? SLES of
pendency ogubjecpaohg ehddr aigaali depbadentnftog. tA8 d@tphbesignalsSaBP to

di stance and frequency val ues as shown in fig. 13. 5 As may be seen, a
good mat chéa§di SijEpranadcraveshan| inhgl Exepaenty domadnd frequencies up to
about 4 kHz. At 4 kHz the deviation is about 10 % at [err] =
180[err]. f h, ~@V i oV | ron function or filter
char - sacte?ﬁ%tﬁ%£g§&uﬁ?tggﬁi@?£figsrgﬁéfzééﬁﬁ%%5533W§%% TREPtPHeEFT 10
char actser i 6bheetrtifigl eat@dsagnalf erplooed/ Shoé| eind)domien! esul t I's

shown in fig. 16. The characteristics match well fromO0.5 to 4 kHz. A
further advantage of this normalisation technique is
6. he method of one of claims 1 to 5, further comprising the
step of performing said determining by monitoring phase differ-
ence of spectral components of said signals and dividing said
phase difference monitored by the frequency of said respective

10 spectral components.

7. The method of one of claims 1 to 5, thereby performing

said determining by

- providing one of said at least two transducers with an at
least approximately omnidirectional acoustical to electrical

15 reception characteristic;

- providing one of said at least two transducers with a direc-
tional, beam-shaped acoustical to electrical reception char-

acteristic;

- comparing signals dependent from the output signals of said
20 at least two transducers and exploiting the result signal of

said comparing as said mutual delay signal.

8. The method of one claims 1 to 5, further comprising the

. step of performing said determining by

- superimposing signals dependent from the output signals of

25 said at least two transducers and

L



I mproved sensitivity in backwards direction. This inproved sen-

sitivity. ‘x, ? exgloited for adaptive beamformng, that is 15 for
sel ectively QP80 | ng noi se sources fromthe rear side. PCT/IR98/08889
evident for the skilled artisan, that such normalisation may be
performed al so in signal path 1 to 23 angkor. 2 to 23. In this
enbodi nent of fig. 14 it is highly advantageous t hat only

one-di mensional TFC s 18 , 19' have to be used and not 20 conplex TFC s
as in the -ervpareing dfhe i@stﬂt signa¥Figf £x4dhawserimpboHirkg daegr aatf orm

that the signal Alerr] err may, al so be generated as the output
si gnal of a%éﬁﬁﬁa él {d Jgp?ﬂﬂ?%ﬁvﬁﬁ&ﬂ?%ﬁrone hand the out put signa

of an onnidirectlonal transducer 61, haV|ng equal anplification of its
acousti- 25  oald Gletidd G dIRARPIY OT G |
I rrespec- tive of the I npinglng ang eegtc %th%ea& g'%L gfofd%

di rec- laytmrxmaind rca’ns;:hmiarddi)’kndértt selpetlad bekm:&fa Sélﬁmdsﬂ;%?ﬁﬂip@éhﬁé‘ar -
acteristic are |led

Accor df ng B0 & |Rfedﬂqw%|%|%q!@qqy RgPenidanth L igs famaunt by one

of the transducers itself.
10. The method of one of claims 1 to 5, further comprising the

step of performing said determining by

- converting signals dependent from the output signals of said

at least two transducers into fregquency domain;

10 - forming the conjugate complex pointers of one of said signals

converted;

- multiplying the pointers of the other of said signals con-
verted with said conjugate complex pointers to get multipli-

cation result pointers;

15 - forming the amplitudes of said multiplication result point-

ers;

- forming the imaginary pointers components of said multipli-

cation result pointers;

~ forming the ratio of said imaginary pointer components and

20 said amplitudes multiplied by the respective frequency,

the result signal of said ratio forming being said respective

control delay signal in spectral representation.

-11. The method of claim 9, further comprising the step of per-
forming said delaying with a time delay which is different

25 from, preferably larger than the quotient of the mutual dis-

R YRR




Thereby, in the enbodinment of fig. 25 as well as of fig. 8 [err] may

be selected to be zero. S Wth the help of fig. 23 a further preferred -
enbodi ent , Wo9nQ9786 cially of realising the tine delay ddt YPo88hi t 10
of fig.-6 shal | be expl ai ned. The output signals of the transducers 1
and 2 are first converted by respectdese anal ogue to digital con-

verters 16 and 17 and then by respective tinme domain to fre- 10 quency
dormai n converters 18, 19 flnalli into frequency donai Q CQ hg

an exanpletspéﬁrﬂp)op f; paidoAbelragtotivputrengiurers (1, p) ABA Vg 8653%3
whi ch, aft?r tI%E requency dormai n con- versi on may be represented
as a spect §fer pointers, is converted to its conjugate

conpl ex pointers at a conversion 15 unit 50. At the output of this unit

50, the coppugatraecm@sphed of onpobft elaimkerrtoas eogenk| afedthdhi sompetsrum
S[err] and the nt er spectrum S[err] are nmultiplied to formthe

scal ar prodngttgseéﬁﬁﬁnpf norwggligingnatt 1ppFEaPrencfinFhes9OMPATiRg KE-

shovn, 41 ROLTLeERa1) or LRE" LuBL ARBSLELD SLlil DaYRa? B13oErAR0! Stk

respect5 to® 207axi’s e 1 magi nary
part of thgnpopt %&idshébéhdéhtSEQ@hLlBeﬁQﬁH a freqﬁaﬁcynuéﬁéﬁaéht noSPerr]

sin ([err]) th (4) Alerr] [err] (p/c) cos([err])
ma11s1ng functlon (30).
13. The method of one of claims 7 to 9, 11 or 12, further com-
prising the step of performing said comparing by spectrally
10 forming the ratio of amplitudes of the superimposing result

signal and of at least one of said dependent signals.

14. The method of one of claim 1 to 13, further comprising the
step of controlling said transfer characteristic by subjecting
said &élay spectral signal to weighing and controlling said

15 transfer characteristic by the result of said weighing.

15.. The method of claim 14, further comprising the step of ad-
justing said predetermined characteristic of amplification by

adjusting a weighing characteristic for said weighing.
16. An acoustical sensor apparatus cowprising

20 - at least two acoustical/electrical transducers (1, 2) at a

predetermined mutual distance (p);

- a time delay detection unit (10) with at least two inputs and
an output, the inputs thereof being respectively operation-
ally connected to the outputs of said at least two transduc-

25  ers (1, 2), said time delay detection unit (10) generating an

output signal (a,,) in dependency of the time delay of acous-

\\||\||\ i |||\\ \\|\| \\ \Il\



- 20 - According to fig. 23, a conversion unit 53 fornms the imaginary
part of. thev80|nters S[err] and a further unit 54 forms the anpli -

tudes S[ errWOPP8&e pointers. For small val ues of A RCI/IRSBQ08SP nuS -
in (3) may be approxi mated by 5 [err] itself, so that there results from
(3) (3)" Im(S[err]) = S[err] Slergq lerr](p/C cos ([err])

Thus, and as performed by unit 55, dividing the imaginary parts I m

(S[err]) of the pointers S[err] of spectrum S[err] by the respective

val ues of theisail aigpatdudEiNaciwpdnggngoohesalid theileaststivos trifisducers
out put si gnal mhlch accords with [err]. As was already ex- pl ai ned
with the helb of ?rg 7, [err] is further divided in unit 56 by the
respecti ve pointer frequency [err]. The resulting signal is Alerr]

according to favg;_ % gheer ](12?%9{:1‘1' Qg S:QdfehgrmZned weighlingh %Ihc'}'atc%e@a

5[err], 53, 56 are preferabl y realised 15 in~one~calcul ator
unit. Letle andnwhahkahomnpetgandrw¢thlankodtpgtanthk ﬁn@uthm@meq;
descri bed different possibilities of reaI|S|ng t he del ay detec- to

unit 16. being operationally connected to the output” of said time de-

lay detection unit (10);

- a filter unit (14) with a controllable transfer characteris-
tic and with at least one input, a characteristic control in-
put and an output, the input thereof being operationally con-

10 nected to the ocutput of at least one of said at least two
transducers, the control input thereof being operationally
connected to the output of said weighing unit (12), the fil-
ter unit (14) generating an output signal (S,) in dependency
of its input signal and said characteristic controlled by the

15 signal (A,;) applied at said control input, being dependent
from said output signal of said delay detection unié con-

verted by said weighing characteristic of said weighing unit.

17. The apparatus of claim 16, said control input of said fil-
ter unit (14) receiving said output signal of said delay detec-

20 tion unit in frequency domain mode.

18. The apparatus of one of claims 16 or 17, further compris-
ing time domain to fregquency converters interconnected between
said at least two transducers and said time delay detection

unit (10), said detection unit being a spectral time delay de-

25 tection unit.

19. The apparatus of one of claims 16 to 18, wherein one of
said at least two transducers is a transducer with at least ap-

proximately an omnidirectional acoustical/electrical reception

i



By nmeans of the figs 17 to 22 we will further explain with a 20 specific

exanpl e the effect of anplitude filter unit 12 and of control | abl e
filter uni tWQa9/09786 In fig. 17 there are shown exanpl es oPCTABISHE8&NI ng
signal - characteristics of unit 12. According characteristic | each
dt[err] spectral line anplitude of gggnal Alerr] (see fig. 6) is
attenu- 25 ated to zero, if such anplitude is below or above pr edet er m ned
- 21 - . values dt[err] Qt!err] and is set to be "one" if such

spectr al chanmammttlcarqn tq:-g\ebém@e'hd@mmmm updityesmprises @ch

| ect f hi t W ul t | t
aerr]  aSRARTHT Tindth: gk d R, rherehe belgd Hockad tona1adh ot r T U
are self-expl tﬁ?iatt‘g )Eﬂeoro&tlﬁt%k'c'f' edia atarlE'a%%n two traxfs‘c'ﬁhce&% shawss a

spectrum exanple of signal "S[err]. At the control- lable filter unit
14 all spesitpait Idfneami cSfvprariatior gnilt) b@nagamperatlp:lnamlard dopneiesedalige 1
according to Alerr] are nullified ac- .cording to zero val ues of

Al err]5 Thibe QAERYS °fa(,s@&tdd|tr+§‘et gerlay ete%oni M spectrum S[err] as an

out put signal spectrumof controll a- ble filter unit 14 of fig. 6. If
the weighipg fupet| ‘f:?)alra@us of @ of’ chaimePhieeed Qslh@aliachin@udelay

accordingto fig.
detection unit comprising a superimposing unit, the inputs
thereof being operationally connected to the outputs of said at
least two transducers, the output thereof being operationally

10 connected to the output of said time delay detection unit.

21. The apparatus of claim 20, wherein said time delay detec-
tion unit comprises a time delay unit (20) with an input opera-
tionally connected to the output of one of said transducers (1)
and wféh an output operationally connected to one input of said
15 superimposing unit(23), the second input of said supe?imposing
unit being operationally connected to the output of the second

of said at least two transducers (2).

22. The apparatus of claim 21, wherein the output of said su-
perimposing unit being operationally connected to one input of
20 a comparator unit (25), the second input thereof being opera-

tionally connected to said output of said second transducer

(2);

the output of said comparator unit being the output of said

spectral delay detector unit.

25 23. The apparatus of one of claims 21 or 22, wherein said time
delay unit (20) performs signal delaying by an amount which is

different than given by the mutual distance (p) of said trans-

T ) 0



results a beamformas shown in fig. 21 in strong lines. If an 15

anplitude filter characteristic is applied as shown by Il in fig. 17,
there resul WO ¥@78har acteristic as shown in fig. 21 i NPEAGRLADOBINe.
Fig. 22-shows the resulting beamif in analogy to fig. 17 and with an

eye on figures 8 and 9 all ‘ratio val ues. Wy ch exceed 20
(Alerr]/Alerr])max are discarded. This is realised by the anplitude
filter characteristic as also indicated in Fig. 22. In fig. 22 the
rati o Al erdhédier(l,i 2)ddnetidddwbyhvelpeity) of sounlt (ic3 ,chwidicH drs tgef-
skilled artisan that only exanples of the I nvention were descri bed
with the hBFpPoY LAEIBFgures. For in- 25 stance nore than two transducers
or m crophones arranged in | i near, planar or spatial array formcan be
used. Addi 5403k, appar&tagCbioBat BECERBNEISINERY6PE5u35] LBRLEA Qaild®
omi di rec- -804 oAl
Beam f or m tgméoledaiyndetbetionenhivecpmppibpbeacAbrahi@sing fietedemit t he
conbi nation of the functions of two or nore m - .crophones. As is
perfectdy €3@hrwibhiREedRFerBingd: Fsansfesocharactprigeiay whieht ds ®ue-be
realised ip, y_pt r nor mal i sati on, which was
expl ai ned ﬁ}?ﬁgtﬁg Eg%p¥§¥ﬁﬁogﬁ§?$§e?utp§t'unit 30 in fig. 14, may clearly
be done by providing tine do-

25. The apparatus of one of claims 20 to 24, wherein said com-

parator unit is a ratio forming unit of amplitudes of respec-

tive frequency components applied to its inputs.

10 26. The apparatus of claim 16, wherein said time delay detec-
tion unit (10) is a spectral time delay detection unit and
performs spectral phase difference measurement (A¢w) and divi-
sion of spectral phase difference by the respective frequency

(@) .

+

15 27. The apparatus of claim 26, wherein said time delay detec-
tion unit comprises a calculator unit with two inputs opera-
tionally connected to the outputs of said at least two trans-

ducers which

- forms the conjugate complex pointers of a signal at one of

20 its inputs;

- multiplies said conjugate complex pointers with the respec-

tive pointers of the signal applied to its second input;

- divides the imaginary part of multiplying result pointers by

the amplitude of said multiplying result pointers;

[Tl



main to frequency domain conversion just after the anal ogue to di gi tal

converters 16 and 17 and providing frequency-specific arrays or tables
of tinme delwg99/pese ] . 10 PCT/IB98/00889 o3 _
Clains:. 1. A nmethod for electronically form ng a predeterm ned

char - acteristic of anplification pdependency of direction (0) from
5 which acoustical signals (IN) are received at at |east two spaced
apart acoustical/electrical transducers (1, 2), conpris- ing, at |east

W thin a pregelensi ngdvisesuehns ydbaidingheestiBpspointeds by their respec-
repetitively determning fromsignals (S[err], Slerr]) dependent from 10
sai d acoust i cive sEgeghenayran@eenive aftanlowepyly sigeal at its OoyEPYE((])

according to reception del| at said at Least two. ... t ransducers;
- subj ect i ngthe sFER% td@%%ﬁ%%ﬁ? ?goﬁ?}%ekBgfﬁﬁfm§%gﬁ%ﬁn?E{err]) of at
| east one (1) of said at |least two transducers (1, 2) to

28. The apparatus of claim 16, further comprising a time to

5 frequency domain conversion unit (18'") interconnected between

the output of said second transducer and said filter unit (14) .

29. The apparatus of claim 16, further comprising a time to
frequency domain conversion unit (19') interconnected between
the output of said superimposing unit (23) and control input of

10 said frequency filter unit (14).

30. The apparatus of one of claims 16 to 29, being a hearing
aid apparatus, the mutual distance of said at least two trans-

ducers being 4 cm at most, preferably 0,5 cm to 1,5 cm.

31. The apparatus of one of claims 16 to 30, said weighing
15 unit comprising a control input to adjust weighing characteris-

tic of said weighing unit.



15 filtering with a filtering transfer characteristic (14); -
controlling said filtering transfer characteristic (14)in de-

pendency of Wex99P9TRSt ual del ay signal (Alerr]); - expl oPCTAB%0088% nal -
dependent from the output signal of said filtering (14) as electrical
reception signal (S[err]). " 20 2. The nethod of claim1, further
conprising the step of de- termi i gaid nutual del ay signal
(dt[err]) as a spectral signal. 3. met hod of claim1 or 2,
further conprising the stgp of per f said repetitive determ ning
from said signals (S[;g{ Slerr]yepfierted into freq @cy domai n

- 24 - 4, Tke c\of one of ,élJaims 1 to 3, cogprfi ing the step
.of © subjecting /41 dependgnt f'rom t he out pu fjgnal (S[err])
to said filtg onvgrtled i nt0 frequency donain. 5. The

signal exploited iAo tinme dg

to 5, further corrgq(si ng the step of berfor ng said determnin
nonitoring phase di T=plc
P
Target Ar max
direction 180°
2 FIG.2
FIG.1

00

2nd order

A.max

180°

Target FiG.4

As direction

FIG.3



ence of spectral conponents of said signals and dividing said phase
difference nonitored by the frequency of said respective 10 spectral
conponent s. WO99/09786  The nethod of one of clains 1 to 5, thBCHIB9S/00889

per f orm-ng sai d determ.ning by - providing one of said at |east
two transducers with an at | east approxi mately omi directional
acoustical to electrical,_ 15 recept26h characteristic; - providing

one of said at |east
beam shaped acoustica

... tional,
acteristic;

U f[i4z] at

W98 1 ansducers. with a_direc:
to electrical reception char-

----_---—f-—-——- - et el e e e p——

enden

| east two transducersV@ng exploiting t ey psignal” ¢ sai d
conparing as said nmutual delay signal. The met Hod off one claims 1
to 5, further conprisifhg the =T perform ng said detfrm ning by

- supeti nposi ng si goph$ depende e output signals of 5 said at

| east two transducers
1storder

1
N
Q
il

FIG.5

14




- 25 - - conparing the result signal of said superinposing and at

| east one of said dependent signals. 9. The nethod of claim8,
further "cowmardswsrsg the step of de- | ayi ng one of sai dPEEABHNIBES
signals before said superlnp05|ng 5_ by a predeterm ned or frequency
dependent tine anount. | 10. The3#t hod of one of claims 1440 5,
further conprising tl st of perform ng said deternlnlné by -
converting stgnal s dependent frgmthe_o FUt S|gnals of sai
| east two t e cy 5&%& - form ngithe conj w)
conpl ex poi r's i d*sgnpl s converted; -
mul tiplyingfthe pointers of the other of said signals con- T
with said gqobjugate conplex pointers tojget nultipli- cat @ﬂtQSfU|t
poi nters; 15 - formng the anplitudesjof lication re¢
poi nt - 24 ers; - formng the i POTTEtS sai d
mul tipli- H cation result pointers; ati gyof .spi d
i magi nary polia s-orpeent s ifpl i ed by khe
respective : ——1 i,gpal of said ] ei ng
said respe eont r ol ﬂﬂ In speptral#é Xsent
> 19 10
a
FIG.7
-
|
| Argldte
|
-T——-—--h312
}
|
|
|
|
J
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11. The method of claim9, further conprising the step of per- form ng
said delaying with a tine delay which is different 25 from preferably

| ar ger- t haryd bmoogset i ent of the nutual dis- PCT/IB98/00889

- 26 - . tance (p) of said at |east two transducers (1, 2) and velocity
(c) of sound. 12. Thé method of q 3 of claims 7 to 9 or 11, further
conpris- - ing the step of nornalisiﬁg at | east one of the conparing re-
5 sult signal, OMQJWA?@EﬂmMHpOSing result signal and of at | east one
of sai d dependent signaf's wth_a frequency dependent nor- mal i si ng
function (30). 13. The ngtho , 11 or 12,
further com prising the s aring by

spectrally 10 formng the rg
signal and of at |east one of 14. The met hod
of one of claim1l to 13, furth step of controlling
said transfer characteristic b sai d/del ay spectral signal
to wei ghing and controlling sgid 15 cteristic by the result
of said wei ghing. 15. Thg met hod of\ cl ai m 14, ffurt herpconpri sing the
step of ad- justing said gredetern ngd charactferi st it anplification
by adj usting a wei ghi ng gharacteristyc for id wei ghing. 16. An
acoustical sensor apparatus cdnprising

superinposing result

0 T T T T
0° +90°  180° -90°  -O°
FIG.10
180° 6
;
Ar(w, 08
067
+go°*1 -1"909
04t
0.2+
> ©(° 45° 90° 135° 180°-135°-90° O°
FIG.M FIG.12

FIG.13



20 - at least two acoustical/electrical transducers (1, 2) at a

predetermn di stance (p); - atine delay detecty I 10)
with at Ieagﬁ)%y nputs and an output, the inputs therl;eé;l?mgglp(h;ag '
respectively operation- , ally connected to the outputs of said at

| east two t anstf- 25 ers (1, 2), 58d tine delay detecti unit (10)
gener ati ng @n 6 out put si gnal [err]) in dependency of th‘(FTti nme del ay
of acous- - 27 - n L
signal's (1 NI 22 t |le A2lw Spectrum 2} . FFT
- a weighing unit (12) with & predeterm ned wei ghi ng{char ication

istic and w tlg.an jop nd A‘r an_ ouwt t he i npu 5 bei ng
oper at i onal pAIBItEa’ ut pu  Norrhalize ay detection
unit (10); -fa filjter upit wi th a coptrot Ab sfer
characteri st 17 tigpand2gth ag' |l east one gnput, a characteristic
control in- put and an output, the inpul thereof being operationally
con- 10 nected to the output of at Iea;;t of said at |east two
transducers, the control input thereof bei rlg')g%er ationally connect ed
to the output of said weighing unit (12), the fil- ter unit (14)

generating an output signal (S[err]) in dependency of its input
signal and said characteri®0% controlled by the 15 si gnt@0V Alerr])
applied at said control 4 ei ng dependent
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fromsaid out put signal of said delay detection unit con- verted by .

sai d wei ghi z§6act eristic of said weighing unit. 1? KyR/00899ar at us
of claim 1808 %ontrol i nput of said fil- ter unit (14) recelving
sai d out put signal of said delay detec- 20 tion unit in frequency domain
node. 18. The apparatus of one of clains 16 or 17, further conpris-
ing time domain to frequency converters interconnected between sai d at
| east two transgucers and said tine gg ay detection unit (10), said
detection unit eingaspe ral tinme delay de- 25 tection unit. 19.
The appar at ug rgcl; - ’(//4/1’/ //, ' f said at |east
two transducer’s 4 proxi mately an

ommi di rectioggl._ w/‘ld' A { /f’ 7

- 28 - c'Plaf" on said tiing del ay fection unit @)qgﬁlses a

ri st| d
conmparator unit, eTilnp i s |t hdr edil bdi ha oper &l ddal 1 y_con- hected to
t he out puts of said at [da$t twj rla1sidu¢e{ , thel éut put of said
conparator unit beilng o ératl on II|>) cdnpec tg ! 5]the output of said

He
t

time delay detectign uni T | app ratqs of “one of clains 16 to
18, said tine delay et ectlon n onprisirgla superinposing unit, the
i nput s thar (qu bei ng operatlf) a yl connect d{d{to t he out puts of sai d at
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| east two transducers, .the output thereof being operationally 10

connected to the output of said tinme delay detection unit. 21. The
appar dt us «fo gdm78s 20, wherein said tine del ay detec- t iPGIT/1BH§/Q0889
conprises a tine delay unit (20) with an input opera- tionally
connected to the output of ‘one of said transducers (1) and with an
out put operationally connected to one input of said 15 superinposing

uni t(23), the second input of said superinposing uni t being
operationally connected to the output b8t he second of said at |east
two transducers (2). 22. The apparatus of claim 21, wherein the

out put of said su- perinposing unit being operationally connected to

one input of 20
oper a- tional
(2); t he out
spectral del ay

ar unit (%?), t he second input thereof being
y connecPed to sajd output of said second transducer

at or unit being the output of said
The apparatus of one of clains 21 or

22, wherein said O)-pertorns st gnal pel ayi ng by an
amount which is : ~&n by the nutual distpnce (p) of said
trans- - 29 - ducers (1, 2)
di vided by velocity of sound (c), which is pref- erabjy | arger.
17 19 50
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| Az =~ 1.S2 |con.
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24. The apparatus of one of the clains 16 to 23, wherein said : time

del ay detection unit conprises a normalising filter unit (30) with

pr edet-er m nedodve@esf er characteristic, which is pro- deE"dBaQ/oqsﬁ%

i nput and/or out put. 25. The apparatus of one of clainms 20 to 24,
wherein said com pardtor unit is a ratio forming unit of anplitudes
of respec- tive frequency conponémés applied to its inputs. 10 26.
The apparatus of claim 16, whegein said time delay detec- tion unit
(10) is a spectral tinme delay Qetection unit and perfornms spectral
phase difference measuressQt ( [err]) and divi - sion of spectral phase

difference by the respe
apparatus of claim 26
conprises a cal culato

([err]) 15 27. The
el ay det ec- tion unit
S oper a- tionally connected

to the outputs of sald‘ai-*east two trans; I C t forns
t he conjugate conplex pointers of a signal a é)é 2¢ 10 10[% Q”\put
- multiplies said conjugate conpl ex pointers e reé spec- tive
pointers of the signal applied to its second i Dut - divides the
i magi nary part of rrult__pIL |t poinfers by
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t he anplitdde of said nmultiplying result pointers;
- further divides the dividing resultcpé
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(54) Title: A METHOD FOR ELECTRONICALLY BEAM FORMING ACOUSTICAL SIGNALS AND ACOUSTICAL SENSOR
APPARATUS

(57) Abstract

exploited as electrical reception signal (S;).

A predetermined characteristic of amplification in dependency of the direction (8) ‘from which acoustical signals are received at
two spaced-apart acoustical/electrical transducers (1, 2) is formed in that repetitively a mutual delay signal (A1) is determined from the
output signals of the transducers and according to the reception delay at the transducers, one (S1) of the output signals is filtered, thereby
the filtering transfer characteristic is controlled in dependency of the mutual delay signal (A12). The output signal of the filtering (14) is




