17.

18.

19.

20.

25

fon (440) dafiir eingerichtet ist, in dem ersten Ge-
hérgang (303) verwendet zu werden, und dieses den
verdeckten Ton in dem ersten Gehérgang (303)
empfangt, wobei der wenigstens eine Abschnitt der
ersten Ohrform zur Anordnung in dem ersten Ge-
hérgang (303) eingerichtet ist, und ferner mit einer
zweiten chrseitigen Vorrichtung (210B), die beinhal-
tet:

einen Drahtlosempfanger, um ein erstes Draht-
lossignal zu empfangen, das einen Fernton dar-
stellt;

einen zweiten Prozessor (260), der mit dem
Drahtlosempfanger verbundenist, um das erste
Drahtlossignal in den Fernton umzuwandeln;
einen Lautsprecher (470), der mit dem zweiten
Prozessor verbunden ist, wobei der Lautspre-
cher zur Verwendung in dem zweiten Gehor-
gang (303) eingerichtet ist, um den Fernton an
den zweiten Gehdrgang (303) zu ubertragen;
und

einer zweiten Ohrform, die wenigstens den
Lautsprecher einschlief3t, wobei wenigstens ein
Teil der zweiten Ohrform zur Anordnung in dem
zweiten Gehdrgang (303) eingerichtet ist.

System nach Anspruch 16, bei dem die zweite ohr-
seitige Vorrichtung (210B) ferner ein zweites Mikro-
fon (420) aufweist, das mit dem zweiten Prozessor
(460) verbunden ist, wobeidas zweite Mikrofon (420)
dafiir eingerichtet ist, einen Umgebungston von au-
Rerhalb des zweiten Gehdrgangs (303) zu empfan-
gen, und bei dem:

der zweite Prozessor (460) den Umgebungston
weiterverarbeitet; und

der Lautsprecher (470) daflir eingerichtet ist,
den Fernton und den verarbeiteten Umge-
bungston an den zweiten Gehérgang (303) zu
senden.

System nach einem der Anspriche 16 oder 17, bei
dem die erste ohrseitige Vorrichtung (110, 210A) die
erste sprachbetriebene Austauschschaltung (VOX)
(430) mit dem ersten Prozessor (460) verbunden
aufweist, und wobei die zweite ohrseitige Vorrich-
tung (210B) ferner eine zweite VOX-Schaltung (430)
aufweist, die mit dem zweiten Prozessor verbunden
ist.

System nach einem der Anspriiche 16 bis 18, bei
dem der erste Prozessor und der zweite Prozessor
jeweils ein Spracherkennungsmodul aufweisen.

System nach einem der Anspruch 16 bis 19, beidem
die ersten und zweiten ohrseitigen Vorrichtungen je-
weils die BTE-vorrichtungen darstellen.
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21.

22.

23.

24.

25.

26.

27.

26

System nach einem der Anspriiche 16 bis 19, bei
dem die ersten und zweiten ohrseitigen Vorrichtun-
gen jeweils die ITE-Vorrichtungen darstellen.

System nach Anspruch 21, bei dem die ersten und
zweiten ohrseitigen Vorrichtungen jeweils eine In-
Gehdérgangs-Vorrichtung (ITC) (310B) darstellen.

System nach Anspruch 22, bei dem die ersten und
zweiten ohrseitigen Vorrichtungen jeweils Vollstan-
dig-In-Gehdrgangs-Vorrichtungen (CIC) (310C) dar-
stellen.

System nach einem der Anspriiche 16 bis 23, das
ferner eine entfernte Vorrichtung (190, 290) auf-
weist, die kommunikativ mit den ersten und zweiten
ohrseitigen Vorrichtungen verbunden ist.

System nach Anspruch 24, bei dem die entfernte
Vorrichtung (190, 290) wenigstens einen Computer,
einen Personal Digital Assistant (PDA), ein Mobilte-
lefon, ein Walkie Talkie und/oder einen Sprachiiber-
setzer aufweist.

Verfahren, das beinhaltet:

Bestimmen eines verdeckten Tons unter Ver-
wendung eines ersten Mikrofons, das zur Ver-
wendung in einem Gehdrgang (303) eingerich-
tet ist;

Bestimmen eines eingehenden Funksignals,
das einen Fernton von einer entfernten Vorrich-
tung (190, 230) darstellt;

Starten einer sprachbetriebenen Austauschein-
richtung (VOX), die in einer ohrseitigen Kommu-
nikationsvorrichtung eingeschlossen ist, wenn
der verdeckte Ton und/oder das eingehende
Funksignal bestimmt wird, wenn die VOX nicht
bereits an ist, wobei die ohrseitige Kommunika-
tionsvorrichtung eine In-Ohr-Vorrichtung (ITE)
oder eine Hinter-Ohr-Vorrichtung (BTE) dar-
stellt;

Einblenden des verdeckten Tons und Ausblen-
den des Ferntons, wenn der verdeckte Ton be-
stimmt wird, wahrend das eingehende Funksi-
gnal nicht bestimmt wird; und

Einblenden des Ferntons und Ausblenden des
verdeckten Tons, wenn das eingehende Funk-
signal bestimmt wird, wahrend der verdeckte
Ton nicht bestimmt wird.

Verfahren nach Anspruch 26, bei dem das Bestim-
men des verdeckten Tons, das Vergleichen einer
Amplitude des verdeckten Tons mit einem Schwell-
wert fUr einen verdeckten Ton beinhaltet, wobei der
verdeckte Ton bestimmt wird, wenn die Amplitude
des verdeckten Tones den Schwellwert fur den ver-
deckten Ton liberschreitet.



27 EP 1 519 625 B1 28

28. Verfahren nach einem der Anspriiche 26 oder 27,
bei dem das Bestimmen des eingehenden Funksi-
gnals das Vergleichen einer Amplitude des Ferntons
mit einem Ferntonschwellwert beinhaltet, wobei das
eingehende Funksignal bestimmt wird, wenn die
Amplitude des Ferntons den Ferntonschwellwert
Uberschreitet.

29. Verfahren nach einem der Anspriiche 26 bis 28, das
ferner das Bestimmen eines Umgebungstons unter
Verwendung eines zweiten Mikrofons beinhaltet,
und wobeidas Starten derVOX das Starten der VOX
beinhaltet, wenn wenigstens der verdeckte Ton, das
eingehende Funksignal und/oder der Umgebungs-
ton bestimmt wird, wéhrend die VOX noch nicht be-
reits an ist.

30. Verfahren nach Anspruch 29, das ferner das Aus-
blenden des verdeckten Tons, das Einblenden des
Ferntons und das Ausblenden des Umgebungstons
beinhaltet, wenn das eingehende Funksignal be-
stimmt wird, wahrend der verdeckte Ton nicht be-
stimmt wird.

31. Verfahren nach Anspruch 29, das ferner das Aus-
blenden des verdeckten Tons, das Einblenden des
Ferntons und das Einblenden des Umgebungstons
beinhaltet, wenn das eingehende Funksignal be-
stimmt wird, wahrend der verdeckte Ton nicht be-
stimmt wird.

32. Verfahren nach Anspruch 29, das ferner das Ein-
blenden des verdeckten Tones, das Ausblenden des
Ferntons und das Ausblenden des Umgebungstons
beinhaltet, wenn der verdeckte Ton bestimmt wird,
wahrend das eingehende Funksignal nicht bestimmt
wird.

Revendications

1. Un systéme adapté en vue d’'une utilisation dans au
moins une parmi une premiére oreille (101A) ayant
un premier conduit auditif (303) et une seconde
oreille (101B) ayant un second conduit auditif (303),
comprenant:

un premier dispositif d’oreille (110, 210A) confi-
guré pour &tre un parmi un dispositif placé al'in-
térieur de l'oreille (ITE) et un dispositif contour
d'oreille (BTE), le premier dispositif d’oreille
comprenant :

un premier microphone (440) adaptéen vue
d’une utilisation dans un parmi le premier
conduit auditif et le second conduit auditif,
et adapté pour recevoir un son occlus (305)
al’intérieur de celui parmile premier conduit
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auditif (303) et le second conduit auditif
(303) ; et

un récepteur sans fil, connecté a un premier
processeur (460), pour recevoir un premier
signal sans fil représentant un son distant ;

dans lequel le premier processeur (460) est connec-
té au premier microphone (440) et est adapté pour
traiter le son occlus (305) et le son distant; le premier
dispositif d’oreille comprenant en outre :

un haut-parleur adapté en vue d’'une utilisation
dans celui parmi le premier conduit auditif (303)
et le second conduit auditif (303) et adapté pour
transmettre le son distant traité a celui parmi le
premier conduit auditif (303) et le second conduit
auditif (303) ; un émetteur sans fil, connecté au
premier processeur (460) et adapté pour rece-
voir le son occlus traité du premier processeur
(460) et émettre un second signal sans fil repré-
sentant le son occlus ;

un premier embout auriculaire logeant au moins
le premier microphone (440) et le haut-parleur
(470), au moins une portion du premier embout
auriculaire étant configurée en vue d’étre placée
dans celui parmi le premier conduit auditif (303)
et le second conduit auditif (303) ; et

un premier circuit d’échange & commande vo-
cale (VOX) (430) connecté au premier proces-
seur (460) ;

le premier circuit VOX (430) comprenant :

un module de contrble de son occlus (441)
adapté pour laisser passer le son occlus et
pour bloquer le son distant lorsque le son
occlus est détecté alors que le son distant
n‘est pas détecté ; et

un module de contrdle de son distant (451)
adapté pour laisser passer le son distant et
pour bloguer le son occlus lorsque le son
distant entrant est détecté alors que le son
occlus n'est pas détecté.

Systéme selon la revendication 1, dans lequel le pre-
mier embout auriculaire loge le premier microphone
(440), le premier processeur et 'émetteur sans fil,
etdans lequel le premier embout auriculaire est con-
figuré pour étre utilisé comme dispositif ITE (310 A).

Systéme selon la revendications 1, dans lequel le
premier dispositif d’oreille (110, 210A) comprend un
module ITE comprenant le premier microphone
(440) et un module BTE fixé au module ITE, le mo-
dule BTE comprenant le premier processeur et
'émetteur sans fil.

Systéme selon larevendication 1, dans lequel le pre-
mier microphone (440) et le haut-parleur (470) sont
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mis en oeuvre sous la forme d’un dispositif commun
recevant le son occlus et émettant le son distant trai-
té.

Systéme selon la revendication 4, comprenant en
outre un second microphone (420) connecté au pre-
mier processeur (460), le second microphone (420)
étant adapté pour recevoir un son ambiant de I'ex-
térieur de celui parmi le premier conduit auditif (303)
et le second conduit auditif (303), et dans lequel :

le premier processeur (460) traite en outre le
son ambiant ; et

le haut-parleur (470) est configuré pour trans-
mettre les sons distant et ambiant traités a celui
parmi le premier conduit auditif (303) et le se-
cond conduit auditif (303).

Systéme selon larevendication 5, dans lequelle pre-
mier circuit VOX (430) comprend un module de con-
trole de son ambiant (421), couplé au premier mi-
crophone (420), pour occulter ou atténuer sensible-
ment le son ambiant.

Systéme selon 'une quelconque desrevendications
précédentes, dans lequel le premier processeur
(460) comprend un module de reconnaissance vo-
cale.

Systéme selon I'une quelconque des revendications
4 a7, dans lequel le premier embout auriculaire loge
le premier microphone (440), le premier processeur
(460), I'émetteur sans fil, le récepteur sans fil, et le
haut-parleur (470), etdans lequel le premier embout
auriculaire est configuré pour étre utilisé comme dis-
positif ITE.

Systéme selon larevendication 8, dans lequelle pre-
mier embout auriculaire est configuré pour étre uti-
lisé comme dispositif intra-conduit (ITC) (310B).

Systéme selon larevendication 9, dans lequelle pre-
mier embout auriculaire est configuré pour étre uti-
lis& comme dispositif complétement intra-conduit
(CIC) (310C).

Systéme selon 'une quelconque des revendications
4 27, dans lequel le premier dispositif d’oreille (110,
210A) comprend un module ITE comprenant le pre-
mier microphone (440) et le haut-parleur (470) etun
module BTE fixé au module ITE et comprenant le
second microphone (420), le premier processeur
(460), 'émetteur sans fil et le récepteur sans fil.

Systéme selon la revendication 11, dans lequel le
module BTE comprend le premier circuit d'échange
a commande vocale (VOX) (430).
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13.

14.

15.

16.

17.

18.

30

Systéme selon la revendication 11, dans lequel le
module BTE comprend une batterie rechargeable
(480).

Systéme selon I'une quelconque des revendications
7 a 13, comprenant en outre un dispositif distant
(190, 290) couplé en communication a I'émetteur
sans fil et au récepteur sans fil via une liaison de
télémesure (195, 295) assurant une communication
bidirectionnelle simultanée entre le premier dispositif
d'oreille (110, 210A) etle dispositifdistant (190, 290).

Systéme selon la revendication 14, dans lequel le
dispositif distant (190, 290) comprend au meins un
parmi un ordinateur, un assistant numérique person-
nel (PDA), un téléphone cellulaire, un talkie-walkie,
ou un traducteur de langue.

Systéme selon larevendication 1, dans lequel le pre-
mier microphone (440) est adapté en vue d’'une uti-
lisation dans le premier conduit auditif (303) et recoit
le son occlus a l'intérieur du premier conduit auditif
(303), ans lequel au moins la portion du premier em-
bout auriculaire est configurée en vue d’étre placée
dans le premier conduit auditif (303), et comprenant
en outre un second dispositif d'oreille (210B)
comprenant :

un récepteur sans fil pour recevoir un premier
signal sans fil représentant un son distant ;

un second processeur (260), connecté au ré-
cepteur sans fil, pour convertir le premier signal
sans fil dans le son distant ;

un haut-parleur (470) connecté au second pro-
cesseur, le haut-parleur étant adapté en vue
d’'une utilisation dans le second conduit auditif
(303) pour transmettre le son distant au second
conduit auditif (303) ; et

un second embout auriculaire logeant au moins
le haut-parleur, au moins une portion du second
embout auriculaire étant configurée en vue
d’étre placée dans le second conduit auditif
(303).

Systéme selon la revendication 16, dans lequel le
second dispositif d’oreille (210B) comprend en outre
un second microphone (420) connecté au second
processeur (460), le second microphone (420) étant
adapté pour recevoir un son ambiant de I'extérieur
du second conduit auditif {(303), et dans lequel :

le second processeur (460) traite en outre le son
ambiant ; et le haut-parleur (470) est configuré
pour transmettre le son distant et le son ambiant
traité au second conduit auditif (303).

Systéme selon 'une quelconque des revendications
16 et 17, dans lequel le premier dispositif d’oreille
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(110, 210) comprend le premier circuit d’échange a
commande vocale (VOX) (430) connecté au premier
processeur (460), et le second dispositif d’oreille
(210B) comprend en outre un second circuit VOX
(430) connecté au second processeur.

Systeme selon 'une quelconque des revendications
16 a 18, dans lequel le premier processeur et le se-
cond processeur comprennent chacun un module
de reconnaissance vocale.

Systéme selon 'une quelconque desrevendications
16 a 19, dans lequel les premier et second dispositifs
d’oreille sont respectivement le dispositif BTE.

Systéme selon 'une quelconque desrevendications
16 a 19, dans lequel les premier et second dispositifs
d’oreille sont respectivement le dispositif ITE.

Systéme selon la revendication dans lequel les pre-
mier et second dispositifs d’oreille sont respective-
ment un dispositif intra-conduit (ITC) (310B).

Systéme selon la revendication 22, dans lequel les
premier et second dispositifs d’oreille sont respecti-
vement un dispositif complétement intra-conduit
(CIC) (310C).

Systéme selon I'une quelconque desrevendications
16 & 23, comprenant en outre un dispositif distant
(190, 290) couplé en communication aux premier et
second dispositifs d’oreille.

Systéme selon la revendication 24, dans lequel le
dispositif distant (190, 290) comprend au moins un
parmiun ordinateur, un assistant numérique person-
nel (PDA), un téléphone cellulaire, un talkie walkie,
ou un traducteur de langue.

Un procédé comprenant les étapes consistant a :

détecter un son occlus au moyen d’un premier
microphone adapté en vue d’'une utilisation dans
un conduit auditif (303) ;

détecter un signal radio entrant représentant un
son distant provenant d’un dispositif distant
(190, 290) ;

lancer un échange @ commande vocale (VOX)
logé a l'intérieur d'un dispositif de communica-
tion d’oreille lorsqu’au moins un parmi le son
occlus et le signal radio entrant est détecté sile
VOX n’est pas déja en marche, le dispositif de
communication d’oreille étant un parmi un dis-
positif placé a l'intérieur de l'oreille (ITE) et un
dispositif contour d’oreille (BTE) ;

laisser passer le son occlus, et bloquer le son
distant lorsque le son distant occlus est détecté
alors que le signal radio entrant n’est pas
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détecté ; et

laisser passer le son distant, et bloquer le son
occlus lorsque le signalradio entrant estdétecté
alors que le son occlus n’est pas détecté.

Procédé selon la revendication 26, dans lequel la
détection du son occlus comprend la comparaison
d’'une amplitude du son occlus avec un seuil de son
occlus, dans lequel le son occlus est détecté lorsque
'amplitude du son occlus dépasse le seuil du son
occlus.

Procéde selon 'une quelconque des revendications
26 et 27, dans lequel la détection du signal radio
entrant comprend la comparaison d'une amplitude
du son distant avec un seuil de son distant, dans
lequel le signal radio entrant est détecté lorsque
'amplitude du son distant dépasse le seuil du son
distant.

Procédé selon 'une quelconque des revendications
26 a 28, comprenant en outre la détection d’'un son
ambiant au moyen d’un second microphone, etdans
lequel le lancement du VOX comprend le lancement
du VOX lorsqu’au moins un parmi le son occlus, le
signal radio entrant et le son ambiant est détecté si
le VOX n’est pas déja en marche.

Procéde selon la revendications 29, comprenant en
outre I'étape consistant a bloquer le son occlus, lais-
ser passer le son distant et bloguer le son ambiant
lorsque le signal radio entrant est détecté alors que
le son occlus n’est pas détecté.

Procédeé selon la revendication 29, comprenant en
outre I'étape consistant a bloquer le son occlus, lais-
ser passer le son distant et laisser passer le son
ambiant lorsque le signal radio entrant est détecté
alors que le son occlus n'est pas détecté.

Procédé selon la revendication 29, comprenant en
outre I'étape consistant a laisser passer le son oc-
clus, bloquer le son distant, et bloguer le son ambiant
lorsque le son occlus est détecté alors que le signal
radio entrant n'est pas détecté.
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Description

[0001] The present invention relates to a system and
a method for separation of a user’s voice from ambient
sound by using at least one device to be worn at the
user’'s ear or at least partly in the user’s ear canal.
[0002] For communication purposes, in particular for
wireless electronic communication between or from per-
sons exposed to a noisy environment, such as workers
in industrial plants, policemen, soldiers, firemen, etc., it
is desirable to have a sound pick-up system which is
capable at least to some extent to separate the user’s
voice from ambient noise, or generally ambient sound,
in order toimprove the intelligibility of the person’s speech
to the listener, who may be one of the other persons
exposed to the noisy environment or who may be a re-
mote person.

[0003] A common approach to achieve such separa-
tion of a person’s voice is the use of a boom microphone,
i.e. a microphone which is placed close to the mouth,
carried by a headset, helmet or any other device worn
by the person. Such microphone selectively emphasizes
the near field around the mouth.

[0004] Otherapproaches are vibration pick-up devices
which are in direct contact with the throat, picking up the
vibrations of the vocal chord, or which are indirect contact
with the meatus wall or the outer ear canal, picking up
the vibrations of the head tissue (i.e. "bone conduction"
microphones) or which are in direct contact with the
cheek-bone.

[0005] Devices of these types are either fairly sensitive
to acoustic noise masking the speech or certain speech
sounds are poorly transmitted, especially the high fre-
quency consonant sounds necessary for good intelligi-
bility. Furthermore, for industrial applications boom mi-
crophones have the drawbacks that they limit the free-
dom of movement of the user and that, when combined
with a hearing protection device, they will affect the sta-
bility and hence the attenuation of the hearing protection
device. Bone-conduction microphones have the draw-
backs that they have a very limited audio bandwidth
which limits the intelligibility of the speech and that they
often have to be pressed fairly hard which causes dis-
comfort to the user.

[0006] US 6,661,901 B1 relates to an active hearing
protection system comprising an earplug with an outer
microphone for picking up ambient sound and an inner
microphone which is sealed with respect to ambient
sound but is open towards the inner part of the user’s ear
canal. In an operation mode in which separation of the
user’s voice from ambient noise is desired only the inner
microphone is activated while the outer microphone is
not, with the signal from the inner microphone being proc-
essed by an electronics unit integrated within the earplug
in order to make the user’s voice highly natural and in-
telligible, either for the user himself or his external com-
munication partners.

[0007] Anotherapproachisbased onaso-called "blind
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source separation” (BSS) algorithm in order to separate
a person’s voice from background noise by correspond-
ing audio signal processing. In this respect, US
2003/0055535 A1 relates to the use of a BSS algorithm
for separating the voice of an operator of a vehicle wheel
alignment system with a voice audio interface from back-
ground noise by using a microphone array in order to
avoid the necessity to use a headset. US 2005/0060142
A1 relates in a more general manner to the use of two
spaced-apart microphones operated with a BSS algo-
rithm for voice separation from background noise in audio
applications.

[0008] It is an object of the invention to provide for a
system and a method for separation of a person’s voice
from ambient sound wherein good intelligibility of speech
is achieved while nevertheless discomfort to the person
is to be avoided as far as possible.

[0009] According to the invention this object is
achieved by a system as defined in claims 1 and 25, and
by corresponding methods as defined in claims 28 and
29, respectively.

[0010] The invention is beneficial in that, by using a
first microphone and a second microphone, wherein ac-
cording to the solution of claims 1 and 28 the first micro-
phoneis oriented outwardly towards the environmentand
the second microphone oriented inwardly towards the
user’s ear canal and according to the solution of claims
25 and 29 the first microphone is located at the right ear
and the second microphone is located at the left ear, and
by processing the audio signals from the first and second
microphone by a blind source separation algorithm, good
separation of the user’s voice from ambient sound with
resulting high intelligibility of the user’'s speech is
achieved without the need for additional restrictions re-
garding the location of the microphones, so that in par-
ticular the need for a boom microphone or a bone-con-
duction microphone can be avoided. In particular, by ori-
enting the first microphone towards the environment and
orienting the second microphone towards the user’s ear
canal or by locating the first microphone at the right ear
and the second microphone at the left ear these two mi-
crophones pick up sufficiently differently mixed signals
of the ambient sound and the user’s voice so that a BSS
algorithm will work efficiently.

[0011] Generally, blind source separation (also re-
ferred to as "independent component analysis” (ICA)) is
a technique for separating mixed source signals (com-
ponents} which are presumably statistically independent
from each other. In its simplified form, blind source sep-
aration applies an "un-mixing" matrix of weights to the
mixed signals, for example, multiplying the matrix with
the mixed signals, to produce separated signals. The
weights are assigned initial values, and then adjusted to
maximize joint entropy of the signals in order to minimize
information redundancy. This weight-adjusting and en-
tropy-increasing process is repeated until the information
redundancy of the signals is reduced to a minimum. Be-
cause this technique does not require information on the
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source of each signal, it is referred to as "blind source
separation”. An introduction to blind source separation
is found, for example, in US 2005/0060142 A1.

[0012] In the most simple cage, BSS is applied to two
different mixtures of two (acoustic) sources, wherein the
two different mixtures are obtained by using two spaced
apart microphones. Mixing of the two sources can be
represented by a matrix A, with the BSS algorithm cor-
responding mathematically to finding the inverse matrix
of A without knowing anything about the matrix nor about
the sources, except that they are statistically independ-
ent. In the case of a person’s voice mixed with back-
ground noise the latter assumption usually is valid. The
mixtures of the two sources could be different with re-
spect to amplitude and/or phase of the two sources. In
other words, by picking up sound signals with two differ-
ently oriented microphones the signal of each of these
microphones will correspond to a mixture which is differ-
ent with regard to the difference in amplitude and/or
phase of the two acoustic sources (i.e. user's voice on
the one hand and ambient noise on the other hand). By
orienting one of the microphones outwardly towards the
environment and the other microphone inwardly to the
ear canal, a particularly large difference between the two
mixtures can be obtained in a simple and particularly
comfortable manner, i.e. no boom microphones or
bone-cunduction microphones which would cause dis-
comfort to the user need to be used.

[0013] According to one embodiment, the two micro-
phones are part of a hearing protection device. With such
a configuration, the microphones can be arranged such
that the ambient sound reaching the inwardly oriented
microphone is attenuated by the hearing protection de-
vice relative to ambient sound reaching the outwardly
oriented microphone. Although such hearing protection
device could be an earmuff, according to a preferred em-
bodiment the hearing protection device is an earplug
comprising a shell which is to be inserted at least partially
into the user’s ear canal. According to one embodiment,
the shell is a customized hard shell having an elasticity
from shore D85 to D65 and having an outer shape ac-
cording to the measured inner shape of the user’s outer
ear and ear canal. According to an alternative embodi-
ment, the shell is a generic soft shell capable of adapting
to the shape of the user’s outer ear and ear canal.
[0014] Preferably, the inwardly oriented microphone is
located at or is open to the inner part of the shell which
is to be inserted into the ear canal, with the inwardly ori-
ented microphone preferably being located at the inner
end of the shell or within a channel of the shell open to
the inner end of the shell.

[0015] Preferably, the outwardly oriented microphone
is located at or is open to the outer part of the shell which
is not to be inserted into the ear canal, with the outwardly
oriented microphone preferably being located atthe outer
end of the shell or within a channel of the shell open to
the outer end of the shell.

[0016] If the hearing protection device is an earmuff,
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the first microphone is located at or is open to the outer
side of the earmuff and the second microphone is located
at or is open to the inner side of the earmuff.

[0017] In all embodiments, the device preferably com-
prises a speaker adapted to provide an external audio
signal to the user’s ear. Thereby bidirectional communi-
cation with the user is achieved. Preferably the speaker
is located at or is open to a portion of the device which
is to be worn within the user’s ear canal, whereby the
speaker is brought acoustically close to the user’s ear
drum so that good intelligibility of the sound provided by
the speaker is achieved even in noisy environments.
[0018] Usually the device will be binaural, i.e. it will
comprise one unit for the right ear and another unit for
the left ear. The speaker and the microphones may be
integrated in the same unit, i.e. in atleast one of the units,
or the speaker may be part of the unit for one ear and
the microphones may be part of the unit for the other ear.
[0019] According to one embodiment, the device may
be adapted to be worn completely within the user’s ear
canal, whereby the device canbe more or less completely
hidden from the views of other persons. According to
other embodiments, the device may be any other kind of
a wired or wireless headset.

[0020] Preferably the audio signal processing unit is
integrated within the device. In an alternative embodi-
ment, the audio signal processing unit may be adapted
to be worn behind the user’s ear or somewhere at the
user’s body. In this case, although the device becomes
more handy, more space, and hence also more power,
is available for the audio signal processing unit, which
may reduce the costs an/or may improve the perform-
ance of the blind source separation. In such case, the
audio signal processing unit may be connected to the
microphone either by wires, which is the most simple
solution, or via a wireless link, for example, a radio fre-
quengcy link such as Bluetooth link, an inductive link or
an infrared link, which solution would result in enhanced
wearing comfort for the user.

[0021] As a further alternative, the audio signal
processing unit could be designed to be located remote
from the user and is connected to the microphones via
aradio frequency link such as Bluetooth link. In this case,
there would be even less restrictions regarding the size
and power consumption of the audio signal processing
unit, which might resultin reduced costs and/or increased
performance of the blind source separation.

[0022] Inallembodiments, the system preferably com-
prises a radio frequency transmitter for transmitting the
processed audio signal output of the audio signal
processing unit to a remote radio frequency receiver in
order to provide the user’s voice to another person. Ac-
cording to one embodiment, the radio frequency trans-
mitter is integrated within the audio sighal processing
unit, i.e. the radio frequency transmitter may be either
integrated within the device or it may be adapted to be
worn behind the use’s ear or at the user’s body or it could
be even located remote from the user. However, in an
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alternative embodiment, the radio frequency transmitter
could be remote from the audio signal processing unit,
in which case the processed audio signal output of the
audio signal processing unit would be provided to a radio
frequency transmitter by wires or via a radio frequency
link, an inductive link or an infrared link. In this case the
location of the audio signal processing unit and the radio
frequency transmitter can be optimized independently
form each other.

[0023] Inallembodiments, the blind source separation
algorithm preferably works in the frequency domain, i.e.
the algorithm is simultaneously carried out in different
frequency bands/bins and the outcomes of these bands/
bins are combined in an appropriate way.

[0024] Inallembodiments, the blind source separation
algorithm preferably works with the assumption that the
sources are statistically independent, i.e. that the user’s
voice is independent of the ambient sound.

[0025] In the following, examples of the invention will
be explained in detail by reference to the attached draw-
ings.

shows a schematic view of a first em-
bodiment of a hearing protection ear-
plug system according to the invention
inserted into a person’s ear canal with
a block diagram of the most relevant
electronic components;

Fig. 1

shows a schematic view of a modified
embodiment of a hearing protection
earplug according to the invention;

Fig. 2

show further modified embodiments of
a system according to the invention;

Figs. 3and 4

Fig. 5 shows a modification of the embodi-

ment of Fig. 1; and
Fig. 6 shows a modification of the embodi-
ment of Fig. 5.

[0026] The system of Fig. 1 comprises a hearing pro-
tection earplug 10 which may have a hard shell with an
elasticity from shore D85 to shore D65, which is custom-
ized, i.e. it has an outer shape according to the individual
measured inner shape of the user’s outer ear and ear
canal. The hard shell may be manufactured by lay-
er-by-layer laser sintering of a powder material, for ex-
ample, polyamide powder, or by laser stereo-lithography
or photo-polymerization. An overview regarding such ad-
ditive layer-by-layer build-up processes for manufactur-
ing customized shells of hearing devices can be found,
for example, in US 2003/0133583 A1 or US 6,533,062
B1. The inner shape of the person’s ear canal and outer
ear can be measured, for example, by taking an impres-
sion which then undergoes laser scanning or by direct
laser scanning of the ear.
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[0027] Preferably the hard shell is designed such that
it provides for an acoustic attenuation, averaged over the
audible frequency range, of at least 10 dB when inserted
into the user’s ear canal.

[0028] Rather than having a customized hard shell,
earplug 10 may have a generic soft shell which adapts
to the shape of the users outer ear and ear canal due to
its elasticity.

[0029] In Fig. 1 the earplug 10 is shown to be inserted
with its inner end portion into a user’s ear canal 12. The
earplug 10 comprises an outer microphone M1, which is
located at the outer part of the earplug 10 and which is
open to the outer end 14 of the earplug 10 via a sound
channel 16, and an inner microphone M2, which is locat-
ed at the inner part of the earplug 10 and which is open
to the inner end 18 of the earplug 10 via a sound channel
20. The earplug 10 further comprises a speaker S which
is likewise located at the inner part of the earplug 10 and
is open to the inner end 18 via a sound channel 22. The
earplug 10 also includes a digital audio signal processing
unit 24 comprising a digital signal processor as well as
aradio frequency transmitter unit T1 and aradio frequen-
cy receiver unit R1. The audio signal processing unit 24
functionally includes a unit 26 for applying a blind source
separation algorithm to the audio signals provided by the
microphones M1 and M2. Itis evidentto the skilled person
that the earplug 10 includes additional electrical compo-
nents, such as amplifiers and analogue-to-digital con-
verters for the audio signals provided by the microphones
M1 and M2, a digital-to-analogue converter and an am-
plifier for the audio signal to be transformed into sound
by the speaker S, program and data memory compo-
nents for the audio signal processing unit 24, a battery
for power supply, a demodulator, a modulator, an anten-
na, etc., which are not shown in Fig. 1 for the sake of
simplicity.

[0030] The transmitter T1 of the earplug 10 is adapted
to transmit audio signals from the earplug 10 to a remote
receiver R2 via a radio link, while the receiver R1 of the
earplug 10 is adapted to receive audio signals from a
remote transmitter T2. The audio signals received by the
receiver R1 are demodulated and then undergo signal
processing in the audio signal processing unit 24 as input
to the speaker S in order to provide remote audio signals
to the user. Such remote audio signals could be the
speech of another person picked up by a microphone
whose outputis sentto the remote transmitter T2 by wires
or via, for example, a mobile telephone or mobile radio
device.

[0031] The audio signals provided by the microphones
M1 and M2 are passed as input to the blind source sep-
aration unit 26, in which a processed audio signal output
for the transmitter T1 is produced, with the processed
audio signal output consisting completely or at least es-
sentially of the user’s voice which has been separated
from the ambient sound by action of the blind source
separation algorithm carried out in the BSS unit 26. Such
BSS signal processing utilizes the fact that the sound
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mixtures picked up by the microphone M1 which is ori-
ented towards the environment and M2 which is oriented
towards the ear canal 12, respectively, consist - due to
the different orientation of the microphones M1 and M2
- of essentially different mixtures of the ambient sound
and the user’s voice, which are different regarding am-
plitude ratio of these two signal contributions or sources
(i.e. ambient sound on the one hand and user’s voice on
the other hand)} and regarding phase difference of these
two signal contributions of the mixture.

[0032] The output signal of the BSS unit 26 is trans-
mitted via the transmitter T1 to the remote receiver R2
which usually will be connected to a remote speaker for
presenting the user’s voice to another person. The re-
mote speaker and the remote microphone connected to
the remote transmitter T2 could be part of an earpiece
or an earplug worn by another person, which may be
similar or identical to the earplug 10. Thereby in-the-ear
hearing protection devices with integrated communica-
tion function can be achieved. Such a system could be
usedby any persons who need to communicate in a noisy
environment, such as workers, soldiers, firemen, etc.
However, the remote receiver R2 also might serve for
communication via a mobile telephone or a mobile radio
device.

[0033] In general, the remote receiver R2/ transmitter
T2 could be a part of an interface of a standard wireless
communication device, such as a mobile telephone de-
vice or a mobile radio device Preferably, the wireless link
between the transmitter T1 / receiver R1 and the remote
receiver R2 / remote transmitter T2 is a Bluetooth link.
The remote receiver R2/ transmitter T2 then could be a
partof the Bluetooth interface of a standard wireless com-
munication device, such as a mobile telephone device
or a mobile radio device.

[0034] According to Fig. 1, the audio signal produced
by the microphones M1 and M2, which is used as input
to the BSS unit 26, in addition could undergo other audio
signal processing within the audio signal processing unit
24, for example, in order to provide the ambient sound
picked up by the microphone M1 to the speaker S for
enabling perception of desired ambient sounds during
times when the noise level is low so that the hearing
protection function provided by the earplug 10 is not
needed, or to provide for an in-situ measurement of the
actual acoustic attenuation provided by the earplug 10
when inserted into the user’s ear canal 12 by comparing
the sound levels measured by the microphones M1 and
M2.

[0035] In Fig. 2 a modified embodiment is shown,
whereinthe transmitter T1 andthereceiver R1 have been
removed from the earplug 10 and now are located in an
external unit 28 which is connected by wires 30 to the
earplug 10 and which is to be worn at an appropriate
location at the user’s body, for example behind the user’s
ear or somewhere within or below the user’s clothing, for
example, within a helmet. The external unit 28 may in-
clude further electrical components removed from the
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earplug 10, for example, the power supply battery.
[0036] In Fig. 3 a further modified embodiment is
shown, wherein not only the transmitter T1 and the re-
ceiver R1 (and the power supply battery) but in addition
also the audio signal processing unit 24 including the
BSS unit 26 has been removed from the earplug 10 and
is connected via corresponding wires to the microphones
M1 and M2 and the speaker S, respectively.

[0037] In Fig. 4 a still further modified embodiment is
shown, wherein the wire connection 30 between the ear-
plug 10 and the external unit 28 has been replaced by a
bidirectional wireless link 32, which is established by a
transmitter T3 and a receiver R3 located in the earplug
10 and a corresponding receiver R4 and transmitter T4
located in the external unit 28. The wireless link 32 could
be a radio frequency link, an inductive link or an infrared
link. If it is an inductive link, the external unit 28 would
have to be located relatively close to the earplug 10, for
example at a distance of not more than 20 cm. With an
RF link, the distance could be larger; in this case it would
be even be possible to locate the external unit 28 at a
position remote from the user’s body, for example, within
a distance of a few meters. Preferably the wireless link
32 of the embodiment of Fig. 4 is a Bluetooth link.
[0038] Although in the embodiments shown is Figs. 1
to 4 the speaker S is shown as being integrated in the
same earplug 10 as the microphones M1 and M2, inother
embodiments the speaker S may be provided at an ear-
plug other than the earplug at which the microphones M1
and M2 are provided.

[0039] Fig. 5 shows a modified version of the embod-
iment of Fig. 1, wherein the inwardly oriented second
microphone M2 is not part of the earplug 10 — as shown
in Fig. 1 — but rather is provided at the earplug 11 for
the other ear. The second microphone M2 is located at
the inner part of the earplug 11 and is open to the inner
end 18 of the earplug 11 via a sound channel 20. In ad-
dition, the earplug 11 further comprises a speaker S
which is likewise located at the inner part of the earplug
11 and is open to the inner end 18 via a sound channel
22. The microphone M2 and the speaker S of the earplug
11 are connected to the audio signal processing unit 24
located in the earplug 10 via a wire connection 40 which
be integrated in a mechanical connection (not shown)
between the earplugs 10 and 11 which may be provided
for preventing loss of the earplugs 10, 11.

[0040] According to a modification of the embodiment
of Fig. 5, the outwardly oriented first microphone M1 may
be provided atthe earplug 11, while the inwardly oriented
second microphone M2 may be provided at the earplug
10 as in Fig. 1.

[0041] An alternative modification of the embodiment
of Fig. 5 is shown in Fig. 6, wherein both the first micro-
phone M1 of the earplug 10 and the second microphone
M2 of the earplug 11 are outwardly oriented. In this case
the differences in the sound mixtures picked up by the
microphone M1 of the earplug 10 and the microphone
M2 of the earplug 11 are due to the different location of
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the microphone M1 at one ear and the microphone M2
at the other ear (for example, a disturbing noise source
usually will be located closer to one of the two ears and
hence will contribute more strongly and with different
phase to the signal picked up by the microphone located
at that ear than to that located at the other ear).

[0042] According to a modification of the embodiment
of Fig. 6 both microphones M1 and M2 could be inwardly
oriented rather than outwardly oriented.

[0043] While Figs. 5 and 6 and the above-discussed
variants thereof are modifications of the embodiment of
Fig. 1, according to which both the audio signal process-
ing unit 24 and the transmitter T1 / receiver R1 are part
of the earplug 10, it is to be understood that the embod-
iments of Figs. 2 to 4 may be analogously modified, i.e.
by providing the second microphone M2 at the earplug
11 rather than at the earplug 10.

[0044] While the examples discussed so far relate to
an application of the communication system to hearing
protection earplugs, the invention also may be applied
to earmuffs serving as a hearing protection device orgen-
erally to any kind of headset, i.e. also to hearing devices
which do not provide for a hearing protection function.
For example, the headset may consist of a device with
a customized or a generic shell which is designed such
that it can be worn completely in the ear canal 12 (i.e. as
a "CIC device") and which serves exclusively communi-
cation purposes, for example, for security persons, po-
licemen, firemen, etc., i.e. for persons who are exposed
to a noisy environment, with the noise level, however,
being below a threshold value which would require the
use of hearing protection devices. Such CIC device gen-
erally could have the construction of the earplug of Fig.
1, however, without considerable acoustic attenuation
provided due to the material and the design of the shell,
and would be reduced in size so that it can be worn com-
pletely within the ear canal 12.

[0045] In general, the device need not be designed as
an earplug but it may rather be any kind of headset.

Claims

1. A system for separation of a user’s voice from am-
bient sound, comprising a device (10) to be worn at
theuser’s ear or at least partly in the user’s ear canal
(12) comprising a first microphone (M1} oriented out-
wardly towards the environment and a second mi-
crophone (M2) oriented inwardly towards the user’s
ear canal, and an audio signal processing unit (24,
26) for processing audio signals from the first and
second microphone by a blind source separation al-
gorithm adapted to separate the user’'s voice from
ambient sound.

2. The system of claim 1, wherein the device (10} is
designed as a hearing protection device.
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3.

10.

11.

12.

13.

14.

10

The system of claim 2, wherein the hearing protec-
tion device (10) is designed to provide for an acoustic
attenuation, averaged over the audible frequency
range, of at least 10 dB.

The system of claim 3, wherein the microphones
(M1, M2) are arranged such that ambient sound
reaching the second microphone (M2} is attenuated
by the hearing protection device (10) relative to am-
bient sound reaching the first microphone (M1).

The system of one of claims 2 to 4, wherein the hear-
ing protection device is an earplug (10) comprising
a shell which is to be inserted at least partially into
the user’s ear canal (12).

The system of claim 5, wherein the shell is a hard
shell having an elasticity from Shore D 85 to Shore
D 85 and having an outer shape according toc the
measured inner shape of the user’s outer ear and
ear canal (12).

The system of one of claims 5 and 6, wherein the
second microphone (M2} is located at or is open to
the inner part of the shell which is to be inserted into
the ear canal (12).

The system of claim 7, wherein the second micro-
phone (M2) is located at the inner end of the shell or
within a channel (20) of the shell open to the inner
end of the shell.

The system of one of claims 5 to 8, wherein the first
microphone (M1) is located at or is open to the outer
part of the shell which is not to be inserted into the
ear canal (12).

The system of claim 9, wherein the second micro-
phone (M2} is located at the outer end of the shell
or within a channel (16} of the shell open to the outer
end of the shell.

The system of one of claims 1 to 4, wherein the hear-
ing protection device is an earmuff and wherein the
first microphone is located at or is open to the outer
side of the earmuff and the second microphone is
located at or is open to the inner side of the earmuff.

The system of one of the preceding claims, wherein
the device comprises a speaker (S} adapted to pro-
vide an external audio signal to the user’s ear.

The system of claim 12, wherein the speaker (S} is
located at or within a channel open to that end of the
device which is to be worn within the user’'s earcanal.

The system of one of the preceding claims, wherein
the device is adapted to be worn completely within
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the user’s ear canal.

The system of one of the preceding claims, wherein
the audio signal processing unit (24, 26} is integrated
within the device (10).

The system of one of claims 1 to 14, wherein the
audio signal processing unit (24, 26) is adapted to
be worn behind the user’ s ear or at the user’s body.

The system of claim 16, wherein the audio signal
processing unit (24, 26) is connected to the micro-
phones (M1, M2) by wires (30) or via aradio frequen-
cy link (32) such as a Bluetooth link, an inductive link
or an infrared link.

The system of one of claims 1 to 14, wherein the
audio signal processing unit (24, 26) is designed to
be located remote from the user and is connected
to the microphones (M1, M2) via a radio frequency
link (32) such as a Bluetooth link.

The system of one of the preceding claims, wherein
the system comprises a radio frequency transmitter
(T1) for transmitting the processed audio signal out-
put of the audio signal processing unit (24, 26) to a
remote radio frequency receiver (R2}) in order to pro-
vide the user’s voice to another person.

The system of claim 19, wherein the remote radio
frequency receiver (R2) is part of a Bluetooth inter-
face of a mobile telephone or a mobile radio system.

The system of claim 19 or 20, wherein the radio fre-
quency transmitter (T1) is integrated with the audio
signal processing unit (24, 26).

The system of claim 19 or 20, wherein the radio fre-
quency transmitter (T1) is remote from the audio sig-
nal processing unit (24, 26) and wherein the proc-
essed audio signal output of the audio signal
processing unit is provided to the radio frequency
transmitter by wires (30) or via an inductive fink.

The system of claim 12, wherein the system com-
prises a radio frequency receiver (R1) for receiving
the external audio signal from a remote radic fre-
quency transmitter (T2).

The system of claim 23, wherein the remote radio
frequency transmitter (T2) is part of a Bluetooth in-
terface of a mobile telephone or a mobile radio sys-
tem.

A system for separation of a user’s voice from am-
bient sound, comprising: afirstdevice (10) to be worn
at the user’s right ear or at least partly in the user’s
right ear canal (12}, a second device (11) to be worn
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at the user’s left ear or at least partly in the user’s
left ear canal (12), the first device comprising a first
microphone (M1) and the second device comprising
a second microphone (M2), and an audio signal
processing unit (24, 26) for processing audio signals
from the first and second microphone by a blind
source separation algorithm adapted to separate the
user’s voice from ambient sound.

The system of claim 25, wherein one of the first mi-
crophone (M1) and second microphone (M2} is ori-
ented outwardly towards the environment and the
other one of the first microphone and second micro-
phone is oriented inwardly towards the user’'s ear
canal (12).

The system of one of claims 25 and 26, wherein the
audio signal processing unit (24, 26} is located in
one of the first device (10) and the second device
(11) or is adapted to be worn behind the user’s ear
or at the user’s body or is designed to be located
remote from the user and is connected to the micro-
phones via a radio frequency link (32) such as a Blue-
tooth link.

A method for separation of a user’s voice from am-
bient sound, comprising:

providing the user with a device (10) to be worn
at auser’s ear or at least partly in the user’'s ear
canal (12) and comprising a first microphone
(M1) oriented towards the environment and a
second microphone (M2) oriented towards the
user’s ear canal (12),

picking up sound by the first microphone to cre-
ate a first audio signal and by the second micro-
phone to create a second audio signal, and
processing the first and second audio signals by
a blind source separation algorithm in order to
produce a processed audio signal wherein the
user’s voice is separated from ambient sound.

A method for separation of a user’s voice from am-
bient sound, comprising:

providing the user with a first device (10) to be
worn at the user’s right ear or at least partly in
the user's right ear canal (12} and a second de-
vice (11) to be worn at the user’s left ear or at
least partly in the user’s left ear canal (12), the
first device comprising a first microphone (M1)
and the second device comprising a second mi-
crophone (M2),

picking up sound by the first microphone to cre-
ate a first audio signal and by the second micro-
phone to create a second audio signal, and
processing the first and second audio signals by
a blind source separation algorithm in order to
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produce a processed audio signal wherein the
user’s voice is separated from ambient sound.

30. The method of one of claims 28 and 29, wherein the
blind source separation algorithm works in the fre-
quency domain.

31. The method of one of claims 28 to 30, wherein the
processed audio sighalis provided to another person
via a wireless link such as a Bluetooth link.
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Abstract of JPHOBTT468 (A}

PURPOBE. To record information before and after an important svant ooours
succassively in real time and securely stors the information for a long period.
CONSTITUTION: This devics is equippsd with a video camera 2a which picks up an
image of an objsct 10 be monitored, a microphone 2b which picks up the sound of the
objact to be monitored, a compressing circuit 3 which compresses the video signal from
the video camera 2a and the sound signal from the microphone 2b, 2 1st slorage
device 7 wherein the oulput of the compressing circuit 3 is recorded endlessly for a
specific time, 3 2nd storage device § wherein the reproduced signal from the 1st
storage device 7 is stored for a long period, an abnommalily recognizing circuit & which
analyzes the contents of the video signal from the video camera 2a and the sound
signal from the microphons 2b and delecls the occurrence of an abnormal event, and a
recording contro! circuit 8 which places the 1t slorage device 7 in g reproduction state
for @ cerlain time when the abnormality recognizing circult & detects the abnormsl eventd
and places the 2nd storage device 8 in g recording siste during the reproduction period
of the st storage device 7.
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JPH0877468A MONITOR DEVICE
Data originating from sources other than the EPO may not be accurate, complete, or up to date.

The wording below is an initial machine translation of the original publication. To generate a version using the
latest translation technology, go to the original language text and use Patent Translate.

[0001] BACKGROUND OF THE INVENTION 1. Field of the Invention The present invention relates to a
monitoring device used in stores, banks and the like.

[0002] 2. Description of the Related Art In a store, a bank or the like, a monitoring device such as a security
camera is provided for security or for recording when a crime has occurred.

[0003] In a conventional monitoring apparatus, a video signal and an audio signal from a security camera are
recorded in an intermittent operation type magnetic recording apparatus called a time-rasp recorder. The time-
rasp recorder records a signal from a security camera one frame at a time at intervals of several seconds to
several tens of seconds, and is capable of continuous recording for several tens of hours.

[0004] However, since the time-rasp recorder only records signals intermittently, important information such as
the moment of a crime or the clothing of a suspect is not known. It may not be recorded. In addition, since the
record was intermittent, it was not possible to know details of the behavior of the suspect.

[0005] It is also conceivable to continnously record signals from a security camera on a magnetic recording
device. In this case, however, the continuous recording time is several hours at most due to the limitation of the
length of a magnetic tape used. This is not practical because the tape must be changed at regular intervals.

[0006] It is also conceivable that a recording operation is started by a human being. However, there is a danger
in operating the apparatus in a state where recording is necessary, in view of the characteristics of the security
camera. This is not practical because the operation is complicated and the operation is easy to forget.

[0007] It is therefore an object of the present invention to be able to continuously record information before and
after an important event has occurred in real time, and to reliably store the information for a long period of time.

[0008] In order to achieve the above object, a monitoring device according to the present invention has a video
information detecting device for detecting video information to be monitored and an audio information for
detecting acoustic information to be monitored. A detection device, a compression circuit that compresses a
video signal from the video information detection device and an audio signal from the audio information
detection device, and a first storage device that stores an output of the compression circuit endlessly for a
predetermined time, A second storage device capable of recording a reproduction signal from the first storage
device and storing the reproduced signal for a long period of time; and a content of at least one of a video signal
from the video information detection device and an audio signal from the audio information detection device.
An abnormality recognition circuit that detects the occurrence of an abnormal event by analyzing the first
storage device when the occurrence of the abnormal event is detected by the abnormality recognition circuit for
a certain period of time, It said second storage device in the serial reproduction period of the first storage device,
characterized by comprising a recording control circuit for a recording state.

[0009] In the monitoring apparatus according to the present invention, the first storage device performs a
recording operation at all times, and in a steady state, video information and audio information near the
monitoring target are recorded endlessly for a fixed time. When the occurrence of an abnormal event is detected
by the abnormality recognizing circuit, the reproducing operation in the first storage device is started, and the
recording operation in the second storage device is started, and returns to the original state after a predetermined
time. Therefore, in the second storage device, video information and audio information near the monitoring
target before and after the occurrence of the abnormal event are held.

[0010] DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS Hereinafter, the features of the
present invention will be specifically described based on embodiments with reference to the drawings.

[0011] FIG. 1 is a block diagram showing an embodiment of a monitoring apparatus according to the present
invention.
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[0012] Referring to FIG. 1, reference numeral 1 denotes a plurality of monitoring units arranged at different
places in a building to be monitored. Each monitoring unit 1 includes a monitoring camera device 2 including a
video camera 2a such as a CCD camera and a microphone 2b, a compression circuit 3 for compressing a video
signal from the video camera 2a and an audio signal from the microphone 2b, and the presence or movement of
a human body. The human body sensor 4 to be detected, the video signal from the video camera 2a, the audio
signal from the microphone 2b, and the output from the human body sensor 4 are supplied, and the contents of
these signals are analyzed to detect whether an abnormal situation has occurred. An abnormality recognizing
circuit 5, a recording control circuit 6 for controlling a recording / reproducing operation of a storage device to
be described later based on an output of the abnormality recognizing circuit 5, and a first storage device for
storing a compression signal from the compression circuit 3 endlessly for a fixed time. 7, a second storage
device 8 capable of recording information reproduced from the first storage device 7 and storing the information
for a long period of time; The information reproduced from the device 8 is transmitted to a centralized
management system 11 installed in a security company via a communication line 10 such as a telephone line,
and various instructions from the centralized management system 11 are received. The communication circuit 9
is provided.

[0013] As the human body sensor 4, for example, an infrared sensor, a Doppler radar, or the like is used. As the
first storage device 7, for example, a hard disk device or a solid state file made of a semiconductor memory is
used. As the second storage device 8, for example, a magnetic tape device such as a video tape recorder is used.
A recording / reproducing device is used.

[0014] The centralized management system 11 includes a communication circuit 12 for communicating with
each monitoring unit 1 via the communication line 10, a control circuit 13 for controlling the entire centralized
management system 11, a compressed video signal and audio signal. An expansion circuit 14 for expanding the
signal to restore the original signal, an image display device 15 for displaying an image captured by the video
camera 2a based on the restored image signal, and a microphone 2b based on the restored audio signal. A sound
output device 16 for outputting the picked-up sound, and a control panel 17 including a keyboard for giving
various instructions to each monitoring unit 1, a lamp for displaying occurrence of abnormality, and a CRT
display are provided. . The control circuit 13 receives information from each monitoring unit 1, supplies the
information to the video output device 15 and the audio output device 16 via the expansion circuit 14, and
receives various instructions input from the operation panel 17. The process of sending out to the monitoring
unit 1 is performed.

[0015] Next, the operation of the above-described monitoring device will be described. Here, a case where the
inside of the store after the store is closed is monitored by a plurality of monitoring units 1 arranged at various
places in the store will be described as an example. The video signal from the video camera 2a and the audio
signal from the microphone 2b are recorded in the compression circuit 3, and the data amount is compressed by
encoding or the like. Various methods can be adopted as the compression method. For example, it is possible to
adopt a standardized coding method that uses both intra-frame coding and inter-frame coding called MPEG
(moving picture coding experts group). it can.

[0016] The compressed data from the compression circuit 3 is always supplied to the first storage device 7. The
first storage device 7 can switch between a recording mode and a reproduction mode by a mode switching signal
from the recording control circuit 6. In the normal state, the first storage device 7 is in the recording mode, and
the first storage device 7 records the compressed data from the compression circuit 3 for a certain period of time
endlessly. Further, the second storage device 8 is in a stopped state in a normal state, and is in a recording state
when the first storage device 7 is reproduced.

[0017] For example, when the first storage device 7 is a solid state file composed of a semiconductor memory,
compressed data is written in order from the head address of the memory, and when the memory area is full, the
compressed data is written first. Writing is repeated starting from the address. Solid state files can be used semi-
permanently because there are no mechanical moving parts. Similarly, in the case of a hard disk device, the data
is sequentially and continuously recorded on each sector and track on the rotating hard disk. In a hard disk drive,
the hard disk is constantly rotating, and the write / read head is floating above the surface of the hard disk due to
the airflow generated by the rotation of the hard disk, so that the surface of the hard disk does not wear.
Therefore, it can be used for a very long time over several months to several years.

[0018] As a result, the information from the current time to the time that has been traced back by a certain time
corresponding to the storage capacity of the first storage device 7 is recorded in the first storage device 7. In the
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normal state, as described above, the recorded contents of the first storage device 7 are constantly updated with
the latest information of a certain period. That is, the first storage device 7 functions as an endless storage
device.

[0019] Next, when a suspicious person enters the store and passes near the human body sensor 4, the output of
the human body sensor 4 is supplied to the abnormality recognition circuit 5. When there is an output from the
human body sensor 4, the abnormality recognition circuit 5 determines that an abnormality has occurred.

[0020] When the window glass is broken or the door is opened, the sound generated at that time is picked up by
the microphone 2b and supplied to the abnormality recognition circuit 5. In the abnormality recognition circuit
5, the pattern of the frequency component and the amplitude component of the input signal in the audible
frequency range is changed to a pattern of a sound generated when a window glass registered in advance is
broken or a door is opened. It is determined whether or not the pattern matches the sound pattern generated in
the case. If the pattern matches, it is determined that an abnormality has occurred.

[0021] The video signal from the video camera 2a is supplied to the abnormality recognizing circuit 5, and it is
determined whether or not the video has changed within the imaging range, that is, whether or not a moving
object exists within the imaging range. This moving object discrimination can be detected, for example, by
examining the presence or absence of a difference in the content of the video signal at two points separated by a
certain time. That is, when there is a difference between the contents of the two video signals, it is determined
that an abnormality has occurred. It is also possible to determine that an abnormality has occurred when a
pattern other than the predetermined pattern registered in advance appears in the content of the video.

[0022] As described above, by supplying the outputs of the video camera 2a, the microphone 2b, and the human
body sensor 4 to the abnormality recognition circuit 5, it becomes possible to cope with various situations.

[0023] When the abnormality recognition circuit 5 determines that an abnormality has occurred, an abnormality
detection signal is supplied from the abnormality recognition circuit 5 to the recording control circuit 6, and the
first storage device 7 is switched from the recording mode to the reproduction mode, and Then, the recording
operation of the second storage device 8 is started, and the information of the latest certain period recorded in
the first storage device 7 is recorded in the second storage device 8. When the information recorded in the first
storage device 7 is recorded in the second storage device 8, the first storage device 7 is again set to the recording
mode, and the recording operation of the second storage device 8 is stopped.

[0024] By the above-described operation, every time an abnormal event occurs, the reproduction operation of
the first storage device 7 for a certain time and the recording operation of the second storage device 8 fora
certain time synchronized with this reproduction operation are repeated. Therefore, every time an abnormal
event occurs, certain video information and audio information immediately before the occurrence of the
abnormal event are sequentially recorded in the second storage device 8.

[0025] When it is determined by the abnormality recognition circuit 5 that an abnormality has occurred, the
communication circuit 9 provides the abnormality occurrence data indicating that the abnormality has occurred
together with the identification data indicating which monitor unit the data originated from. And transmitted to
the centralized management system 11 installed in the security company via the communication line 10. The
abnormality occurrence data is supplied to the control circuit 13 via the communication circuit 12, and the
operation panel 17 displays where and what kind of abnormality has occurred. At the same time as the
information recorded in the first storage device 7 is reproduced and recorded in the second storage device 8, the
reproduced signal from the first storage device 7 is transmitted to the central management system 11 via the
communication line 10. The video signal and the audio signal are restored to the original video signal and the
audio signal by the decompression circuit 14 and supplied to the video output device 15 and the audio output
device 16 to reproduce the video and the sound immediately before the occurrence of the abnormal event. After
the information recorded in the first storage device 7 is reproduced, real-time information from the video camera
2a and the microphone 2b is transmitted automatically or based on an instruction from the operation panel 17.
You may.

[0026] As a result, the security company can know the details of the abnormality, and can take appropriate
measures such as dispatching a security guard or reporting to a police station in charge.

[0027] Also, by giving an activation instruction from the operation panel 17 to the recording control circuit 6 of
the monitoring unit 1 other than the monitoring unit that has detected the abnormality, the other monitoring units
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in the vicinity of the monitoring unit that has detected the abnormality can receive a start instruction. Also, the
recording in the second storage device 8 is started, real-time information is transmitted via the communication
line 10, and the centralized management system 11 can easily grasp the intruding route and the escape route of
the intruder. it can.

[0028] Further, by giving an instruction to reproduce the second storage device 8 from the operation panel 17 to
the recording control circuit 6 of the monitoring unit 1, the data is recorded in the second storage device 8 on the
centralized management system 11 side. The status of abnormal events in the past can also be known. Note that
a television monitor can be directly connected to the second storage device 8 of the monitoring unit 1 to
reproduce the recorded contents of the second storage device 8.

[0029] In the above-described embodiment, the security device has been described as an example. However, the
present invention is not limited to this. For example, the invention can be applied to monitoring of abnormal
events in a chemical plant or a manufacturing plant. can do.

[0030] As described above, according to the present invention, the status of a monitoring target is always
endlessly recorded in the first storage device, and when an abnormal event occurs, the reproduction operation is
performed in the first storage device. Then, the reproduced signal is recorded in the second storage device
capable of storing the data for a long time. Thus, the situation at the time of occurrence of the abnormal event
can be reliably maintained without being limited by the recordable time of the first storage device that performs
the endless recording.

[0031] BRIEF DESCRIPTION OF THE FIGURES

[0032] FIG. 1 is a block diagram showing an embodiment of a monitoring device according to the present
invention.

[0033] Explanation of reference numerals

[0034] DESCRIPTION OF SYMBOLS 1 ... Surveillance unit, 2 ... Surveillance camera device, 2a ... Video
camera, 2b ... Microphone, 3 ... Compression circuit, 4 ... Human body sensor, 5 ... Abnormality recognition
circuit, 6 ... Recording control circuit, 7 ... First storage device, 8 .. 2nd storage device, 9 communication circuit,
10 communication line, 11 centralized management system, 12 communication circuit, 13 control circuit, 14
expansion circuit, 15 video display device, 16 audio display device, 17 ...Operation board
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JPH0877468A MONITOR DEVICE
Data originating from sources other than the EPO may not be accurate, complete, or up to date.

The wording below is an initial machine translation of the original publication. To generate a version using the
latest translation technology, go to the original language text and use Patent Translate.

1. A video information detection device that detects video information to be monitored, an audio information
detection device that detects audio information to be monitored, and a video signal from the video information
detection device and an audio signal from the audio information detection device are compressed. A first storage
device for recording an output of the compression circuit endlessly for a predetermined time, a second storage
device for recording a reproduction signal from the first storage device and capable of storing the signal for a
long period of time, An abnormality recognition circuit that analyzes the content of at least one of the video
signal from the information detection device and the audio signal from the audio information detection device to
detect the occurrence of an abnormal event; A recording control circuit that, when detected, sets the first storage
device to a reproduction state for a certain period of time and sets the second storage device to a recording state
during a reproduction period of the first storage device. Monitoring apparatus according to claim and.
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Abstract of JPHI0IE2283 (A}

PROBLEM TO BE SOLVED: To instantansously report the cocurrence of car accident
o 8 police and a firshouse and to prevent the occurrence of secondary disaster by
simultanecusly issuing an alarm to a following vehicle by providing a reflector for
reflecting sonic waves and a controller for receiving the reflected sonic waves,
recording these sonic waves and reporting them o s traffic control center or the like.
SOLUTION: Frequencies 1 and £2 diffgrent a little are generaled by a controller 2
insialied above a road, and sent inlo air sfter performing eleciric/ acoustic fransduction
through a parametric transmiierfreceiver 1. On the assumption that g vehicle 4b
collides with a vehicle 42 while this differentis! requency P12 s reflecied by a reflscior
3 and reciprocated through a propagation path 5, 2 non-linear acoustic wave 8 caused
by an abnormal sound {3 genersted at such a time is propagated in ain, the sonic wave
with differential frequency 112 propagated through the propagstion path S is
interfarred and modulated, and this sonic wave s wmed to 2 reflecled sonic wave and
received by the parametric fransmitierfreceiver 1. Then, the generation of abnormality
is detected by 2 conirolier 2, recorded and speedily and automatically reporiad io
smergency coniact facilities 7a and 7b at the sams time.
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JPH10162283A ROAD CONDITION MONITORING DEVICE
Data originating from sources other than the EPO may not be accurate, complete, or up to date.

The wording below is an initial machine translation of the original publication. To generate a version using the
latest translation technology, go to the original language text and use Patent Translate.

[0001] The present invention relates to is, detects an abnormality such as an accident caused by a vehicle in the
road traveling, rapid manner, and automatically Problem to the traffic control center or the like, also two
performs a display of information to a subsequent vehicle order those related to road condition monitoring
apparatus for preventing accidents.

[0002] Conventionally, when the accident or the like during the running of the vehicle has occurred, accident
parties or witnesses, for example, public phone and fixed phone of emergency phones, and the like, in-vehicle
phone and mobile, such as a portable phone it is general to report to the police station and fire station and the
like on the phone. However, if the report at a fixed phone, it takes some time before moving to the location
where the accident parties or witnesses are installed, that it may not be installed near, accident parties without
witnesses not always possible to report the accident and at the same time, such as when the report difficult.
Similarly, in the mobile phone it can be said. Because of this slows down the discovery and reporting of the
accident, there is a risk of secondary disaster caused by other vehicles do not know delay of injured relief, the
accident occurred.

[0003] To solve this, composed of a switch or the like collision sensor collision in the vehicle for detecting
whether or not occurs, the vehicle position sensor for detecting the current position of the vehicle, the driver of
the vehicle to enter their wounded a vehicle accident notification apparatus comprising an input device and a
communication device is a traffic control center, the system including emergency facilities, including police and
fire departments have been studied.

[0004] In addition, to carry a vehicle accident automatic reporting device in the vehicle, it has been devised
system to report the accident. Examples of this include Hei 8-30885 JP.

[0005] Acceleration detection means According to this method, mounted to the vehicle can be carried out easily
because it constitutes a discrimination means and transmitting means in one unit. Also, Kashidase at the inlet of
the highway can be mounted to all vehicles, emergency report to the police or the like even when an accident
occurs, reporting to a subsequent vehicle is substantially simultaneously possible with the accident.

[0006] The present invention is, however, if you are installing a sensor in the vehicle as described above, it is
necessary to mounting at the manufacturing stage, and increase the burden on the vehicle manufacturer, in the
attachment to an existing vehicle users burden on the cost side of the increases. Also even if the driver of the
vehicle to enter their wounded, depending on the degree, there is a problem that often is not possible input and
device by accident which may cause malfunctioning.

[0007] Case of mobile-vehicle accident automatic reporting device is that it may device by accident can not
report a failure, the burden on the user is increased, when lending is that she can limit the quantity, re-establish
and operational aspects such as how to use is there are many problems to be solved.

[0008] The present invention, such to solve the various problems, police the occurrence of a vehicle accident on
the road weather, time, regardless of the field of view of the quality, also instantly without waiting for the report
of the accident parties and witnesses and at the same time report to the fire station or the like, and aims to
prevent the occurrence of secondary disasters by issuing a warning to following vehicles.

[0009] The above-mentioned problems, according to means to solve the problem] is solved by the device
configuration, such as the following.

[0010] (1) was placed in a position that does not interfere with vehicle traffic in the road upper or the like, a
sonic transducer for transmitting or reception waves in the air, sonic wave transceiver at a position that does not
interfere with the passage of vehicles on the road upward like vessels facing to be installed, a reflector for
reflecting the sound waves emitted from the ultrasonic transducer transmits a transmit signal into sound waves
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transducer and recorded by the reception processing the reflected sound wave from the reflecting device, It is
solved by configuring by the controller to notify the traffic control center or the like.

[0011] (2) it was placed in a position that does not interfere with vehicle traffic in the road upper or the like, a
sonic transducer for transmitting or reception waves in the air, sonic wave transceiver at a position that does not
interfere with the passage of vehicles on the road upward like vessels facing to be installed, a reflector for
reflecting the sound waves emitted from the ultrasonic transducer transmits a transmit signal into sound waves
transducer and recorded by the reception processing the reflected sound wave from the reflecting device, a
control device for Problem rapid manner and automatically to a traffic control center or the like, are solved by
constructing in an information display device to inform the road condition to the vehicle.

[0012] (3) was placed in a position that does not interfere with vehicle traffic in the road upper, a sonic wave
transmitter for transmitting a sound wave into the air, and a transmission control unit for transmitting a transmit
signal to the sonic wave transmitter, ultrasonic wave transmission vessels facing to be installed, and ultrasonic
wave receiver for reception of sound waves emitted from the ultrasonic wave transmitter, and recorded by
processing the received signals of the sonic receivers, rapid manner and the traffic control center or the like a
reception control device that automatically notify, is solved by configuring in an information display device for
displaying the road conditions detected by the control device.

[0013] (4) (1) and ultrasonic transducer (2), for example using an electro-acoustic transducer of a piezoelectric
ceramic or the like, a slightly different two kinds of waves of frequency transmission and reception waves, the
source lower than the frequency and it is solved by a sound wave transducer using a parametric array to generate
a narrow sound wave of the beam width.

[0014] (5) sonic wave transmitter and ultrasonic wave receiver (3) it is solved by using a parametric array in at
least one.

[0015] (6) (1), (2) and the control apparatus and the reception control unit (3) is, (4) and (5) vehicle collision
noise acoustic signal by performing frequency analysis with reception by parametric array of explosion
detecting an abnormality such as an accident by by detecting the sound and the wheels of the creaking sound
such as a vehicle accident such as road traffic on the unusual waves characteristic frequency spectrum pattern
of, rapid manner and automatically to the recording and the traffic control center or the like report, be resolved
by causing the attention displayed in the following vehicle in the information display device.

[0016] (7) After the controller is limited to the frequency band of the road traffic on abnormal waves generated
in a vehicle accident or the like by one or more band-pass filters the reception acoustic signal (6), previously
registered abnormal detecting an abnormality such as an accident by comparing the signal waveform of sound, it
is resolved by the recording and transportation quick manner or Tsujido to Problem to the control center or the
like, be the attention displayed in the subsequent vehicle on the information display device .

[0017] (8) (7) the controller will record and store the frequency pattern of the received wave an acoustic signal
in, by utilizing the data, it is solved by allowing a more accurate abnormality detection.

[0018] It is described below with reference to FIG the embodiment of the embodiment of the present invention.

[0019] FIG. 1 is an embodiment of the present invention. 1 parametric transducer, 2 control unit for the
processing of generation and received signal of the transmit signal, 3 reflector for reflecting the sound waves
transmitted from a parametric transducer 1, 4a and 4b the road traveling vehicle, the transmitting sound wave
propagation path of parametric transducer 1 5, 6 is the sound generated when the vehicle 4a and 4b has collided.
7a and 7b, the traffic control center, an emergency contact facilities such as police stations.

[0020] Here, a brief description of the principle for parametric wave transmitter-receivers. In general, when the
radiation at the same time in the same direction the finite amplitude waves with different frequencies of the two,
not only the harmonic components of each, born difference tone, chord, etc. a lot of frequency components by
non-linear interaction, for example, of two If the frequency is f1, £2, f1,2f1, ---, £2,2f2, -+, component is of
course that, f1-f2, f1 + £2,2f1-f2, ---, many of the components of the resulting it, acoustic characteristics of the
difference tone of f1-f2 of these components are known to be extremely excellent. A transducer to take
advantage of this difference tone say parametric array. The feature of this sound source is, (1) or sharp
directivity And Vice pole does not exist, even if very small, even, (2) small size and light weight of the wave
transmitter since the directivity is not related to the size of the wave transmitter possible reduction, (3) the
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difference tone will have a wide-band frequency characteristics. (4) directivity is approximately constant over a
wide frequency band, (5) from the difference tone is very low than the source frequency, the difference tone
even with a small sound pressure in the vicinity of the wave transmitter is propagated to distant , and the like.
The principle diagram shown in FIG. 2 (a). 8 power amplifier, 9 wave transmitter, is 10, which is a transmit
beam pattern.

[0021] Referring to the parametric wave receiver, as shown in FIG. 2 (b), the sound waves radiated from the
wave transmitter fp, and extraneous signals from the surrounding fs. 11 wave transmitter, 12 receivers, 13
filters, 14 is a receiving beam pattern. When in the area of large finite amplitude of the amplitude of the sound
waves of fp, difference tone and the frequency fp-fs, chord of fp + fs appears. Difference tone and chords from
it, including the information of the signal wave, excellent difference tone even without receiving a signal wave
was set to face the wave transmitter, for the signal wave if Hodokose an appropriate process received a chord of
directivity the wave receiver can be.

[0022] Are generally acoustic wave (vibration), if the physical dimensions of the sonic wave transmitter is the
same, the directivity higher frequency is shorter propagation distance narrows, the propagation distance
frequency is low is but wider directivity long and will. To narrow the directivity in the low frequency becomes
physical dimension is a big thing.

[0023] In the case of the present system, in view of the device installation to the road above or near, the physical
dimensions are not should be small, to lengthen the sound wave propagation distance in order to widen as much
as possible the distance of the reflecting device and ultrasonic transducer so that the inconsistency to say there
must be caused. As in parametric transducer in order to solve this problem, physical dimensions of the
transducer be small, can generate a lower frequency by the difference tone, it is necessary to transducer capable
of narrow directivity.

[0024] Now, the operation of FIG 1, to produce a slightly different frequencies fl and f2 by a control device 2
installed in a position that does not interfere with vehicle traffic on the road above, likewise the parametric
transducer 1 installed in a road upward electro-acoustic transducer and to transmit in the air. Transmitting sound
waves will follow the propagation path 5, also similarly reach the propagation path 5 is reflected by the
parametric transducer 1 and the opposing reflecting device 3 was placed on the road upward traced back to the
parametric transducer 1 to. Almost ignored because waves of frequencies fl and 2 that has been transmitting
from parametric transducer 1, but to form a sum frequency f1 + f2 and the difference frequency f1-f2, sum
frequency f1 + f2 is subjected to greater absorption frequencies f1 and f2 it can. During this difference
frequency f1-f2 is a round trip propagation paths 5, the vehicle 4b has collided with the vehicle 4a. At this time,
non-linear wave 6 is propagated in the air due to the abnormal sound f3 generation, interfere with the sound
waves propagation difference frequency that route is 5 propagates through the f1-f2 is allowed to modulation,
parametric transducer 1 this becomes a reflected sound wave It is reception at. Modulated difference frequency
sound waves, (f1-f2) -f3 waves, (f1-f2) + 3 is reception in parametric transducer 1 as a sound wave, receiving
the processed frequency spectral pattern analysis in the control unit 2, abnormal sound data detecting a
comparison is abnormal occurrence and, is notified rapid manner and automatically to the emergency contact
facilities such as traffic control center or police station and fire station at the same time when it is recorded on
the recording device in the control device 2. The information is notified, because it contains the absolute
position information of the accident point was calculated from the difference frequency wave, it is possible to
accurately provide information to the police and fire the like.

[0025] As a method for detecting an abnormality on the road, a method may be considered to be side-by-side
microphone on the road side, in this case, there is a problem in that a very large number of the microphone must
be installed expensive. In apparatus of this point the present invention, there is no need to arrange a large
number of microphones, and because it can be installed into road upward, the influence of the weather, for
example, buried by snow, without being affected etc., also utilize sonic It has a very good point that it is
possible to quickly specific and automatic report regardless of the quality and time of sight since.

[0026] 3, in the road with bad visibility, such as curves, an example in which using the information display
device 15. 4¢ is a subsequent vehicle.

[0027] As indicated above Embodiment FIG 1, to produce a slightly different frequencies f1 and {2 by a control
device 2 installed in a position that does not interfere with vehicle traffic on the road above, also electricity
through parametric transducer 1 installed in a road upward to transmit in the air and acoustic conversion.
Transmitting sound waves will follow the propagation path 5, also similarly reach the propagation path 5 is
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reflected by the parametric transducer 1 and the opposing reflecting device 3 was placed on the road upward
traced back to the parametric transducer 1 to. Almost ignored because waves of frequencies fl and 2 that has
been transmitting from parametric transducer 1, but to form a sum frequency f1 + f2 and the difference
frequency f1-f2, sum frequency f1 + f2 is subjected to greater absorption frequencies f1 and f2 it can. During
this difference frequency f1-f2 is a round trip propagation paths 5, the vehicle 4b has collided with the vehicle
4a. At this time, non-linear wave 6 is propagated in the air due to the abnormal sound f3 generation, interfere
with the sound waves propagation difference frequency that route is 5 propagates through the f1-f2 is allowed to
modulation, parametric transducer 1 this becomes a reflected sound wave It is reception at. Modulated
difference frequency sound waves, (f1-f2) -f3 waves, (f1-f2) + f3 is reception in parametric transducer 1 as a
sound wave, receiving the processed frequency spectral pattern analysis in the control unit 2, abnormal sound
data detecting a comparison is abnormal occurrence and, is notified rapid manner and automatically to the
emergency contact facilities such as traffic control center or police station and fire station at the same time when
it is recorded on the recording device in the control device 2. The information is notified, because it contains the
absolute position information of the accident point was calculated from the difference frequency wave, it is
possible to accurately provide information to the police and fire the like. In the case of this example, to display
that the information display device 15 is abnormal such as an accident at the front, with respect to the
subsequent vehicle 4c thereafter, 4a attention, to prevent secondary disasters such as rear-end to 4b it is possible.
The information display device, to may be an existing display device and Heiyoko death hand, may be a red
warning light is illuminated. Cost savings of the new production and installation of this case information display
device are possible.

[0028] Figure 4 is an example of dividing the parametric transducer 1 to the wave transmitter and wave receiver.
16 transmission control device, 17 parametric wave transmitter, 18 parametric receivers, 19 receiving control
device, 20 is a propagation path.

[0029] As examples of FIG 3, to produce a slightly different frequencies f1 and f2 in the transmission control
apparatus 16 which is installed at a position that does not interfere with vehicle traffic on the road above,
likewise the parametric wave transmitter 17 installed in the road upward electro-acoustic transducer and to
transmit in the air. Transmitting sound waves follows a propagation path 20, and is received at the parametric
wave receiver 18 also installed to face the parametric wave transmitter 17 on the road above. Difference
frequency that is received at the parametric receivers 18 are receiving process by the reception control unit 19.
Almost ignored because waves of frequencies f1 and £2, which is transmitting from the parametric wave
transmitter 17 is to form the sum frequency f1 + £2 and the difference frequency f1-f2, sum frequency f1 + f2 is
subjected to greater absorption frequencies f1 and f2 it can. During this difference frequency f1-f2 is
propagating in the propagation path 20, the vehicle 4b has collided with the vehicle 4a. At this time, non-linear
wave 6 is propagated in the air due to the abnormal sound 3 generation, interfere with the sound waves
propagation difference frequency of the route 20 propagating f1-f2 is allowed to modulation, parametric
receivers this becomes a modulation difference frequency 18 is reception at. Modulated difference frequency
sound waves, (f1-f2) -f3 waves, (f1-f2) + f3 waves are received wave in parametric wave receiver 18 as,
receiving the processed frequency spectral pattern analysis in the receiving control unit 19, abnormal sound
detecting a comparison is abnormal occurrence and data, it is notified rapid manner and automatically to the
emergency contact facilities such as traffic control center or police station and fire station at the same time when
it is recorded in a recording device of the receiving control device 19. The information is notified, because it
contains the absolute position information of the accident point was calculated from the difference frequency
wave, it is possible to accurately provide information to the police and fire the like. Also in the same manner as
in the case Figure 3 of the present example, to display that the information display device 15 is abnormal such as
an accident at the front, with respect to the subsequent vehicle 4c¢ thereafter, 4a attention, such as the rear-end
collision to 4b two it is possible to prevent the following accident. In the present embodiment, it becomes
possible to reduce the size and weight than the further above embodiment separates the transmitting system and
the reception system. Display instruction and control information to the information display device 15, may be
any from the traffic control center or the like, can also be adapted to the instructions and control of the reception
control unit 19.

[0030] Each control device in the apparatus of the present invention, since none of the wave transmitter-
receivers can be very compact and lightweight, even if a sufficient installation space on the road side can not be
secured, the road above, the sky of the vehicle while driving there is no what problems such as so can be
installed in.

[0031] In either embodiment described above, by making it possible to arbitrarily change the transmit frequency
can be the optimum setting corresponding to the changing conditions in the environment, and changing the
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frequency bandwidth free since it is, it is possible to provide a degree of freedom in such detection condition
setting detects that and wide range to limit the abnormal sound to be detected at a time.

[0032] As shown in FIG. 5, when the waves generated on the road to frequency analysis, usually running sound,
squeak the collision sound and the wheel has a respective different characteristic frequency spectrum pattern.
This to detect abnormal sounds from various sound wave on the road by focusing, through a sound wave
received at the parametric wave receiver to the bandpass filter, the frequency spectrum pattern such as collision
sound that has been previously registered constitute the reception control device to detect compared to the.

[0033] Further, the characteristic frequency spectrum pattern obtained from the reception wave, the detection
accuracy at the time of next compare detected by to perform the recording data storage in a recording device, to
the diversification of the abnormality judgment reference corresponding can allow device configurations.

[0034] As described above, according to the present invention, according to the present invention, the
occurrence of the vehicle accident on the road weather, time, irrespective of the field of view of quality, and
without waiting for the notification of an accident parties and witnesses instant and at the same time to report to
the police and fire department, etc., there is an effect to prevent the occurrence of secondary disasters by issuing
a warning to the following vehicle.

[0035] Brief description of the drawings

[0036] One embodiment in FIG present invention.

[0037] Figure 2 parametric wave transmitter. Explanatory view of the principle of receivers.

[0038] One embodiment shown in FIG. 3 the present invention.

[0039] One embodiment shown in FIG. 4 the present invention.

[0040] The example of FIG. 5 frequency spectrum pattern.

[0041] Description of the code

[0042] 1 ... parametric transducer 2 ... control device 3 ... reflecting device 4a, 4b, 4¢c -+ vehicle 5 ... transmit
sound waves round-trip propagation path 6 ... vehicle collision at the time of the generated sound 7a, 7b -
emergency contact facility 8 ... power amplifier 9 ... wave transmitter 10 ... transmission beam pattern 11 ...
wave transmitter 12 ... wave-receiver 13 ... filter 14, ... reception beam pattern 15 ... information display device
16 ... transmission control device 17 ... parametric wave transmitter 18 ... parametric receivers 19 ... reception
control device 20 ... transmitting sound waves frequency spectrum pattern of the propagation path 21 ... usually

frequency spectrum pattern of the frequency spectrum pattern 22 ... collision sound of running sound 23 ... the
wheels squeak
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JPH10162283A ROAD CONDITION MONITORING DEVICE
Data originating from sources other than the EPO may not be accurate, complete, or up to date.

The wording below is an initial machine translation of the original publication. To generate a version using the
latest translation technology, go to the original language text and use Patent Translate.

1. Detects an abnormal sound due to vehicles traveling on a road, in an apparatus for monitoring abnormality on
the road, such as a vehicle accident, was placed in a position that does not interfere with vehicle traffic in the
road upward like, transmitting or sound waves in air a sonic transducer which received wave, at a position that
does not interfere with the passage of vehicles on the road upward like disposed opposite to the said ultrasonic
transducer, a reflector for reflecting the sound waves emitted from the ultrasonic transducer, It sends a transmit
signal to the ultrasonic transducer, and recorded receives and processes the reflected sound wave from the
reflecting device, consists of a control unit to report to the traffic control center or the like, was transmitted from
the ultrasonic transducer traffic control center when whether interfering with the abnormal sound waves
generated by the vehicle accidents are receiving the modulated reception processing in the control unit, detects
an abnormality while the sound wave comes back after being reflected in the reflecting device road conditions
monitoring device is characterized in that report to equal.

2. Detects an abnormal sound due to vehicles traveling on a road, in an apparatus for monitoring abnormality on
the road, such as a vehicle accident, was placed in a position that does not interfere with vehicle traffic in the
road upward like, transmitting or sound waves in air a sonic transducer which received wave, at a position that
does not interfere with the passage of vehicles on the road upward like disposed opposite to the said ultrasonic
transducer, a reflector for reflecting the sound waves emitted from the ultrasonic transducer, It sends a transmit
signal to the ultrasonic transducer, from recorded receives and processes the reflected sound wave from the
reflecting device, and a control device to report to the traffic control center or the like, and the information
display device to inform the road conditions in the vehicle becomes, the reception processing whether sound
waves transmitted from the ultrasonic transducer is undergoing modulation interferes with abnormal waves
generated by the vehicle accident while coming back after being reflected in the reflecting device in the control
device and, when detecting abnormality when Problem to traffic control center or the like at the same time, the
information display device to the road condition monitoring apparatus characterized thereby alert display on
subsequent vehicles.

3. Waves road to detect the abnormal sound by the vehicle while driving, in an apparatus for monitoring the
abnormality on the road, such as a vehicle accident, which was placed in a position that does not interfere with
the vehicle of the traffic on the road above, to transmit sound waves in the air a wave transmitter, a transmission
control unit for transmitting a transmit signal to the sonic wave transmitter, and disposed to face the said
ultrasonic wave transmitter, sound waves received for reception of sound waves emitted from the ultrasonic
wave transmitter a duplexer, and recorded by processing the reception signal of the ultrasonic wave receiver,
consists of a receiving control device to notify the traffic control center or the like, an information display
device for displaying the road conditions detected by the control device, the sound waves transmitted from the
ultrasonic wave transmitter during the reception in the ultrasonic wave receiver, whether interfering with the
abnormal sound waves generated by the vehicle accidents are receiving the modulated reception processing in
the control unit, At the same time when detecting an abnormality is reported to the traffic control center or the
like, road condition monitoring apparatus characterized thereby alert display subsequent vehicle to the
information display device.

4. The acoustic wave transducer according to claim 1 or claim 2, for example using an electro-acoustic
transducer of a piezoelectric ceramic or the like, a slightly different two kinds of waves of frequency
transmission and reception waves, the source lower than the frequency and beam road condition monitoring
apparatus characterized by using a parametric array for generating a narrow wave width.

5. Device according to claim 3, wherein the ultrasonic wave transmitter and ultrasonic wave receiver is traffic
condition monitoring apparatus at least one is characterized by using a parametric array according to claim 4.

6. Claim 1, Claim 2, in any one of claims 3, wherein the control device and the reception control device, the
vehicle collision by the frequency analyzing acoustic signals received wave by claim 4 and claim 5 parametric
array according sound, detecting an abnormality such as an accident by by detecting the characteristic frequency
spectrum pattern to road traffic on the abnormal waves such as a vehicle accident of creaking sound, etc. of
explosion sound and the wheels, report to the recording and the traffic control center or the like, road conditions
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monitoring device is characterized in that the information display device to the attention displayed in the
subsequent vehicle.

7. Inclaim 6, the control device after limiting the frequency band of the road traffic on abnormal waves
generated in a vehicle accident or the like by one or more band-pass filter a receive acoustic signals, the
abnormal sound is registered in advance detecting an abnormality of an accident such as by comparing the
signal waveform, recording and traffic control Problem to center or the like, the information display device to
the road condition monitoring apparatus characterized in that to the attention displayed on subsequent vehicles.

8. Method according to claim 7, the control unit will record and store the frequency pattern of the received
wave an acoustic signal, by utilizing the data, road condition monitoring apparatus which is characterized in that
to enable more accurate abnormality detection.
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A BINAURAL HEARING AID SYSTEM WITH
COORDINATED SOUND PROCESSING

FIELD OF THE INVENTION

The present invention relates to a binaural hearing aid system with a first hearing aid and a
second hearing aid, each of which comprises a microphone, an A/D converter for provision
of a digital input signal in response to sound signals received at the respective microphone
in a sound environment, a processor that is adapted to process the digital input signals in
accordance with a predetermined signhal processing algorithm to generate a processed
output signal, and a D/A converter and an output transducer for conversion of the

respective processed sound signal to an acoustic output signal.
BACKGROUND OF THE INVENTION

Today's conventional hearing aids typically comprise a Digital Signal Processor (DSP) for
processing of sound received by the hearing aid for compensation of the user’s hearing
loss. As is well known in the art, the processing of the DSP is controlled by a signal
processing algorithm having various parameters for adjustment of the actual signal
processing performed. The gains in each of the frequency channels of a multi-channel

hearing aid are examples of such parameters.

The flexibility of the DSP is often utilized to provide a plurality of different algorithms and/or
a plurality of sets of parameters of a specific algorithm. For example, various algorithms
may be provided for noise suppressicn, i.e. attenuation of undesired signals and
amplification of desired signals. Desired signals are usually speech or music, and
undesired signals can be background speech, restaurant clatter, music (when speech is
the desired signal), traffic noise, etc.

The different algorithms or parameter sets are typically included to provide comfortable and
intelligible reproduced sound quality in different sound environments, such as speech,
babble speech, restaurant clatter, music, traffic noise, etc. Audio signals obtained from
different sound environments may posseés very different characteristics, e.g. average and
maximum sound pressure levels (SPLs) and/or frequency content. Therefore, in a hearing
aid with a DSP, each type of sound environment may be associated with a particular
program wherein a particular setting of algorithm parameters of a signal processing
algorithm provides processed sound of optimum signal quality in a specific sound
environment. A set of such parameters may typically include parameters related to

broadband gain, corner frequencies or slopes of frequency-selective filter algorithms and
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parameters controlling e.g. knee-points and compression ratios of Automatic Gain Control
(AGC) algorithms.

Consequently, today’s DSP based hearing instruments are usually provided with a number
of different programs, each program tailored to a particular sound environment category
and/or particular user preferences. Signal processing characteristics of each of these
programs is typically determined during an initial fitting session in a dispenser’s office and
programmed into the instrument by activating corresponding algorithms and algorithm
parameters in a non-volatile memory area of the hearing aid and/or transmitting

corresponding algorithms and algorithm parameters to the non-volatile memory area.

Some known hearing aids are capable of automatically classifying the user’s sound
environment into one of a number of relevant or typical everyday sound environment
categories, such as speech, babble speech, restaurant clatter, music, traffic noise, etc.

Obtained classification results may be utilised in the hearing aid to automatically select
signal processing characteristics of the hearing aid, e.g. to automatically switch to the most
suitable algorithm for the environment in question. Such a hearing aid will be able to
maintain optimum sound quality and/or speech intelligibility for the individual hearing aid

user in various sound environments.

US 5,687,241 discloses a multi-channel DSP based hearing instrument that utilises
continuous determination or calculation of one or several percentile values of input signal
amplitude distributions to discriminate between speech and noise input signals. Gain
values in each of a number of frequency channels are adjusted in response to detected

levels of speech and noise.

However, it is often desirable to provide a more subtle characterization of a sound
environment than only discriminating between speech and noise. As an example, it may be
desirable to switch between an omni-directional and a directional microphone preset
program in dependence of, not just the level of background noise, but also on further signal
characteristics of this background noise. In situations where the user of the hearing aid
communicates with another individual in the presence of the background noise, it would be
beneficial to be able to identify and classify the type of background noise. Omni-directional
operation could be selected in the event that the noise being traffic noise to allow the user
to clearly hear approaching traffic independent of its direction of arrival. If, on the other
hand, the background noise was classified as being babble-noise, the directional listening
program could be selected to allow the user to hear a target speech signal with improved

signal-to-noise ratio (SNR) during a conversation.
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Applying Hidden Markov Models for analysis and classification of the microphone signal
may obtain a detailed characterisation of e.g. a microphone signal. Hidden Markov Models
are capable of modelling stochastic and non-stationary signals in terms of both short and
long time temporal variations. Hidden Markov Models have been applied in speech
recognition as a tool for modelling statistical properties of speech signals. The article “A
Tutorial on Hidden Markov Models and Selected Applications in Speech Recognition”,
published in Proceedings of the IEEE, VOL 77, No. 2, February 1989 contains a
comprehensive description of the application of Hidden Markov Models to problems in

speech recognition.

WO 01/76321 discloses a hearing aid that provides automatic identification or classification
of a sound environment by applying one or several predetermined Hidden Markov Models
to process acoustic signals obtained from the listening environment. The hearing aid may
utilise determined classification results to control parameter values of a signal processing
algorithm or to control switching between different algorithms so as to optimally adapt the

signal processing of the hearing aid to a given sound environment.

The different available signal processing algorithms may change the signal characteristics
significantly. In binaural hearing aid systems, it is therefore important that the determination
of sound environment does not differ for the two hearing aids. However, since sound
characteristics may differ significantly at the two ears of a user, it will often occur that sound
environment determination at the two ears of a user differs, and this leads to undesired

different signal processing of sounds for each of the ears of the user.
SUMMARY OF THE INVENTION

Thus, there is a need for a binaural hearing aid system wherein sound environment
determination does not differ for the two hearing aids so that signal processing in the two
hearing aids may be coordinated and the user be provided with desired processed sound in

both ears at the same time.

According to the present invention, this and other objects are solved by provision of a
binaural hearing aid system of the above-mentioned type wherein the hearing aids are
connected either by wire or by a wireless link to at least one binaural sound environment
detector for binaural determination of the sound environment surrounding a user of the
binaural hearing aid system based on at least one signal from the first hearing aid and at
least one signal from the second hearing aid whereby the sound environment is determined
and classified based on binaural signals. The one or more binaural sound environment

detectors provide outputs for each of the first and second hearing aids for selection of the
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signal processing algorithm of each of the hearing aid processors so that the hearing aids

of the binaural hearing aid system perform coordinated sound processing.

In this way both hearing aids may process sound in response to a common determination
of sound environment. Sound environment determination may be performed by one
common environment detector, for example situated in one of the hearing aids or in a
remote control, or, by a plurality of environment detectors, such as an environment detector

in each of the first and second hearing aids.

In the event that the user has substantially the same hearing loss in both ears and the
sound environment is omni-directional, i.e. the sound environment does not change with
direction, coordination of sound processing in the hearing aids leads to execution of
identical signal processing algorithms in the respective signal processors of the hearing
aids. In the event that the hearing aid user suffers from a binaural hearing loss, the signal
processing algorithms may desirably differ for compensation of the different binaural

hearing losses.

It is an important advantage of the present invention that binaural sound environment
detection is more accurate than monaural detection since signals from both ears are taken

into account.

It is a further advantage of the present invention that signal processing in the hearing aids
of the binaural hearing aid system is coordinated since the sound environment detection is

the same for both hearing aids.

BRIEF DESCRIPTION OF THE DRAWINGS

For a better understanding of the present invention reference will now be made, by way of

example, to the accompanying drawings, in which:

Fig. 1 illustrates schematically a prior art monaural hearing aid with sound environment

classification,
Fig. 2 illustrates schematically a first embodiment of the present invention,
Fig. 3 illustrates schematically a second embodiment of the present invention,
Fig. 4 illustrates schematically a third embodiment of the present invention, and

Fig. 5 illustrates schematically a fourth embodiment of the present invention.
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DETAILED DESCRIPTION OF PREFERRED EMBODIMENTS

Fig. 1 illustrates schematically a prior art monaural hearing aid 10 with sound environment

classification.

The monaural hearing aid 10 comprises a first microphone 12 and a first A/D converter (not
shown) for provision of a digital input signal 14 in response to sound signals received at the
microphone 12 in a sound environment, and a second microphone 16 and a second A/D
converter (not shown) for provision of a digital input signal 18 in response to sound signals
received at the microphone 16, a processor 20 that is adapted to process the digital input
signals 14, 18 in accordance with a predetermined signal processing algorithm to generate
a processed output signal 22, and a D/A converter (not shown) and an output transducer
24 for conversion of the respective processed sound signal 22 to an acoustic output signal.

The hearing aid 10 further comprises a sound environment detector 26 for determination of
the sound environment surrounding a user of the hearing aid 10. The determination is
based on the output signals of the microphones 12, 16. Based on the determination, the
sound environment detector 26 provides outputs 28 to the hearing aid processor 20 for
selection of the signal processing algorithm appropriate in the determined sound
environment. Thus, the hearing aid processor 20 is automatically switched to the most
suitable algorithm for the determined environment whereby optimum sound quality and/or
speech intelligibility is maintained in various sound environments.

The signal processing algorithms of the processor 20 may perform various forms of noise
reduction and dynamic range compression as well as a range of other signal processing

tasks.

The sound environment detector 26 comprises a feature extractor 30 for determination of
characteristic parameters of the received sound signals. The feature extractor 30 maps the
unprocessed sound inputs 14, 18 sound features, i.e. the characteristic parameters. These

features can be signal power, spectral data and other well-known features.

The sound environment detector 26 further comprises an environment classifier 32 for
categorizing the sound environment based on the determined characteristic parameters.
The environment classifier categorizes the sounds into a number of environmental classes,
such as speech, babble speech, restaurant clatter, music, traffic noise, etc. The
classification process may consist of a simple nearest neighbour search, a neural network,
a Hidden Markov Model system or another system capable of pattern recognition. The

output of the environmental classification can be a “hard” classification containing one
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single environmental class or a set of probabilities indicating the probabilities of the sound

belonging to the respective classes. Other outputs may also be applicable.

The sound environment detector 26 further comprises a parameter map 34 for the

provision of outputs 28 for selection of the signal processing algorithms.

The parameter map 34 maps the output of the environment classification 32 to a set of
parameters for the hearing aid sound processor 20. Examples of such parameters are
amount of noise reduction, amount of gain and amount of HF gain. Other parameters may
be included.

Figs. 2-5 illustrate various preferred embodiments of the present invention. The illustrated
binaural hearing aid system 1 comprises a first hearing aid 10 and a second hearing aid
10’, each of which comprises a first microphone 12, 12 * and an A/D converter (not shown)
and a second microphone 16, 16’ and A/D converter (not shown) for provision of a digital
input signals 14, 14°, 18, 18’ in response to sound signals received at the respective
microphones 12, 12°, 16, 16’ in a sound environment, a processor 20, 20’ that is adapted to
process the digital input signals 14, 18, 14°, 18’ in accordance with a predetermined signal
processing algorithm to generate a processed output signal 22, 22’, and a D/A converter
(not shown) and an output transducer 24, 24’ for conversion of the respective processed
sound signals 22, 22’ to an acoustic output signal

In the embodiments illustrated in Figs. 2-4, each of the hearing aids 10, 10’ of the binaural
hearing aid system 1 further comprises a binaural sound environment detector 26, 26’ for
determination of the sound environment surrounding a user of the binaural hearing aid
system 1. The determination is based on the output signals of the microphones 12, 12’, 16,
16'. Based on the determination, the binaural sound environment detector 26, 26’ provides
outputs 28, 28’ to the hearing aid processors 20, 20’ for selection of the signal processing
algorithm appropriate in the determined sound environment. Thus, the binaural sound
environment detectors 26, 26’ determines the sound environment based on signals from
both hearing aids, i.e. binaurally, whereby hearing aid processors 20, 20’ is automatically
switched in co-ordination to the most suitable algorithm for the determined environment
whereby optimum sound quality and/or speech intelligibility is maintained in various sound
environments by the binaural hearing aid system 1.

The binaural sound environment detectors 26, 26’ illustrated in Figs. 2-4 are both similar to
the binaural sound environment detector shown in Fig. 1 apart from the fact that the
monaural environment detector only receives inputs from one hearing aid while each of the

binaural sound environment detectors 26, 26’ receives inputs from both hearing aids. Thus,
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according to the present invention, signals are transmitted between the hearing aids 10, 10’
so that the algorithms executed by the signal processors 20, 20’ are selected in co-
ordination, e.g. in case of an omni-directional sound environment, i.e. the sound
environment does not change with direction, the algorithms are selected to be identical

apart from possible differences in hearing loss compensation of the two ears.

In the embodiment of Fig. 2, the unprocessed signals 14, 14’, 18, 18’ from the microphones
12, 12', 16, 16’ of one hearing aid 10, 10’ are transmitted to the other hearing aid and
inputted to the respective feature extractor 30, 30°’. Thus, feature extraction in each of the
hearing aids is based on the identical four input signals so that identical sound environment

characteristic parameters will be determined binaurally in both hearing aids 10, 10"

The signals may be transmitted in analogue form or in digital form, and the communication

channel may be wired or wireless.

In the embodiment shown in Fig. 3, the output 36, 36’ of the feature extractor 30, 30’ of one
hearing aid 10, 10’ is transmitted to the respective other hearing aid 10’, 10. The
environment classifier 32, 32’ then operates on two sets of features 36, 36’ to determine
the environment. Since both environment classifiers 32, 32’ receive the same data, they will

produce the same output.

In the embodiment shown in Fig. 4, the output 38, 38’ of the environment classifier 32, 32’
of one hearing aid 10, 10" is transmitted to the respective other hearing aid 10, 10’. The

parameter map 34, 34’ then operates on two inputs 38, 38’ to produce the parameters for
the processor algorithms, but since both parameter mapping units 34, 34’ receive identical

inputs, identical parameter values will be produced.

This embodiment has a number of advaniages: Usually classification systems take both
past and present data into account — they have memory. This makes them sensitive to
missing data, since a classification requires a complete data set. Therefore it is required
that the data link is safe, in the sense that data is guaranteed to be fransmitted. The
parameter mapping can be implemented without memory so that only present data is taken
into account when generating parameters. This makes the system robust to packet loss
and latency, since the parameter mapping may simply re-use old data in the event that
data is missing. This will of course delay the correct action, but to the user the systems will

appear to be synchronized.

The transmission data rate is low, since only a set of probabilities or logic values for the
environment classes has to be transmitted.
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Rather high latency can be accepted. By applying time constants to the variables that will
change according to the output of the parameter mapping it is possible to smooth out any
differences that is caused by latency. As described earlier it is important that signal
processing in the two hearing instruments is coordinated. However if transition periods of a
5 few seconds are allowed the system can operate with only 3-4 transmissions per second.

Hereby, power consumption is kept low.

A binaural hearing aid system 1 with a remote control 40 is shown in Fig. 5. The
environment detector 26 is positioned in the remote control 40. The required signals are

transmitted to and from both hearing aids.

10
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CLAIMS
1. A binaural hearing aid system comprising
a first hearing aid and a second hearing aid, each of which comprises

a microphone and an A/D converter for provision of a digital input signal in
response o sound signals received at the respective microphone in a sound

environment,

a processor that is adapted to process the digital input signals in accordance
with a predetermined signal processing algorithm to generate a processed

output signal, and

a D/A converter and an output transducer for conversion of the respective

processed sound signal to an acoustic output signal, and

a binaural sound environment detector for binaural determination of the sound environment
surrounding a user of the binaural hearing aid system based on at least one signal from the
first hearing aid and at least one signal from the second hearing aid for provision of outputs
for each of the first and second hearing aids for selection of the signal processing algorithm
of each of the respective hearing aid processors so that the hearing aids of the binaural
hearing aid system perform coordinated sound processing.

2. A system according to claim 1, wherein the binaural sound environment detector having

inputs for each of the digital input signals is provided in a remote control of the system.

3. A system according to claim 1, wherein the binaural sound environment detector is
provided in one of the hearing aids and provides an output for the other hearing aid.

4. A system according to claim 1, wherein each of the hearing aids comprises a binaural
sound environment detector.

5. A system according to any of the preceding claims, wherein the binaural sound

environment detector comprises

a feature extractor for determination of characteristic parameters of the received sound
signals,
an environment classifier for categorizing the sound environment based on the determined

characteristic parameters, and

a parameter map for the provision of outputs for selection of the signal processing
algorithms.
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6. A system according to claim 4 and 5, wherein each of the feature exiractors has inputs
for each of the digital input signals.

7. A system according to claim 4 and 5, wherein each of the environment classifiers has

inputs connected fo each of the feature extractors.

5 8. A system according to claim 4 and 5, wherein each of the parameter maps has inpuis

for connected to each of the environment classifiers.
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Acoustically Transparent Occlusion Reduction System and Method

Field of Invention

The present invention relates to an improved occlusion reduction system for
applications such as hearing aids, personal sound devices, in ear monitors,
communications headsets and hearing protection devices.

Description of Background Art

An electro-acoustic negative feedback scheme was originally presented by H.F
Olson, in 1961 in U.S Patent No 2,983,790. A more comprehensive implementation was

later proposed by Bose et al, in 1982 in U.S Patent No 4,494,074 under the title

- “Feedback Control”. Using headphones, Bose proposed the idea of an electro-acoustic

feedback in the proximity of the ear canal. The concept was later used by Langberg et al,
in 1988 in U.S. Patent No 4,985,925, describing a system functioning as a bilateral
transducer drive with a shunt feedback correction network. Later on in 1991, Langberg
et al, in U.S Patent No. 5,267,321 entitled “Active Sound Absorption” describes an
electro-acoustical feedback system, with the receiver acting as both a diaphragm actuator
and motion sensor. In 1996, ﬁ.S Patent No. 5,774,565 to Benning et al describes an
electro-acoustic feedback subsystem with oscillation prevention circuit in the forward
path of the loop. In 2002, U.S Patent Application No. 2003/0012391 Al to Armstrong et
al, entitled “Digital Hearing Aids System” discloses a hearing aid including an occlusion
processing subsystem.

The occlusion effect is commonly described as a hollow or echoing like sound of a
person’s own voice. The occlusion effect results from acoustically sealing or partially
sealing the ear, or to a greater effect sealing or partially sealing the ear canal from the
external acoustic environment. As a result, the occlusion effect creates discomfort and/or

an unnatural sound sensation. This problem is commonly reported to clinicians in the
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hearing aid industry as it affects a large number of hearing aid wearers (those with mild
low-frequency hearing loss). Until now, there were at least two common schemes to
decrease the occlusion effect in hearing aids, either using a .vent or by increasing the
insertion depth of the earmold into the ear canal. To restore naturalness of a hearing aid
wearer’s voice, vents of up to 3.5 mm in diameter may be employed. These vents need
to be sufficiently large so that the residual sound pressure in the canal due to the
occlusion effect is not significant. On the other hand, a sufficiently large vent limits the
hearing aid amplification due to oscillations created by iaositive feedback occurring
around the loop defined by an external microphone, amplifier, receiver, and path through
the vent back to the external microphone.

The soft tissue in the ear canal is excited by vibration energy propagated by the
skull and jaw due to the wearer’s voice and this results in an increased sound pressur'e
within the occluded of partially occluded ear relative to an open ear. Another solution is
to insert the earmold further into the ear canal to fill the cartilaginous portion of the
canal and hence reduce the occlusion effect at its source. However there are a number of
practical problems relating to the deep insertion of an earmold, for instance physical
discomfort.

While some of the aforementioned patents include methods to alter the response of
the electro-acoustic feedback system, none of these patents incorporate methods to
compensate for the effect that response alteration within the feedback system has on
external signals such as from an external microphone or hearing aid processor. In
addition, the aforementioned patents do not provide a mechanism to prevent the receiver
from overloading by sensing the level of signal at the optimum point, being the input to

the receiver.
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Summary of Invention

It is an object of the present invention to provide an improved occlusion reduction
system for applications such as hearing aids, personal sound devices, in ear monitors,
communications headsets and hearing protection devices.

In accordance with a first aspect of the present invention, there is provided an
electro-acoustic system comprising of: an electro-acoustic circuit including a negative-
feedback loop comprising of: a microphone for generating an internal signal from an
acoustical signal located within or closely coupled to an occluded or partially occluded
ear; a second electronic circuit, (B) for modifying the internal signal to produce a
pfocessed internal signal; a combiner for combining the processed internal signal with a
processed external signal to produce a combined signal; a first electronic circuit (A), for
modifying the combined signal to produce an receiver signal; and a receiver for
generating an acoustical signal from the receiver signal at a location within or closely
coupled to the occluded or partially occluded ear; a third electronic circuit (C) for
modifying an external signal such as from an external microphone or hearing aid
processor to produce an external processed signal; a fourth electronic circuit (D), for
estimating the level of the receiver signal optimally from the receiver signal and
producing a control signal; wherein the processing performed by the second electronic
circuit (B) preferably is controlled by the control signal.

The negative-feedback loop preferably can include a filter that alters the open loop
response so that the real component of the response is large and negative at frequencies
where the occlusion effect can be typically the greatest. Consequently reducing all
signals introduced into the closed loop within this frequency range.

The third electronic circuit (C) preferably can include filtering that provides

compensation for the closed loop response of the negative-feedback loop.
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Optionally the filtering provided by the third electronic circuit (C) adapts to
compensate for changes in the closed response of the negative-feedback loop.

Optionally the control signal can control the response of the first electronic circuit
(A) while controlling the response of the third electronic circuit (C).

The microphone for generating the internal signal optionally can be coupled to the
occluded or partially occluded ear by a tube. The receiver optionally can be coupled to
the occluded or partially occluded ear by a tube. The microphone and receiver optionally
can be combined in a single unit or jointly coupled to the occluded or partially occluded
ear by a common tube. At least one of the electronic circuits can be imﬁlemented
digitally. At least one of the digital electronic circuits can performed signal processing at
a sampling rate at least four times that of the bandwidth of the signal.

In accordance with a further aspect of the present invention, there is provided an
electro-acoustic system including a negative-feedback loop comprising of: a
microphone for generating an internal signal from an acoustical signal located within or
closely coupled to an occluded or partially occluded ear; a sgcond electronic circuit (B)
for modifying the internal signal to produce a processed internal signal; a combiner for
combining the processed internal signal with a processed external signal to produce a
combined signal; a first electronic circuit (A) for modifying the combined signal to
produce a receiver signal; and a receiver for generating an acoustical signal from the
receiver signal at a location within or closely coupled to the occluded or partially
occluded ear; a third electronic circuit (C) for modifying an external signal such as from
external microphone to produce a processed external signal; a fourth electronic circuit
(D) for estimating the level of the receiver signal and producing a control signal from

this estimate; wherein the control signal controls the processing performed by the second
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electronic circuit (B) and controls the processing performed ’by the third electronic
circuit (C).

In accordance with a further aspect of the present invention, there is provided an
electro-acoustic system including a negative-feedback loop comprising of: a
microphone for generating an internal signal from an acoustical signal located within or
closely coupled to an occluded or partially occluded ear; a second electronic circuit‘ B
for modifying the internal signal to produce a processed internal signal; a combiner for
combining the processed internal signal with a processed external signal to produce a
combined signal; a first electronic circuit (A) for modifying the combined signal to
produce a receiver signal; and a receiver for generating an acoustical signal from the
receiver signal at a Iocaﬁon within or closely coupled to the occluded or partially
occluded ear; a third electronic circuit (C) for modifying an external signal to produce a
processed external signal; a fourth electronic circuit (D) for estimating the level of the
receiver signal and producing a control signal from this estimate; wherein the control
signal controls the processing performed by first electronic circuit (A) and controls the
processing performed by the third electronic circuit {C).

In accordance with a further aspect of the present invention, there is provided a
method of providing a negative feedback loop for an electro-acoustic system, the method
including the steps of: (a) generating an internal signal representing an acoustical signal
located within or closely coupled to an occluded or partially occluded ear; (b) modifying
the internal signal to produce a processed internal signal; (¢) combining the processed
internal signal with a processed external signal to produce a combined signal; (d)
modifying the combined signal to produce a receiver signal; (e) generating an acoustical
signal from the receiver signal at a location within or closely coupled to the occluded or

partially occluded ear; (f) modifying an external signal to produce a processed external

Page 0449 of 1001



WO 2006/037156 PCT/AU2005/001506

signal; (g) estimating the level of the receiver signal either direcily from the receiver .
signal or from the combined signal and producing a control signal from this estimate;
wherein the degree of modification in step (b) is controlled by the control signal. The
control signal can be utilised to control the amount of modification occurring in step (£).

5 In any of the aforementioned aspects of the present invention the fourth electronic
circuit (D) optionally produces a control signal using estimates of the signal levels from
the internal signal or the processed internal signal and the receiver signal or the
combined signal.

Brief Description of the Drawings

10 Preferred embodiments of the present invention will now be described with
reference to the accompanying drawings in which:
Fig. 1 is a block diagram of the occlusion reduction scheme of the preferred
embodiment;
Fig. 2 is a schematic diagram of an analog electronic circuit for the electro-
15 acoustic negative fcedback loop;
Fig. 3 is a schematic diagram of an analog adaptive pre-compensation electronic
circuit;
Fig. 4 is a schematic diagram of an analog level estimator and control signal
generation electronic circuit;
20 Fig. 5 is a schematic diagram of a digital implementation of the occlusion
reduction scheme;
Fig. 6 is a schematic diagram of an adaptive IIR filter;
Fig. 7 is a schematic diagram of a level estimator and control signal generator ;

Fig. 8 is a graph of the simulated closed loop response in a Zwislocki coupler;
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Fig. 9 is a graph of the measured response of the effective gain reduction inside a
real ear;

Fig. 10 is a graph of the measured responses from an external signal to a Zwislocki
coupler microphone; and

Fig. 11 is an illustration of the occlusion reduction scheme implemented as an in-
the-canal hearing aid device.

Detail Description of the Preferred and Other Embodiments

The preferred embodiment operates to reduce the level of signals generated within
an electro-acoustic negative feedback loop, such as signals produced by vibration in the
ear canal walls due to bone conduction of a user’s voice. The reduction occurs in the low
to mid audible frequencies, typically ranging from 80 Hz up to 1 kHz, where the
occlusion effect is more predominant and perceptually apparent.

A negative feedback scheme is provided which combines a processed externally
generated signal such as from an external microphone or a sound system with a
processed internal signal such as from a microphone located within or closely coupled to
the occluded or partially occluded ear. The combined signal after optional further
processing is applied to a receiver located within or closely coupled to the occluded or
partially occluded ear. The le{fel of the signal to be applied to the receiver is optimally
estimated either from the signal applied to the receiver or from the combined processed
external and processed internal signals. Optionally this signal level can be estimated
from signals at other points within the scheme. High signal levels applied to the receiver
may produce a distorted output from the receiver. This distortion is reduced by applying
active gain reduction in the feedback path in response to estimated high signal levels
being present. Optionally low signal levels can be detected so that noise inherent in the

negative feedback components such as the internal microphone can be minimised by
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applying active gain reduction in the feedback path. Thus, the high and the low signal
level thresholds for gain reduction in the loop can depend on the dynamic operational
range of the discrete components ﬁthin the system. In addition, an adaptive equalisation
filter is applied to the external signal to compensate for variations of the transfer
response of the closed loop.

The preferred embodiment includes of a microphone to sense the sound pressure in
the ear. The preferred embodiment also includes é novel design of estimating the level of
the signal to be applied to the receiver and reducing the gain in the feedback path of the
loop when this level is high. This mechanism effectively improves the robustness of the
closed loop system by limiting excessive driving levels being applied to the receiver. A
filter within the feedback path of the loop yields the necessary phase and gain around the
loop to generate a phase cancelling sound in the ear without creating acoustic fegdback.
This negative feedback response also causes a sound pressure reduction for external
signals thus affecting the response from the external processed signal to the receiver
signal. As a result, an adaptive pre-compensation filter is provided. The adaptive pre-
compensation filter performs adaptive equalisation to maintain a constant frequency
response between the external signal and the receiver signal in response to changes in
loop respounse.

In addition, the negative feedback response also causes a reduction in external
sounds transmitted through a vent or leakage, thus minimising both effects.

Referring initially to Fig. 1, a schematic diagram 1 illustrates the occlusion
reduction scheme of the preferred embodiment. This electronic circuit can be
encapsulated in an earmold 100 as discussed hereinafter with reference to li‘ig. 11. The
earmold optionally contains tubing for coupling the receiver to the ear. The earmold

optionally contains tubing for coupling the internal microphone to the ear. The
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microphone and receiver optionally can be combined into a single unit or jointly coupled
to the occluded or partially occluded ear by a common tube. Optionally these tubes can
be protected from wax blockage using wax guards. The lengths of these tubes are
preferably as short as possible to minimise delays around the feedback loop, but can be
any length. The earmold can optionally contain an open vent to depressurise the ear thus
reducing the sensation of stuffiness in the ear. Optionally, the vent can be fitted with an
acoustic damper for compensating for the vent resonance that may affect the closed loop
response.

The internal signal from an internal microphone 7 is proportional to the ear canal
sound pressure. This internal signal is filtered in a.feedback loop shown as first
electronic circuit (A) 2 and second electronic circuit (B) 3 to produce the receiver signal
4 output to the receiver 5. The aim is to produce cancellation around the loop, limited to
a given low to mid frequency band.

An analog implementation of the occlusion reduction scheme is depicted in Figs.
2-4 and a digital implementation is shown in Figs. 5-7.

In addition, Fig. 1 shows fourth electronic circuit (D) 8 that estimates the level of
the receiver signal to produce a control signal. Optionally the input to the fourth
electronic circuit (D) 8 can be obtained from the output of a combiner 9 with appropriate
compensation for the effects of the first electronic circuit (A) 2. The response of the
negative feedback loop is controlled by the control signal. The estimated level of the
receive signal 4 can be compared to a reference level which is not shown in this figure.
The control signal reduces the gain in the loop as the level of the receive signal increases
above the reference level. The reference level is set to a level to minimise distortion

occurring within the loop.
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The combined signal within the loop results from a combination 9 of processed
internal signal 12 and processed external signal. The processed external signal results
from a filtered external signal 13. The pre-compensation filter 10 depicted as the third
electronic circuit (C) 10 in Fig. 1, equalises the magnitude of the t;ansfer function from

5 the external signal 13 to the receiver signal 4 so that it is approximately constant across
frequency, assuming a fixed closed loop response. Optionally, the filter in the third
electronic circuit (C) 10 is adaptively conirolled by fourth electronic circuit (D) 8 so that
the magnitude of the transfer function from the external signal 13 to the receiver signal 4
is approximately constant across frequency regardless of changes in the closed loop

10 response.

Optionally the fourth electronic circuit (D) uses estimates of signal levels from the
receiver signal or combined signal and from the internal signal or processed internal
signal to produce a control signal to control the loop response. This control signal can
control the loop response by directly applying gain reduction to the first electronic

15  circuit (A) or to the second electronic circuit (B). The control signal produce from this
arrangement can be used in combination with the fixed or adaptive third electronic
circuit (C).

Analog Implementation

Fig. 2, depicts an analog implementation 20 of the negative feedback loop of Fig.
20 1. Firstly, the internal signal is applied to a high pass filter 21 and lead-lag filter 22 in
order to reduce effects from jaw movements and very low frequency instability in the
loop. The equations for the transfer function in relation to the corresponding discrete
components are shown below:

Jjo-RC,

Hap(f@)=m
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if R, = R,,C, = C, then the lead lag transfer function equation is shown below

_ (R +Ry)+ jo o C, o (2R,R, + RR, + RyR,)
Ry + joreC, ¢ (R,R; + R4R,)

Hipogo10g (U @)
The next filtering stage reduces the dominant transducer resonance within the loop
and provides greater open loop gain at frequencies at which the occlusion effect is
greatest. This is achieved by using a bi-quadratic filter 24, and placing a complex pair of
zeros at the dominant transducer resonance frequency followed by a pair of real poles to
provide low frequency emphasis in the open loop response.
In the arrangement of Fig. 2, if we allowR; = R,,C, =C, , R, = R,,,Cs =C, and

R, = R,,.C; = C, ,then the biquadratic transfer function equation can be computed as

follows

(o) C,R,C + jay[q s CSJ L
) Ry Rs

H bi—gnad (J @ ) =

(jo)y C,R,C, + joo CsRy +C, +L
Rl2 'RIZ

To determine the pole zero placement, the biquadratic transfer function equation

can be directly related to a well known second order transfer function equation.

) @) +2 i@+ @*
K(oy= UL+ 20 jot 0,
*(]a)) +2§pa)pjco+a)p

Where the @, and @, are the location of the pole and zero frequencies. Similarly £, and
¢ , are the damping factors for the poles and zeros respectively. Thus, this relationship

can be used to position the poles and zeros at the desired frequencies with the desired
damping.

With appropriate phase compensation, amplification is added to the loop. The gain
amplification is chosen in accordance to a well-known gain and phase margin criteria

(e.g. Linear Control Systems Analysis and Designs, John J.D’Azzo, Constantine H.

Page 0455 of 1001



WO 2006/037156 PCT/AU2005/001506

10

15

Exhibit 1004

12

Houpis, 2nd Edition, McGraw-Hill, 1981). A loop gain of less than or equal to —3 dB is
chosen at frequencies likely to produce positive feedback. The filtering arrangement of
Fig. 1 shown in Fig 2, produces a gain greater than unity, for an open loop response
between 80 Hz and 1 kHz and less than unity at other frequencies, where positive
feedback may occur. The frequency band ranging from 80 Hz up to 1 kHz is an
appropriated choice as the occlusion effect is subjectively more éppaxent at these
frequencies, as described in literature (e.g. Hearing Aids, Harvey Dillon, Boomerang-
Press, 2001).

The bi-quadratic filter 24 is followed up by a voltage controlled variable resistance
25, referred to as VVR. This control produces up to — 20 dB of gain around the loop, by
controlling the voltage at the gate of the JFET. Thus, the gain across the VVR network is
found by observing that the JFET is series with R, forms a voltage divider, with its gain
given by:

R

. 01

Gaing, = ————
R, + R,

Where R, , is the variable resistance across drain to source junction.

The VVR is followed by a bufferstage 26, that is subsequently followed by a

variable resistor, R,.27. This latter resistor is used to fined tune the gain around the

loop manually. The variable resistor 27 is followed by an amplifier and a combiner 9,

combining a processed external signal 28 with the processed internal signal 12. Finally,
this buffer functions as a voltage controlled voltage source to the receiver, optionally a
class D amplifier may be used.

Referring now to Fig. 3, there is illustrated the precompensation circuit 10 of
Fig. 1 in more detail. The circuit may be used to pre-compensate an external signal 13 to

produce a processed external signal 28. The external signal is pre-compensated with a
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fixed high pass filter 32, a variable notch filter 33, and an adjustable gain control 34.
Note that the notch and the gain are also controlled with voltage variable resistances,
using JFET transistors.

If C,; = C,, ,then the transfer function equation for the notch filter, positioned

between U6 and U7 is shown below

1+ jQ(ZRx Cis )+ (Rwasz ) (ja))2
1+ ja)(ng +2R, )C13 + (Rx-Rowz ) (fw)2

H Notch (.] (0) =

Where R, = Ry, + Ry; + Ry, and Ry, + Ry, is the combined resistance across drain

to source junction of the two JFET transistors. Also note that the amplification at U7 is
controlled by the source to drain resistance at Q5, and the low pass filter between U5
and U6 is essentially switched on and off by Q2.‘

The voltage variable resistances shown in Fig. 2 and 3 are driven by the circuit 40
shown in Fig. 4. This circuit functions as a signal level estimator and threshold detector
and produces a control voltage 41. In this circuit the receiver signal 4 is compared to a
reference voltage 43, shown as v-Ref in the figure, at the negative input of U8 (44). If
this voltage does not exceed the reference level, the current source, made up by BJ3 and
BJ4 transistor pair pulls down the voltage across the RC tank towards the negative
supply voltage, with a time constant equal to the release time. Note that the voltage
across the RC tank feeds directly into the gate of the JFET control transistor in Fig. 2
from U9 buffer (1), resulting in a VVR signal 25. Similarly from U10 and U11 buffer (2)
and buffer (3), results is an inverted VVR signal 35, that is directly applied to the gates
of all the JFET transistors shown in Fig. 3. As the voltage exceeds the threshold
reference level, the current source, shown as BJ6 and BJS5 transistor pair, charges the RC

tank, towards the base voltage at BJ6, with a time constant set by the attack time. The
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attack and release time constants can be approximated by finding the appropriate ratio

between resistors R,; and Ry,.
The voltage across the capacitor C,,ranges from a voltage at the based of BJ7 , say
0.7V or fully charged to the voltage at the collector of BJ3, say -2.8V or fully

discharged, then the change in voltage AV =~ 3.5V, from which the current needed to

produce the discharging rate can be evaluated as follows:

AV = Tud

Discharging I =C, x——————— =
gme ¥ " Release Time

thus effectively 1,0 & 11X L o aping
0.7

Then R,; =——~8.2k Ry =11xR, =91k
T7u

Digital Implementation

A digital implementation of the arrangement of Fig. 1 typically requires the signal
within the loop to be oversampled to reduce the delay introduced into the loop by
sampling. The signal processing performed by electronic circuits A, B, C and D and the
combiner 9 may be performed digitally. The digital processing optionally is performed
by a digital signal processor which is instructed to perform the signal processing.
Various techniques are available to those skilled in the art to perform these processes.
Examples of these are performing the ﬁltéring operations using FIR or IIR filters or
modifying the signals in the frequency domain using the short-time Fourier transform
techniques. One implementation of the scheme described for Fig 1 is shown in Figs. 5-7.

In Fig. 5, after A/D conversion 50, the internal signal is filtered with an IIR filter
51 in order to provide the required gain and phase compensation, with the same criteria
applied in the description of Fig. 2.

In this digital implementation the level of the receiver signal 4 is directly estimated

and the control signal »(#2) is produced by the level estimator and control signal generator
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8 which is shown in greater detailed in Fig, 7.. Referring now to Fig. 7,vthe receive
signal level is estimated with a digital 1% order switchable time-constant envelope
detector. The envelope signal is compared 71 to a threshold value and the maximum of
either the ratio of its exceedance of this threshold or unity is produced. This maximum is
inverted to produce the control signal. As the level of the envelope signal exceeds the
threshold, the control signal shown as r(72) decreases at a rate determined by the attack

time constant A, . As the envelope signal decreases in level, the control signal

increases at a rate determined by the release time constant A

erease » Alternative signal
level compression strategies employing different envelope detector designs well known
to those skilled in the art may be used.

The internal signal, after being filtered by the IIR filter 51, is scaled by the
control signal () to produce the processed internal signal. The processed external
signal is added to the processed internal signal by the combiner 9 to produce the
combined signal. The combined signal is scaled 2 to produce the receiver signal 4 which
after D/A conversion is applied to the receiver 5.

As in the analog description, the negative feedback loop requires pre-
compensation so that the gain response measured from the external signal to the receiver
signal is not altered by the closed loop response. In Fig. 5, the pre-compensation filter 10
is realised as a cascaded IIR filter, with a structural realisation shown in Fig. 6 . The first

filter stage shown in Fig. 6 is a high pass filter, comprising of a zero at 0 Hz and a pole

at fp, the coefficient being a function of the sampling rate, Fs. The second stage of the
filter shown in Fig. 6 is adaptive, the locations of poles f,and zeros f, of the digital

filter are varied in accordance with the output of a mapping function p(n) 61.
Alternatively the damping factors for the poles and zeros can be controlled by two

independent mapping functions derived from the control signal #(#). Fig. 5 shows p(»)
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as a single output from a polynomial mapping function with input r(iz). The
polynomial’s c‘oefficients are found using an autoregressive analysis of the required
compensating response as a function of the control signal r(#).

Any combination of analog and digital electronic circuits is possible in addition to
the all analogue and the all digital implementations described with the appropriate
conversions between analogue and digital formats. In particular, electronic cirquits B,C
and D may be implemented digitally with the combiner and electronic circuit A
implemented in analog circuitry. Furthermore, the processed internal and processed
external signals may be combined while both in a 1-bit format and applied directly to the
receiver without electronic circuit A performing any function or with it simply providing
the 1-bit drive current for the receiver.

Referring now to Fig. 8 the simulated closed loop response in a Zwislocki coupler
is shown. The scheme yields approximately 16 dB of occlusion reduction at 300 Hz, and
18 dB at 100 Hz. The occlusion reduction response is a measure of the level difference
between the sound level in the coupler with the occlusion reduction system active and
the sound level in the coupler without any occlusion reduction. Referring to Fig. 9
occlusion reduction in a real ear is shown. This was calculated by taking the linear
average of the energy in 1/12 octave bands recorded using an in-the-ear-canal
microphone while a subject talked for 2 minutes. This signal was recorded while the
feedback loop gain is maximum, and then again while the loop was open.

Referring now to Fig. 10, three responses measured in a Zwislocki coupler are
shown. These are the transfer functions from an external signal to the coupler
microphone for the compensated 93 and un-compensated responses 92. Also shown is
the natural receiver response 94 employing a voltage controlled voltage source to the

receiver. Note that the compensated response is not adversely affected by the occlusion
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reduction scheme compared to that of the natural receiver response 94. Also similar
responses are derived for minimally open vented cavities with the appropriate changes to
the mappings, filtering and gain equalisation in electronic circuits A, B, and C.

Referring now to Fig. 11, there is shown one form of actual implementation of the
present invention as an in-the-canal hearing aid device 100 placed in a user’s ear 101
that substantiélly eliminates the discomfort associated with the occlusion effect.
The device 100 includes a sealed or optionally vented 102 earmold that occludes ox
partially occludes the ear canal. The earmold encapsulates a hearing aid electronic
circuit comprising of: a hearing aid processor 103 directly connected to an external
microphone 104 and powered by small battery 105. The hearing aid processor includes
occlusion reduction electronic circuits A, B, C, D and the combiner. A separate receiver
5 and an internal microphone 7 are also interconnected. These transducer elements are
acoustically -coupled to the inside of the ear canal with short tubes 108, 109; and
protected from ear wax with wax-guarding devices 110, 111.

The forgoing describes preferred embodiments of the present invention.
Modifications, obvious to those skilled in the art, can be made thereto without departing

from the scope of the invention.
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CLAIMS
1.  An electro-acoustic system including:

an electro-acoustic circuit including a negative-feedback loop comprising of:

a microphone for generating an internal signal from an acoustical signal located
within or closely coupled to an occluded or partially occluded ear;

a second electronic circuit (B) for modifying the internal signal to produce a
processed internal signal;

a combiner for combining the processed internal signal with a processed external
signal to produce a combined signal;

a first electronic circuit (A) for modifying the combined signal to produce a
receiver signal;
and

a receiver for generating an acoustical signal from the receiver signal at a
location within or closely coupled to the occluded or partially occluded ear;

a third electronic circuit (C) for modifying an external signal to produce a
processed external signal;

a fourth electronic circuit (D) for estimating the level of the receiver signal either
directly from the receiver signal or from the combined signal and producing a control
signal from this estimate;

wherein the processing performed by the second electronic circuit (B) is controlled
by the control signal.

2. A system as claimed in claim 1 wherein the negative-feedback loop includes
filtering that alters the open loop response so that the real component of the response is

large and negative at frequencies where the occlusion effect is most apparent.
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3. A system as claimed in claim 2 wherein the third electronic circuit (C) includes
filtering that provides compensation for the closed response of the negative-feedback
loop.

4. A system as claimed in claim 3 wherein the filtering provided by the third
electronic circuit (C) is adaptive and controlled by the control signal.

5. A system as claimed in any previous claim wherein the fourth electronic circuit
(D) estimates the level of the internal signal or the level of the processed internal signal
and uses this estimate with the estimate of the receiver signal te produce a control signal.
6. A system as claimed in any previous claim wherein the gain of the second
electronic circuit (B) is controlled by the control signal.

7. A system as claimed in any previous claim wherein the ear is occluded or partially
occluded by an earmold.

8. A system as claimed in claim 7 wherein the earmold contains a vent.

9. A system as claimed in claim 8 wherein the vent contains an acoustic damper

10. A system as claimed in any previous claim wherein the microphone for generating
the internal signal is coupled to the occluded or partially occluded ear by a tube.

11. A system as claimed in any previous claim wherein the receiver is coupled to the
occluded or partially occluded ear by a tube.

12. A system as claimed in any previous claim wherein the microphone and the
receiver are jointly coupled to the occluded or partially occluded ear by a common tube.
13. A system as claimed in any previous claim wherein at least one of the electronic
circuits is digital.

14. A system as claimed in any previous claim wherein at least one of the digital
electronic circuits uses a sampling rate at least four times that of the bandwidth of the

signal,
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15. .A system as claimed in claims 13 or claim 14 wherein the first electronic circuit
(A) includes a digital to analogue converter.
16. A system as claimed in claim 13, claim 14 or claim 15 wherein the second
electronic circuit (B) includes an analogue to digital converter.
17. A system as claimed in claim 16 wherein the second electronic circuit (B) includes
a digital to analogue converter.
18. A system as claimed in claim 14 wherein at least one of the input signals to the
combiner is a binary signal.
19. An electro-acoustic system including a negative-feedback loop comprising of:

a microphone for generating an internal signal from an acoustical signal located
within or closely coupled to an occluded or partially occluded ear;

a second electronic circuit (B) for modifying the internal signal to produce a
processed internal signal,;

a combiner for combining the processed internal signal with a processed external
signal to produce a combined signal;

a first electronic circuit (A) for modifying the combined signal to produce a
receiver signal;
and

a receiver for generating an acoustical signal from the receiver signal at a location
within or closely coupled to the occluded or partially occluded ear;

a third electronic circuit (C) for modifying an external signal such as from external
microphone to produce a processed external signal;

a fourth electronic circuit (D) for estimating the level of the receiver signal and

producing a control signal from this estimate;
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wherein the control signal controls the processing performed by the second
electronic circuit (B) and controls the processing performed by the third electronic

circuit (C).

20. An electro-acoustic system including a negative-feedback loop comprising of:

a microphone for generating an internal signal from an acoustical signal located
within or closely coupled to an occluded or partially occluded ear;

a second electronic circuit (B) for modifying the internal signal to produce a
processed internal signal;

a combiner for combining the processed internal signal with a processed external
signal to produce a combined signal;

a first electronic circuit (A) for modifying the combined signal to produce a
receiver signal;
and

areceiver for generating an acoustical signal from the receiver signal at a location
within or closely coupled to the occluded or partially occluded ear;

a third electronic circuit (C) for modifying an external signal to produce a
processed external signal;

a fourth electronic circuit (D) for estimating the level of the receiver signal and
producing a control signal from this estimate;

wherein the control signal controls the processing performed by first electronic
circuit (A) and controls the processing performed by the third electronic circuit (C).
21. A method of providing a negative feedback loop for an electro-acoustic system,
the method including the steps of:

(a) generating an internal signal representing an acoustical signal located within or

closely coupled to an occluded or partially occluded ear;
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(b) modifying the internal signal to produce a processed internal signal;

(c) combining the processed internal signal with a processed external signal to
produce a combined signal;

(d) modifying the combined signal to produce a receiver signal;

5 (e) generating an acoustical signal from the receiver signal at a location within or

closely coupled to the occluded or partially occluded ear;

(f) modifying an external signal to produce a processed external signal;

(g) estimating the level of the receiver signal either directly from the receiver
signal or from the combined signal and producing a control signal from this estimate;

10 . wherein the degree of modification in step (b) is controlled by the control signal.

22. A method as claimed in claim 21 wherein the control signal is utilised to control
the amount of modification occurring in step (f).

23. A method substantially as herein described with reference to any one of the

embodiments of the invention illustrated in the accompanying drawings and/or
15  examples.

24. A system substantially as herein described with reference to any one of the

embodiments of the invention illustrated in the accompanying drawings and/or

examples.
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(57) Abstract: A video/audio recording/reproducing apparatus (101) has an internally-mounted stereo microphones (21a,21b) and
an exlernal microphone connection terminal (32). The external microphone connection lerminal (32) is connected (o binaural mi-
crophones (3) to be attached to the cars of a recording user (300). In a casc of collecting ambicnt sounds by usc of the binaural
microphones (3), the user switches the audio signals to be recorded in a recording medium from the audio signals obtained from
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recording user (300) attaches the binaural microphones (3(31a,31b)) to his ears to collect sounds around him including sounds gen-

erated from an imaged subject. A camera part (11) images the subject. The binaural audio signals, video signals obtained by imaging
the subject, and binaural flag signals are recorded into the recording medium.
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Y25 27al Rl —DOMEREEH OB IIR—/F &ML, T ORBAZE I
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262" T 7 HAR—IF ¥ ETF27biL, KI26D I aAN—IF 4 BT 2Tal i
LT, TANHZ272a~272d R T ANHZ275a, 275bDRDVICT4NF#278a, 278
bR T 4NH279a, 279b% A2 DR THIEL TEY, R AFIELRR- TS, 7
OAMN=7F ¥ 2F27al 3T AN F R EE T 4 — T 4D —FRIOFIR (finite impulse r
esponse : f BRA 7SNV AIRE) FE CRELL TODDICRL . 7HAMN—=7F %2527
bIZTZANZ R AT 4 — R\ ZTIDFIRF THERRL TV D,

B[261233V VT, HPF271b, 271ckV &z mlk & s 8o 15 514, FIR
D74\ 5278a, 278b, 279a, 279b K UNHER274a, 274biZEo T/ AR~
7% VBB SIS, MRS E R E 6 TRO b7 4V Z R
L T4NHF278a, 278b, 279a, 279bNDKRUARWGLIEEBICHMS L, 7407
278a, 278b, 279a, 279blI A IENDIE HAZENEND T AN Z Rt B A A
AT B, 7uAN—7F v 2T 27bic XA i E W R CWiARlE BavE
C2WESNC U CEFBRABI T 52V R TI/RAN 7% ¥ 27 27al FFRDOIE
IRETET D, H261TR- T IRAN—IF ¥ BT 270D H AR 251" 7 AR—
7% 2727al OB M7 AN EDREEDIR<THTLNTE, L HIRAL
TED, 728, FIRBOT A ZDORDYIZIIRH (infinite impulse response : MR-
PSIVRIRE) DT ANEEFNTHIY,

B3I R FRERUZIBNTIL, 7R b—7F% %2527 (£721327a, 27b) Z Al
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Ara7rayYORFIIE, JaAN—IX ¥ £T27, 27a, 27TbDOHEE Tl HIER4
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EBEINT, VM= TIlE > TEBRTHIENTES,
<A~YRT7 4 FAE>

LTAT, HBICAT MG E F R AZEE 10 1ICBWTiE, A —T 4 51k
W26V IENDEFIE B2~y RT74 TORZETEBINCL TND, /A /) —F
NEFEFE~YRT7+ TR 5581203, BiRUL727aAb—2 33 AT
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E102%77L, ZOMRREEBEIZ W THB 5, BISITRLIZH 1 DR IER BB
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S201H bV T, A7 7S207 TRedkA & TL TR (YES) . HFF R — A4
B33 TOUIEK 772,

B31iZ, H R — LIBT3 3DMD RGN 2”4 H F A — 2L FHE33a% /R L
TWD, EH O FE BT U CRRASZ B B LT X9 i E 5.2 515
TR R B R B AT el | WATERL L COWERD X — LT v 7 ISEEH L T
RS TD3b B BEA ITBER L2 IR U b, SBICERBREH T 5 FE 55%
BT 52 TED, M3UNTRTHE R A—LUBEE33aiT, ENEOEF(E 5IE
WERGR SR DI 5 K% 5 2 DBRMAER e B AR L IO IR LIcb D TH
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FEL WD,
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HFIE T D720 O ER S E TR L CTR<, DO IMaER SIS
T LRELND S DR EIE57-0 DB THY , SRR SRS 2
HEE L OB Lo Tk ED,
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B EE ER— O/ 5 AT, BHARETER3361L, MAR335TAB SN
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BRI DRE o LEFIDFRZEL ThIW,
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X 32% VT, (AR FIRE TR 35725 DR LRz E BB O I E 7 DV T
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BB EEE R, X 161/R U7 BEHR E BASCR E SE 1 6 L b LT, 7

R ER65ell R LTIcv A=y 65a, 65bDRDVICT I—~ R A(768%
FANTWBE, R, AL — IR EL DAL —H63, 640D— FDHLELT(ZITE
A —H63%MH ) FI—~y R A2768DEHHIAEL TWOAA THELTWS

K332 I~~~y R~ A768DWHIX % 1T, FI—~yN~vA7681%, BN H##
$1682a, 682b% (25 A LIH681MD HiE683a, 683bD A O FIZv A7 2=yh
684a, 684bZHLELI=HDTH D, K16 (C) ITRLIZF I—~yFwA7691%, HiE
693a, 693bD BERD N DD E I Y T OB~ A7 2=yF694a, 694
bEELEL7=HDTHY, #I—~yR~A768TiTHiE683a, 683bD A LT HIC~
A72=yh684a, 684bAHELEL TV DR TH I—~y R A769LFEL TVD, 72
B, BE . I ~oFeA7LE, K16 (CRTIIICHEEI3a, 693bDRED
NDOBEDALEINE Y T HILE IS A 2=y N694a, 694bEELE T HHDEV D
3, HAiH#A1682a, 682b% {25 A THI681D HiE683a, 683bD A A UTHIT
< AV1=v1684a, 684bEBLEL-K33DLDOGHE _EFI—~y R A Z7EFRL
TV,

FI—~yRA768% HVDEZ LIzl AL — 1631 bDE % HiE683a, 683

bIZ B ERIRPNTZ A ) —FNEFLL TEFTIIENTED,

K32ITREY, 7=V F N a—F6 LIZEVBIZIEA L 7SNVAF IR B EE
FEAERT 5, WERE SRR 2 THIRINS, AL — X630 bRE SN HIE
B BIEF I~y R (768D EF DV A7 2=} 684a, 684b TR EIND, ZF
L TEBIIZEA DIE B3R HIER66a, 66b THIESh T/ —YF Lar ' a—46
LZANENS, =Y F N B a—F6 LIIER LI EE B %S LIE 5Ly
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BT HILIZEY, F 3=~y R=A768DBHEMAERSN (1), h () &RDS, B
HUREEBIEh (O IFERO~ (722916842 TOR BIF BT LD RDIFHHHAE
BI%, TSRS () A RO~ A7 2=h684b TORFIE HIckykwk
SEHAR RIS T D, AL —H63LHI—~RvA768LDEEMEDA | #]%130. 5
m, 1m, 2mREDINIREL .. ENENDEHEDIZIIT DM B & NER K
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B134~[¥391Z., K321 R LB a2 B BGRB8 6a CRIE L CRbILT-BH
B BB DRFIEE R,
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BED 3 50ecmDBFAZEMD A2 = b684a TR F SN Th D, MEHhit
LSRR (BE) Th5, ST <hY, EAILE R 48kHZz ThD
15 B DIER KO TRLUTHD, X34 (B) 1Z 34 (A) IR TAL 7 IVAISE BT
BNV FNa B a—F61TT7 =Vt U CTRLN I JH MBS E R THD, ]
DS JE B AL (Hz) THY., HEli SRk TH o,
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FEHTL CRD N JH BB E Rt Co o, JIESRIFITIKIB4LFRIC CTHD,
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B, 72, ARMEHRE TITHMDAO0. 5m, 1m, 2m&L7228, EHICELOHREICE
WTENTOREZ RO THEL, DO 0. SmIDbEHILThEW,
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BEBSEED, AT v/ S212{7T, A—MMEHRM L2533 1ITIRIERASDIERIEIC
JISCTHAERBA7 THONDA —MERER T2, A7y 7S21312T, REFE L
332/ R — LERITIG U UREBEATY 334 RSN B E DR ERE O RO
WENERBINT 2050720, A EHIER337 TOMRELR TR o ZHMHL
72055, B o LU TII AR E TOEERERZ X — AMERTRL THELIS
EZOFEANTHIWL, I EAHRECORMER X — AMERCRL TSIk
DOTERLIZAETH-THEVY,
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331% 2 BB 13D FBRITERIT TV D R BFHEL TV D, 2B, 41Tk, ~vF
T B5L~yR T+ 55D T CooHE = 10 T-37cDBIRZEIEL T
B,

B 7 IR PR B 103D BIEIC OV THI 5, $RIEEASHIRIES I,
BRFAT CARREN DI AFE 11OV XEEBH {E Bi3 AT 1 1EX— MMERRB
33T END, X —MERRILEI3 LT, L RXEEBA(E B OX— 2510,
R—DEEE, LY RBREIR R & AT L C R — MER A T2, RIS X —2A
AR T A — MERIFERIILEI 13T END, L ELEB13IIRF 5 bk
BIE B L RS TFIE B A ) —F N TFTE BT TR — MERIE Wb L H
635, ik HABLAIA— L REHRL % T2 BIWE 54 iR AR 441250 &
T2

Tk AR 1T A 44 IS 2 2 BAME A RAL., SEHMEE151F
A LBABIE B L AT TR 5L\ /=T N T TG BT TR — M RIE

|



WO 2006/054698 39 PCT/JP2005/021247

[0143]

[0144]

[0145]

[0146]

[0147]

Exhibit 1004
Page 0521 of 1001

WHIMET D, A—MERFRITE X —LUHE33bIZANEND,

BJ42/3F 75 X — DAL 33b D BARAY 2B T D, KA21T7R T LI, HF
R BHLPEET33bIEIXI 290D 7 A — MUBEER 33 L it L T, X — A 5= H 4833
IBE DTSR ENFEE338a, 338bICANIENBIE BV uAM—0F ¥ &T
27TOWINEE THH R THEL TS,

B421Z 3BT, FRBCGR 33 213 0 BEMEE 16 THBES N CTA IS A — MM
RAE WA AV CRIEHEIERRS37 CAIME B A2 8IE T DAV AR5 o ZF T
%, MAZR3351TA—FT A A EEALER26 DA S1EN B /) —F N EFEHEM
H45, EMIER337IIMAER3350 DM IE SRS A INER3320 0 AT
SNTARE o ITIRC TR T 5, N5 ER338a, 338biX/AR—IF ¥ 7270
DO INEH LI EIEEZR 337 DO HIRIE L E MR T2,

LIAT, IATEILLIZBIT DR — LA E F 2 IXDSPEAVWTY 7 =T 12 ko
THAAHLUTETIE IR 0DD, B HA— DL EHARIATORAICIER
— DAL Z L ERDSPOAE S BRRF M 2 e O D MBS 72U, DT | FidiRg
IZDSPIZ &> TR LT R (E 5 DRGELABRPBMEE 5 DFF b, Eloiditd
Hil 722 & DG B E + 3T THOZ LN TED, H A — LR A RHIATHIZE
IZ&D, DSPCORR TEMRA— LUBRODO T2 O FALIRICEI 24 ChL T, fid
EATH D OFEARH AR R THLVOREAEBRRET DR ENAERET 2L T
&5,

X431%, X420 % 7 A — LAHEHE33bIZRI LT, XI31LFEE, EFmOEHE
BRI R % 5 2 DI EREE B AL LT LT B 78 A — DL 3
3cERLTWDG, 575 R — AALER33cid 5 7 A — L ALERER 33b L Ll LT, B3
1325333, (REBEEATEY334, BAIAAFHAZE336 3 BMEN TWH A THIE
LCW5, BEEEE#E333. (ER AT 334, BAAHERIII6DEEITINS
LEFERRTHY, HHEEIET 5,

LBADOEN L >

B4R HAD R RO Y & ek A EE 1041, EF DA —LT

TR R R AA D T A RF SN B I RV FEY CITH IOBHL 72b D TH D,



WO 2006/054698 40 PCT/JP2005/021247

[0148]

[0149]

[0150]

[0151]

[0152]

Exhibit 1004
Page 0522 of 1001

S | R — MERIG S i R 441 RS QO WAL, IR 593 E =

ZE2THAELIMMEE B2 AR EFR DX —LT v 7 UBEITIHD ThHD, HEER
FHBICEDFE TITOHE T DA —LT vy 7 A~ = a TN A — LML EFR T

BIEET B,

BAAT AR TR 75 BC R AR SEE 10413, B B Rtk AR 2EE 103 L
T A= AEREHEEIBLPEMESI, F A — LLAERE33b DDV ITH A —
LIVERES33d A X TV D AUTHIEL TV D,

HIEH SO RIELAST IEL To=a T A FE B R — L2 TIN5, il
BATIIR— LT v 7 HlIE 5A 75 R — SR 33IC A SIS D, H A — A4
HER33dII R — A7 7 HINE Bt o T —T A B Ll 26 Tl B-&h oo
J—INEFEFITH L TR =L 7y S UEE T,

B45i3 3 A — LALERHE 33dD BARHRE B TH D, KASITRT IO, HF
A —LALVBEER33diE, X420 A — 2B 33b e LB L T, HIFEIERA7THHDA— A
Ty TR BB A N END A — MEFR 33 1a25iRIT b, FAEE 332
(I B 1 52 b DA — MERIFH TIIRA— BB HH#R331a THRLTZ
A —AMERIEBREA I L TND R THEL TVD, OO IR — 2B 33
bLRBROENETHY . HHEERET D,

X46% AW THAD IR IBICRIT D=2 T VE A — MBI OV TEDIT
BT B, KAGITRWT, AT w7 S22 T, MR35I HAEL THOZ/ o
J—INEFE B DERDEFENALUCNEREESE2HD, A7 v7S22212TC,
AT IIRIEBA8IZ Lo TEHEF A — MERP A BN ENEHET D, A
Ty S222TH HA—MERNPAESNIH AT (YES) . AT vy 7 S2231Z80,
AIEENZ2D T H/AIE (NO) AT 7S22615#5,

LA —DMERNABEENTZHEITIIAT Y7 S22312 T, A—MMERHER33
lald R — L7 v 7EHE Bz SV TR — MERE RT3, 279 7S22412T,
FREC I ER 33213 X — Mg R HIBE33 1ad b A N ENT- A — AERICESNV TR
o 2T T2, I o 1. FIRAHEBEE ORI BN S Y DT OB
BoBAGATOTHLI, 2T v 7822512 T, %4 o DEZF-Z IR S



WO 2006/054698 4 PCT/JP2005/021247

[0153]

[0154]

[0155]

[0156]

[0157]

Exhibit 1004
Page 0523 of 1001

EIZTEH T2,

ZLT, R7 w7 S22612C, AIZEHIEER33TITMAE BSIcff#ia ZRALCa
SEET D, 2B, AT v 7S223~S225F R TCVRWAIT, A% o 1ITFFH A
—MMERN ] ETHRIDBETHD, AT 7 S22712C, MHAFR338a, 338biiru
ARN—TF ¥ BT 2TIZES TIUAN—TF X B VAU SN TS S —F N
FIERIE S a SEMA TS, AT v 7'S22812TC, Ay FSw2 K U7 H i 7
3TbENLCAT Y/ S22T CRONTIEFIE BEIL 1T 5, 27> 7S22912°C, il
HEATIIFAENE T UL EPEHEL, & TLTWRITHIX(NO) , ATy 7522
LIZHRY, & TLTOHE (YES) | AABREHE T3,

K EF5DENEHIES

A7 3T SD EMEH OB F P iCiR AR E 10513, XA—LT v 7 5H
B &~y R 742 55 TRIET DO GBS E R L T\, MATIR TS
FRCER T AEZEE 10512, XIA1 DM E FRCER AR A E 103 LI T, HH A —
LA 33bD ROV IZE F A — LI 33e & 2 THY, HF A —LAHEER33
e NENTEEFEBEE RN T-37c2 LT~y R 7455 ~LHEL T
WD RTCHEL TS, ~YR74065121E, 70AMN—7F ¥ 8F527I2E> T/ A
b2 BN B CRLT | B A— S 33ell ko TA—LT v
RBREHE TR A ) —F NS T BRI 5,

4811 75 A — LUFRH 3 3e D BRI BB Th B, FH 75 A —LALFRHI33e
(X420 75 X — DALBEER33bE L L T, MAEER338c, 338dANEMEN TS
FCHEL WD, MIFE3338c, 338did, A —TF 44 526 TH B L THL
NS =TGN E AR BT IR 33T I SN TR — LT vy 7 EFH R
EME T 5, MHAEZR338c, 338dIE>TMAEENT=~yRFT7 4+ ZHEFR & 51E Bt
FR IR T-37chR ML Ty R 74056~ GEN 2,

P LU E 2~ B0 R IRIZE AR — LT v 7 & FEZOFARIILL
TOBEYTHS,

AATHLLORFARTARICRESI, X —AMEFENNINFEITITNFE335
TINASNIAS BT HIE R 337 THTR I Ng\ Vo) | HIEE 591, E=452



WO 2006/054698 42 PCT/JP2005/021247

[0158]

[0159]

[0160]

Exhibit 1004
Page 0524 of 1001

(ZFRS TR (E 5 LHRiE # 300% T 360 £ D E H{E 5 & AL —A153, 54T
HAELESREE TOEFESLEHETL10d, HEAEZTARICREL
T A CHHEF A IL60 R E CTh D, HEEH 5L, BHROHIF A LEH(E 54%E
HLIZBs DA EFIHE OET LY, oS 521 RRENSWEEN LR THEN
RRFTHNODWLTHITEF THOLRIMTHEA VDD, THITHL T, Bk 4n

B HEA=LT7 BB SN FE 71T, g8 3001 L CIEA E HD
BHRSEMIEL CN /) —INVEFEBICNRE T 570, bk iEshE
FEREB, ZoT, RIEE SN T EF THBLRIM T HIL a2 L L, tHIE
5T 1K HEH L IR CEBIGERED S RWESROSH D E FE %152
LIRTTREER D,

L E6DIENEHTE>

B49, K507 T HEO6D KRB OB G 7 iR AE LR 1061%, F1~%5
DEEIIED LHTNIBEAT LA A 721831 ) —F N A7 3% % 1T TT2b
DT BEDATVABEROVAIE N )—FN~<v A7 L ERTAEL
ERL TS, X413 586 DI HeH B & 75 Rk i A= 35 1E 106 DSBS 1]
Zon T E X THY . K50 MG E 7 FRER AL E 1060 B2 P R B 2
R T uyZHTHD, K49, K501\, M1, K3EF—OHEEL A+ DL
IR~ B EAL, ZOBRHEERT D,

BIANTARF IO, B LR A 25 10613 _LEIZ~ 17 31e, 3LIZHE
T B DOV A 7B 35a, 35bL~vA731e, 3LTHHINT-~vA72—R310e
» BLO[Z LM D — IR 34 %Al 2. TV D,

K492\ T, v AZ731e, SUEBHWTEHEDOATLAEHFICTESTTIHRAIL
\ A 3001123 1e, 31IE~A/HEH35a, 35bIZHEL THEE T D, 731
= NEFROEFEITHHANL, MEL 300132 —NIHE 34 b~ A7 —R3
10e, 310{ZFEML T=A731e, 3LIA H302ITEEA L TEETH, BB i
P ELEE 10613~ A7 #E T 35a, 35bICHEIND~A731e, 31 TS
BURUZpW R R A 975, S8R I GE L CBME T 221> F (X5
ODAA»F SWATARY) DAY /A 712X, Mt = insk AL 10613~ 123

|



WO 2006/054698 43 PCT/JP2005/021247

[0161]

[0162]

[0163]

[0164]

Exhibit 1004
Page 0525 of 1001

le, 313 ~A7HEE35a, 35bIZHBEIN TWOLEPERINT 5, v A7HE
#B35a, 35bIZHEII TWDNEPDORRILITIZIUCIRESNDZ&IT4L, BT
<A231e, SLUZABES IV TODKABADDRAET DRSS R — N R TR
EHE T2 TRIT5I51ICL Ty,

BARIIZIX, IK50IZBW T, Ay FSwatd, vA731e, 3UMB~AVHi B 352
, 35bIZHE SN TVVRIT TG Tel TR L T 7 IRBBERD = (7316, 31N
WESHTOIITE T ISR L T KRB LD, MiEmMR IR 1ald, A/ F Sw
AP T-elTHEEREL TVB 230 T-HCEHREL TWANIZ Lo TvA731e, 3UNVAY
B 352, 35bICHBEN TWBLELEHRT S, RERHEA1alck 5
B2 AT~ RSB,

HERHE41a58, v(731e, SUBRHBIN CWBZEEFRBLIZGAIZIE, <
A731e, 31OTEE DATLAEFTEITV, HIEEATIE, AR S LA %R
10673 —< L E— R COMITRHG LT e @ EZ1T5 Lo R RS & il 32,
O, wA731e, SUOHENIKSIZBIFBNEAT L A~ A721 L&Al TiHY
VI ERAE AT NA /=T N TR ThEIEE R T A ) —FNTITIEE
BARRLR, —7F, MiEkiHB41abd, v(2731e, SUBTBEBIN T VRN ES
M U725 A1CiE, fREA 30003 A2731e, 31L& H302ICEEEL TNA/—F)1
EETDINA)—TNE—RTHHERRRL, HIHRATIX, M =ik i AR 1
067334 /—F VT — R TOWE NS LT Rk B EA1TH LB B A5 4 il 5
Do ZOHR | 77 IR RAERE A2 R4 T I LS E SN /=T
TR EERT D,

EODEMFRETIL, ~A731e, 31f, A7 [EH35a, 35b, i EMHER41a,
HIAERRAT D 2RE LT, HHEEEETHA7LL T, EHR O HICEEA T A
P=INSAVEER T D033 ) —=IN~ AT LUND~ AT EAFE AT 20280 %
HEEEZEEL TEIEL TS,

ZZT, KB 1E AW Ca— RIS 34D O — Bl OV T 5, K51 (A)
(32— NI 34% L ID0 Rz NEEE THY, < 2=—R310e, 310fiZH
3435 H 35V — 34118 & HT b T g, 51 (B) iZ=r—RIU#EE34%



WO 2006/054698 44 PCT/JP2005/021247

[0165]

[0166]

[0167]

[0168]

Exhibit 1004
Page 0526 of 1001

THEARIDD R NEEE THY, V—/L 341D NERIZITIEIR DR TV 7 342035
ADITWD, wA2731e, BLUMAAZEEE35a, 35bITHESNTWDNENE
R AROVIZ, ETAIUTMZ T, V341 OREEAZR T I LIz LD N
A —=FNE—RTHAPEPERHL THI,

LETOHIERTE>

B5217R T B 7 ORI RO MMEE F iR A EE 10713, £EL TRLN
HHEE B R B AR ISMERE T BRI A ) — TV~ A 0% VTR AR L
TWB, 52128 T, B1E[E— DR 3 DR IX R — /52 AL,
ZOHPEEIET S,

B521ZR T, BT FEgR AR B 10 71X, 1D~ A 7 #Efd T-320
ROVIZIEBRIEZZ 3% 2, /3 ) — TN~ A7 3DROVIZIERAL A ) —F
N<A738% AV TEFIEREIT), WL 30013, R AL MG A S DI
MR SA ) —F N~ A7 38ETHERCEERS LA D~A238a, 38b% H302(ZHAL
THEETLHILICEY, (72— R ESNAT LRI EITOTLN TES, £t
VBRI 3008, IRLZRWESH D2 NIZIDIREH FIRELR D,

[ 53% [V VTGS 7 Ak PR AR 2B 107D B RRIC DWW R 75, K531
BWTC, K3EFR—DMEEE A T ORI CIIR—/F &AL 2ORPZE %
5, MBITR TG E F LB P A E 1071, [M3DMHR & 75 itk i A 25 10
LEHEBRU T, SN~ A 7 BEfeiili T- 32 ] UMk H 4 1 DRI D IR 1652 15353
%A 2 TWD R THIEL TS,

HERRATI, BRI S A ) —F N~ A7 38 EEBE AR LT E DRIz H 5 ¥
WL, MERRIESZ B MO IR NS A ) —F N~ A7 38BN A ) —TNETFE B
ZAET AT, AT Swlh i bl S & TIRAL A ) —F N~ A2738%>
A ) =INEFE A —T 44T S 221G S8 D, ZO% A HlEE4
T, 77 ERERRIERA23 3 ) —FN T FME BRER T DI TS, Fi-.
HIBEATIZ, BTN A ) —F N~ A 7 IS ANRD LT E DIERER B2 5 L4
WILTZ 3B A1TiE, A0y F SwlE i FallER S, WBAT LA ~<A2721nb0DR
FUAEFE TEA—F A LR 221t S8 5, ZDBA . 7I 7 T RAER



WO 2006/054698 45 PCT/JP2005/021247

[0169]

[0170]

[0171]

[0172]

[0173]

Exhibit 1004
Page 0527 of 1001

HA213 A ) —FNTF TR BEERLIR,

B 54T IERRIL A ) —F L~ A7 38 OERREZAZH 39D NEE AL &R L,
FNHLOEHEIZ DWW TR T3,

53T IHNT, RIS A ) —F <A 738D~ A7 38alt, v A7 2=y k38
1, (777382, 6%fE2=vh383, 777384, BiE 5 RIEH 385% 1
TSN TS, ITREEIEL TSP, v 738bit, HiHE 552 385%
A TRV LISIMEI A7 38a AR DR Th D, IERREZIEH391T. E2(F
=9 h391, A ZHELR392, BEHERIEH393. i@IE W REME N HIEHR 394, BiE
S RIEH395, TV T F396% 2 THRHRIh T\,

~A238a(38b) D~V A=y h38LINA/—FNEFEEEER TS, v A7
T 738213~ A7 2=y R381ID A ) —FNVEFE BEME TS, ERfE=
=y h383iE~A7T 7' 382N LD A ) —F N EFE T EFTEDEEH
FRICEOVERL CT 7 F384% S LCRET D, BiHE B-RIEH38513% R T
BIERRLZ I R3O EANE B R (Z HE 395 TSI, % E 2 =391 K UMk
ZAE2 =383 ML TSN E B2 BB EE 2R ET D,

TR ESZABH 39D T > T F 39613 EEA D~ A2 38a, 38bLRIESNDOEFE
BEZET D, EZEL=v N39OI B LZERE TEERL T/ =I5
ERENT LI, BFE T ORAEE I OMELRET D, HRENER393
ERES NGB DR & IR RS E 39 DI A A ) —F L~ A
7 38E T HRERHERE 5, 12 7T HE B PV & 3941 I HE E S T IS @ (5 7T
HEZRFTE DERBELAN TH D E DG HE T2, 1815 FIHEE ) 2 ER 394 D) iEf
RITHIERSATICHHRE SN D, HIBERA7IX, HEE S A7 BEHEAS B 15 FTREZ2 T E D IR
BELLN THIITAA v F SwlZ il -bICHSR S, 777 HRAEMIA2H5 31 /) —F
NI FIEHEERT BIOHET 2, HIEEA 7L, #EESh - BN @(E vrde7e
FTE O R 8 2 D A IIEAN v T SwlE i Tall B S w5,

GG 5 RIGER3951%. &5 FrREEE I E 394 CTHEE SH 7= FEREDS 1815 FTHE
TRPTE DREREE B R DL B LT a B E T2 T 5, BEE S 3HEH4
TSN D, HIBATIIE S~ — 22 AL TR LTICHHEL <, Kol



WO 2006/054698 46 PCT/JP2005/021247

[0174]

[0175]

[0176]

[0177]

Exhibit 1004
Page 0528 of 1001

IZPTEDE N~ — &R NSED, vA7HEER3921TEE(E T RIEHI5TE
EREAERLTOARWERIIERIC A/ —INEFEEMELNTWDEHIEL,
ERE2=yR3IUTTHFAL THONTZAA ) —FNEFE 5E. AMyF Swlk
U TH—T A A T 221635,

5512, MEHRALNA ) —F )~ A7 38 K UM & 7 atdk PR AR 2EE 107 Thadinns
BLFROPIEIRY, A7 38alli3FIEF (A —F (LED) 386% Sl I &4
TR 38R B QD LED386ICITEHE B R M 385 ARSI
PAZ B AMIEETL, EAEE BT SV TLED386 1% S (F721354T) 9%, LED
386 RIBITIN A T, FIILED386 3 ROV I G HE AR A S THLW
o ZOBEITIT, B EN A7 =9h381 TRIESHRV LD (ZHEShIZVED
) EEEDOL ANV ENSUIY, B5E O BB 235 HHz LU T OAKJE 3
BELT0TDZEMMFELYY,

(g BRIEER3951T, FAREL A )T~ A7 38 HHRO M Trx 41815 7 iR
Bz T2 L E LG E B SHE B R AR T 5, KS5ITRT LT, MR 1
=T NA73I8EIE R Z B TR BRI TIZ T E O~ — 28
FZARESND,

B5613FK R TICRRENDE G~ — I Ol R L T\D, K56 (A) IR
H—2171alk, B{5 (A) IRLIe A/ —F V< —2171 R XEIR ERTEAR
LzbDTHD, 156 (B) 1o R T8 E~—2r172al%, 5 B) IRt ~—2172%2
L—FRLEEbDTHD, Bili~—rLLTIEX56 (A), B)WFho~—2ZHn
THEL RIS D~ —TE N TH L, BERREIToITb ) bhb T 1%
BRIEZAZHIITORAZTE A BZAZRIALL T &0 LB ESNDHA I, HHE4
TGRS A ) — TN~ A7 38R AT L A A7 21~V 2D,

X 57% VTGS il A KB 107TOBEIC DWW TELIZHIA T3, K57
IZRBWT, A7y 7' S25 LI T, A 7I1Z A /—F NV E— R ThoHENEHIE
T Do AT T S251TCHAA /=T N E—RCHLLHESN2TIUX(NO) , AT
S253ITT, &k FAEM14INERT LA~ A7 21 TESE L TBRH DATLAE
FE B TR 445 B, AT Y7 S251T/A ) —FNE—RTHHLHE



WO 2006/054698 47 PCT/JP2005/021247

[0178]

[0179]

[0180]

Exhibit 1004
Page 0529 of 1001

SN (YES) A7 w7’ S 25212 TR ZAZ H BT MARAL/ S ) —F L~ A7 3
SMBDEIEE B EZETD, AT v 7S25412T, ERERIER 393135258 D
BE (ZAZHRE) [T SV TR EZ S H 39D IHRAL A ) —F L~ A 738 TD
PR RN 95, A7 v 7S2551T°TC, M5 v RE R PN HIE F8 394134k H L 7= BB DS
FTE D BEHELLIN CHHODEDEHIE T 5,

AT 7 S255THTE D EMELAN ThH L L ES 2T X (NO) . AT v 7S257
(C, A 70k, B R R 030 GRER) THAOENHIE L B R r
BIt230 THIIXAT v 7' S300IC TEEE T2 R ET DIIEEE T RIEH395%
W45, BHESORER, 2T Y7 S254ICEYFCAHIA VIR T, AT 7S
25712C, BEFORIEHOR0TRIFAUZE (NO) , 27 7S258127C, il #Er471x
ISR REF Rt T ED I R KR tmax a8 2 72 3B 2> E L . B Rl tmax
L QORITHIE(NO) . A7 7'S300I28Y ., FRRICT v 7' S254I2 RS, ik
B ltmaxZ B2 QUL (YES) . AT/ S25912TC, HilfHIER47 i, SEAL A ) —
TGN AT IBPLNEAT LA A 721~ Z DL AN F SwlZHIHEL, &
HE B ORELAFILTHIOEEE SREM35LHIET 5, £L T ATy 7 S25
38D,

AT v/ S255 CHTE D HERELIN ChHLHIES AT (YES) . AT/ S2561CTC
VA TIE, BEE S REMISPELE SERET THIUL, BHEFDR
A B AR IEF DI OEEE S RIEM395& M T2, £L T, A7 v 7S301ICT, ik
A1 AT RS ) =T A 738 TEEL T/ —INEFE S 2L
BARAAZFLG T D, AT 7 S3021T°C, HIHERA7IE, LA T OBIENRENTZ
DEPHIEL, i TOBMER I TWRITIUIZ(NO) , 27 v 7S251IZREY,
FRERHE T OBMED 2SN T (YES) | B #E T35,

PEZE ORI H AT HEt:

AL, RERMOETAIAZORZLT | EBMOETAHAZIZEB TS, #
BT MR LR OB DE A AT D LS ER MRS R iR A R
(S C&D, iz, BIEBEMREL G 5T VAN IATRHE I EIRICHE A T&
B, SHITIE, AFINIMGYE 5 L FTFE B LORFEITREM A T DM 7 ik



WO 2006/054698 48 PCT/JP2005/021247

FAERBIZHOTHE THH, HHE 5 ORE LA OF sk i AR E
ZHWTS TS IZBRATH D,

Exhibit 1004
Page 0530 of 1001



WO 2006/054698 49 PCT/JP2005/021247

FER O
[1] PEEERGELTZBE BL. it T AR EDN S %2 5 T4 (300) D
SIS ZEE L E 7 E oL aitik T o A ReiRdgiE (101, 102, 103, 104
105, 107 ITHBWT,

RS RERG T DI AT (11) &,

FUEAEEZEE T~ 2L T, B4 (300) DHIZEATH/ M /—F
N A7 (3) BAEA T B ) =TGN~ A7 (3) PO~ A7 %A T B E 0
2DV EEZIE (Swl) &,

ATRCA AZH (11) KO A SHZBIE S A B 3587 A0S (12) &\

Wit E S 2B S T2 A7 IV IS B E B A AT A4 —F o4 AL
w(22) &,

HTRCEIVEZE (Sw I Lo TRIFLEA G 2B 5o~ A7 L THIRL A/ —F
N~ A7 (BNTEEEZ TR, Bt E S LR E T DEOEF T —RE/ /) —
INE—RELT, A/ —=FNT—RTHIILERT A —FNT I TG HEERK
THTTTIERAERI (42) &,

BIEEE T A JABEES (12) 12 X0 CALBRE NI B G 5 5 LRITREA— T A A LR (22
MR TSN & B - LRIFL AN ) —FN T T 75 77 L i g R I Figk 3
BRoiEER (14) &,

Al 2 TR RRL 722 LR RFM S T2 808 A ik 3€1E (101, 102, 103, 104, 105
, 107),

(2] BIFE MRS 7 U (101, 102, 103, 104, 105, 107) ICHESH TV DA
<A7(21)&,

SR~ A ZHEReR T (32) &

BIRCAME~ A ZH5es 1 (32) 12kt L T3 59M~ A2 2L T, Bl S/ —
INSAT ()3 ) =TGN~ ATUND AT D ERET DX EFS (48, 47) &,

RITEEANE~ A 7850 T (32) IS~ A 7 SRS QOB B B R 351
ReR S (41) &\

RIFEA—7 A SRR (22) (o fbta 328 FE 5L L T Bt~ 12 (21) &Y

Hil
Hil

Ll

Exhibit 1004
Page 0531 of 1001



WO 2006/054698 50 PCT/JP2005/021247

ST B E LRI~ A7 L0 SN IR 5 LIV 2 DA A
F (Swil)é,

BIRCAXE TR (47, 48) IZL > TRIFLIMIB A2 B3 A ) =T N <= A2 (3) ITFRES L
+ BT FeBEeA R (41) 12 Lo TRIREAME ~ A 78kt 1 (32) IZAN~ A 7 h3 e
ENTVWAZERRIHENTZLE | & FE—RNERIFE M/ —F T — N3 B
A7) EEfE A

RIFOHIEES (47) 13, F AT —RDHIFL A/ —F VT —RDOLE | HiFA YT (S
w1) BRIFCAMI~ A2 KO IS B SR Ried — 7 4 JLHER (22) 1t
T BIIRMREAA T (Swl) VLRI 7TFe > 727 18 WA RS (42) 2371
A = INT IR TR AR T DI T T 7 G MR (42) 3 52L
ERHEE T DFE R ORI S 1 IR doB 8 75 il #gEE (101, 102, 103, 104
, 105, 107),

(3] HIFCH ATHER (11) IO NS 7= AE S 2R 2FRRE (17) i %

FHFHET—RHIEE S S —F VT —ROLE, Hife R~ (17) (TR S /—F L
E—RNTHAEAZEERT A ) =TIV~ — T2 RARSELRAHIHEE (47) % 2 722
EERHERE T BRER OGNS 1E ISR OMUE S = iisR IR (101, 102, 103, 10
4, 105, 107),

(4] RTRCAATES (1 1) 1 XRATREA G M2 JERL TR 2 — MMERER A L.

HIRe M/ —IN~ A7 () ICE o THERESNIEFE BRI AT (11) 128
BIERRITET THANG 355 75 X — MUBEES (33) Al 2 1o LA e 57k K
DOEPAE T FLR O BG & 7 il E (102),

(5] RIRCAATES (101) IR SR IR L TR T2 X — M REE AL,

BIRE S ) —F N~ A7 (3) BEETHEFE B OB IR ARRICZ & BT
SR AR FIRE LT D720 OIS BRI B2 B A AR S IR L iR 2 B 2 0
O RS TRRE T AR ATY (334) & ZOEEBEKAEY (33
4) IC RSN B OB EBE OV TN BRI ATE (11) 12381 BHEKR
FISC TRIREICIS T 2B AR (333) &\ BiFt M/ —T <A77 (3) 1Tk
S THEESNEFE T IS TR B (333) I TS BB {5

Exhibit 1004
Page 0532 of 1001



WO 2006/054698 51 PCT/JP2005/021247

B%A B AAL B AIA L E AR (336) L&A 95 5 A —LALHEH (332, 33c) %
i R T2 Z AR L+ DFE R OFIASE 1BUCFER O MG 77 RLiE . (102, 103)

(6] WHERERGLIZBRGIE S L. Bt G R REbheF 2 iR+ (300) D
R P A LTl S B LA i T DR Rl @\ T IR BN\ T

BIRCH G E R 4 27T > 7 (S1565) &\

R RS 2B E T 5~ A7EUC, HiriiRE#E (300) D HICEEAE 3551 /—F
N=AT B) BT B0NA ) —FN~ AT UND~ A7 BT E0ETOEZD
TWORZRT 7 (S1561) &,

RIREH AR AR LIS B2 U2 T A UER T 7 (S156) &,

HIFCE AT EEE TV A7 IV IS E R E B2 AT 54— 7 + A JLE R
Tv7(S156) &,

BIRCEIVEEZ AT 7 (S151) I CRIGLE IS L R & o~ A7 LU CRlRe/ A/ —
FNA7 () ITHVEEZ T=35AIC, it A E L EE T 2ROE R E—FE/ ()
—INFT—RELT, M/ —FNE—RTHIIEERTNA ) —FNTIFTEFEHAE
T D7 T ERERAT Y7 (S158) L\

BIFEE T A FAT > 7 (S166) 12 TSRS /M5 5 LRiRLA— T A L8]
AT w7 (S1566) I TSN E G 5 LRTRE A /=T N T FIME 5 LA TSR
R (44) ICREF T DRERT 7 (S161) &,

R T DT LARHUE T DG E R I,

[7] WERERBLBBIE T L, ATk G OR DN E &2 B T iREH (300) D
BAEEZEE LB FE S LIl ik (44) Z AT 2B E 75 A
#E (101, 102, 103, 104, 105, 106, 107)IZBWT,

Al RC e AR SRR R SN 7= GG B A AT DA (14) &,

RITRE FAEEE (14) I Ko CHA SN BiTAL 3R {E B0 DRITACIMEAE B L RiTR T
1B R RN 0 (15) &y

BITRC S BEALAER (15) 12 ko THrBES M- RTFE S 5 2 LB 32 7 A LR (1
6) &,

1}

il

Exhibit 1004
Page 0533 of 1001



WO 2006/054698 52 PCT/JP2005/021247

HIRE BB LS (15) 12 k> THBES IV RiiL & F 18 B LB § 24 —F 148
Hh(26) &,

BRCACEIL R (44) 12, BIFCE ST 2R E 5~ 7 LU CHIFCRE S (300) DH

\IEE T ) —=IN~ AT EERALT2Z L a RN, /=TGN T T T Bt da&
NTWBEE HTE S/ —FN TG BRI T577 7 IH M (36) &,

BIRE T 77 1H SIS (36) ASEITFE/ A /—F N T 771G BB LI L& Biftd
—F AR (26) IZ Lo BRI N - RiTEE S 5 A2 AL — 4 (53, 54)Icko
TRELEHRAICRET DA 2E B EATHMET JORREE =5 T 20T 5
IORN—IX YT (27) EEMZ.

BIRCZBAN—=7F % &5 (27) TR E FE F IS L TFORD =T 1V 2Rtk
EEHPIALTANE (272a—272d) AL, Hire74/VE R, BIERE 52 MR
TG RIZES U — RO A7 TCEELLEFEFER W CGHIIL B 5 R
BB DW= T AN Z R TH DT L R e T 2B 75 A 25 (101, 102
, 103, 104, 105, 106, 107),

(8] WHERERG LIRS S L, AT SRR Eb e 2 T4 (300) D
JEIDHE 245 Lo iE 71 B L SRR S NI FRgR ik (44) % AT DM s A
FIEIZBWT,

BIFCRCERIL A (44) ICREESIoRBRIE B2 M AT DHAEAT Y (S181) &,

WIRE AR T v IS CHA SN2 HTRERRE B0 DAl (3 5Lt & 18
TLETMET DM EART > (S183) &y

HIFL DB EAT > 7 (S183) IC CHBES M-I R(E B2 LB 451 7 A LB
AT w7 (S184) &,

HIFE B EAT > (S183) Ik > THBES N =R & 78 B & LB 354 —F
AFERAT 7 (S184) &

RTRC R (44) 12, B A S 2EE T5 7L L THIRLHGE 4 (300) D H
WEEE T DA =TIV~ A7 () AL e 2R T A —F N T T 715 5 D35
BINTOBEX WIS/ — IV T TR EERGT 5777 I AT 7 (S

186) &,

Exhibit 1004
Page 0534 of 1001



WO 2006/054698 53 PCT/JP2005/021247

HIRE 7 77 T BAT 7 (S186) IZ CHilfe M/ — I N7 575 BE BRIz
x| BIRA — T A UBRT > 7 (S184) I CALBRE /- B & 75 B &AL — 7 (
53, B L > THEFLI-HA KA T DI/AN—213 SEATHE T IO &~
BB 570 N—0% v BNVAT Y7 (S188) LEHL,

HIRL ARN—7%% 2 RIVAT > (S188) IXHTFE S 18 BT L T TR
TANEFRME B ISR AT Y 7 THY | BT AV FReE, WIELE 5% MR TS
ERICEE L e — RO~ A 7 CHEE LI ETE B2 IV CEHIL TS xR 4L
ICEE DN T ANV BRI THD LR E T DM E T A .

Exhibit 1004
Page 0535 of 1001



1/57

WO 2006/054698 PCT/JP2005/021247

(1]

31b

Exhibit 1004
Page 0536 of 1001



2/57

WO 2006/054698 PCT/JP2005/021247

[142]

300

Exhibit 1004
Page 0537 of 1001



Exhibit 1004

Page 0538 of 1001

101
J
Y P
955w !
b B 105 7 |
‘ A1 < BT ! L
) R oy = E7—:7|' . Ej_:;r e :
P = ke E{ES [ | wEim | E |37
/-'2‘I /_J22 % gi a4 16/ ,_/26 %—@/55
A=F4F| {%_,g_,ﬁ%_,#—?wr
wEem T E R 5| st
L 36
754
whar
_4 | _a4 <
7224 a5 :
HRERS gk | EEEBA

(el&]

869¥<0/900T OM

LYTITO/SO0TA/1.Dd

49/€



4/57

WO 2006/054698 PCT/JP2005/021247

[1344]

| IHRE — BFF |

A1 o AN ONSL/ =T W
o/—=%

Exhibit 1004
Page 0539 of 1001



5/57

WO 2006/054698 PCT/JP2005/021247
[¥5]
~ 2
~17
171
)
_ D
- ~
- ~17
B) 172
\_ J

Exhibit 1004
Page 0540 of 1001



WO 2006/054698

[146]

(A)

(8)

Exhibit 1004
Page 0541 of 1001

6/57

302

PCT/JP2005/021247



WO 2006/054698

[47]

(A

(B)

Exhibit 1004
Page 0542 of 1001

7/57

PCT/JP2005/021247



8/57

WO 2006/054698 PCT/JP2005/021247

(18]

(A) (B) (9

Exhibit 1004
Page 0543 of 1001



WO 2006/054698

[149]

Byte position
number

Exhibit 1004
Page 0544 of 1001

9157

PCT/JP2005/021247
T 01 2345 9 1011 oo 8182 89
RIHA ID A=T4F = NFE
a—-F| 3-FK Aux A=T4AT=Y NUT 4
Byte position
MMl 55 6 e 90
Aux0 | Auxt | - Aux4

7
4

/

Bite number /

/

amber 76543210

BOfE

1N/ =50755 *¥
0:"1/=5N75Y #7



10/57

WO 2006/054698

PCT/JP2005/021247
[3410]
-~ Volume space _
Volume and File Vi
structure DVD-Video zone DVD others zone
VMG VTS #1 VIS#2 | -+ VIS #n
Control
Date VOBS
VOB voB |- VOB
CELL CELL |- CELL
VOBU voBuy |------ VOBU
5 b b b b Katseh MR I he e e Ko he
SEEEsEEoE St
Zl<bbEEal<Bl b Ealds
=747

2
;{:5;1% RLT<5755%

Nyyay4 ’f\’fjjyt“

Exhibit 1004
Page 0545 of 1001



WO 2006/054698

[X11]

Exhibit 1004

-

11/57

Volume space

PCT/JP2005/021247

-

Volume and File

DVD-Video zone

DVD others zone

structure
DVMG DVTS #1 DVIS #2 | -~ DVTS #n
DVTSI DVOBS
DVOB DVOB |- DVOB
DCELL DCELL |- DCELL
DVOBU DvoBU |- DVOBU

Page 0546 of 1001




WO 2006/054698

[X12]

Exhibit 1004

12/57

PCT/JP2005/021247

WY A g Hsn T
R FREREINT
WaHh?

YES

~5153

Y ~S5154

N/
NE {-a

INIL230h5
ERET3

ABAT LA 22105
DEEEEENETS

|
v

7493i mmmbxﬁéné

~5135

5156

-~ S157

Y

N)=5N75VEREERT D

5158

FE{Lmi&(E ﬁc‘:ﬁﬂt_fé E8¢&
N /=575 EBLE
2ELTS

5159

Y
Nry MER MY - AEBEERT S

5160

Y

DT — 4 BICLHEG44(C
)

~ 5161

Page 0547 of 1001




WO 2006/054698

[X13]

Exhibit 1004

( Bta )

Y

13/57

FB%ED

RRMBUEBEL, RRY—A

~5181

L.

-

Y

ARY-4fF

SEE5TD

~-5182

Y

ENHTS

ETHES. A-T 1 4{ES,
N/ =2NIS50EFENEN

~—5183

Y

EF*ES. %

E5ILT S

—T4HERE

~S5184

Y

FNENOERLES s —RaET 3185

Y

NI=5V7S5TEEERETS

~5186

N/ =FIvip?

-7 1 AEBE

S187

NO

PCT/JP2005/021247

BWICTS

JORM=0%v v 0B E

~5188

Y

~ 5189

Y ~S5191

RARBLETS

C74ES, -7 ERE

LFARBEA—F(F
REERMBLETS

Page 0548 of 1001

<

Y

BETREETH
ELEHHNT

5190
£8. A—-F41AEBIE



14/57

WO 2006/054698 PCT/JP2005/021247
[1414]
PL(t) Pr(t)
i ) I -
! 212a | 272b 272¢ | 212d |
o |
! hrs(t) =hio(t) ~hro(t) his(t) I
| 274a |27ab |
: |
57 J dity [~27oa d() rv275b|
| |&Frv3a 510 &5 v >3 [-51b|
" 7v7 7v7 i

~ -
~ ’
~ ’
~ -’
N ’
~ ’
~ ’
~ ’
A 7’
A ’
N ’
~ ’
~ 7’
~ s
A ’
AN s
~ -
N s
~
4N
4 A
4 N
/ Ay
/ j \

Exhibit 1004
Page 0549 of 1001



15/57

WO 2006/054698 PCT/JP2005/021247
[415]
6

[ G T .

H
o
63 66 :

~ 2

|
65247 "\ 65b -
Pty R APr) 66b
L 6e |

Exhibit 1004
Page 0550 of 1001



16/57

WO 2006/054698 PCT/JP2005/021247
[[=16]
65a 65b
(A)
65¢
TN
N
65e
(s 65e d
®) 65b—0
~

/4 691

Exhibit 1004
Page 0551 of 1001



17/57

PCT/JP2005/021247

WO 2006/054698

[17]

(478°0CX) [l <—

00S

(f78'0CX) [l ~—

(f27802X) Elsy <——
00S

0062 0
» By
mﬂ
Wp €))
(@180ZX) [y ~—
00§
B
" hﬁv whH% rmimmsisotrfl
L0
My (Q) @
(180T X) i ~—
008
B
g WW o
L0
ORLT () 3y

)

S <« ygum

()

Exhibit 1004

Page 0552 of 1001



(A) 20 hls(t) (B) 20 Elo(t)
g 12 ) A A w\w\ g Ig !
L i W - ek &
g 10 $odB - — W B _10 YoaB - X m\,\w
-20 t -20
- - 100 1000 10000
30 100 1K 10k (H2) 30 100 1K 10k (H2)
© 20, fs® (D) 5o firo®
10 10
g 0 - : A"\/\ ! ._w.\\”\v }él:\ 0 NAL
% _10 ¢1DdB T . % _10 ¢1[)dB Nl o
B B
~30 100 1k 10k (H2) ~30 100 1k 10k (H2)
d(t)
(B 30
20 |
i e \
% 10
g 0 11008 : RRART
ﬁ Y
-10] - \\f )
-20
100 1k 10k (H2)

Exhibit 1004
Page 0553 of 1001

[81P]

869¥<0/900C OM

LYTITO/S00Tdr/1LOd

1S/8}



Exhibit 1004

Page 0554 of 1001

his(t) (B) hio(t)
0.2
\ i i
N i |
500 : 1000 -0.2 : 500 : 1000
500 0 500
— B (X20.8 7)) —> 5 (X20.8 4 #)
hrs(t) (D) hro(t)
0.2
| T ]
I ik i
i)
500 : 1000 -0.2 : 500 : 1000
500 0 500
—> R (X20.8 u ) —> B (X20.8 )
(E) T g d®
i
[
=36 2500 5000 7500
0 2500 5000
— B (X208 1 70)

[61k]

869¥<0/900C OM

LYTITO/S00Tdr/1LOd

1S/6}



(A)

RIS

Exhibit 1004
Page 0555 of 1001

hls(t) (B) 0 hlo(t)
-10
T g i t/\ﬂ. };l":‘ 10dB - F\W'
» ! v % =20 y
y10ds - | I B 30| |
| t -40
100 1k 10k (H2) =30 100 1K 10k (H2)
hrs(t) (D) 0 hro(t)
-10
X el 2 20 $1088 W\v
ﬂqu | \rf \ H 30 “\
‘ B 0
100 1K 10k (H2) =50 100 1k 10k (Hz)
dt)
B 60} }'
50
I |
B 10 110dB
S A
10 i i
100 1K 10k (Hz)

[0zp=]

869¥<0/900C OM

LYTITO/S00Tdr/1LOd

1S/0¢



21/57

PCT/JP2005/021247

WO 2006/054698

[421]

(ZH) R <—
A0l Al 001

(N AN

W

94
(HMg0TX) [l <——
01 001 0
L ___,_3. Iy
il
(@HM0TX) [l <~—
051 001 05
" _5,,

(ZH) BEE ~—

01 il 00l
D
apo1 }
ﬁ_~ ; . W I
i /A ol
£ e
URE ) | ,
e
(A"80TX) [ ~—
051 00! 05 0
- _ _ | _
0 Mﬁ éﬁ)q
!
Q@
(AM80CTX) [i <—
051 001 05 0
"y
c wh.ﬁm ;Pé} aj__
' 1
(@

2Ky

0)

T

)

Exhibit 1004

Page 0556 of 1001



(B)

—_—

T
(—]

i e

Exhibit 1004
Page 0557 of 1001

0 50 100 150
— B (X20.8 1))

ey ‘w\ o e et o
0 50 100 150
— > B (X20.8 1)
Ca
A
10dB N L

100 1k 10k
— B3 (H2)

(F)

0 50 100 150
— M5 (X20.8 )

T

i

=

0 50 100 150
e B (X208 H)

Fe
TS i
T g N
v ’ 2 NH |
Fd~/
100 1k 10k
—> k% (H2)

Fedl

869¥<0/900C OM

LYTITO/S00Tdr/1LOd

1S/ee



PCT/JP2005/021247

(ZH) BHE <—
A01 Al

’ o

K

}, % .2

TN

(f78°0TX) By <—

23/57

051 001

(@M80TX) Hi ~—

01 001

WO 2006/054698

[423]

(ZH) WHE <—

%01 Al 001
A i
)
H A i’ |
g e , i
g - e
WIENE)) \ Y Q)
2)
(@Mg0oCX) Hlsy =——
om_ c@— o“m c
3 i
i 0o %
! |
(3) (q)
(78°0TX) [k <——
om_ c@— o“m c
g - E
I 3£:<¢>. 0 %
! '
(1)) \)]

Page 0558 of 1001

Exhibit 1004



(B)

& 0
i

(@)

PRI S

Exhibit 1004
Page 0559 of 1001

NMLMMMMMMMMn
V W W W=
; 50 100 150
— B[ (X20.8 1 #)
“Mflluk IS
L
0 50 100 150

— B (X20.8 )

Ca "
NS N AT
\ i vy \NWWWWH

Al | \

$10dB
b+’

100 1K 10k

— ik (H2)

(F)

FEIED ST

nﬁ PLE AM'
VTP
0 50 100 150
— B[ (X20.8 1 §5)
0 50 100 150
— 5/ (X20.8 u )
Fe |
N J 1“
/\/ s "Ww ) il w
oo gl
100 1K 10k
— K% (H2)

[Fel=]

869¥<0/900C OM

LYTITO/S00Tdr/1LOd

1S/ve



25/57

WO 2006/054698 PCT/JP2005/021247

[I%]25]

| EF ¢y 018 s ) ke |
707 77 !

N e
~ -’
~ -
(N s
N v
~ ’
~ e
~ .
~ .

s,
AN s’
~ ’
~ -,
~ -
~ -’
N ’
N ’
Nz
RN
’ N
4 N
/ N
s i \

Exhibit 1004
Page 0560 of 1001



26/57

WO 2006/054698 PCT/JP2005/021247

[4]26]

PL(t) Pr(t) ,2Tb

" hies(®) " his(®)

|
|
|
|
hio(t) hio(t) |
|
|
|
|

EFv ozl
77

< ’
~ -
~ ,
~ ’
N ’
~ ’,
N -
N s
N ’
N v
. ’
~ -
~ .

~ .

~ .
N ’
~_ 7

~-
N

, \
/ \

’ \

’ j \

Exhibit 1004
Page 0561 of 1001



27/57

WO 2006/054698

[¥27]

il

\

ik EBLET S

5181

Exhibit 1004
Page 0562 of 1001

"y

NTy AN —AT-5%EFTH

5182

*ES,
vz

EF Ha=.
NJ)=3) Tt

he

o

4
]

eNmii L

\
F—F
29
NET

~ 5183

E7 7

\
5. A-T14ES
EHtT 3

oy

Xt

5184

4

ENEFNOESILESE-HILETS

5185

Y

N4/)=-SN759EBERIETS

|~ 5186

A-T1TERR
N =3)ip?

PCT/JP2005/021247

5188

SOAM=9F+ /B E
BAICTS

<

Y

EFAESCRALTAH-T 1 455
EAE-NBETD

~ 5189

5193

—F 4 HEEE

ANy R7+VBETS

£, 1-7 (135
FELHEHD?




Exhibit 1004
Page 0563 of 1001

13 14
~12 S
ET4
was [ ||
22 % ;%
heep k) BRYANE
He1LEs w| | &
2
| 757
REREES
42 144 -
7254 e e ?
EIEEEA | |HIEE
1A RHD ik B | fsape
T - | | A

54

(821

869¥<0/900C OM

LYTITO/S00TA/1.0d

1S/8¢



29/57

WO 2006/054698 PCT/JP2005/021247
[[X29]
.................... _4‘;’.33
ir _331 N
, . Z— L% {%ﬁ
AT D —t— > B .
| RIS L P |
@ |
| (s
. | 335 {337 | ,
gﬂz’fa k > o CES ‘ > ALy F
%ﬁfﬁﬁﬁz{g || MEE I g _ﬂ_;.g}sm(
| > + I
|L 3380 |

Exhibit 1004
Page 0564 of 1001



30/57

WO 2006/054698 PCT/JP2005/021247

[430]

Fia

\

y

LROEEZMET S ~—$201
S=L+R

Y

A-LEEERIETS ~ 5202

\

B8 o kD3 ~—5203
Y
MEESSI ¢ £ %75 5204

A

LROZNENL astmEts [5209

Y

DREGMIIEET S ~5206

5207
RERTLED?

YES

Exhibit 1004
Page 0565 of 1001



31/57

PCT/JP2005/021247

WO 2006/054698

[I¥31]

|
|
|
|

wE wgy | «

Fla wvwg [ FEE | ML
1667T oge ] GEE~

nxx || wew || mwe || zww || .

BEY [ | BN [o| BY 5y oy [ T Lo
pEE~ €€e~ {37l 1€~ |

Exhibit 1004

Page 0566 of 1001



32/57

WO 2006/054698 PCT/IP2005/021247
[32]

6a

I— S 62 T

c |

s

. |

o ; |

| | 684a 5 |

L 684b !

! p.(t)gpr(t) 66 |

A |

Exhibit 1004
Page 0567 of 1001



33/57

WO 2006/054698 PCT/JP2005/021247

[1%/33]

68 681

Exhibit 1004
Page 0568 of 1001



34/57

WO 2006/054698

PCT/IP2005/021247
[1%34]
T 0.2
B “M MA e
¥ Y
< 5.2ms S
-0.2
250 500 750
— B (X20.8 7))
(A) 1 VRV AISE R
T e N f‘s, a\f\ﬂ \‘1 W A"\
e AEAVAY / W

Ft\ // . /b\ i w H

& B R RN TN N0 O T S vt ¥ Vi

L&

k4 %

A
10dB
Y
100 1k 10k

— BikE (H2)

(B) AR EE
BARR R BRI (t) D=0.5m

Exhibit 1004
Page 0569 of 1001




35/57

WO 2006/054698 PCT/JP2005/021247

[%35]

T 0.2
i
]
< 5.2ms N
-0.2
250 500 750
— B§R (X20.8 1)
(A) 121NV RIEE R
I e e u/ i\,/’f\/\/\lﬂ" @n\ﬁ \;
. Pel \ !
5
£ |
Al
10dB
Y
100 1k 10k
— iR (H2)

(B) ARBISE
BAEMEERS &hr (1) D=0.5m

Exhibit 1004
Page 0570 of 1001




36/57

WO 2006/054698 PCT/JP2005/021247

[[X136]

0.2

—_—

0l
P
¥

W B 3.2ms

A
Y

-0.2 ;
250 500 750
— B (X20.8u )
(A) 1 VRNV ARERR

);"- M N ""\//r ’_,\N‘/\Mﬂ A h’!mf'\
gu ) el N W \,t'; mt“(‘ ﬂﬁ\,\
e " el
: y il

A

10dB
\

100 1k 10k
— BiEH (H2)

(B) Biksucstst
FAEMEERIENI () D=1m

Exhibit 1004
Page 0571 of 1001



37/57

WO 2006/054698 PCT/JP2005/021247

[5437]

T 0.2

Hol
.
]

- 5.2ms g
-0.2
250 500 750
— B (X20.8 u )
(A) 1V RIVARBE R

i T ’I A
g [ \Jw M\n o ‘/”\/J\ y
L " Nelioe
Anns i

A

10dB
yi
100 1k 10k

—> BRH (H2)
(B) Bkt

EEMTZRHhr (t) D=1m

Exhibit 1004
Page 0572 of 1001



38/57

WO 2006/054698 PCT/JP2005/021247
[[4138]
T 0.2
i
i |
]\’
- 5.2ms .
-0.2
250 500 750
—> B (X20.8 $)
(A) 11V ARE R
I o i
% T W Vs .;Im P«/‘W g J"\
't't // \\\_"___ ,J
A~ :
10dB f
Y ;

100 1k 10k
— i3 (H2)

(B) EixBusEist
BEAMZZRIHNI (t) D=2m

Exhibit 1004
Page 0573 of 1001



39/57

WO 2006/054698 PCT/JP2005/021247
[139]
T 0.2
iR
2 B!
"
L 5ams
-0.2
250 500 750
— B (X20.8uf))

(A) 4 RV RIEE R

i P
#gé i AVE AR i
I
i / WA W
A Rkl [
10dB )
\
100 1K 10k
— RE¥ (H2)

(B) Eiksnsestt
FREMEE R Ehr (t) D=2m

Exhibit 1004
Page 0574 of 1001



40/57

WO 2006/054698 PCT/JP2005/021247
[1%40]
C wm )
LROESEMET 3 5211
S=L+R
Y
A— MEBERETS ~5212
A
EHarkDD ~5213

i

MEESSEY e oRERBsAs [521

\

FeCBUNEESSERETS [ 20

\

LROENENNBESSENRTS [ o210

A

RHBA4ICRET S ~S217

5218
RHERTUED?

Exhibit 1004
Page 0575 of 1001



Exhibit 1004
Page 0576 of 1001

103
L -,
| [ |

13 14 15 o
{ §
| e7
e
167 26
e ~
¢ N T=T4F|_
2V 1% | B msns
EEm gl o3
& L 5 [
nEi
36
| 754
BERED
{44 <
52 | Emam~ |

(T3P

869¥<0/900T OM

LYTITH/S00Td/LDd

L9/\¥



42/57

WO 2006/054698 PCT/JP2005/021247
[1142]
S _;’32
!_ 332 ]I
ey
ﬁ%ﬂt&fﬂS&U—J‘—* ﬁ;ﬂﬁ - I
' > a AE
|| M wes [ 33a |
I : e \
- E | |
AT At [E—pnah—o 1 5| 2497
2@},’1{5% {75 > Frot7 > | _L>75}5wzz<
27 | |
|
B |

Exhibit 1004
Page 0577 of 1001



43/57

PCT/JP2005/021247

WO 2006/054698

[1%43]

_I ........... agee 00 1
j |
|
_ VIMS | B~ _ LR/t [« g (19C
m um\..;\KANT G—4Y04G < Nv.wuwm_mhww
_ _ e~ B
+ )< e e e e — 1
| egee wag || sEw | ]
j 1 gk [T vwey [T FHEE | |
1557 % 9ge— 1 GEE~ "
_ |
|
nxx || wmew ]| zrs _ .
| RNED [ mM (o] my [T (TEEIRES
_ pee~ 3 Xad e |_
g e

Exhibit 1004

Page 0578 of 1001



Exhibit 1004
Page 0579 of 1001

04
T e e e £
9__.Sw3 I
*o N |
3 14 15 "7 17
il A2 ¢ g ¢
- | ezt | [ e =
AATBI— wEtem [ gopm | S| s
/ i
16~ 26 R
e F-7¢+|_|pozxr-2]|
el aswl —=2 |E| |B] |4 s [T 5 e |
”, \\\\ ﬁ !
& :
. |

[FPI=(]

869¥<0/900T OM

LYTIT0/S00Tdr/LDd

LSIvy



45/57

PCT/JP2005/021247

WO 2006/054698

[1¢45]

T e 1
| |
| W
Vms [ B £3sdd [
$\,,VK‘TNJ _ —% G—4YHG |«
| | T =T
H + )= e e e r———— |
_ i El . |I_
i egee MWE& g [ _
| 18”7 F cge” “
nrvizme |~ JTE || BTE | i
_ elge~ e .@
Lo e
pEE

(79
®YD
pri-¥

Exhibit 1004

Page 0580 of 1001



46/57

WO 2006/054698

[12146]

C_m )

b

Exhibit 1004
Page 0581 of 1001

g _S221

EGLRONA /=5 )\ EEERE
nu%brhﬁ{i%s&i%
=L+

5222

PCT/JP2005/021247

EEA - AR NED T
T | s
NO = 5226 BEEXA-ABREERETS
MEESSI @ RT3 V524
v 5227 FEHazkdHd
YORA =%y /2B INI v 5225
E&D/NA /’E—ilujﬁ);'%ffg%[: as P——
Y 5228 |
BERERELNTS
$229
YES
C_®1 )




105
| 9_..5w3 |
| p 13 14 15 0" 1S7 |

- 11 Vad |
T nAS =) N=y; =
,/t’”‘ 7B wE s [ ws5y | R J!(ma

- 16”26 i
7 - -
| 22—z |3 B |8 s
a2 _ .
AFLFA 0 T | A=TAF TANEINYE
AR A F {aa b ag kL
. b¥-+% & HE <]
o "\ des
0 £ Hne "
3
HEREH
31a A2 {4 -
302 754 S !
3g0 R B | EEE®A |
3 ]

Exhibit 1004
Page 0582 of 1001

[L¥[=]

869¥<0/900T OM

1S/1y

LYTIT0/S00Tdr/LDd



48/57

PCT/JP2005/021247

WO 2006/054698

[1]48]

NVILE
4IRS

{

g
7

A

|
|
|
B [ wUY

w a%ow
W M_mawm
qfpri-y

(1 FSI

Exhibit 1004

Page 0583 of 1001



49/57

WO 2006/054698 PCT/JP2005/021247

[1]49]

MM

-310f
310e 17
3le—
350 35p—~ 3
IR RERA
11

Exhibit 1004
Page 0584 of 1001



Exhibit 1004

Page 0585 of 1001

/106
_________________________________________ .
9 --Sw3 —I
3 14 15 o |
1 ~12 § § ¢ i
- A oerr | L7
NAFB—— mEim > BELD
7
I 2 (%] |g] |8 16~ ~26
=34 e riN AR AR
: mars 1 ET B L s
L 36
554
wRRED
~41la 42 Yy ~44 by :
i | A B2 mmam~] | s |
g | | ERERS T |t |
T IJ J.

M

[0GPH(]

869¥<0/900C OM

LYTITO/S00TA/1.0d

£S/08



WO 2006/054698

[451]

(A)

(B)

Exhibit 1004
Page 0586 of 1001

51/57

341

342
343

PCT/IP2005/021247



52/57

WO 2006/054698 PCT/JP2005/021247
[452]
_A-
- N

107
//

~17

Exhibit 1004
Page 0587 of 1001



Exhibit 1004

Page 0588 of 1001

07
e DA
’ g.__.Sw3 |
¥o 3 _
14 1 ; 17 |
A1 VR L i i
- 1 oest | L _
kil mama 1% wees | P |
21 i 16”7 &
& ~22 |%| |&| |9 ~26 ;
Al et B ||| ®| =
Tha—=ro S I A-FT44 el izl =74
17 | Lo st [ R E S [ e
A af ~36
754
L
A
39 42 44 <
| R 779 | [ =
xSz 3R A B LRG| EBREEA] ﬁﬁ]nﬂ+ﬁ{,ﬁ%ﬂ I <
t bl |

(€G]

869¥<0/900T OM

LYTITH/S00Td/LDd

19/€S



54/57

WO 2006/054698 PCT/JP2005/021247
[15454]
38

_____________________________ ¥
| 381 382 383 385 |
i 4y | I vao | | #BE || EEES |
b lazy b 707 1=y b RED |
| | |
| s KRN

/{ I
I I S -

e 3

[T T T T T T L"‘!
| |7v7 39 |
|1 30 395 |
E: B(=s L, s
|2 e - - AT
! v Y _393 ,4394!
13927 | > 24y FSwiA
. _]

Exhibit 1004
Page 0589 of 1001



55/57

WO 2006/054698 PCT/JP2005/021247
[1%]55]
\\\
\\\
\\
\
Ay
Y
\
Y
—— }
. ] I !
O !
I'
[
IS /
386

38a

-
e, ———

Exhibit 1004
Page 0590 of 1001



56/57

PCT/IP2005/021247

WO 2006/054698

[%56]

—17

171a

(A)

(B)

Exhibit 1004

Page 0591 of 1001



Exhibit 1004
Page 0592 of 1001

BERSEHTERL( /—7))
T4 5 BHSDREEEEFETS
*<
SERECLUBEEN(/ -5 |-5254
34 VIBETOERERETS 5300
Y L
] N0 sas8
5301
ra T — NO
BEEINA ) —S)L,7A 58T ZERRFE
g2, 2875 bmax?
YES 5259
RN
A, ZHES 5253
ERLTS ABRATVAIA 21T
EFLRHTS
I

[LG[=]

869¥<0/900C OM

LYTITO/S00Tdr/1LOd

FASTVAS



INTERNATIONAL SEARCH REPORT International application No.
PCT/JP2005/021247

A. CLASSIFICATION OF SUBJECT MATTER
H0485/02(2006.01) , H04S81/00(2006.01) , H0487/00(2006.01)

According to International Patent Classification (IPC) or to both national classification and IPC

B. FIELDS SEARCHED

Minimum documentation searched (classification system followed by classification symbols)
H0485/02(2006.01) , H0481/00(2006.01), H0487/00(2006.01)

Documentation searched other than minimum documentation (o the extent that such documents are included in the fields searched
Jitsuyo Shinan Koho 1922-1896 Jitsuyo Shinan Toroku Koho  1996-2006
Kokai Jitsuyo shinan Kcho 1971-2006 Torcku Jitsuyo Shinan Koho  1994-2006

Electronic data basc consulted during the international scarch (name of data basc and, where practicable, scarch terms uscd)

C. DOCUMENTS CONSIDERED TO BE RELEVANT

Category™ Citation of document, with indication, where appropriate, of the relevant passages Relevant to claim No.

Y JP 5-244683 A (Sony Corp.), 1-8
21 September, 1993 (21.09.93),

Par. Nos. [0008] to [0013], [0028] to [0030]
(Family: none)

Y JP 11-296998 A (Pioneer Electronic Corp.), 1-8
29 October, 1999 (29.10.99),

Par. Nos. [0272] to [0281]

& EP 952578 A2 & EP 1104928 A2
& CN 1439960 A

Y JP 2004-222131 A (Matsushita Electric 1-6
Industrial Co., Ltd.),

05 August, 2004 (05.08.04),
Par. Nog. [0012] to [001l6]
(Family: none)

Further documents are listed in the continuation of Box C. \:| See patent family annex.
* Special categories of cited documents: “T”  later document published after the international filing date or priority
“A”  document defining the general state of the art which is not considered  to date and not in conflict with the application but cited to understand
be of particular relevance the principle or theory underlying the invention
“E”  earlier application or patent but published on or after the international filing  “X”  document of particular relevance; the claimed invention canmot be
date considered novel or cannot be considered to involve an inventive
“L”  document which may throw doubts on priority claim(s) or which is step when the document is taken alone
cited to establish the publication date of another citation or other “Y”  document of particular relevance; the claimed invention cannot be
special reason (as specified) considered to involve an inventive step when the document is.
‘0" document referring to an oral disclosure, use, exhibition or other means combined with one or more other such documents, such combination
“P"  document published prior to the international filing date but later than the being obvious to a person skilled in the art
priority date claimed ‘&"  document member of the same patent family
Date of the actual completion of the international search Date of mailing of the international search report
03 February, 2006 {(03.02.06) 21 February, 2006 (21.02.06)
Name and mailing address of the ISA/ Authorized officer
Japanese Patent Office
Facsimile No. Telephone No.

Form PCT/ISA/210 (second sheet) (April 2005)

Exhibit 1004
Page 0593 of 1001



INTERNATIONAL SEARCH REPORT

International application No.

10 March, 1998 (10.03.98),
Par. No. [0008]
& US 5817916 A
& EP 808075 A

& GB 9610354 A

PCT/JP2005/021247
C (Continuation). DOCUMENTS CONSIDERED TO BE RELEVANT
Category* Citation of document, with indication, where appropriate, of the relevant passages Relevant to claim No.
Y JP 7-312712 A (Sanyo Electric Co., Ltd.;}, 5
A 28 November, 1995 (28.11.95), 1-4,6-8
Par. Nos. [0006] to [0008]
(Family: none)
Y JP 7-336793 A (Matsushita Electric 5
A Industrial Co., Ltd.), 1-4,6
22 December, 1995 (22.12.95),
Par. Nos. [0002] to [0009]
(Family: none)
Y JP 2002-165300 A (Sharp Corp.), 1-8
07 June, 2002 (07.06.02),
Par. Nos. [0006] to [0012]
(Family: none)
Y JP 10-70789 A (Central Research 7-8
A Laboratories Ltd.), 1-6

Form PCT/ISA/210 (continuation of second sheet) (April 2005)

Exhibit 1004
Page 0594 of 1001




FE R i ERRtESsE PCT/JP2005,/021247

A BEHORTISHONE (ERREFHE (1PC))
Int.CL.  H04S5/02(2006, 01), H04S1/00(2006. 01), HO4S7/00(2006. 01)

FEXITo N

T E

BERT o R NRER (ER&SFIR (IPC) )
Int.Cl. H0455/02(2006.01), H0451/00(2006.01), H04S7/00(2006.01)

B NBERUA OB CRABEEIToBHIZEENDI LD
AAEEZERFEAR 1922—-1996%
AAREABRFERAEELR 1971—2006%
B ARE L Rk 1996—2006%
H AR E B 5 32 F AT AN 1994—2006%

ERRECHERA LEETT—F =R (F—F—RA0AH, WEICER LICHE

C. BE#ET3LBDHLNDIM

BIRXERO BET 5
27 =Y — % BAXEE RO—BOETFSEES 5 & &1, EORET 2EHORT HoROwEOES
y JP 5-244683 A (Y =—#RAaH) 1993.09.21, [0008] - [0013] | 1-8

[0028] - [0030] (773 V4EL)

y JP 11296998 A (/31 A =T #HA&4) 1999.10.29, [0272] - [0281] | 1-8
& EP 952578 A2 & EP 1104928 A2 & CN 1439960 A

Y JP 2004222131 A (AT EZREZERSEH) 2004.08.05, [0012] - | 1-6
[0016) (77 I U4EL)

M CHOEX T XBBFZESh TN 3, [ SFV TS Y-l AR B R,
* BIEXEOLT LY — @ B OBIZAR ST
TA) FicBERE OB 530S, —IRMEHIKELZRT [T ERMED SUMBLEBRICARENTIEH TH-T
HoD HEEEFET B O TR, ERAOFEEBEXIIER
TE] EMHEBROBEE - 3Erch 58, ERHER DOBEFEDTDIFATILO
LgilzAR SN L0 [X) 4FIZBHEDH BT Tho T, MEIERO H THHA
ML) BEEiEERICRZBE 2RI T 5 3R 3 O STIR D F1T OFHEEUTERES PN EEZLND LD
B L < IRoER BB 2T AOICE AT (Y] FICBEDH AT Tho T, MEUEk & o 184
D3CH GEAETY) LoxEien, YEFL > THHATHSEAEIT
[0} AEEIZ L 2R, EH, BRSCERT AW Lo THESERLNEELIBNDE LD
[P) ERHFERR T, M oBEECTROERLLAEHE &) A—F> 77 I ) —3THK
EfSfAEE252T LcH ERRAEREDRER
03.02. 2006 21. 02. 2006
EREHERE O AR S TR HHTEEE (ERODSBE) 5Z | 9072
AAERFT (ISASJP) ’
BEEE100-8915 DRl
ErARTRERSEAE=TE4E 35 FHEEE 03—3581—-1101 Mt 3541

HAPCT/ISA 210 (82— (2005%448)

Exhibit 1004
Page 0595 of 1001



EsRE WS ERHESEs PCT/JP2005,/,021247

A

C () .  MEET5 LRHHN5I0R

B AR EET 5

HF Y —% BRCHA RU—SOEFRSEET S L 213, TOEEY 5 BFoRT EROBEDES

y JP 7-312712 A (ZPEEHERNAH) 1995.11.28,  [0006] - [0008] | 5

A (77 VL) 1-4, 6-8

Y JP 7-336793 A (I F EREEMIESH) 1995.12. 22, [0002]-[0009] | 5

A (Z7IVEL) 1-4,6

¥ JP 2002-165300 A (3 — 7 #E& ) 2002, 06. 07, [0008] - [0012] | 1-8
(Z7IVEL)

Y JP 10-70789 A (B> "I V¥ —F SHRZF MV —X UIF 4 F) |7-8

A 1998.03.10, [0008] & US 5917916 A & GB 9610394 A & EP 808075 | 1-6

HBRPCT/I1SA/210 (E2—Vnx) (20054E4A4)

Exhibit 1004
Page 0596 of 1001




This transiation IS machine-generated. #t canniol be guaranteed thal it is intelfigible, accurate, complete, rediable or B for speaific purposes. Critical
decisions, such as commercially relevant or financial decisions, should not be based on machine-dransiation outpul,

The video / audic recording / playvback device {101} includes & hulitin sterse microphone {(21a, 240} and an external
microphens connaction terminal (32). A binaural microphone {3} 1o be wormn on the gar of the pholographer (300} is connected io
the exdernal microphone connsction tenminal (32). When the amblent sound is collectsd by the binaural microphone (3}, the
audic signal to be recorded on the recording medium is switchad from ths audio signal from the built-in sterse microphones
{218, 21b) to the binaural audic signal from the binawral microphone {3). The photograpgher {300) wears a binaurad microghons
{3 {31a.311}) in his ear and collects amblent sounds of the photographer (300} ncluding sounds emitted from the subject, The
camera unit (11} caplures 2 subject The binaural audio signal, the gaplured video signal, and the binaural fag signal arg
recorded on the recording medium.

%
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W02006054698A1 VIDEQ/AUDIO RECORDING APPARATUS AND METHOD, AND VIDEO/AUDIO
REPRODUCING APPARATUS AND METHOD

Data originating from sources other than the EPO may not be accurate, complete, or up to date.

The wording below is an initial machine translation of the original publication. To generate a version using the
latest translation technology, go to the original language text and use Patent Translate.

Specification
Video / audio recording apparatus and method, audio / video reproduction apparatus and method Technical field

[0001] TECHNICAL FIELD The present invention relates to a video and audio recording apparatus and method
for recording a video signal obtained by imaging a subject and an audio signal obtained by collecting ambient
sound of a photographer including a sound emitted from a subject, and an image and sound recording apparatus
A video and audio reproducing apparatus and method for reproducing a signal and an audio signal, and more
particularly to a video and audio recording apparatus and method, and a video and audio reproducing apparatus
and method capable of reproducing realistic sound with a captured image .

BACKGROUND ART

[0002] Video / audio recording / reproducing apparatuses (1, so-called video cameras) are widely used to record
the image signal of the subject and the sound signal collected by the photographer's surroundings including the
sound emitted from the subject. This type of video / audio recording / reproducing apparatus has a stereo mic for
recording sounds in a stereo manner. In recent years, the video / audio recording / reproducing apparatus has
been further miniaturized, and there is a problem that it is difficult to record a realistic sound in a stereo
microphone mounted on a compact video / audio recording / reproducing apparatus. Therefore, there is a
demand for a video / audio recording / reproducing apparatus capable of recording a more realistic sound.

[0003] In International Publication No. 96Z10884 pamphlet records the binaural collected sound field of the
sound field around the photographer together with the image signal of the object picked up by disposing the ear
structure on both sides of the main body of the video and audio recording and reproducing apparatus Audio /
video recording / reproducing apparatus capable of recording / reproducing video / audio data.

[0004] In the video / audio recording / reproducing apparatus in which the binaural microphone disclosed in the
above-mentioned document is attached, the lateral width of the main unit of the apparatus, that is, the distance
between the left and right microphones is not equal to that of the human head, I can not record sensible sounds.
In recent years, the main body of video / audio recording / reproducing apparatus which has been
commercialized has been miniaturized in accordance with the advancement of high density recording
technology, digital signal recording technology and video compression processing technology so that video /
audio recording / reproducing Even if a microphone intended for binaural sound collection is mounted on the
main body of the apparatus, the effect expected can not be obtained. Further, since the shape of the apparatus is
largely different from the human head, it is considered difficult to obtain the effect disclosed in the above
document.

Disclosure of invention

[0005] SUMMARY OF THE INVENTION The present invention has been made in view of the above
problems, and it is an object of the present invention to provide a video and audio recording apparatus and
method capable of reproducing realistic voices with images captured irrespective of the size and shape of the
apparatus main body, It is an object of the present invention to provide a video and audio reproducing apparatus
and method

[0006] A video and audio recording apparatus and method capable of reproducing a more realistic sound in
conjunction with zooming-up of a subject when zooming up the subject, and a video and audio reproducing
apparatus and method It is aimed to provide.

[0007] Furthermore, even in the case where an arbitrary photographer shoots and watches an arbitrary viewer, as
in the case where the viewer who views the reproduction signal and the photographer who captured the binaural
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sound are different from each other, It is an object of the present invention to provide a video and audio
reproducing apparatus and method capable of listening to a sensitive voice.

[0008] In order to solve the problem of the above-described conventional technique, the present invention
provides an image recording apparatus for recording an image signal obtained by imaging a subject and an audio
signal obtained by collecting ambient sound of a photographer including a sound emitted from the subject A
voice recording apparatus comprising: a camera unit for picking up an image of the object; and a microphone
for picking up the ambient sound, the microphone other than a power binaural microphone using a binaural
microphone mounted on the ear of the photographer is switched A switching unit, a video processing unit for
processing the video signal outputted from the force melting unit, an audio processing unit for processing a
sound signal outputted from a microphone for collecting the ambient sound, And when switching to the binaural
microphone as the ambient sound, the sound mode for collecting the ambient sound is set as a binaural mode, A
flag information generating section for generating a binaural flag signal indicating binaural mode, a flag
information generating section for generating a binaural flag signal indicating binaural mode, a flag information
generating section for generating a binaural flag signal indicating binaural mode, And a recording unit for
recording the video and audio data on the recording medium.

[0009] According to the present invention, it is possible to reproduce a sound with realistic sensation together
with a captured image irrespective of the size and shape of the apparatus main body. In addition, when
photographing by zooming up the subject, it is possible to reproduce sound with more realistic interlocking with
the zoom-up of the subject. Furthermore, even in the case where an arbitrary photographer shoots and watches
an arbitrary viewer, as in the case where the viewer viewing the reproduction signal and the photographer who
captures the binaural are different from each other, there is almost no sense of incompatibility I can listen to a
sound with a sense

In this configuration, as the built-in microphone built in the video and audio recording apparatus, an external
microphone connection terminal, and an external microphone connected to the external microphone connection
terminal, a microphone other than the binaural microphone power binaural microphone , A connection detection
section for detecting whether or not an external microphone is connected to the external microphone connection
terminal, and a connection detection section for outputting, as an audio signal to be supplied to the audio
processing section, A switch for switching between an audio signal output from said external microphone and an
audio signal output from said external microphone, and said external microphone is set as a binaural microphone
by said setting unit, and an external microphone is connected to said external microphone connection terminal
by said connection detection unit And a control unit for setting the andio mode to the binaural mode when it is
detected that it is connected Wherein the control unit performs switching control of the switch so that the switch
supplies the audio signal output from the external microphone to the audio processing unit when the andio mode
is the binaural mode, It is preferable that the generation unit controls the flag information generation unit to
generate the binaural flag signal.

[0010] The display control unit includes a display unit for displaying the video signal output from the camera
unit, and a display control unit for displaying a binaural mark indicating that the binaural mode is displayed on
the display unit when the audio mode is the binaural mode .

[0011] Furthermore, the camera section has a zoom function of enlarging and capturing the subject, and includes
a sound zoom processing section that amplifies the sound signal collected by the binalolic microphone
according to the enlargement ratio in the camera section It is preferable.

[0012] Furthermore, the camera unit has a zoom function for enlarging and capturing the object, and the sound
source of the sound signal collected by the binaural microphone is virtually brought close to the listener to form
a virtual sound source A transfer function memory for storing a head related transfer function of the head sound
source in association with a plurality of distances between the virtual sound source and the listener and a
plurality of head related transfer functions stored in the transfer function memory, A convolution arithmetic unit
for convoluting the head related transfer functions acquired by the function acquiring unit with respect to the
sound signals collected by the binaural microphone, And a sound voice zoom processing unit having a sound
processing unit.

[0013] In order to solve the problem of the above-described conventional technique, the present invention
provides an image recording apparatus for recording an image signal obtained by imaging a subject and an audio
signal obtained by collecting ambient sound of a photographer including a sound emitted from the subject An
audio recording method comprising: an image capturing step of capturing an image of the object; and switching
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whether to use a microphone other than a power binaural microphone that uses a binaural microphone to be
worn by the photographer's ear as a microphone that collects the ambient sound A video processing step of
processing a video signal obtained by imaging the subject; an audio processing step of processing an audio
signal outputted from a microphone that collects the ambient sound; When switching to the binaural microphone
as a microphone for collecting the ambient sound, A flag information generating step of generating a binaural
flag signal indicating that the binaural mode is set as a binary mode as a binary mode; And a recording step of
recording the image signal and the noisy ralph lag signal on a recording medium.

[0014] In order to solve the problem of the above-described conventional technique, the present invention is
characterized in that a video signal obtained by imaging a subject and an audio signal obtained by collecting
ambient sound of the photographer including the sound emitted from the subject force are recorded A
reproducing unit for reproducing a recording signal recorded on the recording medium by a video / audio
reproducing device for reproducing a recording medium; and a recording unit for reproducing the recording
signal reproduced by the reproducing unit on the basis of the video signal and the audio signal A video
processing unit for processing the video signal separated by the separating unit, an audio processing unit for
processing the audio signal separated by the separating unit, When a binaural flag signal indicating that a
binaural microphone to be worn by the photographer's ear is used as the microphone for collecting the ambient
sound is recorded on the recording medium, the binaural flag A flag information acquiring unit that acquires a
lag signal from the speaker, a crosstalk signal that is generated when the flag information acquiring unit acquires
the binaural flag signal, when the sound signal processed by the audio processing unit is sounded by a speaker
And a crosstalk canceller for processing the audio signal so as to cancel the speech signal, wherein the crosstalk
canceller has a filter convolving filter characteristics obtained in advance with respect to the speech signal,
Wherein the filter characteristic is a filter characteristic based on a head related transfer function measured using
a sound signal collected by a pair of microphones mounted on the structure.

[0015] A video and audio reproduction method for reproducing a recording medium on which a video signal
obtained by imaging a subject and an audio signal obtained by collecting ambient sound of a photographer
including a sound emitted from the subject are recorded, A separating step of separating the video signal and the
audio signal from the recording signal reproduced in the reproducing step; a separating step of separating the
video signal and the audio signal from the recording signal reproduced in the reproducing step; An audio
processing step of processing the audio signal separated by the separating step; an audio processing step of
processing the audio signal separated by the separating step as a microphone for collecting the ambient sound on
the recording medium; When a binaural flag signal indicating that a binaural microphone to be mounted on the
camera is used is recorded, the binaural flag signal is taken A flag information acquisition step of acquiring a
binaural flag signal at the flag information acquisition step, canceling a crosstalk signal generated when the
sound signal processed by the audio processing step is sounded by a speaker And a crosstalk cancellation step of
processing the audio signal so as to process the audio signal, wherein the crosstalk cancellation step is a step of
convolving a filter characteristic obtained in advance with respect to the audio signal, Characterized in that the
filter characteristic is a filter characteristic based on a head related transfer function measured by using a sound
signal collected by a pair of microphones mounted on a type structure.

Brief Description of the Drawings

[0016] FIG. 1 is an external perspective view showing a video / audio recording / reproducing apparatus
according to a first embodiment of the present invention.

FIG. 2 is a diagram showing a state in which a subject is photographed using the video / audio recording /
reproducing apparatus according to the first embodiment of the present invention.

FIG. 3 is a block diagram showing an internal configuration example of a video / audio recording / reproducing
apparatus according to a first embodiment of the present invention.

FIG. 4 is a diagram showing a display screen for performing initial setting of audio mode in the video / audio
recording / reproducing apparatus according to each embodiment of the present invention.

FIG. 5 is a diagram showing a display example of a binaural rakemake in the video / audio recording /
reproducing apparatus according to each embodiment of the present invention.

FIG. 6 is a diagram showing a modified example of the binaural rakemake used in the video / audio recording /
reproducing apparatus according to each embodiment of the present invention.

Exhibit 1004
Page 0600 of 1001



FIG. 7 is a diagram showing a modified example of binaural rakemake used in the video / audio recording /
reproducing apparatus according to each embodiment of the present invention.

[FIG. 8] FIG. 8 is a diagram showing a modified example of a binaural mike used in the video / audio recording
/ reproducing apparatus according to each embodiment of the present invention.

FIG. 9 is a diagram showing an example of a description format of a binaural Ralph Lag signal in the video /
audio recording / reproducing apparatus according to each embodiment of the present invention.

[FIG. 10] FIG. 10 is a diagram showing another example of the description format of the binauraflag signal in
the video / audio recording / reproducing apparatus according to each embodiment of the present invention.

[FIG. 11] FIG. 11 is a diagram showing still another example of the description format of the binauraflag lag
signal in the video / audio recording / reproducing apparatus according to each embodiment of the present
invention.

FIG. 12 is a flowchart for explaining a recording operation in the video / audio recording / reproducing
apparatus according to the first embodiment of the present invention.

FIG. 13 is a flowchart for explaining a playback operation in the video / audio recording / playback apparatus
according to the first embodiment of the present invention.

[FIG. 14] FIG. 14 is a block diagram showing a configuration example of a crosstalk canceler used in the video /
audio recording / reproducing apparatus according to each embodiment of the present invention.

[FIG. 15] FIG. 15 is a diagram showing a head related transfer function measuring device for obtaining a head
related transfer function characteristic used in a crosstalk canceler used in the video / audio recording /
reproducing apparatus according to each embodiment of the present invention.

FIG. 16 is a view showing a cylindrical structure to which a microphone unit used in the head related transfer
function measuring apparatus shown in FIG. 15 is attached and a dummy head microphone for comparison. 17]
FIG. 17 is a waveform diagram showing an impulse response waveform measured by the head related transfer
function measuring apparatus shown in FIG. 15.

(18) FIG. 18 is a waveform diagram showing frequency characteristics measured by the head related transfer
function measuring apparatus shown in FIG.

FIG. 19 is a waveform diagram showing an impulse response waveform measured using a dummy head
microphone.

FIG. 20 is a waveform diagram showing frequency characteristics measured using a dummy head microphone
FIG. 21 is a diagram for explaining a crosstalk cancellation characteristic based on a filter characteristic based
on a head related transfer function measured using a cylindrical structure having a microphone unit attached

thereto.

FIG. 22 is a diagram for explaining crosstalk canceling characteristics by filter characteristics based on head
related transfer functions measured using a dummy head microphone.

FIG. 23 is a diagram for explaining crosstalk canceling characteristics by filter characteristics based on a head
related transfer function measured using a cylindrical structure having a microphone unit attached thereto.

[FIG. 24] FIG. 24 is a diagram for explaining crosstalk cancellation characteristics by filter characteristics based
on head related transfer functions measured using a dummy head microphone.

FIG. 25 is a block diagram showing another configuration example of a crosstalk canceler used in the video /
audio recording / reproducing apparatus according to each embodiment of the present invention.
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[FIG. 26] FIG. 26 is a block diagram showing still another configuration example of the crosstalk canceler used
in the video / audio recording / reproducing apparatus according to each embodiment of the present invention.

FIG. 27 is a flowchart showing a playback operation on a headphone in the video / audio recording /
reproducing apparatus according to each embodiment of the present invention.

FIG. 28 is a block diagram showing an internal configuration example of a video / audio recording / reproducing
apparatus according to a second embodiment of the present invention.

FIG. 29 is a block diagram showing a configuration example of a voice zoom processing unit in the video /
audio recording / reproducing apparatus according to the second embodiment of the present invention. [FIG. 30]
FIG. 30 is a flowchart for explaining the operation in the case of performing the voice zoom processing in the
video / audio recording / reproducing apparatus according to the second embodiment of the present invention.

[FIG. 31] FIG. 31 is a block diagram showing another configuration example of a voice zoom processing unit in
the video / audio recording / reproducing apparatus according to the second embodiment of the present
invention.

32 is a diagram showing a head related transfer function measuring device for finding a head related transfer
function used in another configuration example of the andio zoom processing unit in FIG. 31.

FIG. 33 is a cross-sectional view showing a dummy head microphone used in the head related transfer function
measuring apparatus of FIG. 32.

[FIG. 34] FIG. 34 is a diagram showing the characteristics of a head related transfer function obtained by
measuring with the head-related transfer function measuring apparatus of FI1G. 32.

FIG. 35 is a diagram showing characteristics of a head related transfer function obtained by measuring with the
head-related transfer function measuring apparatus of FIG. 32.

36 is a diagram showing the characteristics of the head-related transfer function obtained by measuring with the
head-related transfer function measuring apparatus of FIG. 32. FIG.

37 is a diagram showing characteristics of a head-related transfer function obtained by measuring with the head-
related transfer function measuring apparatus of FIG. 32. FIG.

38 is a diagram showing characteristics of a head related transfer function obtained by measuring with the head
related transfer function measuring apparatus of FIG. 32.

39 is a diagram showing the characteristics of the head-related transfer function obtained by measuring with the
head-related transfer function measuring apparatus of FIG. 32. FIG.

FIG. 40 is a block diagram showing the operation of the audio-video recording / reproducing apparatus
according to the second embodiment of the present invention in the case of performing audio zoom processing
using another configuration example of the audio zoom processing section shown in FIG. 31 7 is a flow chart
for explaining.

[FIG. 41] FIG. 41 is a block diagram showing an internal configuration example of a video / audio recording /
reproducing apparatus according to a third embodiment of the present invention.

FIG. 42 is a block diagram showing a configuration example of a voice zoom processing unit in the video /
audio recording / reproducing apparatus according to the third embodiment of the present invention.

FIG. 43 is a block diagram showing another configuration example of a voice zoom processing unit in the video
/ audio recording / reproducing apparatus according to the third embodiment of the present invention.

FIG. 44 is a block diagram showing an internal configuration example of the video / audio recording /
reproducing apparatus according to the fourth embodiment of the present invention.
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FIG. 45 is a block diagram showing a configuration example of a voice zoom processing unit in the video /
audio recording / reproducing apparatus according to the fourth embodiment of the present invention.

FIG. 46 is a flowchart for explaining the audio sound zoom process in the video / audio recording / reproducing
apparatus according to the fourth embodiment of the present invention.

FIG. 47 is a block diagram showing an internal configuration example of a video / audio recording / reproducing
apparatus according to a fifth embodiment of the present invention.

[FIG. 48] FIG. 48 is a block diagram showing a configuration example of a voice zoom processing unit in the
video / audio recording / reproducing apparatus according to the fifth embodiment of the present invention.

49 is an external perspective view showing a video / audio recording / reproducing apparatus according to a
sixth embodiment of the present invention. FIG.

FIG. 50 is a block diagram showing an internal configuration example of a video / audio recording / reproducing
apparatus according to a sixth embodiment of the present invention.

51 is a plan view showing an example of the structure of a cord housing section in a video / audio recording /
reproducing apparatus according to a sixth embodiment of the present invention. FIG.

FIG. 52 is an external perspective view showing a video / andio recording / reproducing apparatus according to
a seventh embodiment of the present invention.

FIG. 53 is a block diagram showing an internal configuration example of the video / audio recording /
reproducing apparatus according to the seventh embodiment of the present invention.

[FIG. 54] FIG. 54 is a block diagram showing a specific configuration example of a wireless binaural
microphone and a radio transmission / reception unit in the video / audio recording / reproducing apparatus
according to the seventh embodiment of the present invention.

FIG. 55 is a diagram for explaining a warning when the wireless binaural microphone crosses the communicable
area in the video / audio recording / reproducing apparatus according to the seventh embodiment of the present
invention.

56 is a view showing an example of a warning mark displayed on the display unit when the wireless binaural
microphone exceeds the communicable area in the video / audio recording / reproducing apparatus according to
the seventh embodiment of the present invention .

57 is a flowchart for explaining the operation of the video / audio recording / reproducing apparatus according to
the seventh embodiment of the present invention.

BEST MODE FOR CARRYING OUT THE INVENTION

[0017] DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS Hereinafter, embodiments of the
video and audio recording apparatus and method, the video and audio reproducing apparatus and method of the
present invention will be described with reference to the drawings.

[0018] {{ First embodiment })

FIG. 1 is a perspective view showing an external configuration example of the video / audio recording /
reproducing apparatus 101 according to the first embodiment.

[0019] The video / audio recording / reproducing apparatus 101 shown in FIG. 1 includes a camera section 11, a
display section 17, internal stereo microphones 21 a and 21 b, and an external microphone connection terminal
32. An earphone type binaural microphone 3 having right and left microphones 31a and 31b of
omnidirectionality is detachably connected to the external microphone connection terminal 32. [ Here, a state
where the binaural microphone 3 is connected to the external microphone connection terminal 32 is illustrated.
The microphones 31a and 31b have diaphragms therein. As will be described in detail later, the video / audio
recording / reproducing apparatus 101 selectively performs photography (sound recording) using the built-in
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stereo microphones 21 a and 21 b and photography (binaural recording) using the binaural microphone 3 . Note
that shooting means not only capturing an image of a subject but also capturing the image of the subject and
collecting the ambient sound of the photographer including the sound emitted from the subject May occur.

[0020] FIG. 2 shows a state where the photographer 300 shoots a subject (not shown) using the video / audio
recording / reproducing apparatus 101. When taking a subject while collecting sound using the binaural
microphone 3, as shown in FIG. 2, the photographer 300 attaches left and right microphones 31 a and 31 b to the
left and right ears 302. As a result, the ambient sound of the photographer 300 including the sound emitted from
the subject with the binaural acoustic characteristics given by the positional relationship between the head 30 of
the photographer 300 and the microphones 3 1a and 3 1b is collected. While viewing the monitor image of the
object displayed on the display unit 17, the photographer 300 photographs the subject with the camera unit 11
and collects the surrounding sound with the binaural microphone 3. As will be described in detail later, the
video signal picked up by the camera section 11 and the audio signal picked up by the binaural microphone 3
are recorded on a recording medium, not shown here. Also, as will be described in detail later, the video signal
recorded on the recording medium is reproduced together with a voice having a realistic feeling as if the viewer
is viewing in the same shooting environment as the photographer 300.

[0021] FIG. 3 is a block diagram showing a concrete internal configuration example of the video / audio
recording / reproducing apparatus 101.

[0022] The video / audio recording / reproducing apparatus 101 includes a camera unit 11, a video encoding unit
12, a multiplexing unit 13, a recording / reproducing unit 14, a demultiplexing unit 15, a video decoding unit 16,
a display unit 17, a built-in stereo microphone 21 An audio decoding unit 26, a crosstalk canceller 27, an
external microphone connection terminal 32, a flag information acquisition unit 36, a video output terminal 37a,
an audio output terminal 37b, a connection A detection unit 41, a flag information generation unit 42, a
recording medium 44, a control unit 47, an operation unit 48, and switches Sw 1, Sw 2, Sw 3. The recording
medium 44 may be a removable recording medium such as a disc-like recording medium or a tape cassette, and
may be a recording medium such as a hard disc that is mounted in the video / audio recording / reproducing
apparatus 101 in advance and is V Even if it is there! /..

[0023] A monitor 52 such as a television receiver is connected to the video output terminal 37 a. Speakers 53
and 54 are connected to the audio output terminal 37 b via an amplifier 51. The sound produced by the speakers
53 and 54 is listened to by the viewer 59. In FIG. 3, for the sake of convenience, for the sake of convenience, it
is shown that the photographer 300 and the viewer 59 are illustrated simultaneously. Normally, photographing
by the photographer 300 and watching of the reproduced image / sound by the viewer 59 are separately
performed Yes.

[0024] (Recording Operation)
The recording operation in the video / audio recording / reproducing apparatus 101 will be described.

[0025] First, when the photographer 300 performs an operation to display the initial setting image (window) of
the sound mode by the operation unit 48, the control unit 47 displays the initial setting image 170 as shown in
FIG. 4 on the display unit 17 as an example . Both the binaural microphone 3 as described in FIGS. 1 and 2 and
a normal external microphone can be connected to the external microphone connection terminal 32 as an
external microphone. When the photographer 300 collects sounds using the noisel microphone 3 by a
predetermined operation by the operation unit 48, it selects "binaural" as shown in FIG. 4, and collects sounds
using a normal external microphone Select "Normal" if you want. The control unit 47 serves as a setting unit for
setting as an external microphone connected to the external microphone connection terminal 32 whether to use a
microphone other than the innovative microphone 3 or the binaural microphone. When "binaural” is selected as
the external microphone input and the connection detecting section 41 detects that the plug of the external
microphone is inserted in the external microphone connecting terminal 32, the control section 47 controls the
video / audio recording / reproducing apparatus 101 controls each part of the circuit so as to perform a recording
operation corresponding to photographing using the binaural microphone 3. The sound mode in which the
binaural microphone 3 is used to sound ambient sounds and the collected sound signals are recorded is referred
to as binaural mode. The ambient sound is collected using the built-in stereo microphone 21 or an ordinary
external microphone, and the sound mode in which the collected sound signal is recorded is set to the normal
mode.
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[0026] If the plug of the binaural microphone 3 is formed exclusively for the binaural microphone 3 different
from the usual external microphone and the external microphone connection terminal 32 is used as a connection
terminal dedicated to the binaural microphone 3, the initial setting of the above-mentioned sound mode can be
omitted can do.

[0027] Specifically, in FIG. 3, when detecting that the external microphone is connected to the external
microphone connection terminal 32, the connection detection unit 41 supplies a detection signal to the control
unit 47. When a detection signal indicating that an external microphone is connected is input while the external
microphone is set to "binaural"”, the control unit 47 switches the switch Swl to a terminal a for inputting a sound
signal from the built-in stereo microphone 21 To the terminal b for inputting the audio signal from the binaural
microphone 3. As a result, the audio signal from the binaural microphone 3 is supplied to the audio coding
section 22. The switch Swl serves as a switching unit for switching whether to use a microphone other than a
force binaural microphone that uses a no noise mic to be attached to the ear 30 2 of the photographer 300 as a
microphone for collecting ambient sounds.

[0028] In addition, the control unit 47 controls to generate and output flag information (binaural flag signal)
indicating that the flag information generation unit 42 is in binaural mode. The binaural flag signal is input to
the multiplexing unit 13.

[0029] When the binaural mode is set in this manner, the control unit 47 preferably displays a mark indicating
that the binaural mode is set on the display unit 17. An example of the mark is shown in FIG. A mark 171
shown in FIG. 5A is a mark schematically showing the photographer 300 using the binaural microphone 3, and
a mark 172 shown in FIG. 5B schematically shows a sphygmomanic reproduction of binaural sound It is a mark
shown. As the mark indicating the binaural mode, any of the marks in FIGS. 5A and 5B may be used, but other
marks may be used. If these marks are displayed on the display section 17 after being superimposed on the
image photographed by the camera section 11 after the above-described initial setting or when the binaural
microphone 3 is connected to the external microphone connection terminal 32 Yo With such a mark display, the
photographer 300 can confirm whether the audio mode is the force set to the binaural mode when using the
binaural microphone 3. When the audio mode is the binaural mode, the control unit 47 is a display control unit
for displaying a binaural mark (marks 171, 172) indicating that it is in the binaural mode on the display unit 17.

[0030] The viewer 300 wearing the left and right microphones 3 la, 3 1b of the binaural microphone 3 on the left
and right ears 302 images the subject with the camera unit 11. The video signal output from the camera unit 11
is input to the video encoding unit (video processing unit) 12 and the terminal g of the switch Sw 3. When
photographing (recording) is being performed by the video / audio recording / reproducing apparatus 101, the
switch Sw 3 is switched to the terminal g, the video signal from the camera section 11 is supplied to the display
section 17, An image is displayed. At the same time, due to the positional relationship between the head 30 of
the photographer 300 and the microphones 3 1a, 3 1b, the microphone 31a, 31 obtains a sound signal with a noisy
sound whose subject is in the median plane direction. This audio signal is input to the audio coding section
(audio processing section) 22 via the switch Swl.

[0031] In the case where the recording medium 44 is a DV cassette, the video encoding section 12 AZD
converts the input video signal and encodes it according to the DV compression method to generate an encoded
video signal. The audio coding section 22 AZD converts the input audio signal and rearranges the data positions
of the uncompressed audio signal by shuffling to generate a coded audio signal.

[0032] The multiplexing unit 13 time division multiplexes the input coded image signal, the coded voice signal,
and the binaural flag signal according to the signal format defined by the consumer digital VCR specification to
generate a multiplexed signal . The multiplexed signal output from the multiplexing unit 13 is input to the
recording / reproducing unit 14. The recording / reproducing unit 14 records the input multiplexed signal on the
recording medium 44 in accordance with the recording format defined by the consumer digital VCR
specification. The specific recording method of the Binotto-Ralf-Lag signal will be described in detail later.
[0033] Here, a modified example of the binaural microphone 3 will be described.

[0034] (Modified Example of Binaural Microphone 3)

FIG. 6 (A) shows a microphone 31 ¢ as a first modification of the microphones 31 a and 31 b, and FIG. 6 (B)

shows a microphone 31 d as a second modification of the microphones 31 a and 31 b. A microphone 31 ¢ shown
in FIG. 6 (A) is provided to be connected to an upper part of the microphone holding part 312 and a microphone
holding part 312 to be inserted into the ear 302 of the photographer 300, and houses a microphone unit such as a
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diaphragm And a microphone housing part 311 for making it! By making the binaural microphone 3 a
microphone 31 ¢ structured to be separated into the microphone storage part 311 and the microphone holding
part 312, even if the photographer 300 mounts the binaural microphone 3, it is possible to listen to the sound
arriving from the outside satisfactorily it can. The microphone 31 d shown in FIG. 6 (B) is provided with a
microphone storage part 311 connected to the lower part of the microphone holding part 312. Even microphone
3 Id has the same effect as microphone 31 c.

[0035] FIG. 7 is a perspective view showing a specific configuration example of the microphone holding unit
312. Here, the microphone 31 ¢ of FIG. 6 (A) in which the microphone housing portion 311 is provided on the
top of the microphone holding portion 312 is shown. The microphone holding portion 312 shown in FIG. 7 (A)
has a holding portion main body 312 a formed with a tapered sound passage hole 313 a whose diameter
decreases toward the inside of the ear 302. The microphone holding portion 312 shown in FIG. 7 (B) is formed
by forming the holding portion main body 312 a circular columnar sound hole 313 b. The holder main body
312a of FIG. 7 (A) is easy to insert into the ear 302 of the photographer 300, and the holding part main body
312b of FIG. 7 (B) has the feature that the attenuation of external sound when worn is small.

[0036] FIG. 8 shows an example in which the external shape of the microphone holding part 312 of the
microphone 31 ¢ in FIG. 6 (A) is made different. 8 A shows a microphone holding portion 312 having a large
outer shape, FIG. 8B shows a microphone holding portion 312 having an outer shape, and FIG. 8C shows a
microphone holding portion 312 having a small outer shape. In this way, if a plurality of sizes are prepared as
the microphone holding unit 312, the photographer 300 can select one matching the size of his ear 302. 8A to
8C, the shape and size of the microphone housing portion 311 (microphone unit) are the same, and the
sensitivity and response frequency characteristics of the microphone unit are also the same.

[0037] (Recording of binaural flag signal)

In order to distinguish between the binaural sound collected by the photographer 300 wearing the binaural
microphone 3 and the stereo sound collected by the built-in stereo microphone 21, binaural sound and a binaural
sound signal are recorded on the recording medium 44 at the time of binaural sound collection Record. The
binno-lull-lag signal is generated by the flag information generating unit 42.

[0038] First, a specific recording method of the binaural flag signal when the recording medium 44 is a DV
cassette will be described.

[0039] FIG. 9 shows a data format for recording audio data in the DV cassette.

0When recording audio data of ~ 89 bytes, the Oth and 1st bytes are synchronous codes, the 2nd to 4th by ID
(identification) code, the 5th to 9th bytes are audio auxiliary data (AUX) 10 to 81 record audio data, and 82 to
89 record inner code parity data for error data detection and correction. For example, the flag information
generating unit 42 outputs | as a binaural flag signal in binaural mode, and outputs 0 as long as it is not in
binaural mode (in normal mode). The multiplexing unit 13 generates the data format signal shown in FIG.

[0040] Next, a specific recording method of the binaural flag signal in the case where the recording medium 44
is a disk for recording will be described. As a disk for recording, there are a disk for recording and reproducing
using red laser light such as DVD-RAM, DVD-RW, DVD-R and a blue laser light such as Blu-ray Disc and
HD-DVD There is a disk to record and reproduce. Here we will explain the case of superimposing the
binauraflag lag signal using the DVD video standard that can be applied to these recording discs in general.

[0041] As a first method of superimposing the Noino-Ralph lag signal using the DVD video standard, a method
of superimposing a binaural flag signal on a DVD-Video zone in the DVD video standard can be considered.

[0042] As shown in Fig. 10, the Volume space of the DVD standard is powerful with Volume and Film
structure, DVD - Video zone and DVD others zone. The DVD-Video zone includes V MG (Video Manager)
and VTS (Video Title Set) # 1 to DVTS # n. n is a predetermined integer of 2 or more. Each VTS includes
control data (Control Data) and VOBS (Video Object Set). The VOBS includes a plurality of VOBs (Video
Objects). The VOBS includes a plurality of CELLs. CELL includes a plurality of VOBU (Video Object Unit).
VOBU includes navigation pack (NV_PACK), audio pack (A PACK), video pack (V_PAC K). In the present
embodiment, a data pack (D_PACK) including a binaural flag signal is provided in the VOBU.
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[0043] The data pack (D _PACK) includes pack header, packet header, substream ID, audio frame information,
audio data information, and noino ralph lag signal. Noino Ralph Lag signal will also be multiple audio frame
layer power.

[0044] In this manner, information including a binaural flag signal in a format conforming to the DVD video

standard is packed as a data pack (D_PACK) and MPEG multiplexed. This makes it possible to know which

audio frame portion of the audio signal is a binalaural audio signal and which audio frame portion is a normal
stereo sound while maintaining compatibility with the DVD video standard. Therefore, it is possible to easily
determine in which audio frame portion the crosstalk cancellation process should be performed.

[0045] As a second method of superimposing the Noino-Ralph lag signal using the DVD video standard, a
method of superimposing a binaural flag signal on DVD other zone in the DVD video standard can be
considered. The DVD other zone is an area for recording auxiliary data related to data of the main body of video
and audio, and it is also a user data recording area.

[0046] In the present embodiment, the data structure of the DVD other zone which is the user data recording
area is structured similar to the data structure of the DVD-Video zone so as to be apportioned by comparing
FIG. 10 with FIG. 11. As shown in FIG. 11, the DVD other zone also includes VMG, VTS, VOBS, VOB,
CELL, and VOBU. In order to distinguish these pieces of information in the DVD other zone shown in FIG. 11
from that of FIG. 10, the name given with D is added to the head.

[0047] As shown in FIG. 11, the DVD other zone includes DVMG and DVTS # 1 to DVTS # n.

Each DVTS includes DVTSI (Video Title Set Information) and DVOBS. The DV OBS includes a plurality of
DVOBs. DVOBS contains multiple DCELLs. DCELL includes a plurality of DVOBUSs. The DVOBU includes
a plurality of audio frame layers. The audio frame layer is an area for recording audio frame data such as coding
parameters of audio signals, and a part of this audio frame layer is set as the recording area of the binaural flag
signal.

[0048] By describing the binaural flag signal in the DVD other zone in the format conforming to the DVD video
standard as described above, audio signals (binaural audio signal or normal stereo sound) included in the DVD-
Video zone and binaural flag signal Are associated with each other. It is possible to know which audio frame
portion of the audio signal is a binaural sound signal and which audio frame portion is a normal stereo sound
while maintaining compatibility with the DVD video standard. Therefore, it is possible to easily determine in
which audio frame portion the crosstalk cancellation process should be performed.

[0049] In the cases of FIGS. 10 and 11, for example, an audio signal picked up while photographing is started
by operating the start button and the stop button is operated to end shooting is set as one or a plurality of audio
frame layers, Add audio mode information to each audio frame layer. Then, the binaural flag signal is described
in the voice mode information and managed as a binaural information packet. By managing the Noino Ralph lag
signal as a binaural information packet, it is possible to easily acquire voice mode information for each audio
frame. Thus, even when the binaural audio signal and the normal stereo audio signal are mixedly recorded at the
time of reproducing the recording medium 44, the crosstalk canceller 27 Can be switched appropriately.
Recording of the audio mode information is required to be performed at least for each operation of starting
photographing, and it is more preferable to record at every predetermined time.

[0050] Also, even in the case of using, for example, a semiconductor memory as the recording medium 44, by
defining the recording area of the binaural flag signal and specifying the sound mode of the sound signal to be
recorded in the same manner as described above, it is possible to record binaural It is possible to identify the
audio signal and reproduce the audio signal while appropriately switching the operation / non-operation of the
crosstalk canceler 27.

[0051] It is also conceivable to describe the binaural flag signal in the user data of the multiplexing layer of the
encoding method such as MPEG. As an example, it is assumed that a cellular phone having a communication
function of video and audio is used, and a case where a video signal photographed together with a voice signal
collected by the binaural microphone 3 from a cellular phone on the transmitting side is transmitted to the
mobile phone on the receiving side . Even in such a case, the binaural flag signal can be transmitted from the
transmitting-side cellular phone to the receiving-side cellular phone. By transmitting the binaural flag signal to
the audio signal and transmitting it, it becomes possible to reproduce a sound with realism in the case of
binaural sound. In this case, a binaural flag signal is described in a predetermined portion of the video and audio
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packet data to be transmitted by the cellular phone and transmitted as packet data. For example, when using the
transmission method specified by MPEG-4, it is possible to transmit a no-no-ruff-lag signal as shown in FIG. 9
in the user data recording area of the elementary stream. When a transport stream specified by the MPEG -4
standard is used, a binaural flag signal can be described in a private data area (private data_type).

[0052] Also, when transmitting video data and audio data as fileed data in the form of attached files, binaural
flag signals are written in the file header portion.

[0053] The recording operation in the video / audio recording / reproducing apparatus 101 will be described
further using the flow chart shown in FIG.

[0054] First, in step S151, the control unit 47 determines whether the external microphone connected to the
initial setting force external microphone connection terminal 32 described in FIG. 4 is set in the binaural
microphone 3 or not. If it is determined in step S 151 that the initial setting is binaural (YES), the process
proceeds to step S 152. If it is not determined that the binaural setting is made (NO), the control unit 47 switches
the switch Swl to the terminal a. In step S154, the video / audio recording / reproducing apparatus 101 transmits
the audio signal from the built-in stereo microphone 21 get. In step S152, the control unit 47 determines whether
or not the connection detecting unit 41 is detecting the insertion of the plug of the external microphone into the
external microphone connecting terminal 32. [ In step S 152, if it is determined that an external microphone is
connected to the external microphone connection terminal 32 (YES), the control unit 47 switches the switch Swl
to the terminal b, and in step S153, the video / audio recording / reproducing apparatus 101 acquires an audio
signal from the no-noal microphone 3. If it is not determined in step S 152 that an external microphone is
connected to the external microphone connection terminal 32 (NO), the control unit 47 switches the switch Swl
to the terminal a, and in step S 154, The reproduction apparatus 101 acquires a sound signal from the built-in
stereo microphone 21.

[0055] Next, in step S155, the video signal from the camera section 11 is temporarily stored in a memory (not
shown) in the video encoding section 12, and the audio signal from the binaural microphone 3 or the built-in
stereo microphone 21 is temporarily stored in the audio encoding section In a memory (not shown) in the unit
22. At step SI 56, the video encoder 12 encodes the video signal, and the audio encoder 22 encodes the audio
signal. In step S157, the coded video signal is temporarily stored in a buffer (not shown) in the video encoding
section 12, and the coded audio signal is temporarily stored in a buffer (not shown) in the audio coding section
22. Then, Further, in step S158, the flag information generating unit 42 generates a binaural flag signal based on
an instruction from the control unit 47 in the binaural mode.

[0056] Then, in step S159, the multiplexing unit 13 multiplexes the encoded video signal, the encoded audio
signal, and the binaural flag signal, and in step S 160, generates the packetized stream signal. In step S 161, the
recording / reproducing unit 14 records a stream signal in the medium recording 44. In step S162, the video
encoder 12 and the audio encoder 22 determine whether there is a video signal and a sound signal to be encoded,
and it is determined that there is still a video signal and a sound signal to be encoded (YES), the process returns
to step S152, and the above operation is repeated. If it is not determined in step S162 that there is still a video
signal and an audio signal to be coded (No), the process is terminated.

[0057] {Playback Operation)

Returning to FIG. 3, the playback operation in the video / audio recording / playback apparatus 101 will be
described. In FIG. 3, when a reproduction button (not shown) of the operation unit 48 is operated, the recording
/ reproduction unit 14 reproduces the multiplexed signal which is the recording signal recorded on the recording
medium 44 under the control of the control unit 47. The multiplexed signal reproduced by the recording and
reproducing unit 14 is supplied to a demultiplexing unit 15 which separates the input multiplexed signal into a
coded video signal, .

[0058] The coded video signal is supplied to a video decoding section (video processing section) 16, the coded
audio signal is supplied to an audio decoding section (audio processing section) 26, and the noino ralphag signal
is transmitted as flag information And is supplied to the acquisition unit 36. The video decoding section 16
decodes the input coded image signal to obtain a video signal. In accordance with the operation of the
reproduction button, the switch Sw 3 is switched to the terminal h under the control of the control unit 47. The
video signal outputted from the video decoding section 16 is displayed on the display section 17 and also
supplied to the monitor 52 via the video output terminal 37a for display. The audio decoding section 26 decodes
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the input coded voice signal to obtain a voice signal. The audio signal is supplied to the crosstalk canceller 27
and the terminal ¢ of the switch Sw 2.

[0059] The crosstalk canceler 27 generates a first tone signal that is generated when a binaural collected sound
signal is reproduced by the speakers 53 and 54 and a signal sounded from the left speaker 54 is listened to by the
right ear of the listener 59 Generates a signal for canceling the crosstalk component and the second crosstalk
component that the signal generated by the right speaker 53 is listened to by the left ear of the listener 59 and
adds it to the audio signal And generates a crosstalk processed signal. The flag information acquisition unit 36
holds the binaural flag signal obtained by the separation unit 15. The control unit 47 switches over the switch
Sw 2 depending on whether the flag information acquisition unit 36 holds the binaural flag signal or not. That is,
if the flag information acquiring unit 36 holds the binaural flag signal, if the switch Sw 2 is connected to the
terminal d and the crosstalk canceling signal of the crosstalk canceller 27 power is also output to the sound
output terminal 37 b If it is not controlled and the switch Sw 2 is connected to the terminal ¢ and the audio
signal which is not crosstalk processed from the audio decoding unit 26 is transmitted to the audio output
terminal 37 b So as to output.

[0060] The sound signal output from the sound output terminal 37 b and amplified by the amplifier 51 is
sounded from the left and right speech forces 53, 54. When the audio signal output from the audio output
terminal 37 b is the crosstalk processed signal output from the crosstalk canceler 27, the viewer 59 views the
video displayed on the monitor 52, and the photographer 300 captures an image It is possible to listen to the
surrounding sound of the photographer 300 at the time of going as a sound with realism. At this time, since the
crosstalk canceller 27 cancels the crosstalk component by using the head-related transfer function which will be
described in detail later, even if the photographer 300 and the viewer 59 are different from each other, an
arbitrary photographer 300 So that even when an arbitrary viewer 59 views it, he / she can listen to a sound with
realistic feeling with little sense of discomfort.

[0061] The reproduction operation in the video / audio recording / reproducing apparatus 101 will be described
further using the flow chart shown in FIG.

[0062] Referring to FIG. 13, in step S181, the recording and reproduction unit 14 reproduces the recording
medium 44 and obtains a stream signal based on the multiplexed signal. In step S182, the recording and
reproduction unit 14 decodes the stream signal to generate a packet signal. In step S183, the demultiplexing unit
15 separates the packet signal into a video signal, an audio signal, and a no-no-rural signal. In step S 184, the
video decoding unit 16 decodes the video signal, and the audio decoding unit 26 decodes the audio signal. In
step S185, the video decoding unit 16 and the audio decoding unit 26 temporarily store the decoded video signal
and audio signal in a buffer (not shown). In step S186, the flag information acquiring unit 36 acquires the
binaural flag signal.

[0063] Then, in step S187, on the basis of the binauraf luggage signal acquired by the flag information acquiring
unit 36, the control unit 47 determines whether the reproduced audio signal is a force binaural audio signal
which is a normal stereo audio signal judge. If it is determined in step S 187 that the signal is a binaural sound
signal (YES), the process proceeds to step S 188. If it is determined in step S187 that the sound signal is not a
binaural sound signal (NO), the process proceeds to step S 191, the control unit 47 switches the switch Sw 2 to
the terminal ¢, and synchronizes the video signal and the audio signal .

[0064] If it is a binaural audio signal, in step S188, the control unit 47 switches the switch Sw2 to the terminal d,
thereby setting the crosstalk cancellation processing by the crosstalk canceler 27 to an effective state. In step
S189, the control unit 47 controls each unit of the circuit so as to synchronously reproduce the crosstalk
canceled audio signal by the video signal and the crosstalk canceller 27. If it is determined in step S 190 that
there is still a video signal and an audio signal to be reproduced (YES), the process returns to step S 182 and the
above operation is repeated. If it is not determined that the video signal and the audio signal to be reproduced
still exist in step S 190 (NO), the processing is terminated.

[0065] K ¥V OR =9 X +v L)

Here, the specific configuration and operation of the crosstalk canceler 27 will be described with reference to
FIG. 14. As shown in FIG. 14, the crosstalk canceller 27 is configured to include finishers 272 a to 272 d, calo
calculators 274 a and 274 b, and filters 275 a and 275 b.

[0066] In FIG. 14, the left channel signal P (t) of the binaural sound signal is filtered by the filter 2
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72a, 272 b [This signal, right channel signal P (t) voice letter 272 ¢, 272 d [This will be done. The filters 272a
to 272d are sequentially assigned to the head related transfer functions h (t), h (t), h (1), h (t)

The filter characteristic (filter coefficient) created on the basis of rs lo ro is stored. The filters 272 a and 272 d
have filter characteristics equivalent to the head related transfer functions h (t) and h (t), and the filters 272 b and
2

1s s

72¢ has filter characteristics equivalent to those obtained by inverting the head related transfer functions h (t)
and h (t). Feces

lo ro

For convenience, the filter characteristics of the filters 272a to 272d are expressed as h (t), - h (t), - h (t), h (t)
Write rs lo ro Is. Filters 272 a to 272 d are configured to add input signals P (t) and P (t)

LR

And outputs it.

[0067] The power calculator 274 a calculates the signal output from the filters 272 a and 272 c, and the filter
275 a gives a filter characteristic of d (t) to the added signal. Calo calculator 274 b adds the signals output from
filters 272 b and 27 2 d, and filter 275 b gives a filter characteristic of d (t) to the added signal.

[0068] Here, the filter characteristic d (t) stored in the filters 275 a and 275 b is the following equation (1).
[0069]d () ={h () Xh@®-h@®) Xh@®)} 1,
Isrsloro

The signals output from the filters 275a and 275b are crosstalk processed signals subjected to the crosstalk
cancellation processing so that the crosstalk is canceled when sound is generated from the speakers 53 and. The
crosstalk processed signal output from the filters 275 a and 275 b is amplified by the left channel amplifier 5 la
and the right channel amplifier 5 1b of the amplifier 51, respectively, and is sounded from the speech forces 53
and 54.

[0070] A signal (voice) generated from the speaker 53 is listened to with the left ear of the viewer 59, and a part
of the sounded signal is received as a first crosstalk signal indicated by a broken line at the right ear of the
viewer 59 Listen. The crosstalk canceler 27 generates a first crosstalk cancellation signal for canceling the first
crosstalk signal listened to by the right ear of the viewer 59 and causes the speaker 54 to generate sound. The
first crosstalk cancellation signal cancels (attenuates) the first crosstalk signal by the first crosstalk cancellation
signal. Similarly, a signal (voice) generated from the speaker 54 is listened to by the right ear of the viewer 59
and a part of the sounded signal is received as a second crosstalk signal indicated by a broken line on the left
side of the viewer 59 Listen with your ears. The crosstalk canceller 27 generates a second crosstalk cancellation
signal for canceling the second crosstalk signal to be listened to by the left ear of the viewer 59 and causes the
speaker 53 to generate sound. The second crosstalk signal is canceled (attenuated) by the second crosstalk
cancellation signal. As a result, the viewer 59 listens to the audio signal P (t) whose crosstalk is canceled with
the left ear, the crosstalk is canceled with the right ear

1
Listens to the voice signal P (t).

[0071] (Measurement of Head Related Transfer Function)
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With reference to FIG. 15, a head related transfer function measuring device 6 for obtaining head related
transfer function characteristics stored in the filters 272 a to 272 d, 275 a and 275 b will be described. As shown
in FIG. 15, the head-related transfer function measuring device 6 includes a personal computer 61, an amplifier
62, a speaker 63, microphone units 65 a and 65 b, a cylindrical structure 65 e, and amplifiers 66 a and 66 b.

[0072] How to measure the head related transfer function!

[0073] First, a personal computer 61 generates a measurement signal composed of impulse sound, for example.
The measurement signal is amplified by the amplifier 62. Measurement signals generated from the left speaker
63 are received by the left and right microphone units 65a and 65b. The right and left signals obtained by
receiving the sound are amplified by the amplifiers 66 a and 66 b and input to the personal computer 61. This
input signal is the head related transfer function h (t), h (t) of the sound received from the speaker 63 and
received by the left and right microphone units 65a and 65b attached to the cylindrical structure 65¢ is there.
Head trance

Islo

The reaching function h (t) indicates that the signal generated from the left speaker 63 is the left microphone
unit 65 a

Is

The head related transfer function h (t) is a characteristic to be listened to and received by the left speaker 63
lo

Is the characteristic of the crosstalk component listened to by the microphone unit 65 b on the right side.

[0074] Likewise, the measurement signal generated from the right speaker 64 is received by the left and right
microphone units 65a and 65b. The right and left signals obtained by receiving the sound are amplified by the
amplifiers 66 a and 66 b and input to the personal computer 61. The personal computer 61 compares the
generated measurement signal with the received sound signal so that the sound generated from the speaker 64 is
received by the left and right microphone units 65a and 65b attached to the cylindrical structure 65¢ Head
transfer functions h (t) and h (t) are obtained. The head related transfer function h (t) is obtained from the right
speaker 64

IS 10 1S

The head related transfer function h (t) is a characteristic in which the sound generated by the right speaker 64 is
a crosstalk component listened to by the left microphone unit 65a It is a characteristic.

[0075] The cylindrical structure 65 e will be described with reference to FIG. 16. 16A is a top view of the
cylindrical structure 65¢, FIG. 16B is a perspective view of the cylindrical structure 65¢, and FIG. 16C is a
cross-sectional view of a so-called dummy head microphone shown for comparison .

[0076] As shown in FIGS. 16 (A) and 16 (B), microphone units 65 a and 65 b are mounted on the surface of the
cylindrical structure 65 e in a state of being separated by 180 °. As shown in the drawing, the microphone units
65a and 65b do not have an auricle and external ear canal. The diaphragm (not shown) of the microphone units
65a, 65b is disposed at a position substantially coincident with the surface of the cylindrical structure 65¢. On
the other hand, the dummy head microphone 69 shown in FIG. 16 (C) has pinna shaped members 692 a, 692 b
and ear canals 693 a, 693 b on both sides of the artificial head 691, and a microphone unit 694 a, and 694 b,
respectively. The microphone units 694 a and 694 b are provided at positions corresponding to the position of
the eardrum of a person, and collect sound signals approximate to sounds to be heard by a person.

[0077] The sound receiving characteristics of the microphone units 65a and 65b attached to the cylindrical
structure 65¢ shown in FIGS. 16 (A) and 16 (B) are influenced by characteristic differences given by auricles
and external auditory canals different in size and shape from person to person And it is a characteristic that can
measure the head related transfer function. Although sound waves generated from the speakers 63, 64 are
shielded by the cylindrical structure 65¢, they are diffracted along the cylindrical structure 65¢ and reach the
microphone units 65a, 65b. The microphones 65a and 65b measure the characteristics of sound waves directly
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emitted from the speakers 63 and 64 and reaching by diffracting along the cylindrical structure 65¢. By using the
cylindrical structure 65e, it is possible to obtain a head related transfer function having an average head
shielding characteristic. Therefore, even when various viewers who have different sizes and shapes of the heads
and have different head shielding characteristics listen to the binaural sound signal, it is possible to receive
speech with realistic feeling with almost no discomfort.

[0078] 17A to 17D are diagrams showing the head related transfer function h (t (t) of the cylindrical structure
65¢ measured by the acoustic signal transfer characteristic measuring device 6, the impulse sound generated by
the acoustic signal transfer characteristic measuring device 6 described above, ), h (t), h (1), h (t) are convoluted
with each other

Islo rsro

. FIG. 17 (D) shows the filter characteristic d (t) shown in the above formula (1). In Figs. 17 (A) - 17 (E), the
vertical axis shows the amplitude of the signal voltage normalized with the prescribed output voltage, and the
horizontal axis shows the number of samples when the measured signal is sampled at 48 kHz The time shown is
shown.

[0079] 18 (A) to 18 (E) show the frequency characteristics obtained by Fourier analysis of the signals shown in
FIGS. 17 (A) to 17 (E). In FIGS. 18 (A) to (E), the frequency positions of 100 Hz, 1 kHz, and 10 kHz are
indicated by the broken vertical lines, and the gain difference between the horizontal lines of the two broken
lines in the response characteristics of the vertical axis is 10 dB.

[0080] In the filters 272a to 272d of FIG. 14, the head related transfer functions h (t)
1S
, ho (1), h (), h (t) are given. As mentioned above, Phil lo ro Is

Filter characteristics corresponding to the head related transfer functions h (t) and h (t) are given to the tapes 272
aand 272 d

1s s

, Filter characteristics corresponding to the head related transfer functions h (t), h (t) whose polarity is reversed -
h (t) and - lo ro lo h (t) are given to the filters 272 b and 272 c.

1o

[0081] For comparison, the characteristics measured using the dummy head microphone 69 shown in FIG. 16
(C) instead of the microphone units 65a and 65b attached to the cylindrical structure 65¢ are shown in FIGS. 19
and 20. FIG. 19 shows characteristics obtained by measurement similarly to FIG. 17. As can be understood by
comparing FIG. 17 with FIG. 19, the impulse response waveform measured by using the microphone units 65 a,
65 b attached to the cylindrical structure 65 ¢ is the impulse response measured by using the dummy head
microphone 69 This waveform is closer to the impulse sound which is the input signal for measurement than the
waveform.

[0082] FIG. 20 shows the frequency response characteristics measured using the dummy head microphone 69.
The characteristics obtained by using the microphone units 65a and 65b attached to the cylindrical structure 65¢
are smaller than the distortion force S of the frequency characteristic and close to flat . Respective
characteristics shown in FIGS. 20 (A) to 20 (E) are enhanced or attenuated in the response characteristics at a
frequency of 1.5 to 7 kHz. The characteristics shown in FIGS. 18 (A) to 18 (E) are smaller in degree of
enhancement and attenuation of response characteristics. This is because there is no disturbance in
characteristics caused by the auricle or the external auditory meatus when the microphone units 65a and 65b
attached with the cylindrical structure 65¢ are used. In the dummy head microphone 69, a part of the sound
waves emitted from the speakers 63, 64 is reflected by the auricle, and the reflected sound wave and the directly
arriving sound wave are synthesized and synthesized in phase and synthesized in reverse phase It attenuates. In
addition, it is strengthened or attenuated at a specific frequency due to the influence of external ear canal
resonance, antiresonance, etc. By using the microphone units 65 a and 65 b attached to the cylindrical structure
65 e, it is possible to suppress adverse effects as in the case of using the dummy head microphone 69.
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[0083] Filter characteristics based on the head related transfer function measured by using the microphone units
65a and 65b attached to the cylindrical structure 65¢ are added to the filters 272a to 272d and the filters 275a
and 275b of the crosstalk canceler 27 ) And a filter characteristic based on the head-related transfer function
measured using the dummy head microphone 69 (second condition), and a comparative viewing test was
conducted by a plurality of viewers . A small, small microphone was inserted into the ear canal of the viewer,
and the sound receiving characteristic was measured as the sound received by the small microphone is the sound
heard by the viewer.

[0084] FIG. 21 shows the characteristics measured by a certain viewer under the first condition. In FIG. 21, (A)
shows an impulse signal on the left side input signal P (1), a silent input signal P (t) on the right side

LR

This is the waveform of the impulse response signal which is sounded from the speakers 53 and 54 as the
number and received by the compact microphone worn by the viewer's left ear. (B) is the waveform of the
crosstalk component sounded with the same condition as (A) and received by a compact microphone worn by
the viewer's right ear. In FIG. 21 (A), a large impulse response waveform is obtained, and in FIG. 21 (B), a
small level waveform is obtained. FIG. 21 (C) shows the frequency analysis result of the response waveform, Ca
is the response characteristic obtained by frequency analysis of the response waveform of (A), and Cb is the
response characteristic obtained by frequency analysis of the response waveform of (B). Crosstalk cancellation
effect exceeding 20 dB at 100 Hz to 2 kHz is obtained.

[0085] Further, in FIG. 21, (D) shows the case where the left input signal P (t) is no signal, the right input signal
P

L

(t) as an impulse signal from the speakers 53 and 54, and worn on the left ear of the viewer
R

It is the waveform of the crosstalk component received by the small microphone. (E) is the waveform of the
impulse response received by a compact microphone worn on the right ear of the viewer, which is pronounced
under the same condition as (D). In FIG. 21 (D), a waveform of a small level is obtained, and in FIG. 21 (E) a
large level of impulse response waveform is obtained. FIG. 21 (F) is a frequency analysis result of the response
waveform, F d is a response characteristic obtained by frequency analysis of the response waveform of (D), and
Fe is a response characteristic obtained by frequency analysis of the response waveform of (E) . A crosstalk
cancellation effect of about 16 dB is obtained at 100 Hz to 2 kHz. FIG. 22 shows the characteristics measured
by the same viewer as in FIG. 21 under the second condition. The measurement conditions are the same as in
FIG. The crosstalk canceling effect of FIG. 22 (C) is about 14 dB, and the crosstalk canceling effect of FIG. 22
(F) is about 1 1dB. Under the second condition, the effect is inferior compared to the first condition.

[0087] Fig. 23 shows the characteristics measured with the same measurement conditions as in Fig. 21 under the
first condition with different viewers from Fig. 21 and Fig. 22. The crosstalk canceling effect of FIG. 23C is
about 22 dB, and the crosstalk canceling effect of FIG. 23F is about 18 dB. Even different viewers have good
effects.

[0088] FIG. 24 shows the characteristics measured under the same conditions as in FIG. 22 under the second
condition with the same viewers as in FIG. 23. The crosstalk canceling effect of FIG. 24 (C) is about 14 dB, and
the crosstalk canceling effect of FIG. 24 (F) is about 10 dB. Even for different viewers, it can be seen that the
effect is inferior to the first condition under the second condition. Furthermore, similar measurements were
performed by different viewers, and it was confirmed that the same effect as above can be obtained for each of
the first condition and the second condition.

[0089] From the above measurement results, the filter characteristics given to the filters 272 a - 272 d and the
filters 275 a, 275 b of the crosstalk canceller 27 are more improved than the filter characteristics based on the
head related transfer function measured by using the dummy head microphone 69 Direction of filter
characteristics based on head related transfer functions measured using microphones 65a and 65b attached to
form structure 65¢ Crosstalk component sounded from the left speaker and listened to by the right ear and right
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side It is f * i % that the effect of canceling the crosstalk component sounded by the speaker of the left ear
listened to is high.

[0090] In the filter characteristics based on the head related transfer function measured using the microphone
units 65 a and 65 b attached to the cylindrical structure 65 e, disturbance of the frequency characteristics in the
high frequency range is small. That is, by using the cylindrical structure 65¢, it is possible to reduce the
frequency characteristic being greatly reduced or increased at a specific frequency portion, and it is possible to
minimize the degradation of the sound quality as much as possible. As a result, the viewer can listen to the
sound with realistic feeling with little sense of incongruity.

[0091] Filter characteristics based on head related transfer functions measured using the microphone units 65a
and 65b attached to the cylindrical structure 65¢ with filter characteristics given to the filters 272a to 272d and
the filters 275a and 275b of the crosstalk canceller 27 , The crosstalk cancellation is performed near the entrance
of the ear canal of the viewer 59 which is the structure when listening to the binaural sound signal. Therefore,
the cancellation of the crosstalk component is effectively performed for a plurality of viewers 59 having
different acoustic characteristics of the auricle and the ear canal.

[0092] The cylindrical structure 65¢ is not limited to a complete cylindrical shape, but may be a slightly
cylindrical deformed cylindrical shape! /.. It is preferable not to have a concave-convex portion that gives a
change in response characteristics such as the auricle or the external anditory canal, etc. In a state where the
microphone units 65 a, 65 b are attached to the cylindrical structure 65 e, the response characteristics are
disturbed As much as possible, it is preferable,

[0093] The crosstalk canceler 27 is not limited to the configuration shown in FIG. 14, but may be a band
division type crosstalk canceller which can further reduce the opposite phase feeling occurring in the low
frequency band. The band division type crosstalk canceller divides a binaural sound signal input as a signal of
the entire frequency band into a signal of a low frequency band and a signal of a mid high frequency band and
converts the binaural sound signal into a binaural sound signal of a middle to high frequency band Crosstalk
cancellation processing is performed only for the crosstalk.

[0094] FIG. 25 shows a band division type crosstalk canceler 27a, and its configuration and operation will be
described. Constituent parts having the same functions as those of the crosstalk canceller 27 shown in FIG. 14
are denoted by the same reference numerals, and description thereof is omitted.

[0095] As shown in FIG. 25, the crosstalk canceller 27a is different from the crosstalk canceler 27 shown in
FIG. 14 in that it includes low-pass filters (LPF) 271a and 271d, high-pass filters (HPF) 271b and 271c, delay
units 273a and 273b, Gain control amplifiers (GC) 276 a - 276 d, calo calculators 2 77 a, 277 b Different in that
they are being caught!

[0096] Among the binaural audio signals input to the crosstalk canceller 27 a, the left channel signal P (t) is
input to the LPF 271 a and the HPF 271 b, the right channel signal P (t) is input to the LP

LR

F 271 d and HPF 271 ¢, and is divided into a low frequency band and a middle high frequency band. : The cut-
off frequency of the LPFs 271a, 271d and the HPFs 271b, 271c¢ is set to about 100-200 Hz. The middle and high
frequency band signals output from the HPFs 271 b and 271 c are circuit portions composed of the finer
switches 272 a to 272 d configured in the same manner as the crosstalk canceler 27, the calorific calculators 274
aand 274 b, and the focus switches 275 a and 275 b Crosstalk cancellation processing is performed. Signals in
the middle to high frequency band subjected to the crosstalk cancellation processing are input to the gain control
amplifiers 276 b and 276 c, and the gain is adjusted.

[0098] The signals in the low frequency band output from the LPFs 271a and 271d are input to the delay units
273a and 273b and are delayed by substantially the same time as the time required for the crosstalk cancellation
process for the signals in the middle to high frequency band. The signals in the low frequency band output from
the delay units 273 a and 273 b are input to the gain control amplifiers 276 a and 276 d, and the gain is adjusted
so0 as to eliminate the level difference from the signals in the middle to high frequency band.

[0099] The power calculators 277 a and 277 b add the low frequency band signal output from the gain control
amplifiers 276 a to 276 d and the middle high frequency band signal. The signals output from the adders 277a
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and 277b are crosstalk processed signals subjected to crosstalk cancellation processing only for signals in the
middle to high frequency band. The crosstalk processed signal output from the adders 277 a and 277 b is
amplified by the left channel amplifier 5 la and the right channel amplifier 51 b of the amplifier 51, respectively,
and is sounded from the speakers 53 and 54.

[0100] In the configuration shown in FIG. 25, crosstalk cancellation processing is not applied to signals in the
low frequency band, so that it is reproduced as a signal having no antiphase feeling in the low frequency band.

[0101] In the crosstalk canceler 27 shown in FIG. 14, the crosstalk cancellation effect by the crosstalk canceller
27 is sufficiently obtained at less than or equal to 10 Hz as described above with reference to FIGS. 21 to 24.
The low frequency band below 100Hz has less influence on the localization of the sound source than the V
band. Without canceling the crosstalk, the signal is audibly listened to with a sense of incompatibility as a signal
of opposite phase.

[0102] In the crosstalk canceller 27a shown in FIG. 25, crosstalk cancellation is not performed in a low
frequency band of 100 to 200 Hz or less so as to realize a crosstalk canceller such that a reverse phase signal
does not occur in a low frequency band Do it.

[0103] FIG. 26 shows a frequency band division type crosstalk canceler 27 b having a filter construction method
different from that of FIG. 25, and its configuration and operation will be described. Constituent parts having
the same functions as those of the crosstalk canceller 27 a shown in FIG. 25 are denoted by the same reference
numerals, and description thereof is omitted.

[0104] The crosstalk canceller 27 b shown in FIG. 26 differs from the crosstalk canceler 27 a in FIG. 25 in that
filters 278 a and 278 b and filters 279 a and 279 b are provided in place of the filters 272 a to 272 d and the
filters 275 a and 275 b The way of wiring is also different. The crosstalk canceller 27 a is configured with a
filter characteristic as a feedforward FIR (finite impulse response) type, whereas the crosstalk canceller 27 b
uses a feedback type FIR type filter characteristic .

[0105] In FIG. 26, cross-track cancellation processing is performed by the FIR type filters 278 a, 278 b, 279 a,
279 b and adders 274 a, 274 b for signals in the middle to high frequency band output from the HPFs 271 b, 271
¢. The filter characteristics obtained by the head-related transfer function measuring device 6 are shown in the
illustration in FIG. 7 in the winding positions 278 a, 278 b, 279 a, 279 b. The winding patterns 278 a, 278 b, 279
a, 279 b The respective filter characteristics are convoluted with the input signal and output. According to the
crosstalk canceller 27 b, when the discomfort is reduced as if the reverse phase signal does not occur in the low
frequency band, the same action and effect as the crosstalk canceller 27 a can be obtained. The crosstalk
canceller 27 b shown in FIG. 26 can reduce the order of the filter used than the crosstalk canceller 27 a shown in
FIG. 25, and the configuration can be simplified. In place of FIR type filter, IIR type (infinite impulse response)
infinite impulse response filter may be used.

[0106] In the configuration shown in FIG. 3, when the force control unit 47 having the crosstalk canceler 27 (or
27 a, 27 b) configured separately from the control unit 47 is a microprocessor having a DSP (Digital signal
processor) , The control unit 47 may execute the functions of the crosstalk canceler 27, 27 a, 27 b. In addition,
the crosstalk canceler 27, 27 a, 27 b is not limited to hardware, and can be realized by software.

[0107] (Headphone playback)

Meanwhile, in the video / audio recording / reproducing apparatus 101 shown in FIG. 3, the audio signal
outputted from the audio decoding unit 26 can be listened to even by headphones. When listening to the nooraur
audio signal with headphones, the above-mentioned crosstalk components do not occur V,. When listening to
the crosstalk processed signal processed by the crosstalk canceller 27 with headphones, the opposite phase
component of the binaural sound signal is listened to by the left and right ears. Since the reverse phase
component is an acoustic signal component not in nature and it is not preferable for listening, crosstalk
cancellation processing is not performed when listening to binaural sound signals even with headphones.

[0108] Therefore, as shown in FIG. 3, the audio signal outputted from the audio decoding section 26 is outputted
to the audio output terminal 37 ¢ without going through the crosstalk canceler 27. The audio signal output from
the audio output terminal 37 ¢ is supplied to the headphone 55. As described above, the viewer 59 can listen to
the crosstalk processed signal outputted from the crosstalk canceler 27 by the speech strength 53, 54, or the
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audience 59 can listen to the sound signal not processed by the crosstalk canceler 27 as the headphone 55 You
can also listen to.

[0109] A reproduction procedure of the binaural audio signal at the headphone 55 will be described with
reference to FIG. 27. The same processes as those in the flowchart shown in FIG. 13 are denoted by the same
reference numerals, and description thereof is omitted.

[0110] In FIG. 27, steps S181 to S186 are as described with reference to FIG. 13, and in step S192 it is
determined whether or not reproduction is performed by the headphone 55. FIG. It is sufficient to detect by a
connection detecting unit whether or not a plug is inserted into the sound output terminal 37¢ whichis a
connection terminal of the headphone 55. FIG. If it is determined in step S192 that the headphone is to be
reproduced (YES), in step S193, a binaural audio signal which is not subjected to crosstalk cancellation
processing in synchronization with the video signal is reproduced by the headphone 55, and in step S190
Transfer. Similarly, when the reproduced audio signal is not binaural audio signal but normal stereo sound, the
audio signal outputted from the audio decoding section 26 may be similarly supplied to the headphone 55.

[0111] If it is not determined in step S192 that the headphone is to be reproduced (NO), the process of steps
S187 to S190 is performed as in FIG. Unlike the reproduction process by the headphone 55 in step S193, the
process in step S189 is a process of reproducing the binaural audio signal by the speakers 53,

[0112] ({ Second Embodiment ))

The photographer 300 attaches the binaural microphone 3 to the left and right ears 302 and picks up the subject
and records on the recording medium 44 while collecting the sound, so that the viewer 59 can recognize the
entirety when the photographer 300 shoots You can listen to the ambient sound in the direction. However, an
image shot by a normal video / audio recording / reproducing apparatus (video camera) is an image in the range
of about 60 degrees in front of the camera. In the case of zoom photographing, photographing is performed with
a narrower viewing angle. Therefore, in the case of performing zoom shooting, it is desirable to enhance the
sound produced in the vicinity of the zoomed up subject and collect the sound. In the second embodiment, in
addition to the zoom-up of the subject, the sound in the vicinity of the subject is enhanced, and collected and
recorded.

[0113] FIG. 28 shows the video / audio recording / reproducing apparatus 102 provided with the audio
processing unit of audio which is the second embodiment, and its configuration and operation will be described.
Components having the same functions as those of the video / audio recording / reproducing apparatus 101 of
the first embodiment shown in FIG. 3 are denoted by the same reference numerals, and description thereof is
omitted. The video / audio recording / reproducing apparatus 102 is different from the video / audio recording /
reproducing apparatus 101 in that it includes an audio zoom processing section 33. In FIG. 28, illustration of the
audio output terminal 37 ¢ which is the connection terminal of the headphone 55 and the headphone 55 is
omitted.

[0114] In FIG. 28, the audio signal from the binaural microphone 3 input via the external microphone
connection terminal 32 is input to the audio zoom processing unit 33. The camera unit 11 includes a plurality of
lenses (not shown), and has a zooming function of zooming up and down the subject by moving one or a
plurality of lenses and varying the distance between the lenses. When a zoom-up operation is performed by the
operation unit 48, a zoom-up control signal is input from the control unit 47 to the camera unit 11, the subject is
zoomed in and imaged, and the zoom-up control signal is subjected to audio zoom processing The audio signal
inputted and input to the unit 33 is subjected to audio zoom processing.

[0115] On the basis of the zoom-up control signal, the audio zoom processing unit 33 augments the audio signal
collected on the median plane of the photographer 300 including a lot of audio signals to be emitted from the
binaural sound power of the subject, and performs zoom-in Thereby generating an audio signal. The zoom-up
audio signal is input to the audio coding section 22 via the switch Swl. The image signal of the subject picked
up by zooming up is encoded by the video encoding section 12 and the zoom up audio signal is encoded by the
audio encoding section 22 and is recorded on the recording medium 44 as in the first embodiment It is recorded.
FIG. 29 is a specific configuration example of the andio zoom processing unit 33. As shown in FIG. 29, the
audio zoom processing unit 33 includes a zoom magnification detector 331, a coefficient calculator 332, an
adder 335, a variable amplifier 337, and adders 338 aand 338 b.
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[0117] In FIG. 29, the zoom magnification detector 331 detects the zoom magnification based on the zoom-up
control signal supplied from the control unit 47. The coefficient calculator 332 calculates a coefficient a
representing the degree of enhancement of the sound emitted from the vicinity of the subject according to the
detected zoom magnification. The adder 355 adds the binaural sound signals of the right and left channels input
from the external microphone connection terminal 32. The variable amplifier 337 amplifies the output signal of
the adder 335 according to the coefficient a from the coefficient calculator 332. The adders 338 a and 338 b add
the left and right channel binaural sound signals to the output signal of the variable amplifier 337, respectively.
The diaphragms in the microphones 31a and 31b are substantially parallel in a state in which the microphones
31a and 31b of the binaural microphone 3 are attached to the left and right ears 302 of the photographer 300.
Since the sound from the left and right direction of the photographer 300 sometimes includes components
having phases opposite to each other, as a result of the addition of the left and right channels in the adder 335,
the sound from the left and right directions is partially canceled out and attenuated. Accordingly, from the audio
zoom processing unit 33, a zoom-up audio signal in which the sound collected on the median plane of the
photographer 300 is enhanced is output.

[0118] With reference to FIG. 30, the operation of the video / audio recording / reproducing apparatus 102
including the operation in the audio zoom processing unit 33 will be further described. 30, in step S201, the
adder 335 adds binaural sound signals of left and right channels from the binaural microphone 3 to obtain an
addition signal S. In step S undefined 202, the zoom magnification detector 331 detects the zoom magnification
obtained by the control unit 47 according to the operation of the operation unit 48. The zoom magnification may
be obtained from the relationship between the applied voltage to the motor for driving the lens of the camera
unit 1 1 and the driving time. In step S203, the coefficient calculator 332 calculates a coefficient oc representing
the enhancement degree according to the zoom magnification. In step S 204, the variable amplifier 337
multiplies the output signal of the adder 335 by the coefficient a to obtain a S. In step S 205, the calorie
calculators 338 a and 338 b add the binaural sound signals of the left and right chambers and the output signal
(S) of the variable amplifier 337. Then, in step S 206, the zoom-up audio signal is recorded on the recording
medium 44. In step S207, the control unit 47 determines whether the recording has ended. If it has not ended
(NO), the control unit 47 repeats the force of step S201. If recording has ended in step S207 (YES), the
processing in the audio zoom processing unit 33 is ended.

[0119] FIG. 31 shows an audio zoom processing unit 33 a showing another configuration example of the audio
zoom processing unit 33. If a head related transfer function that gives the effect that the sound source
approaches the listener with respect to the sound signal of the median plane is convoluted, the sound source also
receives a power in conjunction with the zoom-up of the subject in the camera unit 11 It is felt as if it
approached the listener, and it is possible to receive and listen to the audio signal having the realistic feeling.
The audio zoom processing unit 33 a shown in FIG. 31 is configured to convolve a head related transfer
function that provides an effect of bringing the sound source closer to the sound signal of the median plane.

[0120] The audio zoom processing unit 33 a shown in FIG. 31 differs from the audio zoom processing unit 33 of
FIG. 29 in that a function acquiring unit 333, a transfer function memory 334, and a convolution operator 336
are added.

[0121] In FIG. 31, a transfer function memory 334 stores a head related transfer function for forming a virtual
sound source in which a sound source is virtually positioned in close proximity. The head related transfer
function is a function to obtain the listening characteristics of the sound emitted from the virtual sound source
and the listening characteristics are determined by the distance between the virtual sound source and the listener.

[0122] The function acquiring unit 333 acquires from the transfer function memory 334 a head related transfer
function corresponding to a sound localization position assumed according to the coefficient oc calculated by
the coefficient calculator 332. Note that the coefficient a in FIG. 29 and the coefficient a in FIG. 31 and the
other figures are not necessarily the same. For the sake of convenience, the same reference numerals are
attached. The convolution arithmetic unit 336 convolves the head related transfer function acquired by the
function acquiring unit 333 with the addition signal of the binaural sound generated by the adder 335. The
variable amplifier 337 amplifies the added signal convoluted with the head-related transfer function according to
the coefficient o obtained by the coefficient calculator 33 2. Calo calculators 338 a and 338 b add the left and
right channel's neural audio signals and the variable amplifier 337 output signals. Here, it is sufficiently
effective only to locate the force sound source having the variable amplifier 337 virtually in close proximity,
and it is also possible to omit the variable amplifier 337. The coefficient o for selecting the head-related transfer
function by the function acquiring unit 333 and the coefficient determining the degree of amplification in the
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variable amplifier 337 may be set as different coefficients. [0123] With reference to FIG. 32, A method of
measuring the head related transfer function for forming a virtual sound source will be explained.

[0124] The head-related transfer function measuring apparatus 6 a shown in FIG. 32 is configured to include a
personal computer 61, an amplifier 62, a speaker 63, amplifiers 66 a and 66 b, and a dummy head microphone
68. Dummy one head microphone 68 i, artificial head 681 [Install the microphone units 684 a, 684 b! The
cranial transfer function measuring device 6a uses a dummy head microphone 68 instead of the microphone
units 65a and 65b attached to the cylindrical structure 65¢, as compared with the head related transfer function
measuring device 6 shown in FIG. 15 Except that the point and the speaker are arranged on the median plane of
the dummy head microphone 68 as only one of the left and right speakers 63 and 64 (in this case, the speaker 63
is used)

[0125] FIG. 33 shows a sectional view of the dummy head microphone 68. In the dummy head microphone 68,
micro switches 684 a and 684 b are disposed in the vicinity of entrances of the auditory canals 683 a and 683 b
of the artificial head 681 having the pinna shaped members 682 a and 682 b. The dummy head microphone 69
shown in FIG. 16 (C) is obtained by disposing the microphone units 694 a, 694 b at positions corresponding to
the position of the eardrum of the person in the back of the ear canals 693 a, 693 b, and the dummy head
microphone 68 , The dummy head microphone 69 is different from the dummy head microphone 69 in that the
micro units 684 a and 684 b are arranged near the entrances of the auditory canals 683 a and 683 b. Normally,
the dummy head microphone refers to one in which the microphone units 694 a and 694 b are arranged at
positions corresponding to the position of the eardrum of the person at the back of the ear canals 693 a and 693
b as shown in FIG. 16 (C) 33 in which the microphone units 684a, 684b are disposed in the vicinity of the
population of the auditory canals 683a, 683b of the artificial head 681 having the 1S auricular shapes 682a, 682b
is also referred to as a dummy head microphone for convenience.

[0126] By using the dummy head microphone 68, it is possible to collect sound from the speaker 63 as binaural
sound excluding the influence by the auditory canal 683 a, 683 b.

[0127] Returning to FIG. 32, the personal computer 61 generates a measurement signal composed of impulse
sound, for example. The measurement signal is amplified by the amplifier 62. Measurement signals generated
from the speaker 63 are received by the left and right microphone units 684 a, 684 b of the dummy head
microphone 68. The left and right signals obtained by receiving the sound are amplified by the amplifiers 66a
and 66b and input to the personal computer 6 1. The personal computer 61 compares the generated measurement
signal with the received signal to determine the head related transfer functions h (t), h (t) of the dummy head
microphone 68. Head

1r

The part transfer function h (t) is the head related transfer obtained by the sound receiving signal at the left
microphone unit 684a

1

The function, head related transfer function h (t) is a head related transfer function obtained from a sound
receiving signal at the right microphone unit 684 b. The distance D between the speaker 63 and the dummy head
microphone 68 is set to, for example, 0.5 m, 1 m, 2 m, etc., and head related transfer functions at each distance
D are sequentially found.

[0128] 34 to 39 show characteristics of the head related transfer function obtained by measuring with the head-
related transfer function measuring device 6 a shown in FIG. 32.

[0129] The impulse response waveform shown in FIG. 34 (A) is a waveform received by the left microphone
unit 684 a when the distance D between the speaker 63 and the dummy head microphone 68 is 50 cm. The
vertical axis is the normalized amplitude (voltage). The horizontal axis is time, and it is indicated by the number
of sample points of the signal whose sampling frequency is 48 kHz. FIG. 34 (B) is a frequency response
characteristic obtained by Fourier analysis of the impulse response waveform shown in FIG. 34 (A) by the
personal computer 61. The horizontal axis is the frequency (Hz), and the vertical axis is the response
characteristic.
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[0130] FIG. 35 (A) shows the impulse response waveform received by the right microphone unit 684 b when the
distance D is 50 cm. FIG. 35 (B) is a frequency response characteristic obtained by Fourier analysis of the
impulse response waveform shown in FIG. 35 (A). The measurement conditions are the same as in FIG. 34.

[0131] Similarly, FIG. 36 (A) shows an impulse response waveform received by the left microphone unit 684 a
when the distance D is | m, and FIG. 36 (B) shows its frequency response characteristic.

[0132] FIG. 37 (A) shows the impulse response waveform received by the right microphone unit 684 b when the
distance D is | m, and FIG. 37 (B) its frequency response characteristic.

[0133] FIG. 38 (A) shows the impulse response waveform received by the left microphone unit 684 a when the
distance D is 2 m, and FIG. 38 (B) its frequency response characteristic.

[0134] FIG. 39 (A) shows the impulse response waveform received by the right microphone unit 684 b when the
distance D is 2 m, and FIG. 39 (B) its frequency response characteristic.

[0135] Comparing these characteristics, the amplitude of the waveform decreases as the impulse response
waveform shown in (A) of FIGS. 34 to 39 increases the value of the distance D to 0.5 m, 1 m, 2 m. In the
frequency response characteristic shown in (B) of FIG. 34 to FIG. 39, when the distance D is 0.5 m, regular
concavo-convex characteristics at intervals of about 400 Hz in the frequency portion of 1kHz to 4 kHz enclosed
by the ellipse of a broken line Dip), and when the distance D is Im, it becomes somewhat irregular asperity
characteristics, and when the distance D is 2 m, it is a combination of a plurality of concavo-convex
characteristics with different frequency intervals. In addition, when the distances D are the same, substantially
the same characteristics are obtained on the left and right.

[0136] The personal computer 61 compares the measurement signal of the generated impulse sound with the
waveform of the impulse response signal input from the amplifiers 66a and 66b to obtain head related transfer
characteristics for each distance D. The head related transfer characteristic obtained for each distance D is a
characteristic for causing the listener to listen to the sound signal of the virtual sound source force by locating
the sound source virtually at the position of the distance D. In this embodiment, the distances D are set to 0.5 m,
1 m, and 2 m, but even if the respective distances D may be determined to be narrower than 0.5 m even if the
respective characteristics are obtained at more distances Good.

[0137] The head related transfer characteristics obtained as described above are stored in the transfer function
memory 334 of FIG. Which of the stored transfer functions is to be used for the zoom magnification detected by
the zoom magnification detector 331 is determined as an example by setting the distance to the subject measured
by the automatic focus measuring function Use the coefficient o obtained by dividing by the zoom
magnification. For example, when the distance to the subject is 10 m and the zoom magnification is 5, the
coefficient is 2. When the distance to the subject is 10 m and the zoom magnification is 10, the coefficient a is

1, and when the zoom magnification is 20, the coefficient a is 0.5.

[0138] With reference to FIG. 40, the operation of the video / audio recording / reproducing apparatus 102
including the operation at the audio zoom processing unit 33 a will be further described. 40, in step S211, the
calorifier 335 adds binaural sound signals of left and right channels from the binaural microphone 3 to obtain a
calorie calculation signal S. In step S undefined 212, the zoom magnification detector 331 detects the zoom
magnification obtained by the control unit 47 according to the operation of the operation unit 48. In step S213,
the coefficient calculator 332 determines which one of the plurality of transfer functions stored in the transfer
function memory 334 is selected according to the zoom magnification, and determines the coefficient a
representing the degree of enhancement in the variable amplifier 337 . As the coefficient OC, the number
obtained by dividing the distance to the subject by the zoom magnification may be used as it is, or the value
generated based on the number obtained by dividing the distance to the subject by the zoom magnification Even
ifitis! /,.

[0139] In step S 214, the function acquiring unit 333 acquires a transfer function from the transfer function
memory 334 according to the coefficient oc, and the convolution operator 336 convolutes the transfer function
with the addition signal output from the adder 335. In step S215, the variable amplifier 337 multiplies the output
signal of the convolution arithmetic unit 336 by the coefficient a to enhance it. In step S 216, the adders 338 a
and 338 b add the binaural sound signals of the left and right channels and the output signal of the variable
amplifier 337. Then, in step S 216, the zoom-up audio signal is recorded on the recording medium 44. In step
S218, the control unit 47 determines the force at which recording has ended, and if not completed (NO), repeats
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the force of step S211. If the recording has ended (YES) in step S218, the processing in the audio zoom
processing section 33a is ended.

[0140] {{ Third embodiment })

In the second embodiment, the zoom-up process of audio is performed on the recording side, but in the third
embodiment, the zoom-up process of audio is performed on the reproduction side. In the video / audio recording
/ reproducing apparatus 103 according to the third embodiment shown in FIG. 41, the same reference numerals
are given to components having the same functions as the video / audio recording / reproducing apparatus 101
of the first embodiment shown in FIG. 3 And its explanation will be omitted. Compared with the video / audio
recording / reproducing apparatus 101, the video / audio recording / reproducing apparatus 103 has the audio
zoom processing section 33 b at the subsequent stage of the separation section 15, and the zoom magnification
detector 331 is provided at the front stage of the multiplexing section 13 The difference is that it is. In FIG. 41,
illustration of the audio output terminal 37 ¢ which is a connection terminal of the headphone 55 and the
headphone 55 is omitted.

[0141] The operation of the video / audio recording / reproducing apparatus 103 will be described. The
operation unit 48 is operated, and the lens drive signal of the camera unit 11 generated by the control unit 47 is
supplied to the camera unit 11 and the zoom magnification detector 331. The zoom magnification detector 331
detects the zoom magnification by analyzing the zoom direction, the zoom speed, and the lens driving time of
the lens driving signal. The zoom magnification information indicating the detected zoom magnification is
supplied to the multiplexing unit 13. The multiplexing unit 13 also multiplexes the zoom magnification
information together with the encoded video signal, the encoded audio signal, and the binaural flag signal. The
recording / reproducing unit 14 records the multiplexed signal including the zoom magnification information on
the recording medium 44,

[0142] The recording / reproducing unit 14 reproduces the multiplexed signal recorded on the recording medium
44, and the demultiplexing unit 15 separates the zoom magnification information together with the coded video
signal, the encoded voice signal and the binaural flag signal . The zoom magnification information is input to
the audio zoom processing unit 33 b.

[0143] FIG. 42 is a specific configuration example of the audio zoom processing unit 33 b. As shown in FIG.
42, the audio zoom processing unit 33 b differs from the audio zoom processing unit 33 of FIG. 29 in that the
zoom magnification detector 33 1 is eliminated and the signals input to the adders 338 a and 338 b are But is
different from the output signal of the crosstalk canceller 27.

[0144] In FIG. 42, the coefficient calculator 332 calculates a coefficient a used when the input signal is
amplified by the variable amplifier 337 using the zoom magnification information separated and input by the
demultiplexer 15. The adder 335 adds the noisy speech signal input from the audio decoding unit 26. The
variable amplifier 337 amplifies the output signal from the adder 335 according to the coefficient a input from
the coefficient calculator 332. The adders 338 a and 338 b add the output signal from the crosstalk canceller 27
and the amplified signal from the variable amplifier 337.

[0145] Meanwhile, there are cases where zoom processing in the camera unit 11 is executed by computation
processing by software using, for example, DSP. When the audio zoom processing is performed at the time of
reproduction, it is unnecessary to secure the signal processing time of the DSP necessary for the zoom
processing. Therefore, it is possible to sufficiently perform signal processing such as optimization processing of
avideo signal photographed by a DSP at the time of recording, encoding of a video signal, recording control or
the like. By performing the audio zoom processing at the time of reproduction, it is possible to avoid the
possibility of occurrence of a problem that the calculation man-hours at the DSP are assigned to the calculation
processing for the zoom processing and the operation time for recording is insufficient Show.

[0146] 43 shows an audio zoom processing unit 33 ¢ configured to convolve a head related transfer function that
gives the proximity effect to the audio signal of the median plane to the audio zoom processing unit 33 b of FIG.
42 ing. The audio zoom processing unit 33 ¢ differs from the audio zoom processing unit 33 b in that a function
acquiring unit 333, a transfer function memory 334, and a convolution operator 336 are added. The functions of
the function acquiring unit 333, the transfer function memory 334, and the convolution computing unit 336 are
the same as those in FIG. 31, and description thereof is omitted.

[0147] {{ Fourth Embodiment ))
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The video / audio recording / reproducing apparatus 104 according to the fourth embodiment shown in FIG. 44
is configured so that the audio zoom processing is performed manually by an external operation at the time of
reproducing the recording medium 44. That is, when the zoom magnification information is not recorded on the
recording medium 44, the viewer 59 performs the zoom up processing of the audio while watching the video
signal reproduced by the motor 52. The zoom-up process of the audio manually performed by the viewer 59 is
referred to as manual audio zoom process.

[0148] Compared with the video / audio recording / reproducing apparatus 103, the video / audio recording /
reproducing apparatus 104 shown in FIG. 44 omits the zoom magnification detector 33 1, has the audio zoom
processing section 33 d instead of the audio zoom processing section 33 b, Different in that! /.

[0149] When the viewer 59 instructs the operation unit 48 to perform manual audio zooming, the control unit 47
inputs the zoom-up control signal to the audio zoom processing unit 33 d. The audio zoom processing unit 33 d
performs zoom-up processing on the binaural audio signal decoded by the audio decoding unit 26 according to
the zoom-up control signal.

[0150] FIG. 45 is a specific configuration example of the audio zoom processing unit 33 d. As shown in FIG.
45, the audio zoom processing unit 33 d is provided with a zoom magnification detector 331 a to which the
zoom-up control signal from the control unit 47 is input, in comparison with the zoom processing unit 33 b in
FIG. 42, and coefficient calculation But differs in that it inputs the zoom magnification information generated
by the zoom magnification detector 33 la instead of the zoom magnification information from the separation
section 15 to the unit 332. The other parts are the same operations as those of the zoom processing section 33 b,
and the description thereof will be omitted.

[0151] The manual audio zoom process in the fourth embodiment will be further described with reference to
FIG. 46. In FIG. 46, in step S221, the adder 335 adds the right and left signals of the binalolar audio signal
obtained by reproduction and obtains the addition signal S. In step S undefined 222, the control unit 47
determines whether or not the audio zoom magnification is varied by the operation unit 48. If the audio zoom
magnification is varied in step S222 (YES), the process goes to step S223, and if not changed (NO), the process
goes to step S226.

[0152] When the audio zoom magnification is varied, the zoom magnification detector 33 la calculates the zoom
magnification based on the zoom-up control signal in step S223. In step S224, the coefficient calculator 332
calculates a coefficient (X) based on the zoom magnification input from the zoom magnification detector 33 1a,
and the coefficient (X is a head for locating the sound source in front of the viewer But may also include the
transfer function characteristic In step S225, the value of the coefficient a is updated to the newly calculated
value.

[0153] In step S226, the variable amplifier 337 multiplies the added signal S by the coefficient o to generate a S.
In the case where the steps S223 to S225 have not passed, the coefficient a is a value before the audio zoom
magnification is varied. In step S227, the adders 338a and 338b add the signal "S" to the binaural sound signal
subjected to the crosstalk cancellation processing by the crosstalk canceller 27. Then, In step S228, the audio
signal obtained in step S227 is output via the switch Sw2 and the audio output terminal 37b. In step S229, the
control unit 47 determines whether or not the reproduction has ended. If it is not completed (NO), the control
unit 47 returns to step S22 1, and if it is completed (YES), ends the processing.

[0154] {({ Fifth Embodiment ))

The video / audio recording / reproducing apparatus 105 of the fifth embodiment shown in FIG. 47 shows a
configuration suitable for listening to the zoom-up audio signal with the headphone 55. The video / audio
recording / reproducing apparatus 105 shown in FIG. 47 is different from the video / audio recording /
reproducing apparatus 103 shown in FIG. 41 in that it has an audio zoom processing section 33 ¢ instead of the
audio zoom processing section 33 b, and the audio /33 ¢ are supplied to the headphone 55 via the audio output
terminal 37 ¢. The crosstalk cancellation processing is not performed on the headphone 55 by the crosstalk
canceller 27, and the binaural audio signal subjected to the zoom-up processing by the audio zoom processing
unit 33 e is supplied.

[0155] FIG. 48 is a specific configuration example of the audio zoom processing unit 33 e. The audio zoom
processing unit 33 e differs from the audio zoom processing unit 33 b of FIG. 42 in that adders 338 c and 338 d
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are added. The adders 338 ¢ and 338 d add the zoom-up sound signal output from the variable amplifier 337 to
the binaural sound signal obtained by decoding by the audio decoding section 26. The headphone listening audio
signal added by the adders 338 ¢ and 338 d is supplied to the headphone 55 via the audio output terminal 37 c.

[0156] The effect of reproducing the zoom-up audio signal according to the second to fifth embodiments
described above is as follows.

[0157] When the zoom magnification is set to be small, the signal added by the adder 335 is not increased by the
variable amplifier 337, so that the viewer 59 sets the image signal displayed on the monitor 52 and the
photographing And the audio signal having realistic sensation reproduced by 360 degrees audio signal
surrounding the person 300 with the speakers 53 and 54. Even when the viewing angle is set wide, the viewing
angle is about 60 degrees. The viewer 59 sometimes recognizes that it is a so-called blank speech sound in
which the sound generated by the subject force displayed on the monitor 52 is insufficient due to the difference
between the viewing angle of the image and the angle range when collecting the sound signal . On the other
hand, as described above, since the audio signal subjected to the audio zoom-up process is enhanced for the
photographer 300 by adding the signal component from the median plane to the binaural sound signal, the blank
area is compensated Sound signal. Therefore, it is possible to prevent the viewer 59 from recognizing that the
viewer 59 is a hollow speech sound, and the viewer 59 can listen to a sound having a realistic feeling with less
sense of discomfort as compared with the first embodiment.

[0158] ({ Sixth Embodiment ))

The video / audio recording / reproducing apparatus 106 according to the sixth embodiment shown in FIGS. 49
and 50 is not provided with built-in stereo microphone 21 and binaural microphone 3 separately as in the first to
fifth embodiments Shows a configuration in which a normal stereophonic sound collecting microphone and a
binaural microphone are shared. 49 is a plan view showing an external configuration example of the video /
audio recording / reproducing apparatus 106 in the sixth embodiment, and FIG. 50 is a block diagram showing a
concrete internal configuration example of the video / audio recording / reproducing apparatus 106. In FIGS. 49
and 50, components having the same functions as those in FIGS. 1 and 3 are denoted by the same reference
numerals, and description thereof is omitted.

[0159] As shown in FIG. 49, the video / audio recording / reproducing apparatus 106 houses the microphone
placing sections 35 a, 35 b for placing the microphones 31 e, 31 f on the top surface and the microphone cords
310 e, 310 f connected to the microphones 31 ¢, 31 f And a cord storage section 34.

[0160] In FIG. 49, when sound is collected by normal stereo sound using the microphones 31 ¢, 31 {, the
photographer 300 places the microphones 3 le, 3 If on the microphone placing parts 35 a, 35 b and collects
sound. In the case of collecting binaural sounds, the photographer 300 pulls out the microphone cords 3 10e and
310f from the cord storage unit 34, attaches the microphones 3 le and 3 1f to the ear 302, and collects sounds.
The video / audio recording / reproducing apparatus 106 has a projection-like detecting section (not shown) for
detecting the microphones 31 e, 31 f placed on the microphone placing sections 35 a, 35 b. With the on-Z off of
the switch (corresponding to the switch Sw 4 in FIG. 50) that operates in conjunction with the protrusion
detector, the video / audio recording / reproducing device 106 places the microphones 3 le, 31 f on the
microphone placing portions 35 a, 35 b Whether or not the force is being detected. The detection of whether or
not the force placed on the microphone placement portions 35a and 35b is detected is not limited to this, and for
example, the magnetic field generating also the permanent magnet force built in the microphones 3 le and 3 1f
may be detected by a Hall element or a magneto- It is also possible to detect using.

[0161] Specifically, in FIG. 50, if the microphones 31 e and 31 f are not placed on the microphone placing parts
35 aand 35 b, the switch Sw 4 is connected to the terminal e and turned off, the microphones 31 e and 31 f are
placed If it is connected to the terminal £, it is turned on. The placement detection section 4 1a detects whether or
not the microphone 31e, 31f is placed on the microphone placing sections 35a, 35b, depending on whether the
switch Sw 4 is connected to the force terminal f connected to the terminal e . The detection signal from the
placement detection section 41 a is supplied to the control section 47.

[0162] When the placement detection unit 4 1a detects that the microphones 3 1¢ and 31f are placed, the
microphones 3 1e and 3 If perform normal stereo sound collection, and the control unit 47 controls the video /
audio recording / reproducing apparatus 106 controls each part of the circuit so as to perform a recording
operation corresponding to photographing in the normal mode. In this case, the roles of the microphones 31 ¢
and 31 f are equivalent to the built-in stereo microphone 21 in FIG. 3, and the flag information generating unit
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42 does not generate the binaural flag signal indicating that it is in the binaural mode. On the other hand, when
the placing / detecting unit 41 a detects that the microphones 31 ¢ and 31 f are not placed, the photographer 300
wears the microphones 31 ¢ and 3 If on the ears 302 to collect binaural sounds in binaural mode , The control
unit 47 controls each unit of the circuit so that the video / audio recording / reproducing apparatus 106 performs
the recording operation corresponding to the imaging in the binaural mode. In this case, the flag information
generating unit 42 generates a no-noal flag signal under the control of the control unit 47.

[0163] In the sixth embodiment, the microphones 31 e and 31 £, the microphone placing parts 35 a and 35 b, the
placing and detecting part 41 a, and the control part 47 as a whole, as microphones for collecting ambient
sounds, a bike to be worn by the photographer's ears It acts as a switching unit that switches whether to use a
microphone other than a binaural microphone that uses a nor- mal microphone.

[0164] Here, an example of the structure of the cord storage section 34 will be described with reference to FIG.
51. 51 (A) shows the internal structure of the cord storage portion 34 with respect to the upper surface side
force, and the microphone cords 310 e and 310 f are wound around the reel 341 having the rotation shaft 343. 51
(B) shows an internal structure of the cord storage portion 34 as viewed from the lower surface side, and a spiral
spring 342 is provided inside the reel 341. Instead of or in addition to detecting whether or not the microphones
31e and 31f are placed on the microphone placing parts 35a and 35b, by detecting the rotation angle of the reel
341, it is possible to determine whether or not the binaural mode You can also detect.

[0165] {({ Seventh embodiment })

The video / audio recording / reproducing apparatus 107 of the seventh embodiment shown in FIG. 52 shows a
configuration using a wireless type binaural microphone that wirelessly transmits the sound signal obtained by
collecting the sound signal to the main body of the apparatus. In FIG. 52, components having the same functions
as those in FIG. 1 are denoted by the same reference numerals, and description thereof is omitted.

[0166] In FIG. 52, the video / audio recording / reproducing apparatus 107 includes a radio transmission /
reception section 39 instead of the external microphone connection terminal 32 of FIG. 1, and performs voice
recording using a radio type binaural microphone 38 instead of the noise noisy microphone 3 . The photographer
300 attaches the wireless binaural microphone 38 wirelessly coupled to the main body of the apparatus to the
head and inserts the right and left microphones 38 a and 38 b into the ear 302 to collect the sound so that it is not
interrupted by the microphone code You can shoot. It is also possible for two persons, the photographer 300 and
a sound collector (not shown) to take photographs.

[0167] With reference to FIG. 53, the internal configuration of the video / audio recording / reproducing
apparatus 107 will be described. In FIG. 53, components having the same functions as those in FIG. 3 are
denoted by the same reference numerals, and description thereof is omitted. 53 is different from the video /
audio recording / reproducing apparatus 10 1 shown in FIG. 3 in that a wireless transmitting / receiving unit 39
is provided instead of the external microphone connecting terminal 32 and the connection detecting unit 41
Different in point!

[0168] When the wireless transmitting / receiving unit 39 receives the binaural sound signal from the wireless
type binaural microphone 38, the control unit 47 determines that the switch Swl is connected to the terminal b
And causes the binaural audio signal to be supplied from the wireless type binaural microphone 38 to the audio
encoding section 22. In this case, the control unit 47 controls the flag information generating unit 42 to generate
a binaural flag signal. Further, if it is determined that the wireless main binaural microphone 38 also exceeds the
predetermined distance, the control unit 47 connects the switch Swl to the terminal a and transmits the stereo
sound signal from the built-in stereo microphone 21 to the terminal a And supplies it to the audio encoding
section 22. In this case, the flag information generating unit 42 does not generate the binaural flag signal.

[0169] FIG. 54 shows an example of the internal configuration of the wireless binaural microphone 38 and the
wireless transceiver 39, and their operation will be described.

[0170] As shown in FIG. 54, the microphone 38 a of the wireless type binaural microphone 38 includes a
microphone unit 38 1, a microphone amplifier 382, a transmission / reception unit 383, an antenna 384, and a
warning signal transmission unit 385. The force microphone 38 b (not shown) has the same configuration as that
of the microphone 38 a except that it does not include the warning signal transmitting unit 385. The wireless
transceiver 39 includes a transmission / reception unit 391, a microphone determination unit 392, a distance
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measurement unit 393, a communication coverage area determination unit 394, a warning signal transmission
unit 395, and an antenna 396.

[0171] The microphone unit 381 of the microphone 38 a (38 b) generates a binaural sound signal. The
microphone amplifier 382 amplifies the noisy audio signal from the microphone unit 381. The transmission /
reception unit 383 modulates the amplified binaural sound signal from the microphone amplifier 382 according
to a predetermined modulation scheme, and transmits the modulated binaural sound signal via the antenna 384.
The warning signal transmitting unit 385 generates an alarm signal based on the warning signal generated by the
warning signal transmitting unit 395 of the wireless transmitting / receiving unit 39 (described later) and
transmitted via the transmitting / receiving unit 391 and the transmitting / receiving unit 383.

[0172] The antenna 396 of the wireless transceiver 39 receives the modulated signals transmitted from the right
and left microphones 38 a and 38 b. The transmitting / receiving unit 391 demodulates the received modulated
signal to generate a binaural sound signal and measures the intensity of the received power of the modulated
signal. The distance measuring unit 393 estimates the distance from the wireless transmitting / receiving unit 39
to the wireless binaural microphone 38 based on the measured intensity of the received power. The
communicable range inside determination unit 394 determines whether the estimated distance is a force within a
communicable predetermined distance. The determination result of the communication coverage area
determination unit 394 is supplied to the control unit 47. If the estimated distance is within a predetermined
communication distance, the control unit 47 connects the switch Swl to the terminal b, and controls the flag
information generation unit 42 to generate a binaural flag signal. The control unit 47 connects the switch Swl to
the terminal "a" when the estimated distance exceeds a predetermined distance capable of communicating.

[0173] The warning signal transmitting unit 395 generates a warning signal when it is determined that the
distance estimated by the communication range in-coverage determining unit 394 exceeds a predetermined
distance that can be communicated. The warning signal is supplied to the control unit 47. The control unit 47
generates a warning mark and supplies it to the display unit 17 to display a predetermined warning mark on the
display unit 17. When the warning signal transmitting unit 395 does not generate the warning signal, the
microphone judging unit 392 judges that the binaural sound signal is normally obtained, and the binaural sound
signal obtained by demodulating by the transmitting / And supplies it to the audio encoder 22 via the switch
Swl.

[0174] FIG. 55 shows an example of a warning display performed by the wireless type binaural microphone 38
and the video / audio recording / reproducing apparatus 107. The microphone 38 a is provided with a rod-like
member having a light emitting diode (LED) 386 attached to its distal end portion. A warning signal generated
by the warning signal transmitting unit 385 is supplied to the LED 386, and the LED 386 blinks (or lights) based
on the warning signal. In addition to blinking LED 386, or LED 386 may flash warning sound instead of
blinking! In this case, it is possible to lower the level of the warning sound or to set the frequency of the warning
sound to a low frequency of several tens of Hz or less, for example, so that the warning sound is not heard by

the microphone unit 381 Preferable,.

[0175] The warning signal transmitter 395 generates a warning signal when it is determined that the wireless
binaural microphone 38 has crossed the communicable area indicated by the dashed circle. As shown in FIG.
55, if the wireless type binaural microphone 38 exceeds the communicable area, a predetermined warning mark
is displayed on the display unit 17.

[0176] FIG. 56 shows an example of a warning mark displayed on the display unit 17. The warning mark 171 a
shown in FIG. 56 (A) is displayed with the X mark superimposed on the no-noal mark 171 shown in FIG. 5 (A).
The warning mark 172a shown in FIG. 56 (B) is obtained by graying out the mark 172 shown in FIG. 5 (B).
Any of the marks in FIGS. 56 (A) and 56 (B) may be used as the warning mark, and other marks may be used as
a matter of course. If it is assumed that the received power at the wireless transmission / reception unit 39 is
below the reception limit despite the warming display, the control unit 47 switches from the wireless binaural
microphone 38 to the built-in stereo microphone 21.

[0177] The operation of the video / audio recording / reproducing apparatus 107 will be described further using
FIG. 57. In FIG. 57, in step S251, the control unit 47 determines whether it is in binaural mode. If it is not
determined in step S251 that the binaural mode is set (NO), in step S253, the recording and reproducing unit 14
collects the sound by the built-in stereo microphone 21 and records a normal stereo sound signal on the
recording medium 44. FIG. If the binaural mode is determined in step S251 (YES), in step S252, the wireless
transceiver 39 receives the transmission signal from the wireless binaural microphone 38. In step S undefined
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254, the distance measuring unit 393 detects the distance from the wireless transmitting / receiving unit 39 to the
wireless binaural microphone 38 based on the strength (receiving intensity) of the received power. In step S255,
the communication coverage area determination unit 394 determines whether or not the detected distance is
within a predetermined distance.

[0178] If it is not determined in step S255 that the distance is within the predetermined distance (NO), the
control unit 47 determines in step S257 whether or not the warning display time t is 0 (non-present) and
determines whether or not the warning display time If t is 0, the warning signal transmitting unit 395 is
controlled to generate a warning signal in step S300. After the warning signal is generated, the process returns to
step S254 to repeat the same process. In step S 257, if the warning display time t is not 0 (NO), in step S 258,
the control unit 47 determines whether the warning display time t exceeds a predetermined maximum time t max
or not and determines the maximum If the time tmax has not been exceeded (NO), the process proceeds to step
S300, and the process returns to step S254 in the same manner. If it exceeds the maximum time tmax (YES), in
step S259, the control unit 47 controls the switch Swl so as to switch from the wireless type binaural lull
microphone 38 to the built-in stereo microphone 21, and stops the generation of the warning signal So as to
control the warning signal transmitter 395. Then, the process proceeds to step S25 3.

[0179] If it is determined in step S255 that the distance is within the predetermined distance (YES), in step
S256, if the warning signal transmitting unit 395 is generating a warning signal, the control unit 47 stops
generating the warning signal As shown in FIG. Then, in step S 301, the recording ‘playback unit 14 collects the
sound by the wireless type binaural microphone 38 and records the binaural sound signal on the recording
medium 44, In step S302, the control unit 47 determines whether or not an operation for ending the recording
has been performed. If the operation for ending the recording has not been performed (NO), the control unit 47
returns to step S251, and if the recording end operation has been performed (YES), the process is terminated.

Industrial applicability

[0180] The present invention can be applied not only to consumer video cameras but also to professional video
cameras to video and audio recording and reproducing apparatuses that need to reproduce realistic sounds
together with the captured images. It can also be applied to digital cameras and mobile phones with movie
shooting functions. Furthermore, although the present invention is suitable for use in a video / audio recording /
reproducing apparatus for recording and reproducing both a video signal and an audio signal, it is sufficiently
effective even when used in an audio recording / reproducing apparatus for recording / reproducing only an
audio signal .
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W02006054698A1 VIDEQ/AUDIO RECORDING APPARATUS AND METHOD, AND VIDEO/AUDIO
REPRODUCING APPARATUS AND METHOD

Data originating from sources other than the EPO may not be accurate, complete, or up to date.

The wording below is an initial machine translation of the original publication. To generate a version using the
latest translation technology, go to the original language text and use Patent Translate.

The scope of the claims

[1] (101, 102, 103, 104, 105, 106) for recording a video signal obtained by imaging a subject and an audio signal
obtained by collecting ambient sound of a photographer (300) including a sound emitted from the subject, 107)
[2-/NT,

A camera unit (11) for imaging the object,

A switch unit (Sw1) for switching whether to use a microphone other than the binaural microphone (3) using the
binaural microphone (3) worn on the ear of the photographer (300) as the ambient sound )When,

A video processing section (12) for processing the video signal outputted from the camera section (11), an audio
processing section (22) for processing the audio signal outputted from the microphone which sounds the
ambient sound,

A sound mode when the ambient sound is turned on as a binaural mode when switching to the binaural
microphone (3) as a microphone for collecting the ambient sound by the switching unit (Swl), and that the sound
mode is a noorrhard mode A flag information generating section (42) for generating a binaural flag signal
indicating a binaural flag

A recording unit (14) for recording the video signal processed by the video processing unit (12), the audio signal
processed by the audio processing unit (22), and the binaural flag signal on a recording medium,

(101, 102, 103, 104, 105, 107) characterized in that it comprises:

[2] A built-in microphone (21) incorporated in the video and audio recording apparatus (101, 102, 103, 104,
105, 107)

An external microphone connection terminal (32)

A setting section (48, 47) for setting as the external microphone to be connected to the external microphone
connection terminal (32) whether to set the binaural lull mike (3) or a microphone other than the binaural
microphone; a setting section A connection detection section (41) for detecting whether or not an external
microphone is connected to the connection section

A switch (Swl) for switching between the audio signal output from the built-in microphone (21) and the audio
signal output from the external microphone as audio signals to be supplied to the audio processing unit (22)

It is detected that the external microphone is set to the binaural microphone (3) by the setting section (47, 48)
and the external microphone is connected to the external microphone connection terminal (32) by the connection
detection section (41) , And a control unit (47) for setting the audio mode to the binaural mode,

When the voice mode is the binaural mode, the control unit (47) controls the switch (Sw1) so that the switch
(Sw1) supplies the audio signal output from the external microphone to the audio processing unit (22) ), And the
flag information generating section (42) controls the flag information generating section (42) so as to generate
the binaural flag signal as described in the first aspect of the invention Audio recording apparatus (101, 102,
103, 104, 105, 107).

[3] A display unit (17) for displaying a video signal output from the camera unit (11)
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Characterized in that it further comprises a display control unit (47) for displaying a binaural mark indicating
that the binaural mode is displayed on the display unit (17) when the audio mode is the inno informal mode. The
video and audio recording apparatus (101, 102, 103, 104, 105, 107) according to 1.

[4] The camera unit (11) has a zoom function for enlarging and capturing the object,

A sound zoom processing unit (33) for amplifying the sound signal collected by the binaural microphone (3)
according to the enlargement ratio in the camera unit (11). (102) according to the first aspect of the invention.

[5] The camera unit (101) has a zoom function for enlarging and capturing the object,

A head related transfer function for forming a virtual sound source by virtually bringing a sound source of an
audio signal collected by the binaural microphone (3) close to a listener corresponds to a plurality of distances
between the virtual sound source and the listener A transfer function memory (334) for storing and storing a
plurality of head related transfer functions stored in the transfer function memory (33 4) selectively according to
the enlargement ratio in the camera section (11) A convolution operator (336) for convolving the head related
transfer functions acquired by the function acquiring unit (333) with respect to a sound signal collected by the
binaural microphone (3), a function acquiring unit (333) (102, 103) according to claim 1, further comprising an
audio zoom processing section (33a, 33c) having a plurality of audio signal processing sections (33a, 33b)

[6] A video and audio recording method for recording a video signal obtained by imaging a subject and an audio
signal obtained by collecting ambient sound of a photographer (300) including a sound emitted from the subject,

An imaging step (S155) of imaging the subject,

A switching step (S 151) of switching whether to use a microphone other than a binaural microphone that uses a
binaural microphone (3) worn on the ear of the photographer (300) as the ambient sound,

A video processing step (S156) of processing a video signal obtained by imaging the subject, an audio
processing step (S 156) of processing a sound signal output from a microphone for collecting the ambient sound,

Wherein when switching to the binaural rhythmic (3) as a microphone for collecting the ambient sound at the
switching step (S 151), a sound mode at the time of collecting the ambient sound is set as a binaural mode, a
noiselal mode A flag information generating step (S 158) for generating a binaural flag signal indicating that the
binaural flag signal is present,

A recording step (S161) of recording in the recording medium (44) the video signal processed in the video
processing step (S156), the audio signal processed in the audio processing step (S156) and the binaural flag
signal )When,

And a video / audio recording method.

[7] An audio / video reproducing apparatus (101) for reproducing a recording medium (44) on which a video

signal obtained by imaging a subject and an audio signal obtained by collecting ambient sound of a

photographer (300) including a sound emitted from the subject are recorded , 102, 103, 104, 105, 106, 107)
[Ko!

A reproduction unit (14) for reproducing a recording signal recorded on the recording medium,

A separation unit (15) for separating the video signal and the audio signal from the recording signal reproduced
by the reproduction unit (14)

A video processing unit (16) for processing the video signal separated by the separation unit (15), an audio
processing unit (26) for processing the audio signal separated by the separation unit (15), ,

‘When a binaural flag signal indicating that a binaural microphone worn on the ear of the photographer (300) is
used as the microphone for collecting the ambient sound on the recording medium (44), the binaural flag A flag
information acquisition unit (36) for acquiring a flag signal, a flag information acquisition unit (36) for
acquiring a flag signal, a flag information acquisition unit (36) for acquiring a flag signal, And a crosstalk
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canceller (27) for processing the audio signal so as to cancel out a crosstalk signal generated when sound is
generated by the sound source (53, 54)

The crosstalk canceller (27) has filters (272 a - 272 d) for convolving the filter characteristics obtained in
advance with respect to the audio signal, and the filter characteristic is obtained by combining the measurement
signal with a pair of microphones (101, 102, 103, 104, 105, 106, 107) characterized in that it is a filter
characteristic based on a head related transfer function measured using collected sound signals.

A video and audio reproducing method for reproducing a recording medium (44) in which a video signal
obtained by imaging a subject and an audio signal obtained by collecting ambient sound of a photographer (300)
including sound emitted from the subject are recorded,

A reproducing step (S 181) of reproducing a recording signal recorded on the recording medium (44); a
separating step of separating the video signal and the audio signal from the recording signal reproduced in the
reproducing step (S183)

A video processing step (S 184) for processing the video signal separated in the separating step (S 183)
An audio processing step (S 184) for processing the audio signal separated by the separating step (S 183)

A binaural flag signal indicating that a binaural microphone (3) to be worn on the ear of the photographer (300)
is used as the microphone for collecting the ambient sound is recorded on the recording medium (44) A step (S
186) of acquiring the binaural flag signal when acquiring the binaural flag signal in the flag information
obtaining step (S 186), and a step of acquiring the binaural flag signal And a crosstalk canceling step (S 188) of
processing the audio signal so as to cancel a crosstalk signal generated when the sound signal processed by the
speaker (53, 54) is sounded,

The crosstalk cancellation step (S188) is a step of convolving the filter characteristics obtained in advance with
respect to the voice signal, and the filter characteristic is a sound obtained by converting the measurement signal
into a sound collected by a pair of microphones mounted on the cylindrical structure Wherein the filter
characteristic is a filter characteristic based on a head related transfer function measured using a signal.
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(57) Abstract: A compact intercom device is provided, which efficiently prevents howling phenomenon. This intercom device
includes a housing; a speaker accommodated in the housing such that a front air chamber is defined at a front side of the speaker
and a rear air chamber is defined as a rear side of the speaker, a first microphone disposed such that its sound receiving surface faces
the front air chamber, a second microphone disposed such that its sound receiving surface faces outside of the housing; and a signal
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a signal component corresponding to the audio output of the speaker from an output signal of the second microphone by use of an

output signal of the first microphone.
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DESCRIPTION
INTERCOM DEVICE AND WIRING SYSTEM USING THE SAME

TECHNICAL FIELD
The present invention relates to an intercom device suitable for an

interphone system or the like, and a wiring system using the same.

- BACKGROUND ART

Conventionally, an interphone systerm has been widely used as
short-distance conversation means between separated rooms or between an
entrance and a room of a building or a house. A typical interphone system for
household use is mainly formed with an indoor intercom device installed on a
wall surface of the room, and an outdoor intercom device installed on a wall
surface of the entrance, and connected to the indoor intercom device through a
transmission line. For example, the outdoor intercom device has a microphone
for receiving a visitor’s voice, and a spealker for outputting a dweller’s voice. By
operating the outdoor intercom device, the visitor can have a conversation with
the dweller using the indoor intercom device.

In this kind of intercom device, since the speaker is located neér the
micfophone, there is an inconvenience that howling phenomenon easily occurs
when the audio output of the speaker is picked up by the microphone. To solve
this inconvenience, various measures or methods for preventing the howling
phenomenon have been proposed.

.For example, Japanese Patent Publication No. 2607257 discloses a
loudspeaker communication device 300, which is suitable for a handsfree
telephone. As shown in FIG. 35A, this communication device 300 has a
speaker SP, and a pair of microphones (M1, M2). In addition, to prevent the
héWling phenomenon caused when an audio output of the speaker SP is picked .
up by the microphone (M1, M2}, the communication device 300 also includes a

pair of amplifying circuits (310, 320), a level-control amplifying circuit 380, a
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delay circuit 340,_and a differential amplifying circuit 350, as shown in FIG.
35B. The delay circuit 340 délays‘ an output of the microphone M1 located
closer to the speaker SP by a delay time, which is determined according to
sound velocity and a difference between a distance d1 between the microphone
M1 and the speaker SP and a distance d2 between the microphone M2 and the
speaker SP. The level-control amplifying circuit 330 controls the output level
of the microphone M2 such that an amplification factor is d2/d1l. In other
words, the output level of the microphone M2 is controlled so as to be
substantially equal to the output level of the microphone M1 with respect to the
signal component corresponding to the audio output of the speaker SP. The
differential amplifying circuit 350 receives an output of the delay circuit 340
and an output of the level-control amplifying circuit 330, and provides an
output signal corresponding to a difference between these outputs.

According to this communication device, the signal component
corresponding to the audio output of the speaker SP is cancelled from the
output of the microphone (M1, M2) by the differential amplifying circuit 350.
Therefore, it is possible to achieve a comfortable communication, while
preventing the howling phenomenon.

However, as shown in FIG. 35A, since each of the microphones (M1, M2) is
spaced from the speaker SP by a relatively large distancé,‘ there is another
problem that the device itself becomes large in size. In addition, since the
intercom device is usually installed on the wall surface or the like, it is strongly
desired that the intercom device has a thin thickness. On the other hand,
when the speaker is accommodated in an excessively thin housing, a volume of
a rear air chamber, which is defined as a space of a rear side of the speaker, is
reduced, so that a radiating sound pressure of the speaker lowers and a
minimum resonance frequency of the speaker shifts to a higher frequency level.
As a result, there is a fear that deteriorations in sound quality and
electro-acoustic conversion efficiency of the speaker occur.

Thus, the conventional intercom device still has plenty of room for
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improvement in downsizing of the device itself, sound quality, electro-acoustic

conversion efficiency as well as the prevention of howling phenomenon.

SUMMARY OF THE INVENTION

Therefore, a primary concern of the present invention is to provide a
compact intercom device, which has the capability of preventing howling
phenomenon, and achieving an improvement in sound quality and efficiency.

That is, the intercom device of the present invention is characterized by
comprising:

a housing;

a speaker accommodated in the housing suich that a front air chamber is
defined as a space enclosed by a front surface of the speaker and an inner
surface of thé houéing, and a rear air chamber is defined as a space enclosed by
a rear surface of the speaker and an inner surface of the housing;

a first microphone disposed such that its sound receiving surface faces the front
air chamber;

a second microphone disposed such that its sound receiving surface faces
outside of the hbusing; and

a signal processing unit configured to, when an audio output of the speaker is
picked up by the second microphone, remove a signal component corresponding
to the audio output of the speaker from an output signal of the second
microphone by use of an output signal of the first microphone.

According to the invention, since the first microphone easily and efficiently
collects the audio information output from the speaker, howling phenomenon
can be efficiently prevented by the signal processing unit. In addition, a
distance between the first microphone and the speaker becomes short, thereby
allowing downsizing of the intercom device. Furthermore, since the sound
receiving surface of the second microphone faces the outside of the housing, an
acoustic coupling between the speaker and the second microphone reduces,

and the second microphone becomes hard to pick up the audio output of the
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speaker. As a result, the second microphone can be located closer to the
speaker. Thus, it is possible to provide a compact intercom device capable of
preventing the howling phenomenon. ‘

From the viewpoint of more efficiently preventing the howling phenomenon,
it is preferred that the rear air chamber is the space hermetically-sealed by the
rear surface of the speaker and the inner surface of the housing. In addition, it
is preferred that the first microphone is arranged such that the sound receiving
surface of the first microphone faces a diaphragm of the speaker. Moreover,
when the first microphone and the second microphone are mounted on a same
circuit board, it is preferred that the circuit board is mounted on an outside
surface of the housing such that the sound receiving surface of the first
microphone faces the front air chamber and the sound receiving surface of the
second microphone faces the outside of the housing.

On the other hand, from the viewpoint of further downsizing the intercom
device, the second microphone is preferably located adjacent to the speaker. In
addition, it is preferred that the first and second microphorles are mounted on a
single board. .

From the viewpoint of improving sound quality and electro—acousﬁc
conversion efficiency of the Speéker, it is preferred that the intercom device has
an acoustic tube having an opening communicated with the rear air chamber at
its one end, and 4 closed end at the other end. Alternatively, the intercom
device majr have a plurality of acoustic tubes having different lengths, each of
which has an opening communicated with the rear air chamber atits one end,
and a closed end at the other end. In addition, it is preferred that the acoustic
tube has a tube length of an odd multiple of one quarter of a wavelength
determined in consideration of sonic velocity and an intended frequency where
an increase in sound pressure level of the audio output of the speaker is needed.

Furthermore, it is preferred that the acoustic tube has a resonant
frequency between a ﬁequeﬂcy equivalent to a lowest resonant frequency of the

speaker that is supposed to be mounted on an infinite baffle and a lowest
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resonant frequency of the speaker mounted on the rear air chamber with the
absence of the acoustic tube. The acoustic tube can be formed along an inner
surface of the rear air chamber. If necessary, a sound absorbing material may
be disposed at the opening of the acoustic tube.

A further concern of the present invention is to provide a wiring system
using the intercom device described above. That is, the wiring system
comprises at least one transmission line installed in a building structure to
transmit electric power and information signals, and a plurality of base units
each adapted in use to be mounted in a wall surface of the building structure,
and connected to the transmission line. The intercom device has a first
connector detachably connectable to a seco'nd connector formed in each of the
basé units. This wiring system is characterized in that when the first
connector is connected to the second connector of one of the base units, the
intercom deviée functions such fhat the information signalé provided through
the transmission line are output as audio information from the speaker unit,
and an output of the signal processing unit is sent out through the transmission
line.

By the way, in the intercom device installed dn the wall surface of the house,
one provided with a liquid crystal display or the like for displaying not only the
audio information but also visual information such as images comes into
practical use recently. Once such an intercom device is installed on the wall
surface, not pnly electric wiring work but also mounting/repair work to the wall
surface are required in a case where a layout of the intercom device has to be
changed. However, it is not easy for a general user himself/herself to do the
work. In addition, a function of the conventional intercom device is completed
by itself, and a new-type intercom device is required in a case where it is desired
to add another function. In such é case, not only a purchase of the new-type

intercom device but also the above-described mounting/repair work becomes

_necessary, so that this is a great burden in cost for the user. The wiring sysfem

of the present invention is effect. According to the wiring system of the present
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invention, since the intercom device is detachably connectable to the base unit,
there advahtages that the wiring system allows great flexibility for the change of
layout of the intercom device, and makes it easy to replace the intercom device
without cumbersome repairing work. Thus, the present invention provides the
wiring system capable of solving the problems described above.

As a preferred embodiment of the wiring system of the present invention,
the wiring system further comprises a function unit adapted in use to be
connected to the transmission line through one of the base units, the function
unit having a third connector detachably connectable to one of the second
connector of the base unit, and an extended connector formed in the intercom
device. When the third connector of the function unit is connected to the

second connector of the base unit, or when the first connector of the intercom

~dévice is connected to the second connector of the base unit, and the third

connector of the function unit is connected to the extended connector of the

intercom device, the function unit provides at least one of functions for

- supplying electric power provided through the transmission line, outputting

information signals provided through the transmission line, and sending out
information signals through the transmission line. At this time, it is
particularly preferred that the first connector and the third connector are
stylized in shape and arrangement, and the second connector and the extended
connector are stylized in shape and arrangement corresponding to the
stylization of the first connector and the third connector.

As another preferred embodiment of the wiring system of the present
invention, the wiring system further comprises a function unit adapted in use to
be connected to the transmission line through one of the base units. The
function unit has a third connector detachably connectable to the second
connector of the base unit and an extended connector detachably connectable
to the first connector of the intercom device. When the third connector of the
function unit is connected to the second connector of the base unit, and the

extended connector of the function unit is connected to the first connector of the
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intercom device, the function unit provides at least one of functions for
supplying electric power provided from the transmission line through the base
unit, outputting information signals provided from the transmission line
through the base unit, and sending out information signals to the transmission
line through the base unit, and the intercom device operates such that the
information signals provided from the transmission line through the base unit
and the function unit are output as audio information from the speaker unit,
and the output of the signal processing unit is sent out to the transmission line
through the base unit and the function unit. At this time, it is particularly
p:peferred that the first connector and the third connector are stylized in shape
and arrangement, and the second connector and the extended connector are
stylized in shape and arrangement corresponding to the stylization of the first
connéctor and the third connector.

In the wiring system described above, it is preferred that the first and
second connectors provide an electric power transmission between the base
unit and the intercom device by means of electromagnetic coupling, and/or the
first and second connectors provide a signal transmission between tl.le base unit
and the intercom device by means of optical coupling.

Further characteristics of the present invention .and advantag;as brought
thereby will be clearly understood from the best mode for carrying out the

invention described below.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 is a perspective view of an intercom device according to a first
embodiment of the present invention;

FIG. 2 is a cross-sectional view of the intercom device;

FIG. 3 is a circuit diagram of a voice processing unit of the intercom device;
FIG. 4 is a cross-sectional view of a microphone board of the intercom device;
FIG. 5 is a cross-sectional view of a bare chip employed in the microphone

board;
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FIG. 6A is a simplified plan view of the microphone board, and FIG. 6B is a
simplified circuit diagrarﬁ of the microphone board;

FIG. 7 is a circuit diagram of an impedance converting circuit of the microphone
board; ‘

FIG. 8 is a circuit diagram of a signal processing unit of the intercom device;
FIG. 9A and FIG. 9B are diagrams showing. signal waveforms in the signal
processing unit;

FIG. 10A and FIG. 10B are diagrams showing further signal waveforms in the
signal processing unit; A

FIG. 11A and FIG. 11B are diagrams showing another éignal waveforms in the
signal processing unit; ' '

FIGS. 12A to 12C are diagrams showing still another signal waveforms in the
signal processing unit;

FIG. 13 is a cross-sectional view of an intercom device according to a second
embodiment of the present invention;

FIGS. 14A to 14C are cross-sectional and plan views of another housing of the
intercom device according to the second embodiment;

FIG. 15 is a graph showing frequency characteristics of the cancelled amount of
voice components of the speaker;

FIG. 16 is a graph showing frequency characteristics of the radiating sound
pressure of the speaker;

FIG. 17 is a cross-sectional view of an intercom device using an ideal baffle
plate;

FIG. 18 is a graph showing sound pressure characteristics of the intercom
device having an acoustic tube and the intercom device having no acoustic tube;
FIG. 19 is a simplified cross-sectional view showing a modification of the
housing having the acoustic tube;

FIG. 20 is a simplified cross-sectional view of a housing having a plurality of
acoustic tubes;

FIG. 21 is a plan view of a housing having a sound absorbing material;
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FIG. 22 is a schematic diagram of a wiring system using an intercom device

according to a third embodiment of the present invention;

FIG. 23 is a schematic circuit diagram of a base unit of the wiring system;

FIG. 24 is a rear perspective view of the base unit;

FfGr. 25A is a perspective view showing a gate housing and a main housing of the
'base unit, and FIG. 25B is a plan view of a module port of the gate housing;

FIG. 26 is a plan view of an attachment plate for mounting the base unit on a

switch box;

FIG. 27 is a schematic circuit diagram of the function unit;

FIG. 28 is a perspective view of the intercom device for the wiring éystem;

FIG. 29 is a schematic circuit diagram of the intercom device for the wiring

system;

FIG. 30 is a perspective view of the intercom device connected to the function

unit or the base unit;

FIG. 31 is an exploded perspective view of the base unit;

FIG. SZA is a front view of the function unit, FIG. 31B is a side view of the

function unit, FIG. 32C is an exploded side view of the function unit, and FIG.

32D is a perspective view of a joining member;

FIG. 33 is a perspective view illustrating how to mechanically couple the

function unit to the base unit;

FIG. 34 is a schematic circuit diagram of an intercom device for a power line

carrier type wiring system; and

FIG. 35A is a schematic perspective view of a conventional loudspeaker
. communication device, and FIG. 35B is a partial block diagram of the

loudspeaker communication device.

BEST MODE FOR CARRYING OUT THE INVENTION
Referring to the attached drawings, an intercom device of the present

invention and a wiring system using the intercom device are explained in detail
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according to preferred embodiments.
(First Embodiment)

As shown in FIGS. 1 and 2, an intercom device A according to a first
embodiment of the present invention includes a housing Al, a speaker SP, a
microphone board MB1, and a voice processing unit 10. The housing Al
consists of a body A10 having an opening at its back face, and a cover Al1l for
closing the opening of the body A10, and accommodates the speaker SP and the
voice processing unit 10 therein. The housing A10 has a plurality of sound
holes 12 formed in a front face of the body Al1l0. The speaker SP
accommodated in the housing Al provides a voice output through the sound
holes 12 to outside of the housing Al. The microphone board MB1 has a
sound hole F2 that picks up a voice emitted frorﬁ a user of the intercom device A.
In operation, when a conversation switch SW1 is operated to the ON position,
the intercom device A sends the picked-up voice to another intercom device A
and receives signals from another intercom device A via an information line Ls.

As shown in FIG. 2, the speaker SP includes a cylindrical yoke 20 that is
open at one end, and a round support 21 that extends radially outward from the
open end of the yoke 20. The yoke 20 is formed of an iron-containing material,
such as a cold rolling steel plate (SPCC, SPCEN) or an electromagnetic soft iron
(SUY), and has a thickness of about 0.8 mm. A columnar permanent magnet
22 (having a residual flux density of, for example, 1.39 T to 1.43 T) formed of, for
example, neodymium is placed in the yoke 20. An edge surface of the round
support 21 is fixed on an edge portion on an outer peripheral side of a
dome-shaped diaphragm 23.

The diaphragm 23 is formed of a thermoplastic material, such as PET

- (PolyEthylene Terephthalate) or PEI (Polyetherimide), and has a thickness of, for

example, 12 um to 50 um. A cylindrical bobbin 24 is fixed to the back of the
diaphragm 23, and a voice coil 25 is provided at the rear end of the bobbin 24.
The voice coil 25 is located at the open end of the yoke 20, and the bobbin 24
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and the voice coil 25 are allowed to freely move back and forth (in the vertical
direction in FIG. 2) in the vicinity of the open end of the yoke 20. The voice coil
25 is formed by winding a polyurethane coppér wire (having a diameter of 0.05
mm, for example) around a paper sleeve of craft paper.

When the polyurethane copper wire of the voice coil 25 receives a voice
signal, an electromagnetic power is generated in the voice coil 25 by electric
current of the voice signal and a magnetic field of the permanent magnet 22,
thereby to vibrate the bobbin 24, along with the diaphragm 23, forward and
backward. As a result, a sound corresponding to the voice signal is emitted
from the diaphragm 23. That is to say, the speaker SP of this embodiment is
an electrodynamic speaker. The speaker has, for example, a diameter of 20
mm to 25 mm, and a thickness of about 4.5 mm.

A rib 11 is formed on an inner surface of the front wall of the housing Al,
which is opposed to the diaphragm 23, and is in contact with an end face of a
convex portion 21a that protrudes frontward from an outer peripheral portion of
the round support 21. Thus, the speaker SP is fixed to the housing Al such

' that the diaphragm 23 faces the inner surface of the front wall of the housing

Al.
With the speaker SP thus fixed within the housing Al, a front air chamber

Bf is formed as a space enclosed by the inner surface of the front wall of the
housing Al and a frc;nt 'surface (on which the diaphragm 23 is located) of the
speaker SP, and a rear air chamber Br is formed as a space enclosed by an inner
surface of the rear and side walls of the housing Al and the rear surface (on
which the yoke 20 is located) of the speaker SP. The front air chamber Bf
communicates with outside of the housing Al through the sound holes 12
formed in the front wall of the housing Al. The rear air chamber Br is
insulated from (or does not communicate with) ﬁe front air chamber Bf since
the end portion of the support 21 and the rib 11 are attached firmly to each
other. Furthermore, the cover All is tightly fitted in the opening formed in the

rear wall of the body AlO, so that the rear air chamber Br provides a
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hermetically-sealed space that is insulated also from the outside of the housing
Al. A gasket may be provided between the end portion (or the convex portion
21a) of the support 21 and the rib 11 so as to increase the degree of adhesion
between the support 21 and the rib 11.

As shown in FIG. 3, the voice processing unit 10 is formed by an integral
circuit (IC), which includes a communication unit 10a, echo canceling units
(10b, 10c), an amplification unit 10d and a signal processing unit 10e. In
operation, the communication unit 10a receives a voice signal transmitted from
an intercom device A installed, for example, in another room through the

information line Ls. The received voice signal is transmitted through the echo

‘ canceling unit 10b to the amplification unit 10d, in which the signal is amplified,

and then output from the speaker SP. When the conversation switch SW1 is
operated to the ON position, the voice communication function of ihe intercom
device A becomes available. In this condition, voice signals respectively
received from a microphone M1 (first microphone) and a microphone M2
(second microphone) on the microphone board MB1 are processed by the signal
processing unit 10e. In the signal processing unit 10e, each received signal is
processed in the manner as described later, and the resulting signal passes
through the echo canceling unit 10c. Then, upon reception of the resulting
signal from the echo canceling unit 10¢, the communication unit 10a transmits
the resulting signal through the information line Ls to the intercom device A
installed in, for example, another room. In this manner, the intercom device A
serves as an interphone that permits two-way voice communications between
the rooms. An electric power for the intercom device A may be supplied from a
wall socket disposed in the vicinity of the location where the intercom device A is
installed. Alternatively, the electric power may be supplied through the
information line Ls, or may be supplied from an internal battery accommodated
in the intercom device A.

As shown in FIG. 4, the microphone board MB1 has a module board 2 and

the microphones M1 and M2, which are mounted on a (top) surface 2a of the

Exhibit 1004
Page 0647 of 1001



10

15

20

26

30

WO 2008/050583 13 PCT/JP2007/069131

module board 2. The microphone M1 is mainly formed with a bare chip BC1,
an IC chip Kal, and a shield case SC1. Each of the bare chip BC1, the IC chip
Kal, and a wiring pattern (not shown) on the module board 2 are connected to
each other with wires W (wire bonding). The shield case SC1 covers the bare
chip BC1 and the IC chip Kal. The microphone M2 has the same construction
as that of the microphone M1. That is to say, the microphone M2 is formed
with a bare chip BC2, an IC chip Ka2, and a shield case SC2 mounted on the
module board 2 that covers the bare chip BC2 and the IC chip Ka2. The
microphones (M1, M2) are pfeferred to be formed on a silicon substrate by a
micro structure manufacturing process. That is, it is preferred that the
microphones (M1, M2) are IC chips of Micro Electro Mechanical System
(MEMS).

Each of the bare chips BC1 and BC2, which will be generally referred to as
“bare chip BC”, provides a condenser-type silicon microphone, as shown in FIG.
5. More specifically, the bare chip BC includes a silicon thin film 1d that is
formed on a (top) surface of a silicon substrate 1b so as to cover a cavity 1lc
formed through the silicon substrate 1b. An electrode 1f is formed above the
silicon thin film 1d with an air gap le interposed therebetween, and two pads 1g
are provided on the surface of the silicon substrate 1b for producing an cutput
in the form of a voice signal. When the silicon thin film 1d is vibrated by a
sound wave from oufside, such as a hﬁman voice, a capacitance between the
silicon thin film 1d and the electrode 1f changes, namely, the amount of electric
charge changes. With the change in the electric charge amount, electric
current proportional to the received sound wave flows from the two pads 1g.
Each of these bare chips BCl and BC2 is fixed by die—bondmg the silicon
substrate 1b on the module board 2, as shown in FIG. 4. The silicon thin film
1d of the bare chip BC2 faces the sound hole F2 formed in the module board 2.

As shown in FIG. 4, a sound receiving surface of the microphone M1 is
positioned on a surface having the sound hole F1 of the shieid case SC1. On

the other hand, a sound receiving surface of the microphone M2 is positioned
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on a surface having the sound hole F2 of the module board 2. Thus, the sound
receiving surface of the microphone M1 is to receive sound from an upper side of
FIG. 4, and the sound receiving surface of the microphone M2 is to receive
sound from an opposite side, i.e., the lower side of FIG. 4. In brief, as shown in
FIG. 2, the module board 2 is mounted to the housing Al such that the sound
receiving surface of the microphone M1 faces the diaphragm 23 of the speaker
SP, and the sound receiving surface of the microphone M2 faces outside of the
housing Al. Since both of the microphones (M1, M2} are mounted on the same
surface 2a of the module board 2, the thickness of the microphone board MB1
can be advantageously reduced.

FIG. 6A is a simplified plan view of the module board 2. The module board
2 has a substantially T—shape? which is composed of a rectangular portion 2f,
on which the microphone M1 ié mounted, a rectaﬁgular portion 2g, on which
the microphone M2 is mounted, and a connecting portion 2h that connects the
rectangular portions 2f and 2g. The rectangular portion 2g is formed to be
larger than the rectangular portion 2f. The rectangular portion 2g has a
negative power supply pad P1, a positive power supply pad P2, and output pads
{P3, P4)- on an edge portion of the rectangular portion 2g such that each of the
pads (P1, P2, P3, P4) forms a line aiong an end face of the edge portion of the
rectangular portion 2g. &

As shown in FIG. 6B, the negative power supply pad P1 is cqnnected to a
negative terminal of an external power supply, and the positive power supply
pad P2 is connected to a positive terminal of the external power supply. The
elec‘;ric power received from the pads (P1, P2) is supplied to the microphones
(M1, M2) through the wiring patterns on the module board 2. A voice signal
corresponding to the voice picked up by the microphone M1 is output from the
output pad P3 via the wiring pattern on the module board 2. On the other
hand, a voice signal corresponding to the voice picked up by the microphone M2
is output from the output pad P4 via the wiring pattern on the module board 2.
The negative power supply pad P1 also serves as a ground pad that establishes
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a ground for the voice signals delivered from the output pads (P3, P4).

As described above, electric powers needed to activate the microphones (M1,
M2) are supplied from the power supply via the common negative and positive
power supply pads (P1, P2). The negative power supply pad P1 also serves as
the ground pad for the outputs of microphones (M1, M2). Therefore, the
number of pads used in the microphone board MB1 can be reduced, and the
construction of the microphone board MB1 can be simplified.

Next, an operation of the microphone board MB1 will be explained. First,
electric currents flowing from the bare chips BC1 and BC2 correspoﬁding to the
received sound signal are subjected to impedance-conversion, and converted to

voltage signals by the IC chips Kal and Ka2. Then, the voltage signals are

" output as voice signals from the output pads (P3, P4), respectively:

For example, each of the IC chip Kal and the IC chip Ka2, which will be
generally referred to as “IC chip Ka”, has a circuit configuration, as shown in

FIG. 7. The IC chip Ka has a constant-voltage circuit Kb formed of a chip IC

-that converts a power supply voltage +V (e.g., 5V) supplied from the power

supply pads (P1, P2) to a constant voltage Vr (e.g., 12V). The constant-voltage
circuif Kb applies the constant voltage Vr to a series circuit of a resistance R11
and the bare chip BC. A connection midpoint of the resistance R11 and the
bare chip BC is connected to a gate terminal of a junction-type J-FET S11
through a capacitor C11. A drain terminal of the J-FET S11 is connected to an
operating voltage +V, and a source terminal is connected through a resistance
R12 to the negative terminal of the power supply. Herein, the J-FET S11 is
intended for converting electrical impedance, and the voltage of the source
terminal of the J-FET S11 produces an output as the voice signal. It is to be

understood that the impedance converting circuit of the IC chip Ka is not

’ limited to the above-described configuration, and may be replaced by a circuit

having a function of a source follower circuit by an operation amplifier. For
example, an amplifying circuit for the voice signal may be provided in the IC

chip Ka, if necessary.
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In the microphone board MB1, on which signal transmission and supply of
electric power are performed via the wiring patterns on the module board 2 as
described above, the signal lines and the power-supply lines can be arranged
with high efficiency, and attached to the outer surface of the housing Al, as
shown in FIG. 1. In this embodiment, as shown in FIG. 1, the surface 2a of the
module board 2 is attached along an outer surface of the front wall of the
housing Al, and the microphone M1 is inserted in an opening 13 formed in the
front wall of the housing Al such that the sound receiving surface of the
microphone M1 faces the front air chamber Bf. The diaphragm 23 faces the
microphone M1 through the sound hole F1 formed in the shield case SC1.
With this arrangement, the microphone M1 has a high directivity to {he voice
emitted from the speaker SP via the sound hole F1, so that the voice emitted
from the speaker SP can be efficiently picked up by the microphone M1. The
microphone M2 fits in a recess 14 formed in the front wall of the housing A1,
and faces the outside (or the front) of the housing Al through the sound hole F2
formed in the module board 2. In this regard, a direction where the second
microphoné M2 receives a voice from the outside of the housing Al is
substantially equal to the direction of emitting a voice frém the speaker SP.
Thus, the microphoneA M2 has a high directivity to the voice of a talker who is
located in front of the intercom device A. When X1, X2 represent distances
from the center of the speaker SP to the centers of microphones (M1, M2),
respectively, the relationship between the distances (X1, X2) is expressed as X1
<X2.

Since the rear air chamber Br facing the rear surface of the speaker SP is
hermetically-sealed in the héusing Al as shown in FIG. 2, the voice emitted
from the rear surface of the speaker SP (rear surface’ of the diaphragm 23) is less
likely to leak from the rear air chamber Br, so that an acoustic coupling between
the speaker SP and the microphone M2 is lowered. BY the way, the voice
emitted from the rear surface of the speaker SP is reversed in phase with respect

to the voice emitted from the front surface of the speaker SP (front surface of the
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diaphragm 23). Therefore, if the voice emitted from the rear surface of the
speaker SP goes around to the front of the speaker SP, these voices emitted from
the front and rear surfaces of the speaker SP are cancelled with each other. As
a result, the radiating sound pressure of the Aspeaker SP is lowered, and it

becomes difficult for the talker located in front of the intercom device A to hear

_the voice {sound) emitted from the speaker SP. However, since the intercom

device of this embodiment is formed to reduce the leaking of the voice emitted
from the rear surface of the speaker SP to the outside of the housing Al, as
described above, it is possible to prevent such a reduction in the radiating
sound pressure, which is caused by the voice emitted from the rear surface of
the speaker SP going around to the front of the speaker SP.

As shown in FIG. 2, since the recess 14, in which the microphone M2 is
inserted, is an insulated space not communicated with the rear air chamber Br,
the microphone M2 is even less likely to pick up the voice (or sound) emitted
from the speaker SP. Therefore, the acousﬁo coupling between the speaker SP
and the microphone M2 can be further reduced. With the above arrangement,
the microphones (M1, M2) are adapted to separately pick up the voice emitted
from the speaker SP and the voice of (generated by) the talker, respectively.

Furthermore, if the microphorlle board MB1 is placed in the housing Al, it
is difficult to maintain the spatial insulation between the front air chamber Bf
and the rear air chamber Br. In this embodiment, however, the microphone
board MB1 is attached to the outer surface of the housing Al. Therefore, it is
possible to maintain the spatial insulation between the front air chamber Bf and
the rear air chamber Br.

As described below, the intercom device of this embodiment has a
configuration to prevent a howling phenomenon caused when the microphones
(M1, M2) pick up the voice emitted from the speaker SP. _

As shown in FIG. 8, the signal processing unit 10e of the voice processing
unit 10 includes an amplifying circuit 30 for amplifying the output of the

microphone M1, a band-pass filter 31 for removing noises of frequencies other
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than a voice-band (300 to 4000 Hz) from the output of the amplifying circuit 30,
and a delaying circuit 32 for delaying the output of the band-pass filter 31.
The signal processing unit 10e further includes an amplifying circuit 33 for
amplifying the output of the microphone M2 while reversing the phase of the
output of the microphone M2 by 180 degrees, a band-pass filter 34 for removing
noises of frequencies other than the voice-band (300 to 4000 Hz) from the
output of the amplifying circuit 33, and an adder circuit 35 for adding the
outpufs of the delaying circuit 32 and the band-pass filter 34. '

’ Referring to FIG. 8 to FIG. 12C, operations of the signal processing unit 10e
will be explained below. First, an operation of the signal processing unit 10e
when the voice emitted from the speaker SP is picked up by the microphones

(M1, M2) will be explained. FIGS. 9A and 9B, 10A and 10B, 11A and 11B, and

- 12A to 12C show voice signal waveforms that appear at respective units of the

signal processing unit 10e when the microphones (M1, M2} respectively pick up
the voice emitted from the speaker SP. As mentioned above, the distance X1
from the center of the speaker SP to the center of the microphone M1 is smaller
than the distance X2 from the center of the speaker SP to the center of the
microphone MZ2. Accordingly, as shown in FIGS. 9A and 9B, when the
microphones (M1, M2) pick up the voice emitted from the speaker SP, the
amplitude of the outpﬁ.t Y21 of the microphone M2 is smaller than that of the
output Y11 of the microphone M1 due to the difference between the distances
(X1, X2}. In addition, the phase of the output Y21 of the microphone M2 is
delayed with respect to that of the output Y11 of the microphone M1 by a delay
time Td (=(X2-X1)/Vs, where Vs is sonic velocity), which is proportional to the
difference between the distances (X2-X1).

The amplifying circuit 30 amplifies the output Y11 to produce an output
Y12, and the amplifying circuit 33 amplifies the output Y21 while reversing the
phase thereof by 180 degrees, to produce an output Y22. At this time, each of
the amplifying circuits (30, 33) performs level adjustment based on the
difference between the distances (X2-X1), so that the output levels of the
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microphones (M1, M2) relative to the voice emitted from the speaker SP become
equal to each other, as shown in FIGS. 10A and 10B. In this embodiment,
since an amplitude rate of the amplifying circuit 30 is set to substantially 1, the
amplifying circuit 30 may be eliminated from the signal processing unit 10e.

As shown in FIGS. 11A and 11B, the band-pass filters (31, 34) remove
frequencies other than the voice band from the outputs Y12 and Y22, to
produce outputs Y13 and Y23, respectively.

The delaying circuit 32 can be formed by, for example, a time delay device
or a CR phase delaying circuit. The delaying circuit 32 delays the output of the
microphone M1, which is located closer to the speaker SP, by the
above-described delay time Td, thereby producing an output Y14 whose phase
coincides with the phase of the output Y23 of the band-pass filter 34. Thus, it
is possible to reduce noises contained in a voice signal to be transmitted.

Through the amplifying and delaying processes described above, a voice
component emitted from the speaker SP, which is contained in the output Y14,
and the voice component emitted from the speaker SP, which is contained in the
output Y23, have the same amplitude and the reversed phase relative to each
other, as shown in FIG. 12A and FIG. 12B. The adder circuit 35 adds the
output Y14 and the output Y23 to cancel the voice component of the speaker SF
from the output of the microphone M2. Thus, it is possible to produce an
output Ya shown in FIG. 12C, in which the voice component from the speaker
SP is removed or reduced. As described above, the signal processing unit 10e
removes the voice component of the speaker SP from the output signal Y21 of
the microphone M2 by using the output signal Y11 of the microphone M1.

On the other hand, an operation of the signal processing unit 10e when the
voice emitted from the talker H in front of the intercom device A is picked up by
the microphones (M1, M2) will be described below. Since the microphone M2
has a high directivity to the voice from the talker H located in front of the
intercom device A, the amplitude of the output ¥21 of the microphone M2 is

larger than that of the output Y11 of the mi.crophone M1. Furthermore, since
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the signal from the microphone M1 is not amplified while the signal from the
microphone M2 is amplified in the amplifying circuit 33, the voice component
from the talker H contained in the output Y23 is sufficiently larger than the
voice component from the talker H contained in the output Y14. Thus, even
after the above-described adding process is performed in the adder circuit 35,
the signal corresponding to the voice generated by the talker H remains in the
output Ya with a sufficiently large amplitude.

In the manner described above, the voice component from the speaker SP is
reduced in the output Ya of the adder circuit 35, whereas the voice component
generated by the talker H in front of the intercom device A remains in the output
Ya. Thus, a ;elaﬁve difference in the output Ya between the voice component
from the talker H, which is desired to be saved, and the voice component from
the speaker SP, which is desired to be reduced, becomes larger. That is to say,
even when the voice from the talker H and the voice from the speaker SP are
simultaneously generated, only the voice component from the speaker SP is
reduced while the voice component from the talker H remains sufficiently large.
Accordingly, it is possible to prevent the howling phenomenon caused when the
microphones (M1, M2) pick up the voice output of the speaker SP.

Since the microphone M1 is disposed in the fronj: air chamber Bf so as to
face the diaphragm 23, as shown in FIG. 2, the microphone M1 efficiently picks
up the voice emitted from the speaker SP. Therefore, the signal processing unit
10e can efficiently achieve the howling phenomenon prevention function.
Furthermore, since the sound receiving surface of the microphone M2 faces
outside of the housing Al, and the output direction of the speaker SP and the
directivity of the microphone M2 substantially conform to each other, the
acoustic coupling between the speaker SP and the microphone M2 is reduced.
Thus, the microphone M2 is less likely to pick up the voice emit.ted from the
speaker SP, and can be placed close to the speaker SP, that is to say, close to
the front air chamber Bf, which makes it possible to downsize the intercom

device A.
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On the other hand, the signal processing unit 10e transmits the voice
signal to the echo canceling unit 10c¢ through a digital-analog converter (not
shown), and the echo canceling unit (10b, 10c¢) shown in FIG. 3 perform the
process as described below to further efficiently prevent the howling
phenomenon.

Fifst, the echo canceling unit 10c¢ retrieves the output of the echo canceling
unit 10b as a reference signal, and performs a suitable computation on the
output of the signal processing unit 10e, thereby canceling a voice signal, which
goes around from the speaker SP to the microphones (M1, M2). On the other
hand, the echo canceling unit 10b also reﬁieves the output of the echo
canceling unit 10c¢ as the reference signal, and performs a suitable computation
on the output of the communication unit 10a, thereby canceling a voice signal,
which goes arcund from a speaker of an intercom device installed in another
room to its microphones.

More specifically, the echo canceling units (10b, 10¢) control the amount of
loss at variable loss means (not shown) provided in a loop circuit consisting of
the speaker SP, the microphones (M1, M2), the signal processing unit 10e, the
echo canceling unit 10¢, the communication unit 10a, the echo canceling unit
10b, the amplifying unit 10d and the speaker SP, so as to prevent the howling
phenomenon by making the loop gain less than 1. Herein, one of the
transmitted voice signal and the received voice signal, which has a smaller

signal level, is regarded as not important, and a transmission loss of a variable

~ loss circuit, which is inserted in a transmission path of the signal having the

smaller level, is increased. In this embodiment, the intercom devices transmit
signals via the information line Ls. However, the transmission of signals is not
limited to a wired line. A non-wired transmission manner such as radio wave,
optical communication ‘system, and infrared radiation may be alternatively
employed.

(Second Embodiment)

As shown in FIG. 13, an intercom device. A’ according to a second
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embodiment of the present invention includes an acoustic tube 40, which is
provided in the rear air chamber Br having a small volume, so as to improve the
sound quality and electro-acoustic conversion efficiency of the speaker SP.
The intercom device A’ according to the second embodiment will be explained
below.

The acoustic tube 40 has an opening at its one end and a closed end at the
other end, and is provided in the rear air chamber Br to be along an inner wall
surface(s) of the rear air chamber Br. By setting the resonance frequency of the
acoustic tube 40 to an appropriate level, the lowest resonance frequency fo of
the speaker SP, which is provided in the intercom device A’, is shifted to a lower
frequency level, and the sound pressure level of the speaker SP increases,
resulting in improvements of the sound quality and electro-acoustic conversion
efficiency of the speaker SP. It is noted that except for the sound tube 40, the
construction of the intercom device A’ shown in FIG. 13 is the same as that of
the intercom device A shown in .FIG. 2. Accordingly, details of the intercom
device A’ will be omitted herein. |

The lowest resonance frequency fo of the speaker SP is generally
determined by an equivalent mass {diaphragm, coil, additional mass of air) Mo
of a vibration system of the speaker, stiffness So of an edge or the like
supporting the vibration system, and stiffness Sc of air in the rear air chamber
Br. Thatis, it is represented by an equation:

fo = {1/ @@n)} -+ {(So+Sc) Mo}

FIG. 14A through FIG. 14C show another housing A2 of the intercom device
A’ according to a modification of the present embodiment. The housing A2
aécommgdates the acoustic tube 40 therein. Effects of the sound tube 40 are
explained below referring to the housing A2 as an example. The housing A2
essentially consists of a body A20 having opening at its rear surface, and a cover
A21 for closing the openirig of the body A20. In FIG. 14B, only the body A20 is
illustrated. As in the intercom device A of the first embodiment, the housing
A2 is capable of accommodating a speaker SP, a microphone board MBI, a
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conversation switch SW1, and a voice processing unit 10. The acoustic tube
40 is provided in the body A20. '

The housing A2 has two spaces A2a and A2b therein, which are insulated
from each other. The space A2a has a lateral dimension of 30 mm, a vertical
dimension of 40 mm, and a thickness of 8 mm, to accommodate the speaker SP
therein. In the space A2a, columnar bosses 51 are formed at regularly spaced
four locations on the inner surface of the front wall of the body A20, and screw
holes 52 are respectively formed in the bosses 51. The speaker SP is fixed to
the inner surface of the front wall of the body A20 by using mounting screws,
which are thread engageable with the screw holes 52. With the construction
described above, a front air chamber Bf and a rear air chamber Br similar to
those of the first embodiment (FIG. 2) are formed. The front air chamber Br is
provided by a space enclosed by the inner surface of the front wall of the
housing A2 and the front surface side (diaphragm 23 side} of the speaker SP.
The rear air chamber Br is provided by a space enclosed by the inner surface of
the rear and side walls of the housing A2 and the rear surface side (yoke 20
side) of the speaker SP. A plurality of sound holes 12 are formed in the front
wall of the housing A2.

As shown in FIGS. 14A through 14C, the acoustic tube 40, which has =
rectangular shape in cross section, is formed along the inner walls of the rear air
chamber Br at the back of the speaker SP over substantially three-quarter of the
circumference of the rear air chamber Br. The acoustic tube 40 has an
opening at one end 40a and a closed end at the other end 40b. The overall
length L of the acoustic tube 40 is set to an odd multiple of one quarter of a
wavelength, which is determined by the sonic velocity and a frequency f of which
sound pressure level is desired to be increased. In this embodiment, the
acoustic tube 40 has a length of one quarter of the Waveléngth determined by
the frequency where an increase in sound pressure level of the audio outpuf of
the speaker SP is needed and the sonic velocity. In detail, since an open-end

correction is performed on the acoustic tube 40, where sonic velocity is set to C
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and an open-end correction value is set to ¢ (=0.8d, wherein d is an open-end
diameter of the acoustic tube 40), the overall length i‘s determined from an
equation described below:

f=[c/ {4 +odH]

In this embodiment, the overall length L of the acoustic tube 40 is set 95.2
mm and a cross-sectional area of the acoustic tube 40 is set to 4.2 mm?
{equivalent to ¢ = 2.3). By forming the acoustic tube 40 along the inner walls of
the rear air chamber Br, it is possible to minimize a volume reduction of the rear
air chamber Br caused by the formation of the acoustic tube 40. In addition,
with the acoustic tube 40 thus provided, the sound pressure level of the speaker
SP can be increased in a desired frequency band (at around 700 Hz in this
embodiment). As a result, it is possible to improve the sound quality and the
electro-acoustic conversion efficiency of the speaker SP.

By utilizing the fact that input impedance becomes extremely small at the
resonance frequency (i.e., a frequency at which the overall length of the tube is
equal to an odd-number multiple of an approximately quarter (1/4) wavelength)
of a closed fube, the acoustic tube 40 can reduce the sound leakage from the
rear air chamber Br to the outside of the housing. That is, the sound waves
radiated from the rear surface of the speaker SP is reflected toward the rear
surface side of the speaker SP. )

Referring to FIG. 15 through FIG. 18, effects of the acoustic tube 40C
provided in the housing A2 will be explained below in comparison with the
intercom device A of the first embodiment, which has no acoustic tube in the
‘housing Al, and an intercom device having an infinite baffle, which will be
explained in detail below.

FIG. 15 shows frequency characteristics of the cancelled amount of the
voice component from the speaker SP in the case of using the sigﬁal processiﬁg
unit 10e of intercom device A of the first embodiment, and FIG. 16 shows
frequency characteristics of the radiating sound pressure measured in front of

the speaker SP. FIG. 15 and FIG. 16 also show results obtained in the case
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where the housing has no acoustic tube as in the first embodiment, and the
case where an ideal baffle plate is used as the housing.

FIG. 17 shows a baffle plate C having an infinite size as an example of the
above-mentioned ideal baffle plate, but the baffle plate C is not realistic for
mounting a real speaker thereon. ‘Thus, in this embodiment, a standard baffle
as specified in JIS C 5532 is used to measure a frequency equivalent to a lowest
resonant frequency of the speaker SP that is supposed to be mounted on the
baffle plate C. The lowest resonant frequency of the speaker SP mounted on
the standard baffle is equivalent to that of the speaker SP that is supposed to bé
mounted on the baffle plate C (an ideal baffle plate). The cancelled amount
{(Yla in FIG. 15) in the case where the speaker SP and the microphone board
MB1 are mounted on the standard baffle to form an intercom device is kept at
10 dB or more in a frequency band of 100 Hz to 10000 Hz, and the radiating
sound pressure characteristics (¥2a in FIG. 16) in the same case indicate that
the lowest resonance frequency fol of the speaker SP is 600 Hz, which is an
equally ideal characteristic as provided by the speaker SP alone. A standard
closed box as specified in JIS C 5532 may be used to measure a frequency
equivalent to the loweét resonant frequency of the speaker SP that is supposed
to be mounted on the baffle plate C having an infinite size (an ideal baffle plate}
as shown in Fig. 17. ,

In the case where a rear air chamber having no acoustic tube 40 is used, as
in the rear air chamber Br of the first embodiment, the cancelled amount (Y1b
in FIG. 15} of the voice component from the speaker SP is kept at 10 dB or more
in the frequency band of 100 Hz to 10000 Hz. Thus, substantially the same
cancelled amount as that of the case where the standard baffle is used can be
obtained. However, in the case where the rear air chamber Br is formed as an
enclosed space, radiating sound pressure characteristics comparable to those of
the case where the standard baffle is used can be obtéined when the volume of
the rear air chambgr Br is sufficiently larger. On the other hand, when the

volume of the rear air chamber Br is small, the mechanical equivalent stiffness
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of the rear air chamber Br increases, and the lowest resonance frequency of the
speaker SP becomes higher. As higher the lowest resonance frequency, the
radiating sound pressure reduces, so that the sound quality and the
electro-acoustic conversion efficiency of the speaker SP deteriorate. For
example, the radiating sound pressure characteristics (¥2b in FIG. 16) of the
case where the rear air chamber Br of the first embodiment is used indicate that
the lowest resonance frequenéy fo2 of the speaker SP is 1200 Hz, which is
noticeably higher than the lowest resonance frequency obtained when the
standard bafile is used. Furthermore, the sound pressure level in a frequency
band below 800 Hz is lower by about 5 to 20 dB than that of the case where the
standard baffle is used. It means that the sound quality and the
electro-acoustic conversion efficiency of the speaker SP are deteriorated in this
frequency band.

The radiating sound pressure characteristics {Y2¢ in FIG. 16) of the case
where the volume of the rear air chamber Br is made three times larger than -
that of the rear air chambef Br of the first embodiment indicate that the lowest
resonance frequency fo3 of the speaker SP is 800 Hz, and the souﬁd quality of
the speaker SP is improved as compared with the case of using the housing Al
of the first embodiment. However, the overall size of the housing increases
with the increase in volume of the rear air chamber Br, which makeé it difficuit
to downsize the intercom device. Thus, in this embodiment, by providing the
acoustic tube 40 in the rear air chamber Br having a small volume, the sound
quality and the electro-acoustic conversion efficiency of the speaker SP are
improved, while making the intercom device smaller.

The overall length L of the acoustic tube 40 is set so that the resonance
frequency of the acoustic tube 40 is located between the lowest resonance
frequency fo2 (=1200 Hz) of the case where the rear air chamber Br having no
acoustic tube 40 is used, and the lowest resonance frequency fol (=600 Hz) of
the case where the standard baffle is used. By setting the overall length L of

the acoustic tube 40, as described above, the lowest resonance frequency fob of
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the speaker SP in the case where the housing A2 having the acoustic tube 40 is
used is set to about 700 Hz between fol and fo2.

FIG. 18 shows frequency characteristics of the radiating sound pressure of
the intercom device A’, which is provided with the housing A2 and the sound
tube 40 of the present embodiment, and the radiating sound pressure of the
intercom device A of the first embodiment, which has no acoustic tube. The
characteristics Y3a of the intercom device A’ in FIG. 18 indicate that the sound
pressure level in a frequency band not larger than 800 Hz is increased by about
5 to 10 dB, as compared with the characteristics Y3b of the intercom device A,
and the lowest resonance frequency is reduced from fo4 (=1200 Hz) to fo5 (=
about 700 Hz). That is, improvements in the speaker efficiency and the sound
4quality can be achieved. For example, the sound pressure level at aljound 700
Hz is increased by about 10 dB, and the improvement of the speaker efficiency
brought by the increase of the sound pressure level corresponds to a 70%
reduc?éion in input current and a 90% reduction in input power of the speaker
SP. Thus, the sound pressure level of the speaker SP increases around the
lowest resonance frequency of the speaker SP. Therefore, by setting the overall
length of the acoustic tube 40 to an appropriate length, and shifting the lowest
resonance frequency of the speaker SP to a lower frequency side, it is possible to
achieve improvements in sound quality and electro-acoustic conversion
efficiency of the speaker SP.

.As another preferred acoustic tube of the present invention, an acoustic
tube 41 that communicates with the rear air chamber Br may be provided at the
outside of a housing A3. For example, the acoustic tube 41 can be obtained by
attaching a tubular member to into a hole (not shown)} formed in the housing A3,
as schematically shown in FIG. 19. When tubular member is made of urethane
or the like, the overall length L of the acoustic tube 41 can be easily changed, if
desired.

As a further modification of this embodiment, two or more acoustic tubes

may be formed in the rear air chamber Br. As an example, three acoustic tubes
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42, 43, 44 can be formed in the rear air chamber Br of a housing A4, as
schematically shown in FIG. 20. In this example, the acoustic tubes (42, 43,
44) have different lengths from each other. This means that they have
mutually different resonance frequencies. Accordingly; the sound pressure
level of the speaker SP is increased at a plurality of frequencies. By setting the
overall lengths of the respective acoustic tubes (42, 43, 44) to appropriate
values, it is possible to provide desired sound quality and electro-acoustic
conversion efficiency of the speaker SP.

As shown by a dotted line in FIG. 21, a sound absorbing material 45 such
as a nonwoven fabric may be provided at or in the vicinity of the open end 40a of
the acoustic tube 40. By use of the sound absorbing material 45, it is possible
td provide an enhanced sound absorbing effect, and perform a fine adjusfment

of the resonance frequency of the acoustic tube 40.

(Third Embodiment)

The present embodiment provides a wiring -system using an intercom device
101 of the present invention. That is, this wiring system enables power and
signal transmissions between electric devices spaced away from each other m a
building structure.

As shown in FIG. 22, the wiring system comprises a power line Lp and an
information line Ls installed in the building structure, which are connected to a
commercial power source AC and the Internet network NT through a
distribution board, switch boxes 102 embedded in wall surfaces of the building
structure, base units 103 mounted on the switch boxes, and connected to the
power line Lp and the information line Ls, and function units 104, each of
which is detachably connected to a desired one of the base units 103, and has
at least one of functions for supplying electric power from the power line Lp,
outputting ihformation from the information line Ls, and inputting information
into the information line Ls in a connected state with the desired base unit. An

intercom device 101 of the present invention, which is preferably provided by
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the intercom device (A, AY) of the first or second embodiment described above,
can be regarded as one of the function units 104. In the present description,
the wall surfaces of the building structure are not limited to surfaces of
sidewalls standing between adjacent rooms. That is, the meaning of the wall
surfaces includes outdoor and indoor wall surfaces, and the indoor wall
surfaces comprise ceiling and floor surfaces as well as the sidewall surfaces. In
the drawings, MB designates a main circuit breaker, BB designates a branch
circuit breaker, and GW designates a gateway (e.g., a router or a built-in hub).

As shown in FIGS. 23 and 24, each of the base units 103 is formed with a
gate housing 130 having te:.;minals (131a, 132a, 131b, 132b) connected to the
power supply line Lp and the information line Ls, and a main housing 135
detachably connected to the function unit 104. Theses housings can be made
of a synthetic resin having electrical insulating characteristics (e.g., a
non-crystalline plastic such as ABS resin). The terminals (131b, 132b) are °
used to extend the wirings. The gate housing 130 and the main housing 135
have a pair of a module port 134 and' a module connector 142, Whiéh are
detachably connected to each other to simultaneously establish both of
supplying the electric power from the gate housing 130 to the main housing
135, and making a signal transmission therebetween. In addition, when .-
function unit 104 has the module connector 142, it can be connected to the
gate housing 130 in place of the main housing 135. If necessary, the gate
housing 130 and main housing 135 may be integrally formed.

Circuit components of the base unit 103 are designed to transmit the
electric power and the information signal to the function unit 104. For
example, the base unit 103 is provided with an AC/AC converter 160, DC power
section 161, transceiver section 162, E/O converter 163, O/E converter 165,
and a function portiop 167. .

The AC/AC converter 160 converts commercial AC voltage to a lower AC

voltage having an increased frequency, and applies the lower AC voltage to a coil |
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172. The DC power section 161 generates an operating voltage of the internal
circuit components from a stable DC voltage obtained by rectifying and
smoothing the lower AC voltage. The transceiver section 162 transmits and
receives the information signal for enabling the mutual communication through
the information line Ls. The E/O converter 163 converts the information
signal received from the information line Ls to an optical signal, and outputs the
optical signal though a light emitting device (LED) 164. On the other hand, the
O/E converter 165 receives the optical signal provided from the outside, e.g.,
the function unit 104 by a light receiving device (PD) 166, and converting the
received optical signal into the information signal to transmit it to the
transceiver section 162. The base unit 103 shown in FIG. 23 has an outlet tap
as the function portion 167. Alternatively, a sensor device or a controller may
be'formed as the function portion 167.
» The module port 134 formed at a front surface of the gate housing 130 is
composed of an electric power port 134a for supplying tﬁe electric power and an
information signal port 134b for accessing the information line Ls, as shown in
FIG. 25B. Arrangement and shapes of the electric power port 134a and the
information signal port 134b are standardized (normalized or stylized) in the
wiring systenl‘ of this embodiment. For éxample, as shown in FIG. 25B, each of
the electric power port 134a and the information signal port 134b is configured
-in a substantially fectangular shape such that they are arranged in parallel to
each other.

On the other hand, the module connector 142 formed at a rear surface of
the main housing 185 is composed of an electric power connector 142a and an
information signal connector 142b, as shown in FIG. 25A. Arrangement and
shapes of the electric power connector 142a and the information signal
connector 142b are standardized (normalized or stylized) in the wiring system of
this embodiment. For example, as shown in FIG. 25A, each of the electric

power connector 142a and the information signal connector 142b is configured

Exhibit 1004
Page 0665 of 1001



10

15

20

25

WO 2008/050583 PCT/JP2007/069131

31

in a substantially rectangular shape such that they are arranged in parallel to
each other.
In this embodiment, the module port 134 has a guide portion 133 such as

a ring-like wall or a ring-like groove extending around the electric power port

'134a and the information signal port 134b. This guide portion 133 is formed

to be engageable to an engaging portion 145 suph as a ring-like wall of the main

housing 135, which is formed around the electric power connector 142a and

-the information signal connector 142b. By simply engaging the engaging

portion 145 to the guide portion 133, the electric power connector 142a and the

‘information signal connector 142b can be simultaneously connected to the

electric power port 134a and the information signal port 134b. Therefore,
there advantages that the main housing 1385 can be easily attached to or
removed from the gate housing 130 with improved connection reliability. A
module connector having the same structure described above may be formed in
the function unit 104. The module port 134 and the module conhector 142
may be formed by female and male connectors. V

In the present embodiment, the gate housing 130 is directly fixed to the

| switch box 102. If necessary, the gate housing 130 may be fixed to the switch

box 102 through an attachment member 175, as shown in FIG. 26. For
example, this attachment member 175 is formed by a rectangular frame 176
with a window hole 177. In this case, the gate housing 130 is mounted on the
attachment member 175 by fitting a front portion of the gate housing into the
window hole 177, and then engaging hooks (not shown) formed at both sides of

' the gate housing to the rectangular frame 176. The attachment member 175

mounting the gate housing 130 thereon is fixed to the switch box 102 by use of
fixing screws. Alternatively, the gate housing 130 may be directly fixed to the
wall surface by use of exclusive clamps without using‘the switch box 102.

The function unit 104 is designed to provide a desired function by using the
electric power ‘supplied to the function unit 104 through the base unit 103 or
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using the mutual communication of the information signal between the function
unit 104 and the information line Ls through the base unit 103. For example,
when the function unit 104 is connected to the base unit 103 mounted in the
wall surface at a high position near the ceiling, it preferably has a receptacle
function of receiving a plug with hook of a lighting apparatus, security function
such as a motion sensor, temperature sensor, and monitoring camera, or a
sound function such as speaker. In addition, when the function unit 104 is
connected to the base unit 103 mounted in the wall surface at a middle height,
at which the function unit 104 can be easily operated by theAuser, it preferably
has a switch function of turning on/off the lighting appafatus, control function
for electric appliances such as air-conditioning equipments, a display function
such as liquid crystal display or a timer funcﬁon. The intercom device of the
present invéntion is preferably connected as one of the function units 104 to the
base unit 103 at the middle height. Moreover, when the function unit 104 is
connected to the base unit 103 mounted in the wall surface at a low position
near the floor, it preferably has a receptacle function for receiving a plug of an
electric appliance such as electric vacuum cleaner, the sound function such as
speaker, or a footlight function.

Specifically, as shown in FIG. 27, when a function section 181 of the
function unit 104 is formed by a switch, operation data obtained by operating
the switch is transmitted to a processing section 188 such as CPU through an
I/0 interface 189. Then tl;le processed data is sent to, for example, an infrared
remote controller (not shown) through a transceiver section 187, so that an
electric appliance to be controlled is turned on/off by receiving a remote control
signal emitted from the infrared remote controlier. In addition, when the
function section 181 is formed by a sensor, data detected by the sensor is
transmitted as the information signal to the information line Ls, and then
informed to the user by a required communicator.\

The coil 172 wound around a core 170 of the base unit 103 shown in FIG.
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23 is used as a power transmission means for supplying electric power to the
function unit 104 in a noncontact manner. That is, the coil 172 of the base

unit 103 provides an electromagnetic coupling portion that works as a first side

of a transformer. On the other hand, as shown in FIG. 27, the functiqn unit

5 104 has an electromagnetic coupling portion comprised of a coil 182 Wound
around a core 180, which works as a second side of the transformer. Thérefore,

by forming electromagnetic coupling between the base unitA 103 and the
function unit 104, a low AC voltage can be induced in the coil 182 of the
function unit 104 to supply of electric power from the base unit 103 to the

10 functionunit 104. Similarly, an electromagnetic coupling portion X2 is formed
at the opposite side of the electromagnetic coupling portion X1, and used to
make a connection between the function units. In this embodiment, since the

low AC voltage having the higher frequency than the commercial AC voltage is
obtained by the AC/AC converter 160, there is an advantage that the

15  electromagnetic coupling portions used as the transformer can be downsized.

In addition, the light emitting device (LED) 164 of the base unit 103 shown

in FIG. 23 is used to transmit an optical signal as the information signal to the
function unit 104 in a noncontact manner. On the other hand, as shown in

FIG. 27, a light receiving device (PD) 186 is disposed in the function unit 19"

20 such that the light emitting de;vice 164 is in a face-to-face relation with the light
receiving device 186 when the function unit 104 is connected to the base unit

103. Similarly, to transmit the optical signal as the information signal from

the function unit 104 to the base unit 103, the function unit 104 has a light
emitting device (LED) 184, which is disposed in the face-to-face relation with the

25  light receiving element (PD) 166 when the function unit 104 is connected to the
base unit 103. Thus, each of the base unit 103 and the function unit 104 has

the pair of the E/O converter (163, 183) and the O/E converter (165, 185) as an
optical coupling portion to enable the mutual communication of the information

signal therebetween in a noncontact manner.
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As shown in FIG. 23, the electromagnetic coupling portion X used to supply
the électric power and the optical coupling portion Y used for the mutual
communication of the information signal are disposed at a side surface of the
base* unit 103 to be spaced from each other by a constant distance.
Arrangements and shapes of the electromagnetic coupling portion X and the
optical coupling portion Y are standardized (or stylized) to make the base unit
103 shareable among the function units 104. In addition, the pair of the
electromagnetic coupling portion X and thf; optigal coupling portion ¥ may be
formed at each of both sides of the function unit 104, as shown in FIG. 27.
That is, the optical coupling portion Y1 formed at one side (e.g., left side) of the
function unit 104 is composed of the light receiving device 186 located at the
upper side and the light emitting device 184 located at the lower side, and the
optical coupling portion Y2 formed at the opposite side (e.g., right side) of the
function unit 104 is composed of a light emitting device 194 located at the
upper side and a light receiving device 196 located at the lower side. In this
case, sincé the base unit 103 is connected to the one side of the function unit
104, and another function unit or the intercom device of the present invention
can be connected to the other side of the function unit 104, there is an
advantage of further improving function expandability of the wiring system.

- The intercom device 101 of this embodiment can be connected to the base
unit 103, as shown in FIG. 28. In addition, internal components of the
intercom device 101 of this embodiment are shown in FIG. 29. As understood
from the comparison with the function unit 104 of FIG. 27, the intercom device
101 of FIG. 29 is substantially equivalent to a function unit having the
components of the intercom device shown in FIG. 2 as the function section 181.

Since this intercom device 101 has the stylized connectors as well as the
function unit 104 and base unit 103 described above, it can be used in a
desired combination with the base unit 103 and the function unit 104. For

example, as shown by the arrow @D in FIG. 30, the intercom device 101 can be
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connected to the function unit 104 having the timer function, which is
connected to the base unit 103. Alternatively, as shown by the arrow @ in
FIG 30, the intercom device 101 may be connected at its one side to the base
unit 103. At this time, the function unit 104 having the timer function can be
connected to the other side of the intercom device 101. Thus, there is a
remarkable advantage that a layout of the function units 104 having various
functions and the intercom device 101 can be changed with a high degree of
freedom according to the user’s needs.

In addition, when the intercom device 101 is operated in conjunction with
at least one functions unit 104, the wiring system of this embodiment can
provide a higher order function in addition to the communication function. For
example, when the intercom device 101 is connected to one of the base units
103, and the function unit 104 having a sensor function {e.g., motion sensor or
fire sensor) is connected to another one of the base units 103, which is disposed -
at a proper location, the intercom device 101 can output an alarm sound by
receiving alarm signal from the function unit. Therefore, the intercom device
101 of this case has an alarm generating function for disaster or cri;ne
prevention as well as the communication function. In addition, since it is not
needed to individually prepare a speaker for generating the alarm sound, ther
is a further advantage of achieving an improvement in cost performance of the
wiring system as a whole.

Next, means for mechanically coupling between the base unit 103 and the
function unit 104 (or the intercom device 101} is explained.

For example, the base unit 103 shown in FIG. 31 has a cosmetic cover 112,
which is detachably attached to a front surface of the gate housing 135, and
horizontal guide rails 114 formed at upper and lower portions of the gate
housing. The numeral 115 designates a stopper wall formed in a substantially
center position in the longitudinal direction of the guide rail 114, On the other
hand, as shown in FIGS. 32A to 32C, the function unit 104 (or the iﬁtercom
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device 101) has concave portions 128 for accommodating joining members 150
therein, which are formed at both of its upper and lower sides, horizontal guide
rails 124 extending in the concave portions 128, and cover members 126
pivotally supported at upper and lower ends of the function unit 104. In
éddition, as shown in FIG. 32D, the joining member 150 has a groove 152, in
which the horizontal guide rail (114, 124) can be slidably fitted.

In this case, a cosmetic cover 112 is firstly removed from the gate housing
135 of the base unit 103. Then, the electromagnetic coupling portion X and
the optical coupling portion Y of the base unit 103 are connected to the
electromagnetic coupling portion X1 and the optical coupling portion Y1 of the
function unit 104 (or the intercom device 101). Next, the cover member 126 is
openied, and the joining member 150 is slid along the guide rail 124, as shown
by an arrow in FIG. 33. The slide movement of the joining membef 150 is
performed.until the joining member 150 contacts the stopper Wa]l 115. As a
result, the joining member 150 is engaged to the guide rail 114 of the base unit
103 over about half length of the joining member 150. On the other hand, the
remaining portion of the joining member 150 is still engaged to the guide rail
124 of the function unit 104 (or the intercom device 101). Thus, by engaging ‘
the joining member 156 to both of the base unit 103 and the function unit 104
the base unit 103 can be mechanically c;)upled with the function unit 104 (or
the intercom device 101). Finally, the cosmetic cover 112 is attached to the
base unit 103, and the cover member 126 is closed.

According to this coupling means, since the joining ‘member 150 is held
between the cosmetic cover 112 and the gate housing 135, it is possible to
prevent accidental falling of the joining member 150, and obtain the stable
méchanical connection therebetween without spoiling the beauty of them. In
addition, since the joining member 150 is always accommodated in the concave
portion 128 of the function unit 104 (or the intercom device 101), there is no

worry about loss of the joining member 150. This coupling means is also usual
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in the case of mechanically coupling between the function units 104, or between

the function unit 104 and the intercom device 101.
As an information-signal transmitting method available in the wiring

system, a baseband transmission or a broadband transmission can be used.
In addition, the protocol is not limited to a specific one. For example, sound
and visual information signals may be transmitted and received according to
JT-H232 packet to make the mutual communication between the intercom
devices. In a control system, it is also preferred to use a routing protocol for a
broadcast or a unicast that controlling can be performed at a cbntrol ratioof 1:1
or 1:N according to operation data. Alternatively, the protocol used between
the base units may be different from the protocol used in the function unit or
the intercom device connected to the base unit. In this case, a protocol
conversion is preferably performed by the base unit.

In addition, the wiring system of the above embodiment is essential to use
both of the information line and the power line installed in the building
structure. As a modification of this embodiment, a power—ﬁne carrier
communication may be used in the wiring system.

That is, the wiring system according to this modification is essential to
install only the power line in the building.structure. Therefore, the base unit is
connected to only the power line. On the other hand, the base unit, the
function unit and/or the intercom device need to have a transceiver unit for
transmitting and receiving information signals in the power-line carrier
communication manner. For example, when the transceiver unit is formed in
the base unit, the electric power carrying the information sigrials thereon is
separated to the electric power transmission and the information signal
transmission by the base unit. Therefore, the same function unit and the
intercom device used in the wiring system of the above embodiment are also
available in this power-line carrier type wiring system.

Alterﬁatively, the transceiver unit may be formed in the intercom device

101, as shown in FIG. 34. In‘this case, the intercom device is detachably
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connected to the base unit and/or the function unit by a power-line carrier type
connector Z. In addition, the intercom device also comprises a PLC modem’
210 for receiving the information signals carried by the power line, and
transmitting information signals through the power line, a processing section
220 connected to the PLC modem, ann I/O interface 230 between the processing
section, and a function section 240 for providing the intercom function.
Similar circuit components may be formed in the function unit and/or the base

unit. As a modulation method for the power-line carrier communication, for

-example, it is possible to use a broad spectrum diffusion model, multi carrier

model or an orthogonal Frequency division multiplexing (OFDM) model.

INDUSTRIAL APPLICABILITY

Thus, according to the present invention, the first microphone disp;osed in
the front air chamber efficiently receives the voice output of the speaker, and the
output of the first microphone is effectively used in the signal processing unit to
remove the signal component corresponding to the voice output of the speaker
from the output of the second microphone. Therefore, it is possible to improve
the howling prevention effect. In addition, the intercom device can be
downsized because a distance between the first microphone and the speaker
becomes short. Furthermore, the intercom device is suitable for the wiring
system with excellent function expandability, as described in the above
embodiments.

Therefore, the present invention is expected to further increase the demand

‘of the intercom device, and especially as one of the components of the wiring

system of the next generation.
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CLAIMS:

1. An intercom device comprising:

a housing;

a speaker accommodated in said housing such that a front air chamber is
defined as a space enclosed by a front surface of said speaker and an inner
surface of said housing, and a rear air chamber is defined as a space enclosed
by a rear surface of said speaker and an inner surface of said housing;

a first microphone disposed such that its sound receiving surface faces the front
air chamber;

a second microphone disposed such that its sound receiving surface faces
outside of said housing; and

a signal processing unit configured to, when an audio output of said speaker is
picked up by said second microphone, remove a >signa1 component
corresponding to the audio output of said speaker from an output signal of said

second microphone by use of an output signal of said first microphone.

2. The intercom device according to claim 1, wherein the rear air chamber is the
space hermetically-sealed by the rear surface of said speaker and the inner

surface of said housing.

3. The intercom device according to claim 1, wherein said first microphone is
arranged such that the sound receiving surface of said first microphone faces a

diaphragm of said speaker.

4. The intercom device according to claim 1, wherein said second microphone is

located adjacent to said speaker.
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5. The intercom device according to claim 1, wherein said first microphone and

said second microphone are mounted on a same circuit board.

6. The intercom device according to claim 5, wherein the circuit board is
mounted on an outside surface of said housing such that the sound receiving
surface of said first microphone faces the front air chamber and the sound

receiving surface of said second microphone faces the outside of said housing.

7. The intercom device according to claim 1, further comprisirig an acoustic
tube having an opening communicated with the rear air chamber at its one end,

and a closed end at the other end.

8. The intercom device according to claim 7, wherein said acoustic tube has a
tube length of an odd multiple of one quarter of a wavelength determined in
consideration of sonic velocity and an intended frequency where an increase in

sound pressure level of the audio output of said speaker is needed.

9. The intercom device according to claim 1, further comprising a plurality of
acoustic tubes having different lengths, each of which has an opening
communicated with the rear air chamber at its one end, and a closed end at the

other end.

10. The intercom device according to claim 7, wherein said acoustic tube has a

resonant frequency between a frequency equivalent to a lowest resonant
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frequency of said speaker that is supposed to be mounted on an infinite baffle
and a lowest resonant frequency of said speaker mounted on the rear air

chamber with the absence of said acoustic tube.

11. The intercom device according to claim 7, wherein said acoustic tube is

formed along an inner surface of the rear air chamber.

12, The intercom device according to claim 7, further comprising a sound

absorbing material disposed at the opening of said acoustic tube.

13. A-Wiring system using the intercom device as set forth in claim 1, comprising
at least one transmission line installed in a building structure to transmit
electric power and information signals, and a i)luraliw of base units each
adapted in use to be mounted in a wall surface of said building structure, and
connected to said transmission line;

wherein the intercom device has a first connector detachably connectable
to a second connector formed in each of said base units,

when said first connector is connected to said second connector of one of
said base units, the intercom device functions such that the informatien signals
provided through said transmission line are output as audio information fr(;m
said speaker unit, and an output of said signal processing unit is sent out

through said transmission line.

14. The wiring system as set forth in claim 13, further comprising a function
unit adapted in use to be connected to said transmission line through one of

said base units, said function unit having a third connector detachably
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connectable to one of said second connector of said base unit, and an extended
connector formed in the intercom device,

when said third connector of said function unit is connected to said second
connector of said base unit, or when said first connector of the intercom device
is connected to said second connector of said base unit, and said third
connector of said function unit is connected to said extended connector of the
intercom device, said function unit provides at least one of functions for
supplying electric power provided through said transmission line, outputting
information signals provided through said transmission line, and sending out

information signals through said transmission line.

15. The wiring system as set forth in claim 14, wherein said first connector and
said third connector are stylized in shape and arrangement, and said second
connector and said extended connector are stylized in shape and arrangement

corresponding to the stylization of said first connector and said third connector.

16. The wiring system as set forth in claim 13, further comprising a function
unit adapted in use to be connected to said transmission line through one vi
said base units,

said function unit has a third connector detachably connectable to said
second connector of said base unit and an extended connector detachably
connectable to said first connector of said intercom device,

when said third connector of said function unit is connected to said second
connector of said base unit, and said extended connector of said function unit is
connected to said first connector of the intercom device, said function unit
provides at least one of functions for supplying electric power provided from said
transmission line through said base unit, outputting information signals

provided from said transmission line through said base unit, and sending out
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information signals to said transmission line through said base unit, and the
intercom device operates such that the information signals provided from said
transmission line through said base unit and said function unit are output as
audio information from said speaker unit, and the output of said signal
5 processing unit is sent out to said transmission line through said base unif ‘and

said function unit.

17. The wiring system as set forth in claim 16, wherein said first connector and
10  said third connector are stylized in shape and arrangement, and said second
.connector and said extended connector are stylized in shape and arrangement

corresponding to the stylization of said first connector and said third connector.

15 18. The wiring system as set forth in claim 13, wherein said first and second
connectors provide an electric power transmission between said base unit and

the intercom device by means of electromagnetic coupling.

20 19. The wiring system as set forth in claim 13, wherein said first and second
connectors provide a signal transmission between said base unit and the

intercom device by means of optical coupling.
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METHOD AND DEVICE FOR
LINKING MATRIX CONTROL OF AN EARPIECE II

FIELD
[0001] The present invention relates to a method of controlling an earpiece device, and
more particularly, though not exclusively, a method of configuring and managing audio input

and output on an earpiece.

BACKGROUND
[0002] Headphones or earpieces can be used for music enjoyment or voice
communication. Use of these devices has steadily been increasing, and more products are
expanding functionality to support audio delivery to headphones and earpieces.
[0003] The earpieces and associated products are becoming more intelligent as more
communication features become available. However, the earpieces themselves have
limited resources and must make efficient use of the many audio input and output
configurations required to manage and support audio delivery.
[0004] A need therefore exists for improving audio configuration paths of headphones or

earpieces.

SUMMARY
[0005] In a first embodiment, an earpiece, can include a peripheral interface configured
to receive a plurality of sound signals and direct the plurality of sound signals to a plurality
of audio processing modules that produce audio control information responsive to an
analysis of the sound signals, a logic control unit operatively coupled to the plurality of
audio processing modules to receive the audio control information from the plurality of
audio processing modules and generate configuration data, a filter set operatively coupled
to the peripheral interface to process the plurality of sound signals in accordance with the
configuration data to produce filtered sound signals, and a mixing matrix operatively
coupled to the control logic unit and filter set to mix the plurality of filtered sound signals in
accordance with the audio control information to produce output sound signals and route
the output sound signals to at least one peripheral component.
[0006] The peripheral component can be an Ear Canal Receiver (ECR), a phone, a
portable communication device, or a data storage. The peripheral interface can include at

1
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least one Ambient Sound Microphone (ASM) configured to convert an ambient sound to an
ambient sound signal, and at least one Ear Canal Microphone (ECM) configured to convert
an internal sound from an ear canal of a user to an internal sound signal. The earpiece can
further include an audio content interface configured to receive a plurality of audio streams
and direct the plurality of audio streams to the plurality of audio processing modules. The
audio content interface can receive an audio stream from a phone, a media player, or a
portable communication device. The audio content interface can mix the plurality of audio
streams based on a user context that is one among an incoming call, a music session, or a
voice mail.

[0007] The audio control information can include filter data for processing the plurality of
sound signals, audio control data for assigning a priority to the plurality of sound signals,
and router data for mixing the plurality of filtered signals according to the priority. The
priority can be event driven responsive to detecting a sound signature, a background noise
condition, a battery life indication, a manual interaction, or a voice recognition command.
[0008] In a second embodiment an earpiece can include a peripheral interface
configured to receive a plurality of sound signals and direct the plurality of sound signals to
a plurality of audio processing modules, an audio content interface configured to receive a
plurality of audio streams and also direct the plurality of audio streams to the plurality of
audio processing modules, at least one signal analysis module operatively coupied to the
peripheral interface and audio content interface to provide a shared analysis of the sound
signals and the audio streams for the plurality of audio processing modules, a logic control
unit operatively coupled to the plurality of audio processing modules and the at least one
signal analysis module to receive the shared analysis and audio control information to
generate configuration data, a filter set operatively coupled to the peripheral interface to
process the plurality of sound signals in accordance with the configuration data to produce
filtered sound signals, and a mixing matrix operatively coupled to the control logic unit and
filter set to mix the plurality of filtered sound signals in accordance with the audio control
information to produce output sound signals and route the output sound signals to at least
one peripheral component.

[0009] The shared analysis can include spectral analysis, spectral band energy level
analysis, spectral envelope analysis, voice activity detection analysis, and cross-correlation
analysis. A separate signal analysis module can be provided for components of the
peripheral interface and the audio content interface that is shared among the plurality of

2
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audio processing modules. The peripheral interface can include at least one Ambient
Sound Microphone (ASM) coupled to an ASM signal analysis module configured to analyze
an ambient sound signal, and at least one Ear Canal Microphone (ECM) coupled to an
ECM signal analysis module configured to analyze an internal sound from an ear canal of a
user. The audio content interface can be coupled to an audio content (AC) signal analysis
module and configured to analyze an audio stream from a phone, a media player, or a
portable communication device. The logic control unit can produce a linkage matrix of
mixing gains that are applied to the plurality of filtered sound signals to produce the plurality
of output sound signals to each of a respective peripheral output device.

[0010] In a third embodiment, a method for configuring audio delivery on an earpiece
can include the steps of receiving at least one sound signal and at least one audio stream,
performing an analysis of the at least one sound signal and the at least one audio stream,
presenting the analysis, the at least one sound signal, and the at least one audio stream to
a plurality of audio processing modules that generate configuration data responsive to the
receiving. The method can include filtering the at least one sound signal and at least one
audio stream according to the configuration data to produce filtered sound signals, mixing
the filtered signals according to the configuration data to produce output sound signals, and
routing the output sound signals to at least one peripheral component. The at least one
sound signal can be an ambient sound signal, an ear canal sound signal. The at least one
audio stream can be received from a phone, a media player, or a portable communication
device. A linkage matrix of mixing gains can be generated based on the configuration data
that are applied to the plurality of filtered sound signals for producing the plurality of output
sound signals.

BRIEF DESCRIPTION OF THE DRAWINGS
[0011] FIG. 1 is a pictorial diagram of an earpiece in accordance with an exemplary
embodiment;
[0012] FIG. 2 is a block diagram of the earpiece in accordance with an exemplary
embodiment;
[0013] FIG. 3 is an exemplary schematic of a software system for the earpiece in
accordance with an exemplary embodiment;
[0014] FIG. 4 is a more detailed exemplary schematic of the software system of FIG. 3
for the earpiece in accordance with an exemplary embodiment t;

3
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[0015] FIG. 5 is a flowchart of a method for generating filter configuration data from a
plurality of processing modules in accordance with an exemplary embodiment in
accordance with an exemplary embodiment;

[0016] FIG. 6 is a flowchart of a method for generating and applying filter configuration
data from a plurality of processing modules in accordance with an exemplary embodiment;
[0017] FIG. 7 is an exemplary schematic for configuring audio input and output via a
mixing matrix in accordance with an exemplary embodiment;

[0018] FIG. 8 is another exemplary schematic of a software system for the earpiece
providing separate analysis and re-synthesis modules for peripheral inputs in accordance
with an exemplary embodiment; and

[0019] FIG. 9 is a more detailed schematic for analysis and re-synthesis for a particular
peripheral input in accordance with an exemplary embodiment.

DETAILED DESCRIPTION
[0020] The following description of at least one exemplary embodiment is merely
illustrative in nature and is in no way intended to limit the invention, its application, or uses.
[0021] Processes, techniques, apparatus, and materials as known by one of ordinary
skill in the relevant art may not be discussed in detail but are intended to be part of the
enabling description where appropriate, for example the fabrication and use of transducers.
Additionally in at least one exemplary embodiment the sampling rate of the transducers can
be varied to pick up pulses of sound, for example less than 50 milliseconds.
[0022] In all of the examples illustrated and discussed herein, any specific values, for
example the sound pressure level change, should be interpreted to be illustrative only and
non-limiting. Thus, other examples of the exemplary embodiments could have different
values.
[0023] Note that similar reference numerals and letters refer to similar items in the
following figures, and thus once an item is defined in one figure, it may not be discussed for
following figures.
[0024] Note that herein when referring to correcting or preventing an error or damage
(e.g., hearing damage), a reduction of the damage or error and/or a correction of the
damage or error are intended.
[0025] At least one exemplary embodiment of the invention is directed to an earpiece for
background noise mitigation. Reference is made to FIG. 1 in which an earpiece device,

4
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generally indicated as earpiece 100, is constructed in accordance with at least one
exemplary embodiment. As illustrated, earpiece 100 depicts an electro-acoustical
assembly 113 for an in-the-ear acoustic assembly, as it would typically be placed in the ear
canal 131 of ear 117 of user 135 The earpiece 100 can be an in the ear earpiece, behind
the ear earpiece, receiver in the ear, open-fit device, or any other suitable earpiece type.
The earpiece 100 can be partially or fully occluded in the ear canal, and is suitable for use
with users having healthy or abnormal auditory functioning.

[0026] Earpiece 100 includes an Ambient Sound Microphone (ASM) 111 to capture
ambient sound, an Ear Canal Receiver (ECR) 125 to deliver audio to an ear canal 131, and
an Ear Canal Microphone (ECM) 123 to capture internal sounds within the ear canal and
also assess a sound exposure level within the ear canal. The earpiece 100 can partially or
fully occlude the ear canal 131 to provide various degrees of acoustic isolation. The
assembly is designed to be inserted into the users ear canal 131, and to form an acoustic
seal with the ear canal walls 129 at a location 127 between the entrance to the ear canal
and the tympanic membrane (or ear drum) 133 Such a seal is typically achieved by means
of a soft and compliant housing of assembly 113. Such a seal is pertinent to the
performance of the system in that it creates a closed cavity 131 of approximately 5cc
between the in—ear assembly 113 and the tympanic membrane 133. As a result of this seal,
the ECR (speaker) 125 is able to generate a full range bass response when reproducing
sounds for the user. This seal also serves to significantly reduce the sound pressure level
at the user’s eardrum resulting from the sound field at the entrance to the ear canal. This
seal is also the basis for the sound isolating performance of the electro-acoustic assembly.
[0027] Located adjacent to the ECR 125, is the ECM 123, which is acoustically coupled
to the (closed) ear canal cavity 131. One of its functions is that of measuring the sound
pressure level in the ear canal cavity 131 as a part of testing the hearing acuity of the user
as well as confirming the integrity of the acoustic seal and the working condition of itself and
the ECR. The ECM 123 can also be used for capturing voice that is resonant within the ear
canal when the user is speaking to permit voice communication.

[0028] The ASM 111 is housed in an ear seal 113 and monitors sound pressure at the
entrance to the occluded or partially occluded ear canal. The ASM 111 can also be used to
capture the user’s voice externally for permitting voice communication. All transducers

shown can receive or transmit audio signals to a processor 121 that undertakes audio
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signal processing and provides a transceiver for audio or voice via the wired or wireless
communication path 119.

[0029] The earpiece 100 can actively monitor a sound pressure level both inside and
outside an ear canal and enhance spatial and timbral sound quality while maintaining
supervision to ensure safes sound reproduction levels. The earpiece 100 in various
embodiments can conduct listening tests, filter sounds in the environment, monitor warning
sounds in the environment, present notification based on identified warning sounds,
maintain constant audio content to ambient sound levels, and filter sound in accordance
with a Personalized Hearing Level (PHL).

[0030] Referring to FIG. 2, a block diagram of the earpiece 100 in accordance with an
exemplary embodiment is shown. As illustrated, the earpiece 100 can include a processor
206 operatively coupled to the ASM 111, ECR 125, and ECM 123 via one or more Analog
to Digital Converters (ADC) 202 and Digital to Analog Converters (DAC) 203. The
processor 206 can measure ambient sounds in the environment received at the ASM 111
and internal sounds captured at the ECM 130. Ambient sounds correspond to sounds within
the environment such as the sound of traffic noise, street noise, conversation babble, or
any other acoustic sound.

[0031] Ambient sounds measured by the ASM 111 can also correspond to industrial
sounds present in an industrial setting, such as, factory noise, lifting vehicles, automobiles,
and robots. The processor 206 can monitor the ambient sound captured by the ASM 110
for sounds in the environment, such as an abrupt high energy sound corresponding to an
on-set of a warning sound (e.g., bell, emergency vehicle, security system, etc.), siren (e.g.,
police car, ambulance, etc.) , voice (e.g., “help”, “stop”, "police”, etc.), or specific noise type
(e.g., breaking glass, gunshot, etc.).

[0032] Internal sounds measured by the ECM 123 can correspond to sounds contained
within the ear canal 131 such as spoken voice or audio content delivered by way of the
ECR 125. The internal sounds can include residual background noise related to ambient
sounds in the environment; for example, high level sounds that leak around the ear seal
127 and enter the ear canal 131. The processor 206 can monitor internal sounds captured
by the ECM 123 and analyze the internal sounds. The processor 206 can also adjust a
mixing between the ambient sound signals measured at the ASM 111 and the internal
sound signals measured at the ECM 123, for example, responsive to assessing ambient
background noise conditions.
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[0033] The processor 206 can utilize computing technologies such as a microprocessor,
Application Specific Integrated Chip (ASIC), and/or digital signal processor (DSP) with
associated storage memory 208 such a Flash, ROM, RAM, SRAM, DRAM or other like
technologies for controlling operations of the earpiece device 100. The memory 208 can
store program instructions for execution on the processor 206 as well as captured audio
processing data.

[0034] The memory 208 can also store program instructions for execution on the
processor 206. The memory 208 can be off-chip and external to the processor 208, and
include a data buffer to temporarily capture the ambient sound and the internal sound, and
a storage memory to save from the data buffer the recent portion of the history in a
compressed format responsive to a directive by the processor. The data buffer can be a
circular buffer that temporarily stores audio sound at a current time point to a previous time
point. It should also be noted that the data buffer can in one configuration reside on the
processor 206 to provide high speed data access. The storage memory can be non-volatile
memory such as SRAM to store captured or compressed audio data.

[0035] The memory 208 can be a machine-readable medium. The term "machine-
readable medium" should be taken to include a single medium or multiple media (e.g., a
centralized or distributed, and/or associated caches and external memory) that store the
one or more sets of instructions. The term "machine-readable medium” shall also be taken
to include any medium that is capable of storing, encoding or carrying a set of instructions
for execution by the machine and that cause the machine to perform any one or more of the
methodologies of the present disclosure.

[0036] The term "machine-readable medium" shall accordingly be taken to include, but
not be limited to: solid-state memories such as a memory card or other package that
houses one or more read-only (non-volatile) memories, random access memories, or other
re-writable (volatile) memories; and/or magneto-optical or optical medium; and carrier wave
signals such as a signal embodying computer instructions in a transmission medium.
Accordingly, the disclosure is considered to include any one or more of a machine-readable
medium or a distribution medium, as listed herein and including art-recognized equivalents
and successor media, in which the software implementations herein are stored.

[0037] The earpiece 100 can include an audio interface 212 operatively coupled to the
processor 206 to receive audio content, for example from a media player or cell phone, and
deliver the audio content to the processor 206. The processor 206 responsive to detecting
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ambient sounds can adjust the audio content and pass the ambient sounds directly to the
ear canal. For instance, the processor 206 can lower a volume of the audio content played
out the ECR 125 responsive to detecting an acute sound for transmitting the ambient sound
to the ear canal. The processor 206 can also actively monitor the sound exposure level
inside the ear canal via the ECM 123 and adjust the audio content to within a safe and
subjectively optimized listening level range.

[0038] The earpiece 100 can further include a transceiver 204 that can support singly or
in combination any number of wireless access technologies including without limitation
Bluetooth™, Wireless Fidelity (WiFi), Worldwide Interoperability for Microwave Access
(WIMAX), and/or other short or long range communication protocols. The transceiver 204
can also provide support for dynamic downloading over-the-air to the earpiece 100. It
should be noted also that next generation access technologies can also be applied to the
present disclosure.

[0039] The power supply 210 can utilize common power management technologies such
as replaceable batteries, supply regulation technologies, and charging system technologies
for supplying energy to the components of the earpiece 100 and to facilitate portable
applications. A motor (not shown) can be a single supply motor driver coupled to the power
supply 210 to improve sensory input via haptic vibration. As an example, the processor 206
can direct the motor to vibrate responsive to an action, such as a detection of a warning
sound or an incoming voice call.

[0040] The earpiece 100 can further represent a single operational device or a family of
devices configured in a master-slave arrangement, for example, a mobile device and an
earpiece. In the latter embodiment, the components of the earpiece 100 can be reused in
different form factors for the master and slave devices.

[0041] FIG. 3 is an exemplary schematic of a software system 300 for operating the
earpiece 100. The software system 300 can reside at least in part or whole on the
processor 206, the memory 208, and/or any associated machine readable storage medium
operated on by the processor 206 (see FIG. 2). Generally stated, the software system 300
by way of the processor 206 can manage a configuration of audio input and output (paths)
to the earpiece 100 to support audio delivery.

[0042] As illustrated, the software system 300 includes a peripheral interface 310
configured to manage a plurality of sound signals 315 and direct the plurality of sound
signals 315 to a plurality of audio processing modules 330. The sound signals can be an
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ambient sound signal measured by the ASM 111 or an internal sound signal from measured
by the ECM 123. The software system 300 can include an audio content interface 320
configured to manage a plurality of audio streams 325 and direct the plurality of audio
streams 325 to the plurality of audio processing modules 330. The audio stream can be a
voice signal from a Phone, a music signal from a personal media player (PMP), or an audio
signal provided by the earpiece (e.g., loopback signal). The plurality of sound signals 315
and the plurality of audio streams 325 are also passed to a filter set 350 as shown by the
wide arrows.

[0043] The plurality of audio processing modules 330 can produce audio control
information 331 responsive to an analysis of the sound signals. The audio control
information 331 is provided to the logic control unit 340 for configuring filtering and mixing
operations on the plurality of sound signals 315 and the plurality of audio streams 325 at a
filter set 350. The logic control 340 unit is operatively coupled to the plurality of audio
processing modules 330 to receive the audio control information 331 from the plurality of
audio processing modules 330 and generate configuration data. The configuration data can
include filter data 342 for processing the plurality of sound signals, audio control data 343
for assigning a priority to the plurality of sound signals, and router data 344 for mixing a
plurality of filtered signals 355 according to the priority

[0044] The software system 300 includes the filter set 350 operatively coupled to the
peripheral interface to process the plurality of sound signals 315 in accordance with the
configuration data 342 for generating the filtered sound signals 355. The filter set 350 also
processes the plurality of audio streams 325 in accordance with the configuration data 344
to produce filtered sound signals 355. The filtered sound signals 355 are passed to a mixing
matrix 360.

[0045] The mixing matrix 360 is operatively coupled to the control logic unit 340 and filter
set 350 to mix the plurality of filtered sound signals 355 in accordance with the configuration
data 344 and generate output sound signals 365 that are routed to at least one output
peripheral component 370. The peripheral component 370 can be the ECR 125, a phone,
or a data storage. The mixing matrix 360 can include individual gains that are applied to the
plurality of filtered sound signals 355 for producing the output sound signals.

[0046] FIG. 4 is a more detailed schematic of the software system 300 of FIG. 3. System
components of FIG. 3 will be referred to when describing components of the detailed
schematic.
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[0047] The peripheral interface 310 (see FIG. 3) can include the Ambient Sound
Microphone (ASM) 111 configured to convert an ambient sound to an ambient sound
signal, and the Ear Canal Microphone (ECM) 123 configured to convert an internal sound
from an ear canal of a user to an internal sound signal. The peripheral interface 310
receives the ASM sound signals from the external environment including background noise,
warning sounds, and the ECM sound signal including the voice of a wearer of the earpiece
100 and any audio content playing out the ECR 125. The components (e.g., ASM-R, ECM-
R) of the peripheral interface 310 can contain more than the components shown, for
instance, a secondary ASM for sound localization or noise suppression. The peripheral
interface 310 can also include components (ASM-L, ECM-L) from a second earpiece such
as a L-left or R-right earpiece. In this case, the software system 300 can reside on one of
the earpieces, although resources can be shared if the software system 300 is enabled on
both earpieces.

[0048] The audio content interface 320 (see FIG. 3) can receive audio streams, for
example, from a phone 421, a personal media player (PMP) 422, a portable communication
device (e.g., VOP) 423, or a component 411 of the earpiece. The local component 411
(e.g., ECR 125) can permit audio feedback for allowing the user to hear audio, for example,
loop back when the user is speaking on the phone, or playing comfort noise during non-
speech intervals. The audio content interface (AC) 420 can mix the plurality of audio
streams to produce a single audio stream delivered to the processing modules (AP1-AP5).
In one arrangement, the AC 420 can perform audio content mixing based on a user context.
[0049] The user context identifies an operation or mode of the earpiece, such as, an
incoming call, a music session, or a voice mail. For example, if the user is listening to music
and an incoming call is detected, the earpiece 100 by way of the software system 300 (see
FIG. 3) further discussed herein can lower the volume of the music relative to the incoming
call ring tone to permit a hearing of the incoming call (e.g., ring tone). As another example,
if the user is using the earpiece in a transparent “safe” mode while listening to music, then
any harmful ambient sounds (e.g., loud jackhammer, bus noises) can be attenuated with
the music, for instance, by reducing the ASM to ECM pass through levels. Similarly,
important warning sounds captured at the ASM 111 can be elevated in the mix with respect
to other sounds by increasing the ratio of ASM 111 to ECM 123 sound levels. The AC 420
can also mix the sounds in accordance with manual intervention, for example, if the user
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adjusts a volume level manually by way of a user interface or directly mixes the audio
streams.
[0050] Referring to both FIGS. 3 and 4, the sound signals from peripheral interface 310
and the mixed sound signals from the audio content interface 320 can be passed through a
signal analysis module 410 operatively coupled to the peripheral interface 310 and the
audio content interface 320 to provide a shared analysis of the sound signals and the audio
streams. The sound signals and the shared analysis can then be sent to the plurality of
audio processing modules (AP1 — AP5).The shared analysis can include spectral analysis,
spectral band energy level analysis, spectral envelope analysis, voice activity detection
analysis, and cross-correlation analysis.
[0051] The shared analysis module 410 permits a sharing of processing resources
among the processing modules (AP1 — AP5) to minimize individual resource use of the
processing modules from performing a common analysis. For instance, instead of each
processing module performing an FFT analysis, the shared module 410 can perform an
FFT and share output results with the modules. In another arrangement, output results from
the shared analysis can be conveyed to the processing modules based on frequency band
requirements or trigger events and thresholds. For instance, AP1 may register as an event
listener for ASM signals that exceed a certain level in a frequency band; AP2 may register
as an event listener to receive ECM signals that match a particular masking profile, and so
on.
[0052] Alternatively, each processing module can interpret the output results individually
and make their own respective determination as how to process the sound signals. For
instance, each processing module (AP1 — AP5) can selectively process the plurality of
sound signals in accordance with its own requirements. For example, AP1 can be a sound
detection module to identify one or more sounds in the user’s environment, for exampile, in
accordance with the teachings presented in U.S. Patent Application No11/966,457 filed on
December 28, 2007 entitled “Method and Device for Sound Signature Detection” herein
incorporated by reference in its entirety. AP 2 can be a sound exposure monitoring module
to assess safe listening levels, for instance, in accordance with the teachings presented in
U.S. provisional patent application No. 60/887,165 filed on January 30, 2007 entitled
“Sound Pressure Level Monitoring and Notification System” herein incorporated by
reference in its entirety. AP 3 can be a sound enhancement module or voice control
module, for instance, in accordance with the teachings presented in U.S. Provisional
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Application No. 60/911,691 filed on April 13, 2007 entitled “Method and Device for Voice
Operated Control”, and U.S. Provisional Application No. 60/885,917 filed on January
22, 2007 entitled “Method and Device for Acute Sound Detection and Reproduction” herein
incorporated by reference in its entirety. AP 4 can be a sound correction module to modify a
sound signal based on a sound level exposure within safe listening levels, for instance, in
accordance with the teachings presented in U.S. Provisional Application No. 60/866,420
filed on November 18, 2006, entitled “Method and Device for Personalized Hearing” the
entire disclosure of which is incorporated herein by reference.
[0053] Each of the processing modules (AP1 — AP5) generates separate audio control
information 331 in view of the audio signals that can be used by the logic control unit 340 to
make an informed decision related to filtering and mixing the sound signals and audio
streams. The audio control information 331 includes filter control data 342, audio control
data 343, and router control data 344. The filter control data 342 can include filter
coefficients that each processing module (AP) identifies as being significant to their
intended function. The audio control data 343 can control a mixing of the plurality of audio
streams at the AC 420 based on an established priority in view of the processing module
decisions (e.g., warning signal detected, sound exposure level exceeded, echo feedback
condition). The router control data 344 can include mixing gains (g1-g2) to amplify or
attenuate the filtered sound streams.
[0054] The logic control unit 340 responsive to receiving the audio control information
331 generates a priority that is used for generating the configuration data (341,342 and
343) used to filter the sound signals and mix the filtered sound signals. The priority controls
how the filtered signals are filtered at the filter set 350 (e.g. F1, F2, F3, see also FIG. 3). As
illustrated, F1 is a first filter for the ambient sound signal, and F2 is a second filter for the
internal sound signal in the ear canal. The logic control unit 340 varies the level of filtering
at both F1 and F2 in accordance with the filter configuration data 342 as established by the
determined priority. The filter coefficients for the F1 filter and F2 filter are provided on a
frame-by-frame basis in real-time with the filter configuration data 342 from the logic control
unit 340. The priority also controls how the audio steams are mixed in the audio control unit
320 (e.g., see VOP, Phone, PMP, see also FIG. 3) based on the audio control data, and
how the filtered signals are mixed in the mixing matrix 360 (e.g., g1-g9, see also FIG. 3).
[0055] For example, an AP1 module configured for warning sound detection upon
identifying a warning sound in an ASM sound signal, can generate filter coefficients to
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amplify one or a group of frequency bands of the warning sound (e.g., horn or siren). The
AP1 module can consider the other frequency bands as don’t cares since they are not part
of the warning sound. AP1 can also raise or flag a priority level that a warning sound has
been detected. Similarly, AP3 module for speech enhancement may determine from a
simultaneous ECM audio stream that the wearer is speaking and generate filter coefficients
that accentuate certain portions of the sound spectrum. AP3 can raise a flag or priority level
based on an energy level of the spoken voice. AP4 may determine an echo condition
feedback that could potentially damage the users hearing and generate filter coefficients to
null out the feedback. AP4 can raise a flag or priority level indicating an immediate danger
condition. AP2 may determine that a sound level exposure is being exceeded and generate
audio control data to turn volume down on a media player. The logic control unit 340 upon
receiving the audio control information and corresponding priorities from the respective
processing modules (AP1-AP5) can then determine the appropriate filter configuration
given the filter coefficients and the priority.

[0056] Notably, the logic control unit 340 evaluates the audio control information from all
the processing modules (AP1-APN) individually, and then collectively as a whole, for
prioritizing the configuration data. For instance, warning sounds that are given a higher
priority over voice from the ECM or music from the AC, will be mixed according to the
priority. Thus, the output sound signal generated by the mixing matrix 360 emphasizes the
warning sound, followed by the voice, followed by the audio content. If voice commands are
given a higher priority over music, than the mixing matrix 360 can reduce the music levels
from the AC module when an AP module detects voice. Again, the priority can be
established manually (e.g., via user interface) or automatically {e.g., user context, or
presence). As another example, the mixing matrix 360 can increase ASM to ECM pass
through upon detection of a warning sound, while simultaneously lowering a phone volume
if the user is checking voice mail messages. As yet another example, the mixing matrix 360
can reduce ASM to ECM pass and simultaneously lower a music level if an incoming phone
call is detected. The priority can also be event driven responsive to detecting a sound
signature, a background noise condition, a battery life indication, a manual interaction, or a
voice recognition command.

[0057] In the foregoing, a detailed description for one exemplary operation of audio
input/output configuration of the software system 400 shown in FIG. 4 is provided. It should
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be noted that other configurations apply, for instance, using more or less than the number
of mixing coefficients (g1-g9) or filters (F1-F9) shown.
[0058] As illustrated, The AC control unit 420 mixes audio content (e.g., phone, VOP,
PMP) and outputs an AC signal (or pair of stereo channels if two earphone devices are
used). The mixing is controlled accordance with configuration data 343 received from the
control logic unit 340 and also automatically by the AC control unit 420. The AC signal
generated from the AC 420 is then filtered by audio content filter F3. The internal ear-canal
audio signal from the ECM 123 is filtered by ECM filter F1 205, and the ambient audio
signal from the ASM is filtered by ASM filter F2. All three filters (F1, F2 and F3) are
updated and controlled by the logic control unit 340 via filter configuration data 342.
[0059] The filtered audio signals 355 are then passed to the mixing matrix 360. The 9
mixing coefficients (g1-g9) of the mixing matrix 360 are controlled and updated by the
control logic unit 340 via configuration data 344. Each mixing coefficient (e.g., g1-g9) can
be a time-varying positive number, negative number, or zero. As part of the mixing, the
output sound signals are routed to the three peripheral output components (Phone 421,
ECR 125, and Storage 430). The mixing gains can be normalized so as to permit balanced
audio delivery. The peripheral output components comprise the ear canal receiver ECR 125
for delivering audio to the ear canal, the output signal to the phone 421 (i.e. the signal that
is transmitted to another remote individual), and the audio storage device 430 (e.g. hard
drive on a PMP).
[0060] The filter configuration data 342 for the 2 filters, the AC configuration data 343 for
the AC control unit, and the routing configuration data 344 for the mixing matrix 360 is
generated responsive to receiving the audio control information from the plurality of
processing modules (AP1-AP5). Recall, each module (e.g., modules 1-5, or more) receives
as its inputs at least one of the unfiltered audio input signals (e.g. the ECM and ASM
signals) or audio sound streams (e.g., music signal from PMP). As illustrated, each module
analyzes the input audio signal and generates 3 output types: coefficients for the router
(e.g., g1-g9), filter coefficients for the 3 signal filters (e.g., F1,F2 and F3), and audio control
signals for the AC control unit. Each of these output types can have “don’t care” states-
which can be represented by a reserved number value (e.g., -1).
[0061] The control logic unit 340 prioritizes the sound signals and audio streams for
each signal type, for instance, it can prioritize the router coefficient values (e.g., mixing
gains g1-g9) higher for one AP module than the other. In some cases, the control logic can
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maximally prioritize the signal type from one module so that the output router coefficients,
for example, from one module is copied directly to the output of the control logic unit. In
other cases, the output signals of the same type from different modules can be combined
by a weighted addition. Similarly, the filter coefficients for a particular filter (F1 — F3) can be
generated by a weighted addition (frequency domain) or convolution (time domain).

[0062] FIG. 5 is a flowchart of a method 500 for generating filter configuration data in
accordance with an exemplary embodiment. The method 500 be practiced with more or
less than the number of steps shown and is not limited to the order shown. To describe the
method 500, reference will be made to components of FIG 2, although it is understood that
the method 500 can be implemented in any other manner using other suitable components.
The method 500 can be implemented in a single earpiece, a pair of earpieces, headphones,
or other suitable headset audio delivery device.

[0063] In particular, method 500 describes one exemplary arrangement in which the
logic circuit 340 generates filter configuration data from the audio content received by
individual AP modules to produce a combination filter output. In the exemplary embodiment,
only one filter of the three filters shown in FIG. 4 is explained (e.g. generation of F1
coefficients for the ECM audio path). In other exemplary embodiments, the filter output for
method 300 includes all 3 filters (F1, F2 and F3), for instance, the ECM sound signal, the
ASM sound signal and the AC sound signal.

[0064] The method 500 can start at step 502. At step 504, the logic control unit 340 can
receive N filter vectors from the N processing modules 506 (AP1-APN). Each processing
module generates a filter vector that is a set of filter coefficients (time or frequency domain).
Each of the N processing modules (AP1-APN) also outputs an associated module priority.
[0065] At step 508, the logic control unit 340 assesses the priorities raised by each
processing module and evaluates the priorities against a corresponding reference module
priority at step 510. If a processing module does not assign a particular priority value, then
a default priority value is retrieved from the reference module priority list. At step 512, the
logic control unit 340 identifies the processing module with the highest priority. If a first
processing module returns the same module priority value as a second processing module,
then the logic control unit 340 assigns a unique module priority value to both the second
and first modules, for example, based on a user context.

[0066] Upon selecting the processing module with the highest priority, the logic control
unit 340 proceeds to determine if any configuration data is a “don’t care” as shown in step
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514. A “don’t care” value is a value that does not affect the filter state of the respective
processing module. The filter configuration data 342 generated by each processing module
can include filter values of a time domain filter vector (e.g. for an FIR type filter) of
frequency domain filter (e.g., bi-quads) with “don’t care” value; the logic control unit 340 can
assign a reserved numerical value of symbol for “don’t care” filter states. A “dont care” flag
can be associated with each filter output from each module.

[0067] At step 516, the logic control unit 340 can copy the configuration data (e.g., filter
data, router data, audio content data) for “care” states to internal memory for output to the
filter set 350, mixing matrix 360, and audio control 420 (see FIG. 4). The logic control unit
340 can continue to update the configuration data for “care” states as it is retrieved from
each of the respective processing modules according to the priorities. Starting with the next
highest priority module, as shown in step 520, the filter values for this high priority module
are then checked at step 514to see if they correspond to a “don’t care” state in the method
loop. The method loop continues until the end of the module priority list as shown in step
518.

[0068] If the logic control unit 340 identifies a “don’t care” state is present, the filter
values for that state is not updated; else, the filter values for this module are copied to the
output and no further update of the filters is conducted until new filter vectors are received
from all modules as shown in step 522. In such regard, the logic control unit 340 output filter
states using filter values directly from the processing modules based strictly on priority. If all
module filter values are “don’t care” states, then the filter output is the same as a previous
filter output. The method 500 continues back at step 504 to evaluate the priorities of each
module in real-time as results are received. The logic control unit 340 thus continually
updates the filter values in view of priority for the respective filters (F1, F2 and F3) to
process audio signals and audio streams in real time.

[0069] FIG. 6 is a flowchart of a method 600 for generating filter configuration data
where filter data is collectively combined based on priority. The method 600 is an extension
of method 500 of FIG. 5 and can practiced with more or less than the number of steps
shown and is not limited to the order shown. Briefly, FIG. 6 presents an embodiment
wherein processing modules can have a same priority value. In such a case when two
modules have the same priority value, and neither contain (don’t care” filter states, then the
filter values from each of these two module with the same priority value are combined. The
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combination can be a simple summation of filter weights (e.g. for frequency domain filters)
or a convolution of the two sequences (e.g. for time domain weights).
[0070] The method 600 can start at step 602. At step 604, the logic control unit 340 can
receive N filter vectors from the N processing modules 606 (AP1-APN). Each processing
module generates a filter vector that is a set of filter coefficients (time or frequency domain).
Each of the N processing modules (AP1-APN) also outputs an associated module priority.
At step 608, the logic control unit 340 assesses the priorities raised by each processing
module. If a processing module does not assign a particular priority value, then a default
priority value can be retrieved from a reference module priority list.
[0071] At step 610, the logic control unit 340 identifies the processing module with the
highest priority. The logic control unit 340 at step 618 then examines the audio control
information from each of the N processing modules to identify “don’t care” states. Filter
values with “don’t care” are not considered in generating output filter configuration data 342
or router configuration data 344 (see FIG. 4). Accordingly, the method 600 continues to get
the next most important priority modules at step 620 until the end of module priority list is
reached at step 622.
[0072] Filter values other than “don’t care” are however used in generating a combined
filter output; that is, a filter output representative of the collective priority of all the
processing modules (AP1-APN) based on their processing results. The combination also
depends on whether the module is uniquely defined; for instance, it has precedence over
combination with other filter vales. Thus at step 614, the logic control unit 340 determines
whether a processing module with a “care” filter value is uniquely defined. If yes, then the
filter values for that unique model are copied to the output (e.g., router configuration, filter
configuration data, audio configuration data) at step 616. If however, the module is not
unique, then the logic control unit 340 at step 612 combines the filter value with filter data
from modules of the same priority. These filter values are then copied to the output at step
616 if no other modules eclipse their collective priority, or until a module with higher priority
is identified. Upon evaluating all new filter from all the modules at step 624, the method 600
can return back to step 604 to continue to retrieve the filter vectors in real-time.
[0073] FIG. 7 is an exemplary schematic 700 for configuring audio input and output via a
mixing matrix in accordance with an exemplary embodiment. Reference will be made to
FIG. 4 when describing the schematic 700. For instance, the filtered ECM signal 702 is the
output of the ECM filter (F1) of FIG. 4. The mixing gains g1 (704), g4 (704) and g7 (707)
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correspond to the first column of the mixing matrix 360 as shown in FIG. 4. The phone out
710, ECR 712, and audio storage 714 correspond to the output peripheral components
(421, 125, and 430) of the mixing matrix 360.

[0074] The mixing gains (g1-g9) of the mixing matrix 360 can be applied to the filtered
audio signals 355 (see FIG. 3) before they are routed to the corresponding peripheral
output components (phone out 710, ECR 712, and audio storage 714). FIG. 7 shows a
signal path diagram for the filtered ECM input signal 702 to the 3 peripheral output
components of the matrix 260. The mixing gains can be normalized coefficients whose total
contribution across a column of the mixing matrix is unity. For example, mixing gains of
g1=0.2, g4=0.3, and g7=0.5 are applied to the filtered ECM signal 702 to produce phone
out 710, ECR out 125, and audio storage out 714. The coefficient values can be time
variant for each new input audio sample into the mixing matrix 360, or can remain constant
for a block of input samples.

[0075] In one exemplary embodiment, the 9 coefficients (g1-g9) for each of the mixing
gains in mixing matrix 360 can be generated using a similar logic process as described in
FIG. 4 and FIG. 4, except the inputs to the logic system are not filter vectors but rather 9
coefficient values from each module. The priority value assigned to each module, or the
priority value automatically generated by that module, can be a different value for the filter
vectors than for the 9 coefficient values. Moreover, 9 coefficients are shown since there are
3 audio paths (ASM, ECM, and AC) and 3 output peripheral components (Phone, ECR,
data storage). The number of mixing gains and structure of the mixing matrix 360 can thus
be a function of the number of audio input and audio output paths.

[0076] FIG. 8 is another exemplary schematic 800 of the software system 300 providing
separate analysis and re-synthesis modules for peripheral inputs in accordance with an
exemplary embodiment. As illustrated, the schematic 800 combines the three audio filters
F1, F2 and F3 with the shared analysis module 410 of the software system shown in FIG 4.
Analysis/Re-synthesis unit 810 performs shared analysis of the ECM sound signal for
processing modules (AP1-AP3). Analysis/Re-synthesis unit 820 performs shared analysis
of the ASN sound signal for processing modules (AP1-AP3). Analysis/Re-synthesis unit 830
performs shared analysis of the Audio Content (AC) sound signal for processing modules
(AP1-AP3).

[0077] The combined analysis/resysnthesis units 810, 820 and 830 filter the 3 input
audio signals; the ECM signal; the ASM signal, and Audio Content (AC) signal. The AC
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signal comprises at least one of; an earcon signal (e.g. a “low battery” auditory warning
cue); a signal from a mobile telephone; and a stereo signal from a PMP (e.g. portable DVD
player, music audio player etc). The output signal of the analysis/resynthesis units 810, 820
and 830 are passed to the mixing columns (g1, g4, g7; g2, g5, g8; and g3, g6, g9) of the
mixing matrix 360. The mixing gains g1-g9 are controlled via the router configuration data
from the logic control unit 340, which in turn were determined from the audio control
information generated by the processing modules (AP1-AP3).

[0078] As illustrated the mixing matrix 360 can associate a phone with a first row of a
linkage matrix, associates an ECR with a second row of a linkage matrix, associate an
audio storage with a third row of a linkage matrix, associate an ECM with a first column of a
linkage matrix, associate an ASM with a second column of a linkage matrix, and associate
an AC controller with a third column of a linkage matrix. The mixing matrix can modify the
output sound signal of the phone using values in the first row of the linkage matrix, modify
the output sound signal of the ECR using values in the second row of the linkage matrix,
and modify the output sound signal sent to the audio storage using values in the third row of
the linkage matrix.

[0079] Recall each processing module has two or more output signals: filter gain
coefficients which control the resynthesis of the signals in the analysis/resythesis units; 9
coefficients for the router, and audio configuration data for the audio control. The
processing modules (AP1-AP3) create AC Control signals to control the routing of the input
AC signals using AC control unit (420, see FIG. 4). The processing modules are configured
and their internal state can be queried by the user interface 850 (e.g. a computer connected
to the DSP unit via USB).

[0080] FIG. 9 is a more detailed schematic 900 of an analysis and re-synthesis unit for a
particular peripheral input in accordance with an exemplary embodiment. For instance, the
analysis and re-synthesis unit 910 corresponds to the ASM sound signal path of the
software system 800 shown in FIG. 8. That is, the analysis and re-synthesis unit 910 can
receive audio input 901 from the ASM 111. Notably, the schematic 900 can be applied for
producing filtered output for also the ECM 123 sound signals and AC 420 sound signals
(see FIG. 4) or other signals.

[0081] As illustrated in FIG. 9, the analysis and re-synthesis unit 910 incorporates a
filter-bank 912 (e.g., cascade of band-pass filters (BPF)) structure for decomposing the
ASM sound signal into a plurality of filter-banks. The filter-bank can be based on a linear
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frequency scale or a non-linear frequency scale, such as, an octave, 1/3 octave, critical
band, equivalent rectangular band (ERB), or melody (mel)-frequency scale. Each output of
each filter-bank can then be presented to each of the N processing modules (AP1 920-AP2
930). As previously indicated, the processing modules 920 and 930 generate audio control
information 331 (see FIG. 3) that the logic control unit 340 uses in generating filter
configuration data 342 (see FIG. 4). In the embodiment shown, the filter configuration data
342 is used by the analysis and re-synthesis unit 910 to scale the filter-bank output signals.
For instance, the filter-bank outputs are gain scaled to amplify or attenuate the individual
filter-banks with the filter coefficients in the filter configuration data 342. The filter-bank
output signals can then be summed to generate a composite filtered sound signal. The
filtered sound signal is then presented to the mixing matrix (see FIG. 8) for routing and
mixing to the one or more output peripheral components (e.g., Phone, ECR, data storage).
[0082] In the following, a detailed description for operation of the analysis and re-
synthesis unit 910 for use with an audio input signal is provided. The input signal 901 is
called “audio input 17, and can be any one of the exemplary three signals described
previously (i.e. ECM, ASM or AC signal).The audio input signal is split and processed by
the different band-pass-filters 912 (i.e. with different centre frequencies). In one
arrangement, the response of each respective band pass filter 912 is such that if the filter
outputs are summed, then the power spectral density is the same as the original audio input
signal. The band pass filters 912 can be time-domain FIR type filters or lIR type filters, or
the analysis could be with a frequency domain FFT. The output signal of each band-pass
filter is fed to at least one module (for the sake of clarity, 2 modules are shown in the
exemplary embodiment of figure 8). Each module then creates an output signal to control
the re-sythesis of the band-pass filtered input signals. This output signal is a vector of
weights to control the gains of the filtered signals (i.e. the number of gains is equal to the
number of filter used in the analysis). The logic control unit 340 determines a single set of
gain coefficients for the gains (i.e. G1, G2, G3 and G4 in the exemplary embodiment of
figure 8). After the first set of band pass filtered signals have been multiplied with the gains
(G1-G4) to create a second set of amplified (or attenuated) band-pass filtered signal, the
second set of signals are summed with the summing unit to create a single filtered ASM
output sound signal, which form one of the three exemplary inputs to the previously

described mixing matrix 360.

20

Exhibit 1004
Page 0722 of 1001



WO 2009/023784 PCT/US2008/073189

[0083] While the present invention has been described with reference to exemplary
embodiments, it is to be understood that the invention is not limited to the disclosed
exemplary embodiments. The scope of the following claims is to be accorded the broadest
interpretation so as to encompass all modifications, equivalent structures and functions of
the relevant exemplary embodiments. Thus, the description of the invention is merely
exemplary in nature and, thus, variations that do not depart from the gist of the invention
are intended to be within the scope of the exemplary embodiments of the present invention.
Such variations are not to be regarded as a departure from the spirit and scope of the

present invention.
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CLAIMS
What is claimed is,
1. An earpiece, comprising:

a peripheral interface configured to manage a plurality of sound signals and direct
the plurality of sound signals to a plurality of audio processing modules that produce audio
control information responsive to an analysis of the plurality of sound signals;

a logic control unit operatively coupled to the plurality of audio processing modules to
receive the audio control information from the plurality of audio processing modules and
generate configuration data;

a filter set operatively coupled to the peripheral interface to process the plurality of
sound signals in accordance with the configuration data to produce filtered sound signals;
and

a mixing matrix operatively coupled to the control logic unit and filter set to mix the
plurality of filtered sound signals in accordance with the configuration data to produce
output sound signals and route the output sound signals to at least one peripheral

component.

2. The earpiece of claim 1, wherein the peripheral component is an Ear Canal Receiver

(ECR), a phone, a portable communication device, or a storage.

3. The earpiece of claim 1, wherein the peripheral interface comprises:

at least one Ambient Sound Microphone (ASM) configured to convert an ambient
sound to an ambient sound signal; and

at least one Ear Canal Microphone (ECM) configured to convert an internal sound

from an ear canal of a user to an internal sound signal.

4. The earpiece of claim 1, further comprising:
an audio content interface configured to manage a plurality of audio streams and
direct the plurality of audio streams to the plurality of audio processing modules.

5. The earpiece of claim 4, wherein the audio content interface receives an audio stream
from a phone, a media player, or a portable communication device.
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6. The earpiece of claim 4, wherein the audio content interface mixes the plurality of audio
streams based on a user context that is one among an incoming call, a music session, or a

voice mail.

7. The earpiece of claim 1, wherein the configuration data comprises filter data for
processing the plurality of sound signals, audio control data for assigning a priority to the
plurality of sound signals, and router data for mixing the plurality of filtered signals
according to the priority

8. The earpiece of claim 4, wherein the priority is event driven responsive to detecting a
sound signature, a background noise condition, a battery life indication, a manual
interaction, or a voice recognition command.

9. The earpiece of claim 3, wherein the filter set comprises:

a first filter for the ambient sound signal; and

a second filter for the internal sound signal,
where the filter coefficients for the first filter and second filter are provided on a frame-by-
frame basis in real-time with the configuration data from the logic control unit.

10. An earpiece, comprising:

a peripheral interface configured to manage a plurality of sound signals and direct
the plurality of sound signals to a plurality of audio processing modules;

an audio content interface configured to manage a plurality of audio streams and
direct the plurality of audio streams to the plurality of audio processing modules;

at least one signal analysis module operatively coupled to the peripheral interface
and audio content interface to provide a shared analysis of the sound signals and the audio
streams for the plurality of audio processing modules;

a logic control unit operatively coupled to the plurality of audio processing modules
and the at least one signal analysis module to receive the shared analysis and audio control

information to generate configuration data;
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a filter set operatively coupled to the peripheral interface to process the plurality of
sound signals in accordance with the configuration data to produce filtered sound signals;
and

a mixing matrix operatively coupled to the control logic unit and filter set to mix the
plurality of filtered sound signals in accordance with the audio control information to
produce output sound signals and route the output sound signals to at least one peripheral

component.

11. The earpiece of claim 10, wherein the shared analysis comprises spectral analysis,
spectral band energy level analysis, spectral envelope analysis, voice activity detection
analysis, and cross-correlation analysis.

12. The earpiece of claim 10, wherein a separate signal analysis module is provided for
components of the peripheral interface and the audio content interface and is shared
among the plurality of audio processing modules.

13. The earpiece of claim 10, wherein the peripheral interface comprises

at least one Ambient Sound Microphone (ASM) coupled to an ASM signal analysis
module configured to analyze an ambient sound signal; and

at least one Ear Canal Microphone (ECM) coupled to an ECM signal analysis

module configured to analyze an internal sound from an ear canal of a user.

14. The earpiece of claim 10, wherein the audio content interface is coupled to an audio
content (AC) signal analysis module and configured to analyze an audio stream from a
phone, a media player, or a portable communication device.

15. The earpiece of claim 10, wherein the logic control unit produces a linkage matrix of
mixing gains that the mixing matrix applies to the plurality of filtered sound signals for
producing the plurality of output sound signals.

16. The earpiece of claim 10, wherein the mixing matrix:
associates a phone with a first row of a linkage matrix;
associates an ECR with a second row of a linkage matrix;
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associates an audio storage with a third row of a linkage matrix;
associates an ECM with a first column of a linkage matrix;
associates an ASM with a second column of a linkage matrix; and

associates an AC controller with a third column of a linkage matrix.

17. The earpiece of claim 16, wherein the mixing matrix:

modifies the output sound signal of the phone using values in the first row of the
linkage matrix;

modifies the output sound signal of the ECR using values in the second row of the
linkage matrix; and

modifies the output sound signal sent to the audio storage using values in the third

row of the linkage matrix.

18. A method for configuring audio delivery on an earpiece, the method comprising the
steps of:

receiving at least one sound signal and at least one audio stream;

performing an analysis of at least one sound signal and the at least one audio
stream;

presenting the analysis, the at least one sound signal, and the at least one audio
stream to a plurality of audio processing modules that generate configuration data
responsive to the receiving;

filtering the at least one sound signal and at least one audio stream according to the
configuration data to produce filtered sound signals;

mixing the filtered signals according to the configuration data to produce output
sound signals; and

routing the output sound signals to at least one peripheral component.

19. The method of claim 18, wherein the at least one sound signal is an ambient sound

signal, an ear canal sound signal, and the at least one audio stream is received from a

phone, a media player, or a portable communication device.
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20. The method of claim 18, comprising generating a linkage matrix of mixing gains based
on the configuration data that are applied to the plurality of filtered sound signals for
producing the plurality of output sound signals.
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AUTOMOTIVE SOUND RECOGNITION SYSTEM FOR ENHANCED SITUATION AWARENESS

CROSS REFERENCE TO RELATED APPLICATIONS
[0001] This application is related to and claims the benefit of U.S. Provisional
Application No. 61/432,016 entitled "TAUTOMOTIVE SOUND RECOGNITION SYSTEM FOR
ENHANCED SITUATION AWARENESS” filed on January 12, 2011, the contents of which
are incorporated herein by reference.
FIELD OF THE INVENTION
[0002] The present invention relates to a device that monitors sound directed to a
vehicle cabin, and more particularly, though not exclusively, to an audio system and
method that detects ambient warning sounds and adjusts audio delivered to a vehicle
cabin based on the detected warning sounds to enhance auditory situation awareness.
BACKGROUND OF THE INVENTION
[0003] People that use audio systems in vehicles generally do so for either music
enjoyment or voice communication. The user is generally immersed in the audio
experience when using such devices and is acoustically isolated within a sealed vehicle
cabin. Background noises in the externa! vehicle environment (e.g., road, engine, wind
and traffic noise) can contend with the acoustic sounds produced from these devices. As
the background noise levels change, the user may need to adjust the volume to listen to
their music over the background noise. Alternatively, the level of reproduced audio may
be automatically increased, for example, by audio systems that increase the audio level
as the vehicle velocity increases (i.e., to compensate for the rise in noise level from
road, engine and aerodynamic noise). One example of such an automatic gain control
system is described in US patent No. 5,081,682.
SUMMARY OF THE INVENTION
[0004] Aspects of the present invention relate to a sound recognition system for a
vehicle. A sound recognition system includes at least one ambient sound microphone
(ASM), at least one vehicle cabin receiver (VCR) and a processor. The ASM is disposed
on the vehicle and configured to capture ambient sound external to the vehicle. The
VCR is configured to deliver audio content to a vehicle cabin of the vehicle. The
processor coupled to the at least one ASM and the at least one VCR. The processor is
configured to detect at least one sound signature in the ambient sound and to adjust the
audio content delivered to the vehicle cabin based on the detected at least one sound
signature.
[0005] Aspects of the present invention also relate to methods for increasing auditory
situation awareness in a vehicle. The method includes capturing ambient sound external
to the vehicle from at least one ambient sound microphone (ASM) disposed on the

vehicle; monitoring the ambient sound for a target sound by detecting a sound signature
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corresponding to the target sound in the ambient sound; and adjusting a delivery of
audio content by at least one vehicle cabin receiver (VCR) to a vehicle cabin of the
vehicle based on the target sound.
[0006] Aspects of the present invention further relate to methods for sound signature
detection for a vehicle. The method includes capturing ambient sound external to the
vehicle from at least one ambient sound microphone (ASM) disposed on the vehicle; and
receiving a directive to learn a sound signature within the ambient sound. A voice
command or an indication from a user is received and is used to initiate the steps of
capturing and learning.
[.0007] Aspects of the present invention also relate to methods for personalized
listening in a vehicle. The method includes capturing ambient sound external to the
vehicle from at least one ambient sound microphone (ASM) disposed on the vehicle;
detecting a sound signature within the ambient sound that is associated with a warning
sound; and mixing the warning sound with audio content delivered to the vehicle cabin
via at least one vehicle cabin receiver (VCR) in accordance with a priority of the warning
sound and a personalized hearing leve! (PHL).

BRIEF DESCRIPTION OF THE DRAWINGS
[0008] The invention may be understood from the following detailed description when
read in connection with the accompanying drawing. It is emphasized, according to
common practice, that various features of the drawings may not be drawn to scale. On
the contrary, the dimensions of the various features may be arbitrarily expanded or
reduced for clarity. Moreover, in the drawing, common numerical references are used to
represent like features. Included in the drawing are the following figures:
[0009] FIG. 1 is a pictorial diagram of a vehicle including an exemplary automotive
sound recognition system for enhanced situation awareness in accordance with an
embodiment of the present invention;
[0010] FIG. 2 is a block diagram of the system shown in FIG. 1 in accordance with an
exemplary embodiment of the present invention;
[0011] FIG. 3 is a flowchart of an exemplary method for ambient sound monitoring
and warning detection in accordance with an embodiment of the present invention;
[0012] FIG. 4 illustrates various system modes in accordance with an exemplary
embodiment of the present invention;
[0013] FIG. 5 is a flowchart of an exemplary method for sound signature detection in
accordance with an embodiment of the present invention;
[0014] FIG. 6 is a flowchart of an exemplary method for managing audio delivery
based on detected sound signatures in accordance with an embodiment of the present

invention;
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[0015] FIG. 7 is a flowchart of an exemplary method for sound signature detection in
accordance with an embodiment of the present invention;
[0016] FIG. 8 is a pictorial diagram for mixing ambient sounds and warning sounds
with audio content in accordance with an exemplary embodiment of the present
invention; and
[0017] FIG. 9 is a flowchart of an exemplary method for updating the sound
signature detection library dependent on the vehicle location in accordance with an
embodiment of the present invention.

DETAILED DESCRIPTION OF THE INVENTION
[0018] The following description of at least one exemplary embodiment is merely
illustrative in nature and is in no way intended to limit the invention, its application, or
uses.
[0019] Processes, techniques, apparatus, and materials as known by one of ordinary
skill in the relevant art may not be discussed in detail but are intended to be part of the
enabling description where appropriate, for example the fabrication and use of
transducers. Additionally in at least one exemplary embodiment the sampling rate of the
transducers can be varied to pick up pulses of sound, for example less than 50
milliseconds.
[0020] 1In all of the examples illustrated and discussed herein, any specific values, for
example the sound pressure level change, should be interpreted to be illustrative only
and non-limiting. Thus, other examples of the exemplary embodiments could have
different values.
[0021] Note that herein when referring to correcting or preventing an error or
damage (e.g., hearing damage), a reduction of the damage or error and/or a correction
of the damage or error are intended.
[0022] Automotive vehicle operators are often auditorially removed from their
external ambient environment. Ambient sound cues such as from oncoming emergency
(and non-emergency) vehicle sound alerts are often not heard by the vehicle operator
due to acoustic isolation of the vehicle cabin and internal cabin noise from engine and
road noise and, especially, due to loud music and speech reproduction levels in the
vehicle cabin.
[0023] Accordingly, background noises in the external vehicle environment contend
with the acoustic sounds produced from the vehicle audio system. The vehicle operator,
thus, becomes auditorially disassociated with their ambient environment, thereby
increasing the danger of accidents from collisions with oncoming vehicles. A need
therefore exists for improving the auditory situation awareness of vehicle operators to
automatically alert the operator to ambient warning alerts.
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