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Description

BACKGROUND OF THE INVENTION

Field of the invention

[0001] Auscultation consists in listening to sounds
from an organism, in particular heart and lungs, with a
stethoscope. The invention relates to an application serv-
er for reducing ambiance noise in an auscultation signal,
and for recording comments while auscultating a patient
with an electronic stethoscope.

Description of the prior art

[0002] There exist electronic stethoscopes of the type
comprising a microphone, electronic sound processing
means, and sound reproducing means, such as a loud-
speaker or headphones. An electronic stethoscope gives
the possibility of active amplification and filtering to any
desired degree. The output of an electronic stethoscope
can be linked to a personal computer or a personal digital
assistant for analyzing and displaying waveforms, for in-
stance a phonocardiogram. It can be linked to a recording
device for recording the auscultation sounds.

[0003] The majordrawback with these electronic steth-
oscopes is that ambiance noise is also captured and am-
plified. The auscultation of a patient can be hampered
by ambiance noise, such as cries of the patient if he/she
is a baby, patient’s speech, or doctor’s speech. In par-
ticular, if the practitioner dictates comments for the pa-
tient’s file while auscultating, the ambiance sounds are
superimposed onto the auscultation sounds. Thus noise
can trouble the useful sounds. It may prevent the practi-
tioner from detecting elements that are significant on a
clinical basis.

[0004] Itis therefore essential to clean the auscultation
sound, by canceling ambiance noise. The document
US2004037429 describes an electronic stethoscope for
use in an environment having a high ambiance noise
level, comprising:

a) a first microphone operative to be positioned
against the person for generating a signal indicative
at least one sound emanating from within the person
and the ambiance noise of the environment;

b) at least one second microphone operative to pro-
duce a signal indicative of the ambiance noise of the
environment; and

¢) an ambiance noise cancellation device operatively
coupled to said at least one second microphone and
said headphones, said active noise cancellation sys-
tem being operative to generate a signal substan-
tially out of phase with a portion of said signal gen-
erated by said diaphragm microphone correspond-
ing to said ambiance noise of the environment; and
d) a headphone set operative to receive and audibly
transmit said signals received from said diaphragm
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microphone and said ambiance noise cancellation
device.

[0005] The ambiance noise cancellation device gen-
erates a signal that is approximately 180 degrees out of
phase with said portion of said signal generated from
said first microphone corresponding to the ambiance
noise of the environment. A processor unit executes a
spectral subtraction algorithm, to generate said signal
being approximately 180 degrees out of phase.

[0006] The document US 2003/0002685 describes an
electronic stethoscope that comprises a radio transmit-
ter-receiver that enables to link it to a local area network
comprising a server that comprises means for receiving
samples of a raw auscultation signal representing aus-
cultation sounds, and sound signal processing means
that can emphasize non nominal components of the aus-
cultation signal. A processed auscultation signal is sent
back to the stethoscope, up to the ears of the practitioner.
It can also be recorded for medical record keeping.
[0007] A peculiar type of ambiance noise is constituted
by practitioner's comments. Classically the practitioner
holds a portable dictating machine in one hand and the
chest piece of the stethoscope in the other hand, for re-
cording such comments during the auscultation. These
comments are later typed on a computer by a secretary,
and the text file can be stored into a patient file data base.
[0008] However, itis not convenient to hold a portable
dictating machine in one hand and the chest piece of a
stethoscope in the other hand. In addition, dictating com-
ments during auscultation creates an ambiance noise
thatis detrimental to the auscultation sounds, in particular
if the auscultation signal must be recorded in the patient’s
medical file.

[0009] A known ambiance noise reduction device can
reduce the sounds of the practitioner's comments as well
as the other ambiance noises, but it does not suppress
the inconvenience of holding a dictating machine in one
hand, and the chest piece of the stethoscope in the other
hand. A second drawback is the need of typing the dic-
tated comments.

[0010] So,inadditiontoreducing the ambiance sounds
in the auscultation signal, it is desirable to provide a more
convenient way of recording comments into a patient file
database.

[0011] This can be provided by the application server
according to the invention.

SUMMARY OF THE INVENTION

[0012] The object of the invention is an application
server for reducing ambiance sounds in an auscultation
signal, and for recording comments while auscultating a
patient with an electronic stethoscope, this server being
adapted to be linked to a local area network infrastructure
(HN) supporting a virtual local area network supporting
voice over |P telephony application, comprising means
for receiving samples of a raw auscultation signal repre-
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senting auscultation sounds mixed with ambiance
sounds;
characterized in that it further comprises:

-- means for receiving samples of an ambiance sig-
nal,

-- means for processing the samples of the auscul-
tation signal and the samples of the ambiance signal,
for generating an auscultation signal without ambi-
ance sounds,

-- means for sending back the auscultation signal
without ambiance sounds via said virtual local area
network (VN) supporting voice over IP telephony ap-
plication,

-- means for recognizing vocal sounds in the ambi-
ance signal, and converting these vocal sounds into
text.

[0013] This application server provides ambiance
noise reduction to an electronic stethoscope that has no
built-in noise reducer. At the same time, it also provides
an easy way of capturing the practitioner’'s vocal com-
ments because it does not need additional hardware to
capture the vocal comments: A same ambiance signal
is used for obtaining the noise reduction and for capturing
the practitioner's comments.

[0014] According to a peculiar embodiment, the server
according to the present invention further comprises:

-- means for inserting this text into a file that can be
stored into a database,

-- and means for sending this file to a database con-
nected to said local area network infrastructure.

[0015] This peculiar embodiment provides a conven-
ient way of recording the practitioner’s vocal comments
into a patient file database, because the practitioner does
not need to handle a dictating machine any more.
[0016] According to a peculiar embodiment, the server
according to the present invention further comprises
means for recognizing vocal orders in the text resulting
from the conversion of the vocal sounds, and then con-
trolling some functions of the application server, accord-
ing to the recognized vocal orders.

[0017] This peculiar embodiment enables the practi-
tioner to voice control the functions of a stethoscope, and
the functions of a patientfile data base, without degrading
the auscultation signal with vocal orders because all the
ambiance sounds, and in particular the vocal comments,
are cancelled in the auscultation signal. Other features
and advantages of the present invention will become
more apparent from the following detailed description of
embodiments of the present invention, when taken in
conjunction with the accompanying drawings.

BRIEF DESCRIPTION OF THE DRAWINGS

[0018] In order to illustrate in detail features and ad-
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vantages of embodiments of the present invention, the
following description will be with reference to the accom-
panying drawings. If possible, like or similar reference
numerals designate the same or similar components
throughout the figures thereof and description, in which :

- Figure 1 is a block diagram showing an exemplary
hospital local area network supporting a voice ded-
icated VLAN, and comprising an embodiment of the
application server according to the invention.

- Figure 2illustrates the use of this embodiment of the
application server according to the invention, for
cleaning auscultation sounds, forwarding them back
to the electronic stethoscope, and for extracting vo-
cal comments, converting them to text, and storing
them along with the auscultation signal, into the pa-
tient’s file in a data base.

- Figure 3 schematically represents this embodiment
of the application server according to the invention
application server, with more details.

DETAILED DESCRIPTION OF THE PREFERRED EM-
BODIMENTS

[0019] Figure 1 is a block diagram showing an exem-
plary hospital local area network HN that comprises:

- Apatient file database DB connected to a data ded-
icated VLAN (not represented on this figure).

- Avoice dedicated virtual local area network (VLAN),
VN, that is using the IP protocol family to route
streaming packets containing voice samples, and
streaming packets containing samples of physiolog-
ical signals.

- Acall server CS linked to the voice dedicated VLAN,
VN, for establishing voice over IP communications
between terminals connected to the voice VLAN VN.

- Wi-Fi access points, such as the access point AP1,
linked to the voice dedicated VLAN VN. They enable
users to connect Wi-Fi terminals to this network. For
instance, a personal digital assistant PDA1 is con-
nected to this access point AP1, while a Bluetooth
ear set BES1 is connected to this personal digital
assistant PDA1 by a Bluetooth link. The user of this
equipment can place phone calls on the voice ded-
icated VLAN, VN, but he/she can also listen to an
auscultation lesson, and look at auscultation wave-
forms on the display of the personal digital assistant
PDAA1.

- IP phones, such as the IP phone IPP1, placed at
patients’ bedsides. Each of these IP phones com-
prises a screen that can display alphanumeric char-
acters as well as a picture. Each of these IP phones
also comprises a Bluetooth interface that enables to
connect an audio device bidirectionally to the voice
dedicated VLAN, VN. A cordless digital stethoscope
ES is connected to the IP phone IPP1 via this Blue-
tooth interface.
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- Anembodiment AS of the application server accord-
ing to the invention.
- A presentation server PS.

[0020] Figure 2 illustrates the use of the application
server AS for cleaning a raw auscultation signal, repre-
senting auscultation sounds mixed with vocal comments
captured by the electronic stethoscope ES, and then for-
warding a cleaned auscultation sounds back to the elec-
tronic stethoscope ES, and forwarding an XML file, con-
taining the comments in textual form and the cleaned
auscultation sounds, to the database DB where they are
recorded into the patient file.

[0021] The stethoscope ES comprises a headset H
and a chest piece comprising a Bluetooth interface and
amicrophone M1. It sends samples of a raw auscultation
signal representing auscultation sounds, mixed with am-
biance sounds, through the voice dedicated VLAN, VN,
and the IP phone IPP1. It receives samples of a cleaned
auscultation signal representing auscultation sounds
without ambiance sounds, through the voice dedicated
VLAN, VN, and the IP phone IPP1.

[0022] The IP phone IPP1 classically comprises a mi-
crophone in the hand-set, and an additional microphone
M2 integrated to the cabinet, for the hand free function.
This latter is used for capturing the ambiance sounds and
supplying a corresponding ambiance signal. The ambi-
ance sounds include practitioner’'s vocal comments, if
any.

[0023] The electronic stethoscope ES is designed so
that the auscultation signal supplied by its microphone
M1 can be switched to the IP phone IPP1 instead of the
headset H of the stethoscope ES, and so that a clean
auscultation signal supplied by the IP phone IPP1 can
be switched to the headset H. So the raw auscultation
signal can be sent to the application server AS, via the
voice dedicated VLAN, VN, for processing, then be sent
back, via the voice VLAN VN, to the ears of the user of
the stethoscope ES and possibly dispatching to other
terminals connected to the voice dedicated VLAN, VN.
[0024] The practitioner connects the stethoscope ES
to the Bluetooth interface of the IP phone IPP1 in the
classical way. Then the practitioner dials an extension
number that designates the application server AS. The
call is established by the call server CS in a classical
way. The call set up is performed, based on that specific
protocol currently used by the call server that is used
inside the hospital. This specific call set up procedure
becomes more and more SIP based, but proprietary pro-
tocols can also be used.

[0025] The embodiment AS of the application server
according to the invention, comprises means for:

-- receiving the raw auscultation signal and the am-
biance signal transmitted by the IP phone IPP1, re-
spectively as two flows of data packets,

-- de-encapsulating a packet containing samples of
the raw auscultation signal, at the real time transport
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protocol level,

-- de encapsulating a corresponding packet contain-
ing samples of the ambiance signal, at the real time
transport protocol level,

-- processing these samples for generating sepa-
rately a cleaned auscultation signal, i. e. without am-
biance sounds, and an ambiance signal, this ambi-
ance signal being mainly constituted by practitioner’s
vocal comments, if any,

-- encapsulating the cleaned auscultation signal into
a first packet flow addressed to the IP phone IPP1,
and possibly into at least a second packet flow ad-
dressed to another terminal connected to the voice
dedicated VLAN, VN, such as the personal digital
assistant PDA1 represented on figure 1,

-- recognizing vocal comments in the ambiance sig-
nal,

-- converting these vocal comments into text,

-- inserting this text into a XML file so that it can be
stored into the database BD,

-- storing this file into the patient’s medical file, in the
database BD.

[0026] So the application server AS cleans the raw
auscultation signal by canceling the ambiance sounds,
and sends the cleaned auscultation signal back to the
headset H of the stethoscope ES. Simultaneously, it rec-
ognizes vocal comments, if any, among the ambiance
sounds; converts them to text; and stores them into the
database BD. In addition, the application server AS can
process the cleaned auscultation sounds in order to en-
hance sound characteristics that are valuable for a diag-
nostic, before dispatching them to the IP phone IPP1,
and possibly other terminals connected to the voice ded-
icated VLAN, VN.

[0027] The presentation server PS, linked to the voice
dedicated VLAN, VN, manages the screen and the key-
board of the IP phones of the hospital network HN for
several applications that can be exploited via these IP
phones. For instance, the screen and the keyboard of
the IP phone IPP1 can be used for making an auscultation
and for taking a phone call, at the same time. The pres-
entation server PS generates the pictures to be displayed
on the screen of the IP phone IPP1 according to the ap-
plications being currently used. In the opposite direction,
the presentation server PS receives signaling messages
from the IP phone IPP1, these messages corresponding
to the keys that are pressed, and it forwards them to an
appropriate application, in particular to the applications
run on the application server AS.

[0028] Forinstance, if the practitioner press a key ded-
icated to start auscultation, the presentation server PS
sends a request to the call server CS to set up a call
between the IP phone IPP1 and the application server
AS dealing with auscultation. When the application serv-
er AS has accepted the call, the presentation server PS
then generates an updated picture to be displayed on
the screen of the IP phone IPP1. This picture may com-
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prise keywords oricons located near keys of the IP phone
IPP1, and that can be dynamically assigned to peculiar
functions depending of the applications currently used.
When the practitioner presses a key, the presentation
server PS receives a message indicating that this key
has been pressed. It forwards the message to an appro-
priate application. If the message concerns a key dedi-
cated to the auscultation, the message is forwarded to a
remote control module of the application server AS.
[0029] A terminal connected to the voice dedicated
VLAN, VN, may be an IP phone of the hospital, but it may
also be any distant VOIP terminal connected via any IP
supporting network, wired or wireless.

[0030] Figure 3 is a block diagram showing more de-
tails of the exemplary embodiment AS of the application
server according to the invention.

[0031] The application server AS comprises a soft-
phone SPH, i. e. a software program for making tele-
phone calls over an IP network, using a general purpose
computer. This softphone SPH enables to access the
application server AS via the voice dedicated VLAN, VN.
It acts like a specific telephone set connected to the voice
dedicated VLAN, VN:

- It will automatically accept a voice call, set up from
any telephone set inside or outside the hospital net-
work HN.

- It will automatically accept a conference call, set up
from any telephone set inside or outside the hospital
network HN.

- ltwillinitiate a secured registration process to identify
any caller.

- It will terminate adequately the call set up protocol
so as to be in a position to establish a voice connec-
tion over the voice dedicated VLAN, VN, without any
specific requirement, neither from the calling party,
nor from the call server C5.

- It automatically returns to an idle state when a call
is released by the terminal that has set it up.

[0032] The application server AS further comprises a
sound processing module SPM, which is a software pro-
gram module for:

-- receiving packets containing samples of the raw
auscultation signal, and packets containing samples
of the ambiance signal, all supplied by the softphone
SPH,

-- de-encapsulating each packet at the real time
transport protocol level,

-- processing the samples of the raw auscultation
signal with an auscultation sound extraction module
ASE, described below, for generating a clean aus-
cultation signal, i. e. without ambiance sounds,

-- processing the samples of the ambiance signal
with an ambiance sound extractor NSE, for supplying
an ambiance signal to the auscultation sound extrac-
tion module ASE, and for supplying a voice signal

10

15

20

25

30

35

40

45

50

55

adapted to be processed for voice recognition,

-- encapsulating the clean auscultation signal into a
first packet flow addressed to the IP phone IPP1,
and possibly into at least a second packet flow ad-
dressed to another terminal connected to the voice
dedicated VLAN, VN, for instance the personal dig-
ital assistant PDA1, linked to Bluetooth ear set BES1.

[0033] The ambiance sound extractor NSE applies
known methods for discriminating voice and noise in a
signal, for extracting the vocal sounds to be processed
by the voice recognition module VRM.

[0034] The auscultation sound extraction module ASE
cancels the ambiance sounds that are mixed with the
auscultation sounds, in the raw auscultation signal by
subtracting from the raw auscultation signal a part that
represents external noise or voice that have crossed the
chest of the patient ; assuming that there is a negligible
time shift between the two signals respectively represent-
ing the ambiance sounds captured by the microphone
M2 of the IP phone IPP1, and the ambiance sounds cap-
tured by the microphone M1 of the stethoscope, through
the chest of the patient. The signal processing algorithms
implemented in the auscultation sound extraction module
ASE mainly consider the signal distortion that is intro-
duced by the chest.

[0035] In a preferred embodiment of the auscultation
sound extraction module ASE, a low pass filtering is ap-
plied to the ambiance signal while generating the correc-
tion signal. This filtering is aimed to simulate the acous-
tical low pass filtering created by the chest of the patient
when ambiance sounds penetrate into this chest before
reaching the microphone M1 of the stethoscope.
[0036] A fixed low pass filtering and a fixed attenuation
may be used for generating the correction signal for all
types of patient.

[0037] However a preferred embodiment applies an
adaptable low pass filtering and an adaptable attenua-
tion, calibrated by determining the acoustical transfer
function of the patient’s chest. For determining this trans-
fer function h(t), and then calculating the cleaned aus-
cultation signal CSA(t) a method consists in:

-- placing the chest piece of the stethoscope on the
patient’s chest, far from the heart auscultation points,
in order to avoid capturing the heart sounds,

-- requesting the patient to stop breathing, in order
to avoid capturing the breathing sounds,

-- the practitioner says a calibration sentence, for
instance repeating "Stop breathing !", that is cap-
tured by both microphones, M1 providing a raw aus-
cultation signal SA(t) containing only the ambiance
sounds, i. e. the calibration phrase, and M2 providing
an ambiance signal SD(t),

-- calculating the acoustical transfer function H(t) of
the patient’s chest, by calculating the convolution
product:
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SD{t) * SA(t),

-- after this calibration phase, during the real auscul-
tation, generating the correction signal SC(t) by cal-
culating the convolution product :

SC(t) = SD(t) * H(t)

-- and then calculating the cleaned auscultation sig-
nal:

CSA(t) = SA{t) - SC(t)

[0038] The application server AS further comprises a
voice recognition module VRM receiving the ambiance
signal prepared by the ambiance signal extractor VSE.
It converts comments and orders to text, in a classical
way.

[0039] The application server AS further comprises a
secured registration module SRM used to control the ac-
cess to the application server AS, in particular when a
practitioner is calling from a patient’s room with an IP
phone. This secured registration module SRM comprises
alocal database storing a list of the users that are allowed
to access to the server AS, along with their logins and
passwords. This local database is managed by classical
management tools. In a specific embodiment, the local
database is a MySQL database, managed through se-
cured remote connection. The softphone SP handles the
list of authorized users. It ensures control of secured con-
nections of all the users that call it.

[0040] The application server AS further comprises a
secured web server SWS, coupled to the secured regis-
tration module SRM, and that enables used to control
the access to the application server AS, when a user
requests access via a data dedicated VLAN, DN, sup-
ported by the hospital network HN. The access is then
using the Hypertext Transfer Protocol over Secure Sock-
et Layer (HTTPS).

[0041] The application server AS further comprises a
remote control module RCM for decoding remote control
commands. It supplies control signals to all the other
modules of the application server AS. It collaborates with
the softphone SP for receiving commands manually ap-
plied on the keyboard of the IP phone IPP1, and it col-
laborates with the voice recognition module VRM for re-
ceiving predefined orders vocally applied via the micro-
phone M1 of the stethoscope ES. So, when voice paths
are established over the hospital network HN, inside the
voice dedicated VLAN, VN, the application server AS can
receive remote control commands sent by a distant ter-
minal for performing several operations that are needed
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for making an auscultation, recording an auscultation,
and/or teaching an auscultation lesson. For instance: se-
lecting a parameter for filtering the auscultation sounds,
starting/stopping the recording of the auscultation signal,
etc...

[0042] The application server AS further comprises a
loop back module LBM to loop back, at the level of the
RTP (Real-time Transport Protocol), the auscultation sig-
nal, without the ambiance signal, to the terminal to which
the stethoscope is connected. This loop back module
LBM de-encapsulates a data packet, at the level of RTP,
and permutes the source address and the destination
address. For instance, the loop back module LBM loops
back an incoming RTP channel so as to send the aus-
cultation sounds, without vocal sounds, back to the head-
set of this stethoscope ES, via the IP phone IPP1 at the
patient’s bedside. This enables a practitioner to listen to
cleaned auscultation sounds in a quasi real-time opera-
tion (Quasi real-time meaning the roundtrip delay over
the voice dedicated VLAN, VN, between the IP phone
inside the patient’'s room and the softphone SPH of the
application server AS. Ideally, the roundtrip delay should
be maintained low enough to avoid disturbance to a prac-
titioner).

[0043] The application server AS further comprises a
picture processing module PPM receiving the cleaned
auscultation from the auscultation sound extraction mod-
ule SPM, for periodically elaborating pictures (a cardio-
phonogram) that will be sent over UDP (User Datagram
Protocol), via the presentation server PS, to be displayed
on the screen of a terminal that cannot elaborate such
pictures, for instance the IP phone IPP1 at the patient’s
bedside. The picture processing module PPM of the ap-
plication server AS processes the cleaned auscultation
signal for continuously generating a sliding waveform in
real time. A method for such processing is described in
the document US 5.025.809. However the IP phone IPP1
has not enough resources to continuously calculate and
display the streaming video corresponding to such a
waveform. The picture processing module PPM elabo-
rates a curve that is the visual representation of the an-
alogue signal corresponding to the auscultation sounds,
and then takes periodic pictures of the curve. It forwards
the series of pictures to the presentation server PS for
displaying these pictures on a screen of the IP phone
IPP1.

[0044] The logical distinction between the application
server AS and the presentation server PS is a functional
split only. Both applications may run on the same ma-
chine.

[0045] The presentation server PS continuously re-
ceives pictures of the curve generated by the application
server AS in real time. Theses pictures are transported
from the application server AS to the presentation server
PS via a VLAN supporting data (not represented on the
figure 3) supported by the hospital local area network HN.
[0046] The presentation server PS refreshes the pic-
ture displayed on the screen of the IP phone IPP1, via
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the voice dedicated VLAN, VN, with a rate that is appro-
priate for the performance of the IP phone IPP1. As an
example, a refresh rate of one picture per second, is ad-
equate to provide a good compromise between process-
ing load, network toad, and visual comfort during auscul-
tation. The files representing these pictures are com-
pressed. The picture rate and the compression rate are
compatible with the limited bandwidth of the connection
to the IP phones, and with the limited bandwidth of the
displaying means of the IP phones, in order that the pic-
tures can be displayed in real time. Each picture is a kind
of photograph of the auscultation signal, compressed
with the classical JPEG format as an example, by the
picture processing module PPM of the presentation serv-
er AS.

[0047] Inthe opposite direction, the presentation serv-
er PS receives signaling messages from the IP phone
IPP1, these messages corresponding to the keys that
are pressed, and it forwards them to an appropriate ap-
plication, in particular to the applications run on the ap-
plication server AS.

[0048] Forinstance, if the practitioner press a key ded-
icated to start auscultation, the presentation server PS
sends a request to the call server CS to set up a call
between the IP phone IPP1 and the application server
AS dealing with auscultation. When the application serv-
er AS has accepted the call, the presentation server PS
then generates an updated picture to be displayed on
the screen of the IP phone IPP1. This picture may com-
prise keywords oricons located near keys of the IP phone
IPP1, and that can be dynamically assigned to peculiar
functions depending of the applications currently used.
When the practitioner presses a key, the presentation
server PS receives a message indicating that this key
has been pressed. It forwards the message to an appro-
priate application. If the message concerns a key dedi-
cated to the auscultation, the message is forwarded to
the remote control module RCM of the application server
AS.

[0049] The application server AS further comprises a
forwarding module FWM that can makes n unicasts of
an incoming RTP flow directly to n outgoing RTP flows
towards n terminals connected to the voice dedicated
VLAN, forinstance for teaching auscultation to n students
simultaneously. The forwarding module FWM can for-
ward the auscultation sounds, without the vocal sounds,
supplied by the sound processing module SPM. It can
also forward a series of pictures, supplied by the picture
processing module PPM, to a terminal that cannot elab-
orate such pictures, for instance the IP phone IPP1 at
the patient’s bedside, via the presentation server PS.
[0050] The application server AS further comprises a
module PDP for processing patient data. It can consult
the patient file database DB to retrieve some administra-
tive data about a patient. It can also control the writing
of new data into the database DB. It receives, from the
voice recognition module VRM, some text resulting from
the conversion of vocal sounds into text. The voice rec-

10

15

20

25

30

35

40

45

50

55

ognition module VRM has eliminated, from this text,
groups of words that are vocal orders, and it has consti-
tuted a text file composed of the practitioner's comments
(For instance, the location where the sounds have been
collected) and of administrative data.

[0051] The application server AS further comprises a
module FCM for the creation of an XML file wherein a
series of samples of the cleaned auscultation signal, sup-
plied by the auscultation sound extraction module SPM,
are placed together with the text file prepared by the pa-
tient data processing module PDP. Then this XML file is
sent over the data dedicated VLAN, DN, to be stored into
the patient database DB.

[0052] The softphone SPH which is running inside the
application server AS behaves like a normal phone, re-
gardless of the evolution of a call (transfer, second call,
call transfer, call park, call pick up, etc): When a terminal
calls the application server AS, the call server CS invites
the softphone SPH to a call. The softphone SPH accepts
the call. When the call has been set up, the sound
processing module SPM, in the application server AS,
cancels the ambiance sounds in the raw auscultation sig-
nal. Then the loop back module LBM of the application
server AS sends the cleaned auscultation signal back to
the calling terminal. In the present case, the cleaned aus-
cultation signal is sent back to the IP phone IPP1, and
up to the headset H of the stethoscope ES, via the Blue-
tooth link.

[0053] The voice recognition module VRM enables the
practitioner to use vocal order for some orders, for in-
stance starting/stopping the recording of the cleaned
auscultation sounds and comments (in parallel but into
separate data files) into the database DB. This is far eas-
ier than pressing keys while holding the stethoscope on
the patient’s chest.

[0054] The practitioner is in communication with the
application server AS via the presentation server PS, as
explained above. The secured registration module SRM
of the application server AS received the extension
number of the IP phone IPP1 when the practitioner was
calling. It also received the practitioner's name when
he/she logged in.

[0055] The practitioner presses some keys of the IP
phone IPP1 to command the application server AS to
start the recording of the cleaned auscultation signal in
the auscultation sound extractor ASE of the sound
processing module SPM. The presentation server PS for-
wards, to the application server AS, the signaling mes-
sages indicating what keys have been pressed.

[0056] Later, the practitioner presses some keys of the
IP phone IPP1 to command the application server AS to
stop the recording of the cleaned auscultation signal in
the auscultation sound extractor ASE. Then the practi-
tioner presses some keys of the IP phone IPP1 to doc-
ument the auscultation sound recorded in the ausculta-
tion sound extractor ASE of the sound processing module
SPM. In particular, he/she indicates the auscultation
zone by pressing keys or moving a navigation button, on
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the IP phone IPP1.

[0057] Then the practitioner presses some keys to
command the application server AS to store the sound
record and annexed textual information into the patient
file database DB.

[0058] The file creation module FCM makes an XML
file containing :

- The auscultation sound record, in .wav file.

- The extension number of the IP phone IPP1, that will
enable to retrieve the room number and the patient’'s
name.

- The practitioner’'s name.

- The auscultation zone.

- Textual comments.

[0059] Then the application server AS sends this XML
file to the database DB, via a data dedicated local area
network supported by the hospital network HN.

[0060] This information can be retrieved later via the
web server of the patient file database DB and the appli-
cation server AS. A user who has an appropriate access
right for consulting a patient file and who has an IP ter-
minal connected to the voice dedicated VLAN, VN, calls
the softphone SPH of the application server AS. The user
accesses to the patient file database DB via the secured
registration module SRM of the application server AS.
An XML file is read in the data base DB and then is sent
to the patient data processing module PDP. This latter
opens the XML file, then extracts the auscultation sounds
and sends them to the terminal of the requesting user,
via the voice dedicated VLAN, VN. It also extracts the
textual comments but it does not send them directly to
the terminal. It sends them to the presentation PS in order
to adapt their format to the display capacity of the desti-
nation terminal. Then the presentation PS sends the tex-
tual data to the terminal via the voice dedicated VLAN,
VN. This auscultation signal can also be retrieved to be
Listened to during an auscultation lesson.

Claims

1. An application server (AS) for reducing ambiance
sounds in an auscultation signal, and for recording
comments while auscultating a patient with an elec-
tronic stethoscope, this server being adapted to be
linked to a local area network infrastructure (HN)
supporting a virtual local area network (VN) support-
ing voice over IP telephony application, comprising
means (SPH) for receiving samples of a raw auscul-
tation signal representing auscultation sounds mixed
with ambiance sounds; characterized in that it fur-
ther comprises:

-- means (SPH) for receiving samples of an am-
biance signal,
-- means (ASE) for processing the samples of
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the auscultation signal and the samples of the
ambiance signal, for generating an auscultation
signal without ambiance sounds,

-- means (LBM) for sending back the ausculta-
tion signal without ambiance sounds via said vir-
tual local area network (VN) supporting voice
over IP telephony application,

-- means (VRM) for recognizing vocal sounds in
the ambiance signal, and converting these vocal
sounds into text.

An application server (AS) according to claim 1,
characterized in that it further comprises:

-- means (PDP, FCM) for inserting this text into
a file that can be stored into a database (BD),
-- and means (RCM) for sending this file via said
local area network infrastructure (HN).

An application server (AS) according to claim 1,
characterized in that it further comprises means
(VRM, RCM) for recognizing vocal orders in the text
resulting from the conversion of the vocal sounds,
and then controlling some functions of the applica-
tion server, according to the recognized vocal orders.

An application server (AS) according to claim 1,
characterized in that said means (ASE) for
processing the samples of the raw auscultation sig-
nal and the samples of the ambiance signal for gen-
erating an auscultation signal without ambiance
sounds, comprise means for adding to the raw aus-
cultation signal, a correction signal that is a function
of said ambiance signal.

An application server (AS) according to claim 4,
characterized in that said means (ASE) for adding
to the raw auscultation signal a correction signal that
is a function of said ambiance signal, comprise
means for:

-- calculating the acoustical transfer function H
(t) of the patient’s chest, by calculating the con-
volution product

SD(t) * SA(t),

where SD(t) is the ambiance signal and SA(t) is
the raw auscultation signal during a calibration
phase,

-- after this calibration phase, during a real aus-
cultation, generating a correction signal SC(t)
by calculating the convolution product
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SC(t) = SD(t) * H(t),

-- and then calculating the cleaned auscultation
signal

CSA(t) = SA(t) - SC(t).

An application server (AS) according to claim 1,
characterized in that said means (LBM) for sending
back the auscultation signal without ambiance
sounds comprise:

-- means for de-encapsulating packets received
from the stethoscope at the real time transport
protocol level, and extracting the source ad-
dress of each packet,

-- using the extracted address, while encapsu-
lating the auscultation signal without voice
sound into packets at the real time transport pro-
tocol level, to constitute a destination address
in order to forward the packet back to a terminal
(IPP1) to which the stethoscope is connected.

Patentanspriiche

1.

Anwendungserver (AS) zur Reduzierung von Um-
gebungsgerauschen in einem Auskultationssignal,
und zur Aufzeichnung von Kommentaren wahrend
der Auskultation eines Patienten mit einem elektro-
nischen Stethoskop, wobei dieser Server flr die Ver-
bindung mit einer lokalen Netzwerk-Infrastruktur
(HN), welche ein eine Voice-over-IP-Telefonie-An-
wendung unterstitzendes virtuelles lokales Netz-
werk (VN) unterstltzt, ausgelegt ist, umfassend Mit-
tel (SPH) zum Empfangen von Abtastwerten eines
rohen Auskultationssignals, welches mit Umge-
bungsgerduschen vermischte Auskultationsgerau-
sche darstellt;

dadurch gekennzeichnet, dass es weiterhin um-
fasst:

- Mittel (SPH) zum Empfangen von Abtastwer-
ten eines Umgebungssignals,

- Mittel (ASE) zum Verarbeiten der Abtastwerte
des Auskultationssignals und der Abtastwerte
des Umgebungssignals, um ein Auskultations-
signal ohne Umgebungsgerausche zu erzeu-
gen,

- Mittel (LBM) zum Zuricksenden des Auskul-
tationssignals ohne Umgebungsgerdusche
Uber das besagte virtuelle lokale Netzwerk (VN),
welches die Voice-over-IP-Telefonie-Anwen-
dung unterstitzt,
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- Mittel (VRM) zum Erkennen von vokalen Ténen
in dem Umgebungssignal, und Umwandeln die-
ser vokalen Téne in Text.

Anwendungsserver (AS) nach Anspruch 1, dadurch
gekennzeichnet, dass er weiterhin umfasst:

- Mittel (PDP, FCM) zum Einfligen dieses Textes
in eine Datei, welche in einer Datenbasis (BD)
gespeichert werden kann,

- und Mittel (RCM) zum Senden dieser Datei
Uber die besagte lokale Netzwerk-Infrastruktur.

Anwendungsserver (AS) nach Anspruch 1, dadurch
gekennzeichnet, dass er weiterhin Mittel (VRM,
RCM) zum Erkennen von vokalen Befehlen im Text,
welche aus der Umwandlung der vokalen Téne er-
halten werden, und zum anschlielenden Steuern ei-
niger Funktionen des Anwendungsservers gemaf
den erkannten vokalen Befehlen umfasst.

Anwendungsserver (AS) nach Anspruch 1, dadurch
gekennzeichnet, dass die besagten Mittel (ASE)
fur die Verarbeitung der Abtastwerte des rohen Aus-
kultationssignals und der Abtastwerte des Umge-
bungssignals zum Erzeugen eines Auskultationssi-
gnals ohne Umgebungsgerausche Mittel zum Hin-
zufuigen eines Korrektursignals, welches von dem
besagten Umgebungssignal abhangt, zu dem rohen
Auskultationssignal umfassen.

Anwendungsserver (AS) nach Anspruch 4, dadurch
gekennzeichnet, dass die besagten Mittel (ASE)
zum Hinzufligen eines Korrektursignals, welches
von dem besagten Umgebungssignal abhangt, zu
dem rohen Auskultationssignal Mittel umfassen fiir:

- das Berechnen der akustischen Ubertragungs-
funktion H(t) des Brustkorbs des Patienten
durch Berechnen des Faltungsproduktes

SD(t) * SA(),

wobei SD(t) das Umgebungssignal und SA(t)
das rohe Auskultationssignal wahrend einer Ka-
librierphase ist,

- im Anschluss an diese Kalibrierphase, wah-
rend der reellen Auskultation, das Erzeugen ei-
nes Korrektursignals (SC(t) durch Berechnen
des Faltungsproduktes

SC(t) = SD() * H(t),

- und anschlieBend das Berechnen des berei-
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nigten Auskultationssignals

CSA(t) = SA(t) -SC(t).

Anwendungsserver (AS) nach Anspruch 1, dadurch
gekennzeichnet, dass die besagten Mittel (LBM)
zum Zuricksenden des Auskultationssignals ohne
Umgebungsgerausche umfassen:

- Mittel zum Entkapseln der von dem Stethoskop
auf der Echtzeit-Transportprotokollebene emp-
fangenen Paketen, und zum Extrahieren der
Quelladresse aus einem jeden Paket,
-Verwenden der extrahierten Adresse, wahrend
des Einkapselns des Auskultationssignals ohne
vokale Tone in Pakete auf der Echtzeit-Trans-
portprotokollebene, fiir das Erstellen einer Zie-
ladresse, um das Packet an ein Endgerat
(IPP1), an welches das Stethoskop angeschlos-
sen ist, zurlickzuleiten.

Revendications

Serveur d’application (AS) pour réduire des sons
d’ambiance dans un signal d’auscultation, et pour
enregistrer des commentaires tout en auscultant un
patient avec un stéthoscope électronique, ce ser-
veur étant adapté pour étre relié a une infrastructure
de réseau local (HN) prenant en charge un réseau
local virtuel (VN) prenant en charge une application
de téléphonie voix sur IP, comprenant des moyens
(SPH) pour recevoir des échantillons d’'un signal
d’auscultation brut représentant des sons d’auscul-
tation mélangés a des sons d’ambiance ;
caractérisé en ce qu’il comprend en outre :

- moyens (SPH) pour recevoir des échantillons
d’'un signal d’'ambiance,

- moyens (ASE) pour traiter les échantillons du
signal d’auscultation et les échantillons du si-
gnal d’'ambiance, pour générer un signal d’aus-
cultation sans sons d’ambiance,

- moyens (LBM) pour renvoyer le signal d’aus-
cultation sans sons d’ambiance par l'intermé-
diaire dudit réseau local virtuel (VN) prenant en
charge une application de téléphonie voix sur IP,
- moyens (VRM) pour reconnaitre des sons vo-
caux dans le signal d’ambiance, et pour conver-
tir ces sons vocaux en texte.

2. Serveur d’application (AS) selon la revendication 1,

caractérisé en ce qu’il comprend en outre :

- moyens (PDP, FCM) pour introduire ce texte
dans un fichier qui peut étre stocké dans une
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base de données (BD),

- et moyens (RCM) pour envoyer ce fichier par
l'intermédiaire de ladite infrastructure de réseau
local (HN).

Serveur d’application (AS) selon la revendication 1,
caractérisé en ce qu’il comprend en outre des
moyens (VRM, RCM) pour reconnaitre des ordres
vocaux dans le texte résultant de la conversion des
sons vocaux, puis pour commander certaines fonc-
tions du serveur d’application, conformément aux or-
dres vocaux reconnus.

Serveur d’application (AS) selon la revendication 1,
caractérisé en ce que lesdits moyens (ASE) pour
traiter les échantillons du signal d’auscultation brut
et les échantillons du signal d’ambiance pour géné-
rer un signal d’auscultation sans sons d’ambiance,
comprennent des moyens pour ajouter au signal
d’auscultation brut un signal de correction qui dé-
pend dudit signal d’ambiance.

Serveur d’application (AS) selon la revendication 4,
caractérisé en ce que lesdits moyens (ASE) pour
ajouter au signal d’auscultation brut un signal de cor-
rection qui dépend dudit signal d’'ambiance, com-
prennent des moyens pour :

- calculer la fonction de transfert acoustique H
(t) dela poitrine du patient, en calculantle produit
de convolution

SD(t) * SA(),

ou SD(t) est le signal d’'ambiance et SA(t) est le
signal d’auscultation brut durant une phase de
calibrage,

- apres cette phase de calibrage, durant une
auscultation réelle, générer un signal de correc-
tion SC(t) en calculant le produit de convolution

SC(t) = SD(t) * H(t),

- puis calculer le signal d’auscultation nettoyé

CSA(t) = SA(t) - SC(t).

Serveur d’application (AS) selon la revendication 1,
caractérisé en ce que lesdits moyens (LBM) pour
renvoyer le signal d’auscultation sans sons d’am-
biance comprennent :
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- moyens pour désencapsuler des paquets pro-
venant du stéthoscope au niveau du protocole
de transport en temps réel, et pour extraire
I'adresse source de chaque paquet,

- I'utilisation de I'adresse extraite, tout en encap-
sulant le signal d’auscultation sans son vocal
dans des paquets au niveau du protocole de
transport en temps réel, pour constituer une
adresse de destination afin de renvoyer le pa-
quet a un terminal (IPP1) auquel le stéthoscope
est connecté.
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