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HOSPITAL BED AND NETWORK SYSTEM

Background and Summary of the Invention

The present invention relates to a hospital bed and network communication system.
More particularly, to the present invention relates to a bed in a patient/nurse call system in a
hospital network with voice communication implemented over message packets via a packet
based communication network.

Almost every hospital wing or ward has a patient/nurse call system that includes an
audio network to allow a patient in a hospital room to contact and speak with a nurse or staff
member at a nurse station. Typically, the patient may activate a “call” signal by depressing a
button on a small housing connected via hardwire to a unit mounted to the headwall of the
patient room. This small housing is generally referred to as a pillow speaker, or pillow unit.
The headwall unit usually has another wall-mounted call button for easy operation by a nurse.

Other input mechanisms may include emergency call buttons, code blue buttons, or bathroom
call buttons. Additionally, the audio network of these call systems may be used for audio
monitoring of a hospital room from the nurse station during an extreme emergency, such as a
code “blue” status.

Hospitals also include emergency signaling devices for notifying hospital personnel of
other types of emergency conditions, such as smoke detectors or a fire alarm. Typically, these
devices generate audio signals to convey audible alarms over a hospital intercom system,
which may or may to be interconnected with the patient room audio network. Some hospitals
also use bed monitoring devices with bed sensors that indicate bed conditions such as “brakes
on,” mattress firmness (for inflatable mattresses), or incontinence.

Historically, the duplicity of call and information systems in hospitals has complicated
the organization, maintenance and effective dissemination of all of the useful information that
is generated. If these systems cannot be operated in a simple, user-friendly manner, they can
add to the stress level of nurses and staff. As a result, their jobs are made more difficult,
rather than made easier. Additionally, use of multiple call and information systems in a
hospital adds to the costs of health care, due to costs associated with purchase, installation
and maintenance of the various components of these multiple systems, along with training

personnel how to use the system.
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United States Patent No. 5,561,412, United States Patent No. 5,699,038, and United
States Patent No. 5,838,223, which are incorporated herein by reference, disclose integration
of call and information systems through a private branch exchange (“PBX”) voice/data
switching system that establishes audio links and data distribution between a master station
and other stations. The disclosed communications networks are basically telephone networks
that provide synchronous, full duplex, voice and data communications. Additionally, non-
voice information signals from emergency signaling devices, bed monitoring devices,
locating and tracking transmitters, and/or various other pieces of equipmenf are converted to
digital data and transmitted through the PBX to the distant end over a low-speed channel.

Although PBX based systems provide several advantages over historical approaches,
there are still needs to reduce equipment and maintenance costs, to increase expandability and
versatility, and to increase the effective bandwidth of patient/nurse call systems in hospital
networks.

The present invention fulfills the above needs, among others, by providing a system
and method for a hospital bed, a patient/nurse call, and a hospital network using voice and
data over packet implementation.

In one illustrated embodiment of the present invention, a patient/nurse call system
comprises a plurality of transmitters adapted to be carried by hospital personnel, each
transmitter being configured to periodically transmit an identification signal unique to that
transmitter, a plurality of patient locations, each of the plurality of patient locations being
associated with a patient and including a receiver configured to receive the identification
signals from the plurality of transmitters, and a master station remote from the patient
locations, the master station being configured to receive signals from the receivers to indicate
locations of the hospital personnel. The system also comprises a packet based
communication network, and a plurality of first audio stations coupled to the packet based
communication network. A first audio station is located at each patient location and is
identified by a unique address. Each first audio station includes a first processor, a first
microphone, a first speaker, and a first converter configured to receive audio signals from the
first microphone, to generate voice data in a packet based data stream corresponding thereto,
and to transmit the packet based data stream over the communication network. The first
converter also is configured to receive a packet based data stream from the communication

network, to generate audio signals corresponding thereto, and to transmit the audio signals to
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the first speaker. The system further comprises a second audio station located at the master
station and coupled to the packet based communication network. The second audio station is
identified by a unique address and includes a second processor, a second microphone, a
second speaker, and a second converter configured to receive audio signals from the second
microphone, to generate voice data in a packet based data stream corresponding thereto, and
to transmit the packet based data stream over the communication network. The second
converter also is configured to receive a packet based data stream from the communication
network, to generate audio signals corresponding thereto, and to transmit the audio signals to
the second speaker, thereby permitting audio communication between personnel located at
the first and second audio stations.

In an illustrated embodiment, a server is coupled to the packet based communication
network. The server is configured to instruct the plurality of first audio stations to send the
packet based data stream to and receive the packet based data stream from the second audio
station. The server is further configured to instruct the second audio station to send the
packet based data stream to and receive the packet based data stream from the first audio
stations.

In another illustrated embodiment of the present invention, a patient/nurse call system
comprises a packet based communication network, a plurality of transmitters, each of the
transmitters being configured to be carried by a hospital caregiver and to periodically transmit
an identification signal that identifies the transmitter, and a plurality of receivers configured
to receive the identification signals and generate identification data corresponding thereto.
The receivers are configured to convert the identification data into a packet based data stream
and to transmit the packet based data stream over the communication network. The system
also includes a first audio station coupled to the packet based communication network and
being identified by a unique address. The first audio station includes a first processor, a first
microphone, a first speaker, and a first converter configured to receive audio signals from the
first microphone, to generate voice data in a packet based data stream corresponding thereto,
and to transmit the packet based data stream over the communication network. The first
converter also is configured to receive a packet based data stream from the communication
network, to generate audio signals corresponding thereto, and to transmit the audio signals to
the first speaker. The system further includes a second audio station coupled to the packet

based communication network and being identified by a unique address. The second audio
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station includes a second processor, a second microphone, a second speaker, and a second
converter configured to receive audio signals from the second microphone, to generate voice
data in a packet based data stream corresponding thereto, and to transmit the packet based
data stream over the communication network. The second converter also is configured to
receive a packet based data stream from the communication network, to generate audio
signals corresponding thereto, and to transmit the audio signals to the second speaker. The
system still further includes a server coupled to the receivers, the first audio station, and the
second audio station via the packet based communication network. The server is configured
to instruct the first audio station and the second audio station regarding at least one of
establishing an audio connection and terminating an audio connection based at least in part on
the identification data, thereby permitting audio communication between personnel located at
the first and second audio stations.

In the illustrated embodiment, the receiver is further configured to generate location
data based at least in part on the identification signals, and the server is further configured to
instruct the first audio station and the second audio station regarding at least one of
establishing an audio connection and terminating an audio connection based at least in part on
the location data.

In yet another illustrated embodiment of the present invention, a method for patient
and nurse communication over a hospital network comprises the steps of receiving at least
one of an identification signal from a transmitter carried by a hospital caregiver, a bed status
signal, a chair call signal, a shower status signal, and a remote code signal, generating non-
voice data corresponding to the received signal, and generating voice data. The method also
includes sending a first notification packet from a first address into a packet network, sending
a first request packet from a second address into the packet network in response to the first
notification packet, transporting the non-voice data in packets between the first address and
the second address in response to the first notification packet and the first request packet, and
transporting the voice data in packets between the first address and the second address in
response to the first notification packet and the first request packet.

In a further illustrated embodiment of the present invention, a patient support
apparatus comprises a patient support, and a computer coupled to the patient support. The
computer provides an audio station on the patient support configured to communicate with a

packet based communication network. A display coupled to the computer. A data device is
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also coupled to the computer. The data device includes at least one of a psychological
monitor, a treatment device, and a therapy device, the computer being configured to receive
data from the data device, convert the data received from the data device to a packet based
data stream, and transmit the packet based data stream to the packet based communication
network.

In an illustrated embodiment, a plurality of data devices are coupled to the computer
including an input device to input data and instructions concerning the patient, and a sensing
device including at least one of a heart rate sensor, a respiratory rate sensor, a neurological
monitoring sensor, and a temperature Sensor. Also in illustrated embodiments, the data
device includes at least one of a vital signs monitor, an IV pump, a ventilator, a defibrilator,
and a compression boot. In illustrated embodiments, the patient support is a hospital bed or 2
patient assist cart.

Additional features of the invention will become apparent to those skilled in the art
upon consideration of the following detailed description of the drawings exemplifying the

best mode of carrying out the invention as presently perceived.

Brief Description of the Drawings

Fig. 1 is an illustrative architecture of a system for transmitting voice and data in
packets over a network;

Fig. 2 is an illustrative system architecture interconnecting two audio stations and a
server computer;

Fig. 3 is an illustrative flow diagram for a process of voice over packet
communication between the two audio stations in the system illustrated in Fig. 2;

Fig. 4 is an illustrative system architecture interconnecting multiple audio stations, a
server computer, and a server audio station;

Fig. 5 is an illustrative flow diagram of a first process of voice over packet paging for
the system illustrated in Fig. 4;

Fig. 6 is an illustrative flow diagram of a second process of voice over packet paging
for the system illustrated in Fig. 4;

Fig. 7 is an illustrative system architecture that interconnects multiple audio stations,
multiple server computers, and multiple server audio stations through a traffic management

device;
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Fig. 8 is an illustrative flow diagram describing a process for voice over packet
communication in the system illustrated in Fig. 7;
. Fig. 9 describes an illustrative prioritization scheme used to improve quality of
service; and
Fig. 10 illustrates an arrangement in which various signaling equipment is coupled to

data devices within the system architecture of Fig. 1.

Detailed Description of the Drawings

Transmitting voice data and/or non-voice data in packets over a network requires that
a protocol be selected and implemented. Protocols specify methods for encoding,
packetizing, and decoding voice signals as well as for call signaling, controlling, and packet
exchange. Several competing protocols have been developed. The leading protocol to date is
H.323 developed by the International Telecommunications Union. (ITU). Another protocol is
Session Initiation Protocol (SIP) developed by the Internet Engineering Task Force (IETF).
Media Gateway Control Protocol (MGCP) and Megaco are two others. Most protocols are
suitable for transmission of voice over an Internet Protocol (IP) network. However, some
protocols will also support voice over an Asynchronous Transfer Mode (ATM) network. In
any event, one of ordinary skill in the art will readily appreciate that a number of well known
protocols may be used in alternative embodiments of the present invention.

Fig. 1 is an illustrative architecture of a system 100 for transmitting voice and data in
packets over a network. The system 100 includes any suitable number of intra-room
networks 110. Each intra-room network 110 couples a number of data devices 120 to an
audio station 130 (discussed in further detail below). For example, United States Patent Nos.
5,561,412; 5,699,038; and 5,838,223 (which have been incorporated herein by reference)
disclose similar intra-room networks. Each data device 120 is suitably configured to receive
inputs from various hospital beds, patient/nurse call systems, and/or personnel and asset
locating and tracking systems and to communicate the corresponding information to the
respective audio station 130.

Each audio station 130 (discussed in further detail below) couples the respective intra-
room network 110 to a packet based network 140. In the exemplary embodiment, the packet
based network is configured in a “client/server” (or “two-tier”) architecture. In a typical

client/server architecture, each computer or process of a system is viewed as either a “client”
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or a “server.” Generally, a server manages network resources such as file storage, printing
operations, database queries, network communications, etc. To enhance efficiency, various
servers may be dedicated to the management of various different resources. For example, a
computer that provides (i.e., “serves up”) Internet access is sometimes referred to as a “web
server.” A client generally provides a user interface and often provides additional processing
power remote from the server. Typically, clients can share files and programs amongst
themselves as well as retrieve data from the server(s). In any event, the packet based network
140 may be any suitable collection of devices that is connected to share information in
packets. To this end, it should be readily appreciated that the packet based network 140 may
include multiple Local Area Networks (“LANs”) and/or Wide Area Networks (“WANs") that
are operably coupled to one another via routers, switches, hubs, gateways, proxies, and/or
firewalls (not shown). However, although the exemplary network 140 is implemented in a
client/server architecture, it is noted that alternative embodiments may be implemented in a
peer-to-peer architecture or any other suitable configuration.

In general, in the exemplary client/server architecture (noted above) each audio station
130 is configured to operate as a client on the packet based network 140. Accordingly, each
exemplary audio station 130 is illustratively implemented with a personal computer system, a
desktop computer system, and/or a workstation manufactured by Dell Computer Corporation
of Round Rock, Texas, Gateway, Inc. of San Diego, California, or Compaq Computer
Corporation of Houston, Texas. It should be appreciated that each audio station 130 may
alternatively, or in addition, include a network appliance and/or any other suitable packet
based network enabled device.

Additionally, each audio station 130 includés a microphone (not shown) that provides
an analog signal to a code-decode (“CODEC”) integrated circuit (“IC”) (not shown). The
CODEC periodically samples the analog voice signal and generates numerical values
representing the amplitudes of the signal at the sample times. The sampling is done a rate
high enough to ensure the voice can be recreated with good quality by equipment located at a
remote or distant end of the systerﬁ, such as, for example, another of the audio stations 130 or
a server computer 150 that is coupled to the packet based network 140. Each audio station
130 further includes a speaker (not shown) and a digital-to-analog (“D/A”) converter (not
shown). The D/A receives numerical values representing audio signals and generates

corresponding analog signals, which drive the speaker.
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Each audio station has an address that identifies it on the packet based network 140.
To transmit data, an audio station 130 builds digital signals into a message packet along with
all the header information such as source address, destination address, checksum, packet size,
etc. Each message is transmitted onto the network and is addressed to another audio station
at the distant end. For voice data, the distant end station converts the digital signal to analog
for sounding through its speaker. To ensure good voice quality, packets are consistently
delivered to the distant end at a rate as fast as they are sampled at the originating audio station
130. It should be readily appreciated that any suitable number of similarly configured audio
stations 130 and/or other devices may be coupled to the packet based network 140 to
effectuate the communication of voice and other information as discussed in further detail
below.

The server computer 150 is configured to provide server operations for the packet
based network 140. To this end, the exemplary server computer 140 is illustratively
implemented with a server computer system manufactured by Dell Computer Corporation of
Round Rock, Texas, Gateway, Inc. of San Diego, California, or Compaq Computer
Corporation of Houston, Texas. Further, the server computing device 140 may alternatively,
or in addition, include network server appliances, server farms, server clusters, network
accessible storage devices, and/or any other device suitable for executing operations
according to the present invention. The server computer 150 is further configured to code
and decode voice signals and data in a similar manner to the audio station 130.

It should be readily appreciated that any suitable number of packet based devices
(such as, for example, client computer 160, Admission/Discharge/Transfer system (“ADT”)
gateway 170, and/or web server 180, etc.) may be coupled to the packet based network 140
to effectuate packet based communication of any suitable information into or out of the
packet based network 140 in a manner which is well known. Furthermore, it should be
appreciated that such additional packet based devices may in turn be suitably coupled to other
networks (such as, for example, hospital information system network 190, etc.), which may in
turn be suitably coupled to their own respective databases (such as, for example, ADT
database 200, etc.) and/or their respective user interfaces (such as, for example, ADT hospital
users 210, etc.).

Fig. 2 is an illustrative system architecture 300 interconnecting two audio stations

130,, 130, and a server computer 150, with a packet based network 140,. Exemplary audio
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station 130,, exemplary audio station 130,, exemplary server computer 150, and exemplary
packet based network 140, are implemented in similar manners to audio station(s) 130, server
computer 150, and packet based network 140, respectively (discussed above in connection
with Fig. 1). Fig. 3 is an illustrative flow diagram for a process 400 of voice over packet
communication between the two audio stations 130, 130, in the system illustrated in Fig. 2.

At step 410, audio station 130, initiates a call. It should be appreciated that the call
may be in response to a user input (for example, actuation of a call button by a caregiver or a
patient) or an automatic signal from monitoring equipment that is provided to audio station
130, by a data device (see Fig. 1).

Upon initiation of the call, audio station 130, sends a message over network 140, to
server computer 150, (step 420). Server computer 150, displays this call information on a
user terminal and also searches a database to determine which patient room the call is from
and what caregiver is assigned to that patient. If a caregiver at audio station 130, wants to
answer the call, then that caregiver inputs a request into audio station 130, to answer the call
through a suitable user interface and/or data device. In response to the request to answer the
call, at step 430 audio station 130, sends a request to server computer 150, for permission to
establish an audio connection with station audio station 130,.

At step 440, server computer 150, determines whether the caregiver at audio station
130, should have permission to take the call. It should be appreciated that server computer
150, may make this determination based on predetermined software logic which may consider
inputs from other system users (such as, for example, a head or “charge” nurse who is
provided an indication of the call request status by server computer 150, or any other manager
or supervisor), which may alternatively or in addition consider location and/or tracking
information from a data device(s) that indicates the identity and whereabouts of the caregiver
who is requesting to answer the call (see Fig. 10), and/or which may consider any other
suitable inputs or variables.

If the server computer 150, determines at step 440 that permission not granted for the
caregiver at audio station 130, to answer the call, then at step 450 server computer 150, sends
a message to audio station 130, indicating a denial of the request to answer the call and the
server computer 150, terminates the process 400.

If the server computer 150, determines at step 440 that permission granted for the

caregiver at audio station 130, to answer the call, then server computer 150, bypasses step
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450 and at step 460 the server computer 150, sends a message(s) over network 140, to audio
stations 130,, 130, that instructs them to transmit their voice packets to each other over the
network 140,, thereby establishing a voice connection. At step 470, audio stations 130,, 130,
build their voice data into message packets (i.e., they “packetize” the voice data) in response
to the instruction(s) from server computer 150, to transmit voice packets, and they transmit
the packets between each other.

At step 480, the caregiver at audio stations 130, initiates a request to end the audio
connection (or to “hang up”). It is noted that the request to end the call may include an active
request (such as, for example, actuation of a “voice end” button), and in alternative
embodiments may in addition or alternatively include a passive request (such as, for example,
a locating and tracking detection that the caregiver has left a proximity of the audio stations
130,). In response to the request to end the audio connection, audio station 130, sends a
message to server computer 140, that requests termination of the audio connection. In
response to the request to termination the audio connection generated at step 480, at step 490
server computer 150, sends a message to both audio stations 130,, 130, that instructs them to
stop their voice transmissions, thereby terminating the audio connection.

Next, Fig. 4 is an illustrative system architecture 500 interconnecting multiple audio
stations 130,, 130,, 130,, 130,, a server computer 150,, and a server audio station 1505. This
exemplary embodiment provides a paging feature. Paging consists of transmitting voice from
one audio station to one or more additional audio stations in one direction only. It should be
appreciated that exemplary audio stations 130;, 130,, 130,, 130, exemplary server computer
150,, and exemplary packet based network 140, are implemented in similar manners to audio
station(s) 130, server computer 150, and packet based network 140, respectively (discussed
above in connection with Fig. 1); and exemplary server audio station 1503 is implemented in
a similar manner to server computer 150 (with suitable software and/or hardware
modifications to perform the relevant operations discussed herein).

Fig. 5 is an illustrative flow diagram of a first process 600 of voice over packet paging
for the system illustrated in Fig. 4. To send a page, at step 610 a user inputs a request to
server computer 150, to initiate a selected page to desired audio stations. The discussion that
follows in connection with Fig. 5 assumes (as an example) that audio stations 130,, 130,, 130,
are selected. At step 620, server computer 150, sends instructions to the selected audio

stations (the “page group”) to receive voice broadcast (page) packets and generate
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corresponding sounds via their speakers. It is noted that any audio stations not selected do
not receive such instructions (see step 630).

At step 640, server computer 150, sends instructions to server audio station 1503 to
begin broadcasting the selected page in voice data packets. The page is broadcast suitably
repeatedly until the user terminates the page (see step 650).

At step 650, the user inputs a request to terminate the page (or to “hang up”) into
server computer 150,. The request to end the page may include an active request (such as, for
example, actuation of a “page end” button), and in alternative embodiments may in addition
or alternatively include a passive request (such as, for example, a locating and tracking
detection that the user has left a proximity of the server computer 150,).

At step 660, the server computer 150, sends instructions to the previously selected
audio stations (see step 620, above) to stop sounding voice broadcast (page) packets. At step
670, server computer 150, sends instructions to server audio station 150 to stop broadcasting
the voice packets.

Fig. 6 is an illustrative flow diagram of a second process 700 of voice over packet
paging for the system illustrated in Fig. 4. To send a page using the process 700, at step 710 a
user inputs a request to server computer 150, to initiate a selected page to desired audio
stations. The discussion that follows in connection with Fig. 6 assumes (as an example) that
audio stations 130,, 130,, 130, are selected. At step 720, server computer 150, sends
instructions to server audio station 1505 to transmit the selected page in voice data packets
addressed specifically (and only) to the selected audio stations150,. At step 730, the selected
audio stations receive the page packets and produce corresponding audio from their speakers.

At step 740, the user inputs a request to terminate the page (or to “hang up”) into
server computer 150,. The request to end the page may include an active request (such as, for
example, actuation of a “page end” button), and in alternative embodiments may in addition
or alternatively include a passive request (such as, for example, a locating and tracking
detection that the user has left a proximity of the server computer 150,). At step 750, server
computer 150, sends instructions to server audio station 1503 to stop broadcasting the voice
packets.

Fig. 7 is an illustrative system architecture 800 that interconnects multiple audio

stations 130,, 130,, 130,, 130,,, 130,,, 130,,, 130

o 130,130, 130,,, multiple server computers 150,, 150,,

13?

and multiple server audio stations 150;, 150,, and multiple packet based networks 140,, 140,
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through a traffic management device 810. It should be appreciated that exemplary audio

stations 130,, 130, 130,, 130,,, 130, ,, 130,,, 130,,, 130, ,, exemplary server computers 150,,

10° 13

150,, and exemplary packet based networks 140,, 140, are implemented in similar manners to
audio station(s) 130, server computer 150, and packet based network 140, respectively
(discussed above in connection with Fig. 1), and exemplary server audio stations 150, 150,,
are implemented in a similar manner to server computer 150 (with suitable software and/or
hardware modifications to perform the relevant operations discussed herein).

When the number of networked devices increases, the amount of network traffic also
increases. To increase efficiencies, the network is broken into smaller segments and the
segments are interconnected using intelligent devices that manage the traffic between the
segments. To this end, the traffic management device 810 suitably includes bridges,
switches, routers, and other known devices. In a manner that is well known, the traffic
management device dynamically “learns” the addresses of the devices on each network
segment and manages communications between the network segments.

Fig. 8 is an illustrative flow diagram describing a process 900 for voice over packet
communication in the system illustrated in Fig. 7. In general, the traffic management devices
look at the source and destination of each packet transmitted on the network to determine if
the packet is destined for a device on a segment different than the source. If so, the traffic
management device retransmits the packet onto the appropriate network segment. This
method reduces traffic on each segment to only packets transmitted or received by devices on
that segment.

More particularly, at step 910 a user places a call (i.e., seeks to initiate an audio
connection) through one of the audio stations (audio station 130, for example). At step 920,
the calling audio station sends a message to the server computer that is on its network
segment (in this example, the message is sent to server computer 1503 over packet based
network 140;) indicating that the calling audio station has requested an audio connection, and
that server computer sends message(s) over the network indicating that the calling audio
station has placed the call. Further, the traffic management device relays the indication that
the calling audio station has requested an audio connection to the distant network segment (in
this example, packet based network 1404). At step 930, a user at a distant audio station (in
this example, audio station 130;3) indicates a request to answer the call. Accordingly, the

distant audio station sends a request for permission to answer the call to the server computer
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on its network segment (in this example, to server computer 1504 over packet based network
1404). At step 940, the server computer on the network segment that is distant from the caller
(i.e., server computer 1504 in this example) transmits the request for permission to answer the
call over its respective network segment.

At step 950, the traffic management device 810 determines that the message packets
indicating the request for permission to answer the call are addressed to the server computer
that is on the same network segment as the caller, and, accordingly, the traffic management
device relays the packets onto the network segment of the caller. At step 960, the server
computer on the network segment of the caller (i.e., the “proximate server”) determines
whether the distant audio station that has requested permission to answer the call should have
permission to answer the call. If so, then the proximate server computer proceeds to step 980;
otherwise, the proximate server computer sends a message to the distant audio station that has
requested the permission indicating that the request to answer the call is denied (step 970) and
the remaining steps are bypassed.

At step 980, the proximate server computer transmits a message onto its network
segment indicating approval of the distant audio station’s request for permission to answer
the call. At step 990, the traffic management device 810 determines that the packets
transmitted by the proximate server computer (step 980) are addressed to a device on the
distant network segment and, accordingly, relays the packets to the distant segment.

At step 1000, the proximate server computer sends a message to the audio station that
initiated the call and the distant server computer sends a message to the audio station that has
requested permission to receive the call, and in response these two audio stations begin
transmitting voice data packets between them. At step 1010, the traffic management device
810 determines that the streaming packets are addressed to audio stations on different
network segments and relays the packets between the segments as appropriate. The audio
stations sound the corresponding audio on their speakers.

At step 1020, the user who answered the call inputs a request to terminate the audio
connection (or to “hang up”) into the server computer on its network segment. The request to
end the call may include an active request (such as, for example, actuation of a “call end”
button), and in alternative embodiments may in addition or alternatively include a passive
request (such as, for example, a locating and tracking detection that the user has left a

proximity of the server computer from which the user answered the call. At step 1030, the
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proximate server computer sends a message to the audio station that initiated the call and the
distant server computer sends a message to the audio station that received the call, and in
response the two audio stations stop transmitting voice data packets between them.

Next, Fig. 9 shows an illustrative prioritization scheme 1100 for improving quality of
service (i.e., “voice quality,” or “QOS”). When transmitting voice over a packet network,
increased bandwidth for the duration of the audio connection is one way to ensure good
quality, real-time voice communication. Most telephony systems have historically dedicated
a channel for each voice connection in order to guarantee bandwidth. However, when
sending voice in packets over an asynchronous network, guaranteeing bandwidth is much
more difficult. This is especially true when the network is also supporting numerous other
voice and data applications.

Several methods have been employed to deal with the problem of voice quality of
service. One solution has been to move to higher speed networks. Another is to design
networks that provide multiple paths through which packets can travel. Yet another is to use
routers and switches that provide quality of service features. Devices with these features are
able to recognize the type of each packet it is processing. These devices can then give voice
packets a priority over other packet types so that they are processed sooner. Illustratively,
some routers and switches will purposely introduce delays in the processing of lower priority
packets to cause the sending devices to slow the rate at which packets are sent. This reduces
the amount of bandwidth used by low priority traffic.

As shown in Fig. 9, a server computer categorizes the types of traffic on the network
into levels of priority to be postponed and/or throttled back to free bandwidth for voice traffic
depending on the priority level and then number of simultaneous voice connections. If a
voice connection is established, low priority traffic such as messages related to changes in the
location of equipment, is postponed until the voice connection is terminated. If two voice
connections are established, both the lowest priority and second from lowest priority traffic is
postponed.

More particularly, the exemplary embodiment includes five priority levels (where “1”

indicates the highest and “5” indicates the lowest priority), as follows:
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Priority Information/Data Type

1 calls

2 people movements/tracking

3 maintenance

4 routine status updates

5 equipment movements/tracking

Referring still to Fig. 9, when one or more audio connections are established, the
server computer(s) instruct all audio stations to postpone transmission of priority 5
(equipment movements/tracking) messages; otherwise, the server computer(s) instruct all
audio stations to allow transmission of priority 5 messages.

Additionally, when two or more audio connections are established, the server
computer(s) instruct all audio stations to slow transmission of priority 4 (routine status
updates) messages to 25% of the full rate; otherwise, the server computer(s) instruct all audio
stations to allow transmission of priority 4 messages at the full rate.

Additionally, when three or more audio connections are established, the server
computer(s) instruct all audio stations to slow transmission of priority 3 (maintenance)
messages to 50% of the full rate; otherwise, the server computer(s) instruct all audio stations
to allow transmission of priority 3 messages at the full rate.

Additionally, when four or more audio connections are established, the server
computer(s) instruct all audio stations to slow transmission of priority 2 (people
movements/tracking) messages to 75% of the full rate; otherwise, the server computer(s)
instruct all audio stations to allow transmission of priority 2 messages at the full rate.

Next, Fig. 10 illustrates an arrangement 1200 in which various signaling equipment is
coupled to data devices within the system architecture of Fig. 1. For example, locating and
tracking systems that track movement of caregivers and equipment through hospital facilities
are known. Some such systems include badges that use infrared, radio frequency, ultrasonic,
or other types of transmitters that periodically transmit identification signals. In operation,
receivers throughout the facility (not shown) suitably detect the identification information. It
is noted that locating and tracking inputs for the present invention may be implemented with
a COMposer® system or a COMLINX™ system (available from Hill-Rom NetLinx located

in Cary, North Carolina) or similar system. Further, as illustrated in Fig. 10, one or more data
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devices 120, may be configured to receive identification signals from locating and tracking
badges 1210, and may be further configured to receive information signals from various other
signaling equipment such as chair call devices 1220, pillow speakers 1240, and/or a hospital
bed status unit 1230. United States Patent Nos. 5,561,412; 5,699,038; and 5,838,223 (which
have been incorporated herein by reference) disclose the operation of such equipment and,
furthermore, suitable alternative signaling equipment is known. Additionally, it is noted that
audio station(s) 130,5 may be combined or otherwise integrated with the respective data
device(s) 120, and/or any suitable number of the various signally devices.

| In an illustrated embodiment of the present invention, a hospital bed is provided with
an audio station 130 to communicate with the network 140. In this embodiment, the hospital
bed itself includes a computer and provides audio station 130 for communicating voice data
and other non-voice from the hospital bed to the network. In another embodiment of the
present invention, the audio station 130 is provided on a cart or other device which moves
with the patient through the hospital to provide a patient point of care computer system.
Embodiments of a computer system on a bed or cart are included in U.S. Patent Application
Serial No. 09/849,580, filed May 4, 2001 and Serial No. 60/310,092, filed August 3, 2001,
the disclosures of which are expressly incorporated by reference herein.

By providing the audio station 130 on the hospital bed or cart, the system of the
present invention provides network communication from the area around the patient point of
care to the hospital information network 190 at all times. In other words, when the hospital
bed is moved from room to room, a network connection is made between the audio station
130 on the hospital bed and the network 140. Likewise, when the patient care cart moves
with a patient through the facility, communication between the audio station 130 on the
patient care cart and the network 140 is made. Such communication is accomplished through
a wired connection or a wireless data connection within the hospital. Therefore, the patient
and caregiver have improved data and voice communication over the network at the patient
point of care. Caregivers have access to patient data including video information, and voice
communication from a remote location to the patient’s bedside. Therefore, caregivers can
access patient chart information, test results, etc. from a remote location.

Some of the data devices 120 are illustratively physiological monitors,
treatment devices, and therapy devices. A network computer in the room, on the bed, oron a

patient cart is coupled to the data device by an RS-232 port or other suitable connector. The
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computer processes signals from the monitors, treatment devices, and therapy devices on a
real time basis. The monitors, treatment devices, and therapy devices include, but are not
limited to, heart rate monitors, temperature sensors, blood pressure monitors (invasive and
noninvasive), EKG monitors, blood oxygen sensors, capnographs, ventilators, IV pumps,
scales, and chest drainage monitors. Additional details of the computer and data devices are
disclosed in U.S. Patent Application Serial No. 09/849,580, filed May 4, 2001, and U.S.
Patent Application Serial No. U.S. Patent Application Serial No. 60/310,092, filed on August
3, 2001, the disclosures of which are incorporated herein by reference.

In another illustrated embodiment, the computer on the bed or cart is used to provide a
medication scan, TV, phone, and bed controls, internet access, e-mail, music or DVD players,
and nurse call. Computer is also coupled to a display. Illustratively, display 24 is a touch
screen display which can be used as both a TV terminal and a computer display. Software
provides a keyboard emulation on display to permit a user to input information to computer
using touch screen display. It is understood that any conventional input device such as a pen
or stylus based input, a keyboard, a mouse, a joy stick, a voice recognition input, or other
suitable input device may be used to input information into computer.

Although the invention has been described in detail with reference to certain
illustrated embodiments, variations and modifications exist within the scope and spirit of the

present invention as defined in the following claims.

393442v1
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CLAIMS:

1. A patient/nurse call system comprising:

a plurality of transmitters adapted to be carried by hospital personnel, each
transmitter being configured to periodically transmit an identification signal unique to that
transmitter;

a plurality of patient locations, each of the plurality of patient locations being
associated with a patient and including a receiver configured to receive the identification
signals from the plurality of transmitters;

a master station remote from the patient locations, the master station being
configured to receive signals from the receivers to indicate locations of the hospital
personnel;

a packet based communication network;

a plurality of first audio stations coupled to the packet based communication
network, a first audio station being located at each patient location and being identified by a
unique address, each first audio station including a first processor, a first microphone, a first
speaker, and a first converter configured to receive audio signals from the first microphone, to
generate voice data in a packet based data stream corresponding thereto, and to transmit the
packet based data stream over the communication network, the first converter also being
configured to receive a packet based data stream from the communication network, to
generate audio signals corresponding thereto, and to transmit the audio signals to the first
speaker; and

a second audio station located at the master station and coupled to the packet
based communication network, the second audio station being identified by a unique address
and including a second processor, a second microphone, a second speaker, and a second
converter configured to receive audio signals from the second microphone, to generate voice
data in a packet based data stream corresponding thereto, and to transmit the packet based
data stream over the communication network, the second converter also being configured to
receive a packet based data stream from the communication network, to generate audio
signals corresponding thereto, and to transmit the audio signals to the second speaker, thereby
permitting audio communication between personnel located at the first and second audio
stations.

2. The patient/nurse call system of claim 1, further comprising a server
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coupled to the packet based communication network, the server being configured to instruct
the plurality of first audio stations to send the packet based data stream to and receive the
packet based data stream from the second audio station, and further being configured to
instruct the second audio station to send the packet based data stream to and receive the
packet based data stream from the first audio stations.

3. The patient/nurse call system of claim 2, further comprising an audio server
station coupled to the packet based communication network, the audio server station being
configured to broadcast the packet based data stream to the first audio station and the second
audio station.

4. The patient/nurse call system of claim 3, wherein the server is further
configured to instruct the audio server station to broadcast the packet based data stream to the
first and second audio stations.

5. The patient/nurse call system of claim 4, further comprising a traffic
management device coupled to the packet based communication network and the second
packet based network to manage transmission of the packet based data streams between the
first and second audio stations.

6. The patient/nurse call system of claim 1, further comprising a plurality of
data devices coupled to the packet based communication network, the plurality of devices
being configured to send and receive data packets over the communication network.

7. The patient/nurse call system of claim 6, further comprising a server
coupled to the packet based communication network, the server being configured to manage
the plurality of devices and to prioritize data packets associated with each device.

8. The patient/nurse call system of claim 7, wherein the processing of packets
associated with a lower priority is delayed until processing of packets with a higher priority is
complete.

9. The patient/nurse call system of claim 8, wherein packets containing voice
data are associated with a highest priority.

10. The patient/nurse call system of claim 1, wherein the packet based
communication network is an asynchronous network.

11. The patient/nurse call system of claim 1, further comprising a data device
coupled to the communication network, the data device being configured to receive the

identification signals from the plurality of transmitters and to provide the signals to the master
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station via the packet based communication network.

12. The patient/nurse call system of claim 11, wherein the data device is
further configured to receive at least one of bed status signals, chair call signals, shower status
signals, and remote code signals.

13. The patient/nurse call system of claim 1, wherein at least one of the
patient locations is a hospital bed, a first audio station being coupled to the hospital bed.

14. The patient/nurse call system of claim 13, further comprising a data device
coupled to the first audio station on the hospital bed, the data device including at least one of
a psychological monitor, a treatment device, and a therapy device, the first audio station being
configured to receive data from the data device, convert the data received from the data
device to a packet based data stream, and transmit the packet based data stream to the packet
based communication network.

15. The patient/nurse call system of claim 14, wherein a plurality of data
devices coupled to the computer include an input device to input data and instructions
concerning the patient, and a sensing device including at least one of a heart rate sensor, a
respiratory rate sensor, a neurological monitoring sensor, and a temperature Sensor.

16. The patient/nurse call system of claim 14, wherein the data device
includes at least one of a vital signs monitor, an IV pump, a ventilator, a defibrilator, and a
compression boot.

17. The patient/nurse call system of claim 1, wherein at least one of the
patient locations is a patient assist cart, a first audio station being coupled to the patient assist
cart.

18. A patient/nurse call system comprising:

a packet based communication network;

a plurality of transmitters, each of the transmitters being configured to be
carried by a hospital caregiver and to periodically transmit an identification signal that
identifies the transmitter;

a plurality of receivers configured to receive the identification signals and
generate identification data corresponding thereto, the receivers being configured to convert
the identification data into a packet based data stream and to transmit the packet based data
stream over the communication network;

a first audio station coupled to the packet based communication network and
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being identified by a unique address, the first audio station including a first processor, a first
microphone, a first speaker, and a first converter configured to receive audio signals from the
first microphone, to generate voice data in a packet based data stream corresponding thereto,
and to transmit the packet based data stream over the communication network, the first
converter also being configured to receive a packet based data stream from the
communication network, to generate audio signals corresponding thereto, and to transmit the
audio signals to the first speaker;

a second audio station coupled to the packet based communication network
~ and being identified by a unique address, the second audio station including a second
processor, a second microphone, a second speaker, and a second converter configured to
receive audio signals from the second microphone, to generate voice data in a packet based
data stream corresponding thereto, and to transmit the packet based data stream over the
communication network, the second converter also being configured to receive a packet based
data stream from the communication network, to generate audio signals corresponding
thereto, and to transmit the audio signals to the second speaker; and

a server coupled to the receivers, the first audio station, and the second audio
station via the packet based communication network, the server being configured to instruct
the first audio station and the second audio station regarding at least one of establishing an
audio connection and terminating an audio connection based at least in part on the
identification data, thereby permitting audio communication between personnel located at the
first and second audio stations.

19. The patient/nurse call system of claim 18, wherein the receiver is further
configured to generate location data based at least in part on the identification signals, and the
server is further configured to instruct the first audio station and the second audio station
regarding at least one of establishing an audio connection and terminating an audio
connection based at least in part on the location data.

20. A method for patient and nurse communication over a hospital network,
the method comprising the steps of:

receiving at least one of an identification signal from a transmitter carried by a
hospital caregiver, a bed status signal, a chair call signal, a shower status signal, and a remote
code signal;

generating non-voice data corresponding to the received signal;
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generating voice data;

sending a first notification packet from a first address into a packet network;

sending a first request packet from a second address into the packet network in
response to the first notification packet;

transporting the non-voice data in packets between the first address and the
second address in response to the first notification packet and the first request packet; and

transporting the voice data in packets between the first address and the second
address in response to the first notification packet and the first request packet. (

21. The patient/nurse call method of claim 20, further comprising the steps of
prioritizing packets by a plurality of priority levels, and delaying processing of lower priority
packets until higher priority packets are processed.

22. The patient/nurse call method of claim 21, wherein packets containing the
voice data are associated with the higher priority and packets containing the non-voice data
are associated with the lower priority.

23. The patient/nurse call method of claim 22, wherein the delaying of the
packets is based at least in part on a number of audio connections.

24. The patient/nurse call method of claim 23, further comprising the steps of:

segmenting the packet network into a first segment and a second segment; and

managing traffic between the first segment and the second segment by
directing packets to addresses on the first segment and the second segment.

25. A patient support apparatus comprising:

a patient support;

a computer coupled to the patient support, the computer providing an audio
station on the patient support configured to communicate with a packet based communication
network;

a display coupled to the computer; and

a data device coupled to the computer, the data device including at least one of
a psychological monitor, a treatment device, and a therapy device, the computer being
configured to receive data from the data device, convert the data received from the data
device to a packet based data stream, and transmit the packet based data stream to the packet

based communication network.
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26.  The apparatus of claim 25, wherein a plurality of data devices coupled
to the computer include an input device to input data and instructions concerning the patient,
and a sensing device including at least one of a heart rate sensor, a respiratory rate sensor, a
neurological monitoring sensor, and a temperature sensor.

27.  The apparatus of claim 25, wherein the packet based communication
network provides for remote monitoring of patient data and remote inputting of data and
instructions. '

28.  The apparatus of claim 25, wherein the apparatus further comprises a
video imaging device coupled to the computer to provide images of the patient.

29.  The apparatus of claim 25, wherein the data device includes at least
one of a vital signs monitor, an IV pump, a ventilator, a defibrilator, and a compression boot.

30.  The apparatus of claim 25, wherein the patient support is a hospital
bed.

31.  The apparatus of claim 25, wherein the patient support is a patient

assist cart.
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