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(7) ABSTRACT

An external speakerphone accessory system for a telephone,
such as a LAN telephone, which enables the telephone user
to place the speakerphone in a location that is convenient for
multiple users, and which is not necessarily co-located with
the attached telephone itself. The speakerphone accessory
obtains all of its power, audio, and control signals from an
attached telephone unit through a modified Universal Serial
Bus (USB) interface, and includes a power supply system
which enables it to obtain a relatively high power level from
the telephone to which it is attached. The speakerphone
accessory uses a delay detected between when an audio
signal is received at a left hand side microphone and when
that audio signal is received at a corresponding right hand
side microphone to define zones of maximum sensitivity
with regard to users of the speakerphone accessory. When
such a delay is at least as large as a predetermined threshold,
then that audio signal may be considered to be outside a zone
of maximum microphone sensitivity with respect to the
physical orientation of the speakerphone accessory. A top-
mounted center microphone within the speakerphone acces-
sory may also be used to further define the zones of
microphone sensitivity with regard to the front or rear of the
speakerphone accessory.
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SPEAKERPHONE ACCESSORY FOR A
TELEPHONE INSTRUMENT

CROSS REFERENCE TO RELATED
APPLICATIONS

[0001] This application claims priority under 35 USC
§119(e) to provisional application Ser. No. 60/181,099,
entitled “LOCAL AREANETWORK (LAN) TELEPHONE
INSTRUMENT SYSTEM?”, and filed Feb. 8, 2000.

STATEMENT REGARDING FEDERALLY
SPONSORED RESEARCH OR DEVELOPMENT

[0002] N/A

BACKGROUND OF THE INVENTION

[0003] The present invention relates generally to accesso-
ries for telephone instruments, and more specifically to a
speakerphone attachment for a telephone instrument that is
directly connected to a data LAN (Local Area Network).

[0004] In existing systems, office telephones often feature
a “hands-free” built-in speakerphone. However, the effec-
tiveness of such built-in speakerphones is often limited
because of the typical placement of the telephone within the
office environment. It is often desirable to have a telephone
located behind, or to the side, of a user’s primary work
surface. Moreover, the location of a telephone is often
determined so that the primary user has access to the dialing
keypad on the telephone. Such a location may result in the
telephone being placed a significant distance from the usual
location of visitors to the office. However, it may often be
desirable for such office visitors to participate in phone calls
through the speakerphone. Unfortunately, the effectiveness
of existing, built in speakerphones, in such situations may be
adversely affected by the relatively remote location of the
office visitors from the microphone and speakers of the
speakerphone. In particular, the ability of an internal speak-
erphone to pickup voices originating from the opposite side
of a desk is often limited. It would therefore be desirable to
have a speakerphone system which better supports partici-
pation of persons located at various specific positions within
an office environment.

[0005] Additionally, the power available to many existing
telephone accessories may be insufficient to provide features
and/or performance that may be desired in an accessory such
as a separate speakerphone accessory. Accordingly, it would
be desirable to have a power supply system within a tele-
phone accessory which enables the use of higher power
levels than are typically available in existing systems.

BRIEF SUMMARY OF THE INVENTION

[0006] Consistent with the present invention, a speaker-
phone accessory is disclosed, which may be used to conduct
“hands-free” telephone conversations. The disclosed speak-
erphone accessory includes a beam-steering method, which
is optimized for use of the device in a small office. The
disclosed speakerphone accessory further includes a power
supply system which enables the speakerphone accessory to
obtain a relatively higher power level from the telephone to
which it is attached than is typically obtained in existing
systems. In an illustrative embodiment, the speakerphone
accessory is operable to respond to an inquiry message
regarding its ability to accept the higher power level. Such
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an inquiry may, for example, be received from the telephone
to which the speakerphone accessory is attached over data
lines within a modified USB connection to the telephone.
Such a modified USB connection may also be used to
provide power from the telephone to the speakerphone
accessory.

[0007] In an illustrative embodiment, the disclosed speak-
erphone accessory obtains all of its power, audio, and
control signals from an attached telephone unit through a
modified Universal Serial Bus (USB) interface. Addition-
ally, the disclosed speakerphone accessory uses the modified
USB interface as a source for 48 VDC from the attached
telephone unit. The illustrative embodiment further includes
a front microphone array and a rear microphone array. The
front and rear microphone arrays each include separate
microphones mounted on opposite sides of the respective
side of the speakerphone accessory. For example, considered
from the perspective of a user facing the front of the
speakerphone accessory, the front microphone array
includes a microphone located on the left hand side of the
speakerphone accessory, as well as a microphone located on
the right hand side of the speakerphone accessory. Similarly,
considered from the perspective of a user facing the rear of
the speakerphone accessory, the rear speakerphone array
includes a microphone located on the left hand side of the
speakerphone accessory, and a microphone located on the
right hand side of the speakerphone accessory. The disclosed
speakerphone accessory uses any detected delay between
when an audio signal is received at a left hand side micro-
phone and when that audio signal is received at a corre-
sponding right hand side microphone to define zones of
maximum sensitivity with regard to users of the speaker-
phone. For example, if the delay between when an audio
signal is received at the left front speaker and when that
audio signal is received at the right front speaker is at least
as large as a predetermined threshold, then that audio signal
may be considered to be outside a zone of maximum
microphone sensitivity with respect to the front of the
speakerphone accessory.

[0008] Further in the illustrative embodiment, a top micro-
phone within the speakerphone accessory may be used to
further define the zones of microphone sensitivity with
regard to the front or rear of the speakerphone accessory. For
example, in an embodiment in which a top microphone is
located in the center of the speakerphone accessory, such a
centrally located microphone may be used to focus the zones
of microphone sensitivity with regard to the center of the
speakerphone accessory, with regard to both the front and
rear of the speakerphone accessory.

[0009] The zones of microphone sensitivity provided by
the disclosed speakerphone accessory may be used to sup-
press audio from sources that are not relatively centered with
respect to either the front or rear of the speakerphone
accessory. Such sources may be considered “off-axis”
sources. In this way, a “beam” of microphone sensitivity
may be directed towards particular users by physically
orienting the speakerphone accessory. Suppression of off-
axis audio is performed, in the illustrative embodiment, by
audio-subtraction of those received audio signals originating
off-axis from the complete received audio signal.

[0010] Thus there is provided a speakerphone system
which effectively supports participation of persons located at
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various specific positions within an office environment. The
disclosed speakerphone accessory may be advantageously
applied to office environments in which separate offices are
provided with their own doors, or to more open, “cubicle”
based office environments. Additionally, the disclosed
speakerphone advantageously includes a power supply sys-
tem allowing use of higher power levels than are typically
available in existing systems.

BRIEF DESCRIPTION OF THE SEVERAL
VIEWS OF THE DRAWING

[0011] The invention will be more fully understood by
reference to the following detailed description of the inven-
tion in conjunction with the drawings, of which:

[0012] FIG. 1 shows a physical depiction of the LAN
telephone, with an operator console accessory unit, and an
internal speakerphone unit;

[0013] FIG. 2 depicts a typical Private Branch Exchange
(PBX);
[0014] FIG. 3 depicts a typical LAN-PBX system;

[0015] FIGS. 4a-4d show schedule assignment for two of
the disclosed LAN phones sharing the same circuit path;

[0016] FIG. 5 depicts an illustrative internal block dia-
gram for an embodiment of the disclosed LAN telephone;

[0017] FIG. 6 depicts an illustrative schematic diagram
showing an external power system for an embodiment of the
disclosed LAN telephone;

[0018] FIGS. 7(a) and 7(b) show an illustrative schematic
diagram for an accessory power system and interface sys-
tem;

[0019] FIG. 8 shows an illustrative block diagram of an
operator console accessory unit;

[0020] FIGS. 9(a), 9(b), 9(c) and 9(d) show software
flowcharts and entry fields of an automatic identification
system for the disclosed LAN telephone;

[0021] FIG. 10 shows a software flowchart of the dis-
closed control program change system;

[0022] FIG. 11 shows a physical depiction of the dis-
closed external speakerphone accessory;

[0023] FIG. 12 shows a block diagram of the disclosed
speakerphone accessory; and

[0024] FIG. 13 illustrates the beam-steering technique of
the disclosed speakerphone accessory.

DETAILED DESCRIPTION OF THE
INVENTION

[0025] All disclosures of provisional application Ser. No.
60/181,099, entitled “LOCAL AREA NETWORK (LAN)
TELEPHONE INSTRUMENT SYSTEM?”, and filed Feb. 8,
2000, are hereby included by reference herein.

[0026] FIG. 1 shows a physical representation of an
embodiment of the disclosed LLAN telephone. The embodi-
ment of the LAN telephone shown in FIG. 1 includes a base
unit 6 containing electronics circuitry necessary to provide
the functions associated with the base unit 6 as described
herein. The base unit 6 supports a handset 2, an internal
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speaker 5 for speakerphone functions, and a status display 3
for displaying user status information. The base unit 6 may
be connected to a data switch via a LAN cable 1, for
example by way of a conventional data cable infrastructure,
such as that shown in FIG. 3. An accessory connector is
provided on each side of the base unit 6, as illustrated by left
accessory connector 4. Using the accessory connectors, it is
possible to add a variety of accessory devices, including an
operator console 7 as shown in FIG. 1, and/or an external
speakerphone.

[0027] The internal circuitry of an illustrative embodiment
of the base unit 6 is shown in FIG. 5. The embodiment of
the disclosed LAN telephone shown in FIG. 5 is imple-
mented as a microprocessor based system. Specifically, a
microprocessor 74 is shown attached to a parallel micro-
processor bus 76, which provides an interface to various
components via its address and data lines. In the embodi-
ment of FIG. 5, the microprocessor 74 may, for example, be
a Reduced Instruction Set Computer (RISC) processor,
using a 16 bit wide data bus. The bus 76 is also connected
to a Read Only Memory (ROM) 56, Flash Memory 57, and
a Read And write Memory (RAM) 58. The bus 76 further
connects to USB interface circuits 55, as well as input
latches 60 and output latches 62. The bus 76 additionally
connects to a LAN Media Access Controller 64, a text
display 63 and a Digital Signal Processor (DSP) 75.

[0028] The organization of the hardware shown in FIG. 5
advantageously permits features of the disclosed LAN tele-
phone to be implemented using control software. For
example, the microprocessor 74 may use three types of
memory to store such control software: ROM 56, Flash 57
and RAM 58. The ROM 56 may be used to store the
microprocessor’s basic initialization program. When the
LAN telephone is powered on, usually by attachment to the
powered LAN cable 1, the microprocessor 74 first executes
a portion of its control code that is stored in the ROM 56.
The control code program stored in the ROM 56 causes the
microprocessor 74 to initialize all hardware peripherals of
the LAN telephone, such as the MAC 64 and the output
latches 62. The control code program stored in the ROM 56
further performs a self-test of the LAN telephone. The self
test includes checking the microprocessor itself, testing the
RAM 58 and performing a checksum verification of the
contents of ROM 56 and the Flash memory 57. The ROM 56
also contains program code operable to load the Flash
memory from the MAC 64.

[0029] One of the indicators 61, for example a light
emitting diode (LED), is placed on the bottom of the LAN
telephone, near the LAN connector. This LED indicator is
attached to a flip-flop register that automatically resets itself
on each power up, thus causing the LED indicator to turn on.
As the microprocessor 74 finishes its self-test, it toggles the
“set” line on the flip-flop register by activating a one bit port
on the output latches 62. This action causes the LED
indicator to turn off. In this way, the LAN telephone’s main
electronics module can indicate if it is functioning properly.
The control code instructions stored in the ROM 56 may, in
addition, also display an “OK” message in the text display
63. However, in the event that the text display 63 malfunc-
tions, the LED indicator will still operate.

[0030] When the microprocessor 74 finishes executing the
control program code stored in the ROM 56, it then executes
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control program code stored in the flash memory 57. The
main body of the LAN telephone control program function-
ality is stored in the flash memory 57. Flash memory 57 is
advantageously capable of having its contents updated or
replaced. Through use of this capability of the flash memory
57, the LAN telephone can be loaded with new program
code providing additional or modified functionality. Simi-
larly, a fault or bug in the control program can be repaired,
by storing a new program into the flash memory 57. If no
program code is loaded in the flash memory 57, or if the
program in the flash memory 57 does not yield a proper error
check, then the microprocessor will enter an idle state. In
this idle state, the microprocessor awaits a new control
program to be downloaded into the LAN phone, for example
from a LAN switch.

[0031] The RAM memory 58 is used for the storage of
program variables and state information. The RAM 58 may
have part or all of its memory protected via a “battery
backup”. In this way variable values can be maintained
across a power failure.

[0032] During operation, the disclosed LAN telephone
may communicate with other LAN telephones via the LAN
to which it is attached. The LAN telephone uses the LAN
MAC 64 to send and receive packets of data in Ethernet
format. The LAN MAC 64 is connected to the LAN cable
using a PHYsical interface (PHY) 65. The PHY 65 provides
level and impedance translation, as well as other signal
conditioning needed to send packets over a twisted pair wire.
The PHY 65 is connected to the LAN Connector 67. The
LAN Connector 67 may, for example, be a conventional
“RJ” style connector (e.g. RJ-45). The PHY 65 uses two
twisted pair wires within the cable bundle attached to the
LAN Connector 67, one for transmit data and one for receive
data.

[0033] In an illustrative embodiment, the disclosed LAN
telephone obtains its operating power from the LAN cable 1
shown in FIG. 1, through the LAN Connector 67. This
embodiment makes use of another, normally unused wire
pair in the cable bundle to receive power, for example from
a LAN switch. The received power is conditioned and
voltage translated via the power circuit 66. This power
circuit 66 is further described herein with reference to FIGS.
6 and 7.

[0034] The LAN telephone base unit 6, as shown in FIG.
1, includes a number of user buttons, shown for purposes of
illustration as key switches 59 in FIG. 5. The key switches
59 may be operated by a user, in order to dial calls, and/or
to access various features of the LAN telephone. The states
of the key switches 59 are determined by the microprocessor
74 as it reads the contents of the input latches 60. The input
latches 60 are connected to the key switches 59. In this way,
more key switches can be accommodated, for a given
number of input latch ports. The microprocessor 74 reads the
key switches 59 periodically, for example, at times deter-
mined by an internal interrupt. The microprocessor 74
rejects spurious key transitions, only accepting those that are
active for at least a minimum time.

[0035] LED indicators on the disclosed LAN telephone
may be used to display call status. The microprocessor 74
may control the state of such indicators, as needed, via
commands to the output latches 62.

[0036] The text display 63 in the embodiment of FIG. 5
may, for example, be a two-line Liquid Crystal Display
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(LCD). The text display 63 may receive power from a circuit
card within the LAN telephone. The microprocessor 74
writes messages to the text display 63 to provide assistance
to the user.

[0037] Accessories may be connected to the disclosed
LAN telephone via a modified Universal Serial Bus (USB)
interface. In the illustrative embodiment of FIG. 5, this
interface is provided via USB controllers 55, which are
connected to the bus 76. The microprocessor 74 may send
and receive messages and commands to accessories via this
modified USB interface. The USB Controllers 55 are con-
nected to the left 53 and right 52 accessory connectors via
a power conditioning circuit 54.

[0038] Connection to the handset 2 shown in FIG. 1 is
made via the DSP 75 shown in FIG. 5. The DSP 75 is an
integrated processor that is optimized for manipulating
analog signals that are translated into digital form. The DSP
75 is connected to the bus 76. In the embodiment of FIG. 5,
the DSP 75 includes an internal dual-port RAM, which is
connected to a DSP core processor and to the bus 76. In this
way, the DSP 75 may be issued commands and its control
program loaded by the microprocessor 74, out of the flash
memory 57, over the bus 76. In the embodiment shown in
FIG. 5, the DSP 75 also includes an internal ROM, which
can contain a basic “Boot” program for the DSP. After
initialization, the DSP 75 provides a message, via its dual-
port memory, to the microprocessor 74, indicating that the
DSP 75 is ready to accept its control program. The control
program of the DSP 75 is loaded into DSP memory, by the
microprocessor 74, prior to the LAN telephone entering a
“Ready” state. In the Ready state, the LAN telephone is
ready to accept and place telephone calls.

[0039] The DSP 75 is further shown connected to the
analog inputs and outputs via Analog to Digital (A to D) and
Digital to Analog (D to A) converters 73. The converters 73
translate the analog, voltage-based signal into a digital
signal. In the embodiment shown in FIG. §, the A to D and
D to A converters 73 are combined into one package,
providing two-way translation. The handset 2 (FIG. 1), and
a headset (not shown), are connected to the base unit via the
handset connector 71 and headset connector 70 shown in
FIG. 5. The internal speaker 69 and internal microphone 68
shown in FIG. § are directly connected to the DSP 75 via a
signal conditioning element 72. The signal conditioning
element 72 also provides an interface to the handset con-
nector 71 and the headset connectors 70. The signal condi-
tioning element 72 provides signal limiting, gain or attenu-
ation, filtering, and power, as needed.

[0040] To initiate or receive telephone calls, the LAN
telephone receives control messages from a switch or tele-
phone server, via the LAN to which it is connected. These
messages and associated responses are used to initiate
telephony sessions. For example, when a call is in progress,
speech audio is received by the microphone of the handset
2, and conveyed through signal conditioning element 72 and
converter 73 to the DSP 75. The speech audio is thus
sampled and converted into a stream of digital numbers
(“samples”) by the A-D functionality of the converters 73.
Each such number represents the voltage of the received
microphone speech signal. The DSP 75 then places these
samples in its internal RAM and signals the microprocessor
74 when an appropriate number of samples are ready for
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processing. At this point, the microprocessor 74 reads the
samples, places them into a packet format consistent with a
LAN protocol and the IP (Internet Protocol) protocol, and
sends this resulting packet to the LAN switch, via the MAC
64. The resulting packet may, for example, be what is
referred to as an “IP over Ethernet” format packet. The DSP
75 may also employ a “compression” algorithm, whereby
the number of speech signal samples conveyed to the switch
may be reduced. In such an embodiment, as a result of the
compression, the microprocessor 74 will have a smaller set
of data items to transmit to the distant telephone. Various
specific conventional compression algorithms may be
employed in this regard. The effectiveness of a given com-
pression algorithm is usually inversely proportional to the
quality of the resulting speech, after it is “de-compressed”
by the distant telephone. While the microprocessor 74 is
accepting speech sample data from the DSP 75 and sending
it to the distant telephone via the MAC 64 and LAN switch,
it simultaneously must perform the receive function. That is,
the microprocessor 74 simultaneously processes received
data packets, from the distant telephone, via the LAN switch
and the MAC 64. These received packets contain voice data
from the distant telephone. The microprocessor 74 accepts
these packets, extracts the voice data contained therein, and
then transfers the extracted voice data to the DSP 75. The
DSP 75 then takes the voice samples, decompresses them if
necessary, and provides them to the converter 73, for output
to the handset 2 through the handset connector 71. The
receive process and transmit process provided through the
microprocessor 74 must operate simultaneously, so that
voice samples are accepted from and delivered to the A-to-D
and D-to-A functions of the converters 73 on time. Normal,
uncompressed telephony voice uses a sample rate of 8
kilo-hertz. Thus, the DSP 75 must receive one sample and
output one sample every 125 microseconds, in order to
support normal telephone speech.

[0041] As mentioned above, prior attempts at implement-
ing a LAN telephone have encountered problems with
packet contention. Packet contention may result when pack-
ets from other LAN users can be transmitted simultaneously
with voice packets, potentially causing interference with the
voice packets. Under such circumstances, voice packets may
even be lost, causing an audible break in the received
speech. In the disclosed LAN telephone this problem is
avoided through operation with the disclosed LAN switch,
which has extended capability to handle packets with “real-
time” delivery needs. The disclosed LLAN telephone incor-
porates a system for transmitting speech data packets such
that they will not interfere with packets from other real-time
devices on the network.

[0042] The disclosed system includes what is referred to
herein as “packet scheduling”, and the technology upon
which it is based is referred to as “Time Based Routing” or
“TBR.” In the disclosed system, the LAN switch maintains
time synchronization with the LAN telephone via the trans-
mission of a framing message referred to as a “heartbeat
packet”. The heartbeat packet is used to “lock” the LAN
telephone’s internal clock to an internal clock of the switch.
In this way all LAN telephones in the system (as well as
other real-time devices) are able to maintain synchronization
with one another. With system wide synchronization thus
established, the LAN telephones can operate in connection
with schedules which define the reception and transmission
of real-time packets.
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[0043] FIGS. 4a-4d illustrate schedule assignment for two
of the disclosed LAN telephones, which may also be
referred to as “IP phones™, and which share the same circuit
path. The disclosed scheduling system is based on the
occurrence of schedules. Schedules are expected time peri-
ods during which packet transmissions and/or receptions for
one or more packet flows. Schedules occur independently at
each switch within the network. A given schedule may apply
to the transmit and receive functions of all ports within a
switch, or to a subset of the transmit and/or receive functions
of one or more ports within a switch. Accordingly, a given
switch may operate based on a single schedule, or on
multiple schedules. Schedules may be repeated continu-
ously. Alternatively, each schedule may be triggered explic-
itly in response to a trigger event, as further described below.

[0044] An illustrative schedule interval 40 is shown in
FIG. 4(a). Within a schedule interval, packet flow offsets
define the beginnings of packets or packet groups associated
with packet flows. Packet flows define sets of packets
associated with real-time applications, such as would be
used to establish a telephone call or session. Accordingly, a
packet flow associated with a telephone call or session may
be identified by some set of packet header field values that
are common to all packets within that packet flow.

[0045] Packet flows are typically unidirectional, and
accordingly may be associated with either the transmit or
receive function of a switch or telephone instrument. In the
case where a packet flow offset is associated with a transmit
function, that packet flow offset defines a time within a
schedule interval at which transmission of one or more
packets for the associated packet flow may be initiated. In
the case where a packet flow offset is associated with a
receive function, that packet flow offset defines a point in
time within a schedule interval at which reception of one or
more packets for the associated packet flow may be
expected.

[0046] For a given packet flow, different packet flow
offsets are established for each switch along the path
between a first telephone instrument and a second telephone
instrument. The set of offset values associated with a packet
flow for all switches along such a path defines a schedule for
that packet flow (also referred to as a “packet flow sched-
ule”). A packet flow schedule may also include a schedule
interval duration and packet length. A time period within the
schedule interval associated with a given packet flow sched-
ule is referred to as the packet flow schedule period.

[0047] As shown in FIG. 4(a), the beginning and/or the
end of the schedule interval 40 is defined by the heartbeat
packet 41. For example, at the end of the schedule interval
40, the LAN switch may transmit a heartbeat 41 to all of its
ports. In an illustrative embodiment, the heartbeat packet 41
is timed to conclude just as the next schedule interval
commences. Thus the heartbeat packet 41, when received,
allows the disclosed LLAN telephone to synchronize its
internal clock and schedule interval with the LAN switch.
When the LLAN telephone establishes a telephone session, it
obtains schedule information from a call agent, which is
implemented as software executing on a server system, for
example attached to or co-existing with the LAN switch.
The call agent is operable to communicate with the switch
and negotiate schedules for real-time packet traffic.

[0048] After a schedule is established, the call agent sends
the relevant schedule information to the LAN telephone. The
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LAN telephone is then permitted to send telephone voice
packets, one or more together in each burst, at regular
intervals. These packets are transmitted in accordance with
the schedule information given to the LAN Telephone by the
call agent. By transmitting the packets only in accordance
with the schedule information provided by the call agent,
contention between LAN telephones is eliminated. The call
agent thus assigns different schedules for each LAN tele-
phone session traversing a common circuit path.

[0049] FIG. 4(b) shows a schedule assignment for a first
LAN telephone session with respect to a schedule interval
within a first LAN telephone. As part of establishing a
packet flow schedule for the telephone session, the call agent
has assigned a first packet flow offset for the first LAN
telephone that defines the voice packet data transmission 42,
as well as a second packet flow offset defining the voice
packet data transmission 43. Thus the voice data packets
from a first LAN telephone “A” are actually transmitted in
accordance with the first packet flow offset and second
packet flow offset, as shown by the voice packet(s) data
“A1742 and “A2743 in FIG. 4()). For purposes of illustra-
tion, the first LAN telephone “A” is transmitting telephone
voice data in an uncompressed format, that is, at 8 thousand
samples per second.

[0050] In FIG. 4(c) a schedule interval for transmission of
data is shown for a second LAN Telephone “B”. As shown
in FIG. 4(c), the call agent has assigned LAN telephone “B”
different packet flow offsets within the schedule interval
from those assigned to LAN telephone “A”. It is not
necessary for the LAN switch, or call agent to always assign
different packet flow offsets to different LAN telephones.
This is only necessary when multiple LAN telephones
require a session which must traverse a common circuit. In
the example shown in FIGS. 4(@)-4(d), LAN telephones “A”
and “B” both communicate with the WAN link. Thus,
different packet flow offsets are needed. The call agent has
assigned LAN Telephone “B” packet flow offsets resulting
in transmission of voice packet(s) data B144 and voice
packet(s) data B2. Because schedule intervals are defined on
a per port basis with respect to the LAN switch, and the LAN
telephone “A” and LAN telephone “B” are connected to the
LAN switch via different ports, LAN telephone “A™’s packet
data is not seen on LAN Telephone “B”’s schedule interval,
and vice versa.

[0051] FIG. 4(d) shows the transmission schedule interval
for the LAN switch port connected to the WAN interface.
Because the sessions for LAN telephone “A” and the LAN
telephone “B” pass through the WAN interface, the LAN
switch must provide voice data from both LAN telephone
“A” and LAN telephone “B” to the WAN Server. Because
LAN telephone “A” and LAN telephone “B” have individu-
ally assigned packet flow offsets that do not conflict, there is
never a situation when the voice packet traffic from one
LAN telephone interferes with that from another LAN
telephone.

[0052] Tt should be noted that internal to the LAN switch,
the handling of LAN traffic is absolute. This means that for
a given packet flow offset within a given schedule interval,
the switch can “set” the connection. All other traffic destined
for a port, at the time of the packet flow offset, must be
queued and sent after the scheduled packet flow has con-
cluded. This has two principal benefits: (1) the switch
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prevents any other network traffic from interfering with the
LAN telephone traffic, and (2) the switch is able to handle
a great deal more traffic, for any given amount of packet
processing bandwidth. The latter benefit also means that
much larger switches can be built, than would otherwise be
possible.

[0053] When the predetermined amount of data that is to
be transmitted at a given packet flow offset has been
completely transmitted, if there is no other scheduled data to
be transmitted, other unscheduled traffic may be transmitted.
For example, if the amount of data to be transmitted at a
given packet flow offset is defined in terms of a number of
packets, then the switch will count such packets as they are
transmitted. When the last packet has traversed the switch,
the LAN switch opens the relevant circuit for any other
packet traffic that may be queued for the particular destina-
tion port. The switch may also allow new packets to enter the
switch and be routed in the normal fashion, if such actions
would not interfere with other scheduled traffic.

[0054] In one embodiment, the disclosed LAN telephone
receives it power from the LAN cabling to which it is
attached. LAN cables typically have four, individual twisted
pair wires per station cable. One pair is used for transmit
data, received by the LAN telephone from the LAN switch.
Another pair is used for receive data, transmitted from the
LAN telephone to the LAN Switch. Two other pairs are
often unused or reserved for future expansion. In one
embodiment of the disclosed LAN telephone, the unused
pairs are doubled up, and used to send power to the LAN
telephone instrument, from the switch, or from a power
source co-located with the switch. In this way, the disclosed
LAN telephone does not need to have an additional power
supply, with inconvenient cords. In addition, multiple LAN
telephones may be operated by a single supply, which can
have battery-backup and thus provide power in the event of
a power failure.

[0055] An illustrative embodiment of the disclosed LAN
telephone power supply system is shown in FIG. 6. The data
signals and power come into the telephone circuit card 81
via the LAN Connector 80. In a typical LAN installation,
twisted pairs 1 and 2 are used for data, leaving pairs 3 and
4 free for power. In the embodiment of FIG. 6, the power is
delivered as 48 VDC. Alternatively, the delivered power
could be other voltages, or even AC. However, in some
embodiments, 48 VDC is most convenient. The voltage is
high so that the current required is as low as possible, for a
given power level, since P=I*V where P=Power, [=Current,
and V=Voltage. Typical LAN cable is 24 gauge (AWG)
which has a limited current handling capability. At 48 VDC,
such conventional cable could deliver a maximum of 24
watts at 500 milliamps of current. Since the power cable is
doubled up, it is actually possible to double the power
delivered, to 48 Watts. This is more than enough to operate
the LAN telephone and attached accessories.

[0056] As the power enters the LAN telephone circuit card
81, it connects first to a surge arrestor 82. This device, or
combination of devices, is used to prevent stray surges from
damaging the LAN telephone or propagating to the acces-
sories. The power is then buffered via a low-pass filter
network 83. The network 83 is commonly used to filter out
any signals, such as data signals, which may have coupled
to the power lines. Finally, the power is connected to a 48
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VDC to 5 VDC power supply 84, of the DC-DC converter
type. The power supply 84 is used to provide the proper
supply voltages to the LAN telephone. These voltages
include, for example, 5 VDC and 3.3 VDC, and may include
others as well. The DC-DC converter 84 is a switching
device, which may transfer nearly all of the input power for
use by the LAN Telephone. Further in an illustrative
embodiment, the input 48 VDC may also be provided to the
accessory power system, after suppression of any surges.

[0057] The disclosed LAN telephone, unlike most other
telephones, is capable of supporting a variety of accessories.
These accessories include an operator console and an exter-
nal speakerphone unit. The accessory system is designed for
future expansion. In order to facilitate the expansion selec-
tion, the LAN telephone uses the Universal Serial Bus
(USB) to communicate with the accessories. USB is a
relatively simple, fast (1.5 to 480 megabits per second), and
standardized bus used for computer devices. In contrast, the
disclosed LLAN telephone uses a modified USB for inter-
connection of telephone accessories to the disclosed LAN
telephone. One difficulty with the existing USB is that it has
only a limited capability to provide power to a connected
device. As it is generally known, USB has two wires in the
cable, which supply 5 VDC. Current is limited to 0.5 Amp.
Additionally, any given device can only use 0.1 Amp. USB
allows devices to be chained, so all chained devices must
share the same power. This means that the maximum power
available is 2.5 Watts, with 0.5 Watt for each device. This is
too little for many potential devices. For instance, a typical
LED indicator uses 20 milli-Amps. Accordingly, an acces-
sory using the existing USB could have five LEDs, and
nothing else. The operator console 7 of FIG. 1, could easily
have 20 or even 100 such LEDs, and require other power as
well. Moreover, a speaker phone unit could easily exceed the
2.5 Watt maximum, even if it used all of the USB power. For
this reason the disclosed LAN telephone provides a unique,
dual-voltage accessory power system. The disclosed dual-
voltage accessory power system allows the LAN telephone
to alternatively supply power at 48 VDC, instead of 5 VDC,
thus increasing the power consumption by a factor of 10.

[0058] An embodiment of the disclosed LAN telephone
accessory power system is depicted in FIG. 7(a) and FIG.
7(b). In FIG. 7(a) is shown a source power system. The
source power system of FIG. 7(a) is used to provide power
to the accessory. FIG. 7(b) depicts an illustrative embodi-
ment of the accessory internal power system. The accessory
internal power system receives and converts the power from
the source power system, which, for example, is contained
within the LAN telephone. The source power is provided by
the base unit 6 to the accessory unit via an accessory
connector 104, which is shown for purposes of illustration as
a USB “A” connector. The connector 104 includes four
wires. Two wires are used for power, specifically power pin
1100 and ground pin 4 103. Two other pins are used for data
transfers, specifically pin 2 101 and pin 3 102. Power is
supplied on pin 1 100 of the connector 104 at either 5 VDC
or at 48 VDC. In the illustrative embodiment of FIG. 7(a),
the selection of supply voltage is made by the base unit
microprocessor 74. The microprocessor 74 sets an appro-
priate bit in the output latch 96 to select the proper power
supply voltage. For example, the necessary power switch or
switches may be implemented as a Double Pole Single
Throw or a Double Pole Double Throw with MOSFET
(Metal Oxide Semiconductor Field Effect Transistor).
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[0059] During operation of the source power system
shown in FIG. 7(a), default power setting is normally 5
VDC. When an accessory is connected, the accessory is
queried by the base unit microprocessor 74, via the USB
interface 55, to determine if the accessory uses 48 VDC.
Such a query may, for example, be provided to the accessory
over the data lines of the modified USB interface. A 48
VDC-capable accessory will respond to such a query in the
affirmative. If the microprocessor 74 determines that the
accessory uses 48 VDC, then the microprocessor 74
switches the voltage to 48 VDC. The 48 VDC is available
from the station input power 86. The 5 VDC power is
available from the base unit’s power converter 84.

[0060] The base unit microprocessor 74 monitors the
power usage by accessories connected to the base unit. It
accomplishes this via a monitoring system. Low value,
current sense resistors 98 are connected in series with the 48
VDC and the 5 VDC power lines. A voltage differential is
formed across the resistors 98, as current passes through.
When an accessory is connected, a minimum current is
passed, causing a small but measureable voltage to be
present at the input of the HV and LV comparators 92 and
93. The purpose of this circuit is to determine if the USB
device is connected. In the illustrative embodiment of FIG.
7(a), the current threshold is 10 milli-amps. The output of
the two comparators is connected to the input buffer 94. The
microprocessor 74 reads the input buffer 94 periodically, to
determine if the accessory device is still connected. If the
microprocessor 74 determines that the accessory device has
been disconnected, then the microprocessor automatically
resets the power switch 97 to 5 VDC operation. This action
will prevent damage to a non-48 VDC capable USB device.
Two comparators and two current sense resistors are
required because the minimum currents will be different
through each.

[0061] An illustrative embodiment of the disclosed acces-
sory power system is shown in FIG. 7(b). The system of
FIG. 7(b) allows the accessory to automatically switch from
the low-power to high-power modes. Power enters the
accessory via a standard USB “B” connector 105. The plus
5 VDC is present on pin 1 118, and the Power ground return
is on Pin 4 109. The current limit 110 and voltage level 108
resistors are connected across the power 118 and ground 109
lines. The voltage developed across the voltage level resistor
108 is connected to the 48 VDC comparator 111. If the
comparator 111 senses that the voltage has exceeded the 5.5
VDC limit for USB, then it provides a control signal to the
power select switch 113 and the 48 VDC to 5V DC DC-DC
Converter 112. Accessory Power is 3.3 VDC, normally
provided by the 5 VDC to 3.3 VDC Power Converter 114.
The converter 114 can also be implemented as a shunt
converter, if the power drain is low. This converter 114
derives its input power from either the input power bus 118
or the 48 VDC to 5 VDC converter 112. The power select
switch 113 may be implemented as a Double Pole Single
Throw (DPST) switch, similar the power switch in the
source power system 97. If the voltage is 5 VDC, the 5 VDC
to 3.3 VDC Converter 114 receives its power from the Input
Power Bus 118. If the power voltage is higher than 5 VDC,
then the converter 114 receives its input power from the 48
VDC to 5 VDC Power Converter 112. The accessory micro-
processor 124 monitors the input buffer 119 to determine if
48 VDC is available. If 48 VDC is present, then the
accessory microprocessor 124 can enable functions that
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require higher power. Power is provided to the accessory
downstream power circuit. The accessory downstream
power circuit includes 48 VDC, if available or 5 VDC. The
accessory downstream power circuit can then provide power
to another accessory, “daisy-chained” from the first acces-
sory.

[0062] An embodiment of the LAN Telephone Operator
Console is illustrated in FIG. 8. The console of FIG. 8
includes, for example, 100 small buttons and 100 LED
indicators. The console of FIG. 8 allows the user (usually an
operator) to monitor the status of up to 100 extensions. A
smaller, alternative accessory console embodiment may, for
example, support up to 20 extensions. LEDs are individually
associated with each button and each extension. An “on”
LED indicates that the line is busy. The operator may
transfer a call directly by pressing the button associated with
the extension, while a current call is connected. The calling
party will then be connected to the extension. The console
accessory of FIG. 8 is an example of a device that generally
needs more power than 0.5 Watts.

[0063] FIG. 8 shows an internal block diagram of an
operator console accessory. The console of FIG. 8 is con-
trolled via a microprocessor 124. The microprocessor 124 is
connected to a data and address bus 134, which is used to
control and access all of the keys and switches. The micro-
processor 124 connects with the USB Interfaces 123. One of
the USB Interfaces 123 is used for “Upstream” communi-
cations, to the base unit, and another one is used for
“Downstream” communications, to additional accessories.
Both USB interfaces have power conditioning circuits 122,
whose operation has been described above in connection
with FIG. 7(b). The circuits 122 allow the accessory to
derive additional power over the USB interface, with no
additional cables or connectors.

[0064] The microprocessor 124 also connects to output
latches 128 and input latches 129 to enable the unit to read
the status of all the buttons. The key switch matrix 130 is
read by enabling rows of switches, via output latches 126,
and reading the rows with the input latches 129. The
indicators 131 are operated by setting the corresponding bits
in the output latches 132. For the operator console, there is
one bit for each LED indicator. An optional text display 133
is also connected to the data and address Bus 134. The text
display 133 is used to present operator-specific messages to
an operator. The design and architecture of the operator
console FIG. 8 is further illustrative of other possible
accessory designs.

[0065] FIG. 9 illustrates the disclosed LAN telephone’s
system for automatic registration with a LAN switch and a
call agent. The disclosed system allows the LAN telephone
to be moved from one LAN circuit cable or switch port to
another, without changing the switch configuration. The
disclosed system works by recognizing the specific LAN
telephone’s serial number, using that serial number to link to
a database, and then “learning” the path to the LAN tele-
phone. This process is performed in the call agent and in the
LAN Telephone itself. In FIG. 9(@) is shown the set-up
process to ready the LAN Telephone for regular use. The
process shown in FIG. 9(a) may be initiated at any time by
a “hard” reset of the device. This reset may be accomplished
by pressing a partially concealed reset button on the bottom
of the telephone base unit 6. FIG. 9(a) shows a software
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flowchart of the telephone configuration procedure. The
telephone enters the procedure via a hard reset 140. Upon
receiving the reset 140, the telephone executes an initializa-
tion and self-test program at step 141. During the initializa-
tion and self-test program, all of the latches and interfaces of
the device are reset and properly configured. Also, the
microprocessor 74, and memories 56, 57 and 58 are tested,
along with the DSP 75. If the initialization and self-test
performed at step 141 complete successfully, then the LAN
telephone will display the current revision level of the
control program, stored in flash memory 57, along with an
“OK” message, as shown in the power init display 143 of
FIG. 9(a). If the program executed at step 141 does not
complete successfully, then the display will show “Fail”
message, along with some indication as to the nature of the
failure, as shown by the fail display 146 of FIG. 9(a). A fail
determination at step 145 will also cause the telephone to
enter an idle state 144.

[0066] 1If the initialization and self-test program executed
at step 141 is successful, then at step 147 the telephone will
prompt the user with a DHCP (Dynamic Host Configuration
Protocol) query, as shown by the DHCP display 148 in FIG.
9(a). DHCP is often used in LAN IP-based networks to ease
the burden of IP number assignment. The administrator may
then choose DHCP=“Y" or “N”. An input of “Y” will cause
the telephone to prompt the user for DHCP information (not
shown). An “N” response will cause the telephone to prompt
the user to enter the assigned IP number for the LAN
telephone at step 150, and as illustrated in the instrument IP
entry display 151. When this process is complete, at step
152, the telephone will prompt the user for the Server IP
number, as illustrated by the server IP entry display 153.
This number is the IP address of the call agent server, to
which the LAN telephone will direct and accept call
requests. When the server IP number is entered, then the
“Hard Initialization” phase is ended at step 154.

[0067] FIG. 9(b) shows the series of steps, and associated
displays, by which the disclosed LAN telephone identifies
itself to a call agent. The process of FIG. 9(b) is entered
either via the successtful completion of a hard init 160, or via
a power-on reset 161. In the case of a power-on reset 161,
the LAN telephone has just been connected to the LAN
network, or the system power has just been restored, after a
complete power failure. When a user moves a telephone
from one location to another, the power-on reset 161 is
activated. The first step is to complete an initialization and
self-test at step 162, which is essentially the same as
performed at step 141 of FIG. 9(a) for the hard reset 140. An
initial display is provided at step 163, as illustrated by init
display 164. This has the same result as before. If the LAN
telephone does not fail initialization and self test, as deter-
mined at step 166, then the network registration process
begins. Otherwise, if the LAN telephone does fail initial-
ization and self test, then an idle state 165 is entered.

[0068] The LLAN telephone checks to see if it is configured
for DHCP operation at step 168. As it is generally known,
DHCP (Dynamic Host Configuration Protocol) is a protocol
that lets network administrators manage centrally and auto-
mate the assignment of Internet Protocol (IP) addresses in an
organization’s network. If the LAN telephone is configured
for DHCP operation, then the telephone must access an IP
address from the DHCP Server at step 167, so that it can
begin the logon process. If the telephone already has its IP
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address assigned, then it proceeds directly to logon step 170.
During the logon process performed at step 170, the tele-
phone displays the state and success status of the process as
illustrated by logon display 171. First, a logon message is
sent to the call agent at step 170, at the call agent’s assigned
IP address. The telephone determines at step 174 whether a
positive response is received from the call agent. If the
telephone does not receive a positive response, then it waits
a delay of random length at step 169, and returns to step 170.
This process will repeat for a limited number of times, in this
case, ten times. At step 173, the telephone determines
whether the logon has been attempted the maximum number
of times permitted before a failure is reported. If the logon
attempt is unsuccessful then the telephone displays a logon
failure display 175 and enters an idle state. If the logon
attempt succeeds, then the telephone enters the “Ready”
state at step 176, and displays the normal ready display 177,
which typically contains the date and time. The telephone is
now ready to make and receive calls.

[0069] The call agent program maintains a database,
which contains a number of user records, each of which is
keyed to the serial number of a LAN telephone. One of the
user records in the database is keyed to the serial number of
the illustrative LAN telephone whose operation is described
in connection with the steps shown in FIG. 9(b). When the
logon request is sent at step 170 of FIG. 9(b), the serial
number of the LAN telephone is included in the request, and
allows the call agent to determine a user name that is
associated with the serial number in the database, accord-
ingly identify the telephone user and call parameters. Such
call parameters may, for example, include an associated
telephone number, user name, Ethernet MAC (Media Access
Control) address, serial number, and/or IP (Internet Proto-
col) address. By referencing the user name with the serial
number, the disclosed system makes it possible to conduct a
logon of a LAN phone from anywhere in the network, and
as a result adapt the call agent to recognize the extension of
that LAN telephone, regardless of where it is located physi-
cally.

[0070] In order to create the database, an entry field
program automatically assists a system administrator in
configuring the LAN telephone. To initialize a LAN tele-
phone, the administrator runs an initialization program.
Then, when a telephone is hard reset, as in step 140 of FIG.
9(a), the contents of an administrator record from the
database, for that telephone, is displayed on the screen. An
illustrative administrator record 180 is shown in FIG. 9(c).
The contents of database fields for name and extension
number can then be modified or reentered. Subsequently, the
new or modified record, for that telephone instrument, is
ready for use.

[0071] Other database records, which may be useful to an
administrator, may also be provided in an embodiment of the
disclosed system. For example, a specific LAN telephone’s
physical location may be traced, to the office and wall jack,
via a location record, such as the illustrative location record
181 of FIG. 9(d). The Location Record 181 displays the
location of every LAN telephone, within a network served
by a call agent.

[0072] In an illustrative embodiment, the disclosed LAN
Telephone may include the ability to accept a new control
program. This capability is import to allow for future
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upgrades to the telephone instrument’s functions. The
upgrade is accomplished by sending a new object program
code image to each telephone instrument. Such a change in
program code must be accomplished with a trusted proce-
dure. Otherwise, the telephone could loose its ability to
receive new code, and could further be rendered inoperable.
The disclosed LAN telephone may accomplish such a code
change by segregating the code into three pieces. For
example, a first piece including modules referred to as Init
and Com Load may be stored in the ROM 56. These
modules are highly tested, designed to support the hardware
initialization, and to reliably down load a new control
program a call agent. During a code update, the actual
control program for the LAN telephone may be temporarily
stored, one segment at a time, within the RAM 58, as it is
received. Each segment is then loaded into the Flash
Memory 57. The control program is then entered, after the
initialization sequence is completed, as described above in
connection with FIG. 9(b). By storing the Init and Com
Load modules in ROM 56, and placing only the control
program in Flash Memory 57, no failure of the program load
process can prevent the LAN Telephone from retrying the
program load. In this way, no failure will permanently
disable the LLAN Telephone.

[0073] A flow chart of steps performed by an illustrative
embodiment of the disclosed LAN Telephone during a
control program update is illustrated in FIG. 10. The process
of FIG. 10 is entered from a ready state 190. The process is
initiated by receipt of an update command at step 191. The
update command is sent by the call agent, which may reside
on a network telephony server. The control program object
code to be provided to the LAN telephone during the update
may be stored on the network telephony server. When an
operator desires to update the LAN telephones on the
network, the operator initiates an update command from a
network administration program. The call agent then sends
an update command at step 191 to each LAN telephone
within the network in turn. For example, the call agent may
complete the update process for each individual LAN tele-
phone before moving on to the next LAN telephone. In this
way all of the LAN telephones in the network can be
updated, automatically. The update process can be sched-
uled, so that the update is performed in an off hour.

[0074] The LAN Telephone then authenticates the update
command at step 192. The LAN telephone may use an
encrypted signature system to provide authentication of both
the update command and subsequent data messages. Such
authentication may be performed using a conventional
authentication technique. Further in step 192, after authen-
tication, the LAN Telephone send a response 192 indicating
its readiness to receive the new code image. The call agent,
in conjunction with the network administration program,
then begins transmitting the update image, which is received
at step 193. At this time, the entire load process is conducted
under the control of control code located in the LAN
telephone ROM 56. The load may be performed using IP
TCP packet checking, and with a final, complete error check,
using a standard CRC (Cyclic Redundancy Check) error
checking system at step 195. If the new program image is
received correctly, as determined at step 196, then the new
control program will complete its load of the flash memory
57 at step 197. Otherwise, an update fail message is trans-
mitted at step 194. In the case of a successful load, the LAN
telephone returns an update acknowledge message at step
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198, and returns to the ready state at step 200. As the LAN
telephone enters the Ready state at step 200, it will be using
the new control program. As the system administrator
receives the acknowledgement that the new control program
is ready, the system administrator logs the updated LAN
Telephone as including its new control program revision,
and then moves on to updating the next LAN Telephone
scheduled for updating. If an error is detected during the
final error check at step 195, and the LAN Telephone send
the update fail message at step 194, the LAN telephone may
then retry the update process. Successful completion of the
update process will result in an “OK” revision message in
the instrument display, as shown by the update OK display
199. While the LAN Telephone is undergoing an update, the
update program display 201 is displayed on the instrument’s
status display 3.

[0075] The disclosed LAN Telephone is also capable of
supporting a variety of audio accessories. Such accessories
may be connected to the LAN Telephone base unit 6 via the
enhanced USB system, as disclosed herein. One useful audio
accessory is an external speakerphone. Many office tele-
phones feature a “hands-free” built-in speakerphone. The
disclosed LAN Telephone may include such a feature as
well. However, because of the placement of the telephone on
a user’s desk, the effectiveness of built-in speakerphones
may be limited. Often, a user’s telephone is located behind,
or to the side of their work surface. As a result, the ability
of an internal speakerphone to pickup voices from the other
side of the desk is limited. The external speakerphone
described herein solves this problem.

[0076] An illustrative embodiment of the disclosed exter-
nal speakerphone 210 is shown in FIG. 11. The speaker-
phone 210 is shown as a pod connected to the base unit 6
(FIG. 1), via an accessory cable 217, through an accessory
connector 4 (FIG. 1). As a result of the disclosed modifi-
cations to the USB interface described herein, the external
speakerphone 210 can derive all of its power, audio, and
control signals from the LAN Telephone base unit 6 (FIG.
1). Thus, the external speakerphone 210 may be placed on
the main portion of a user’s desk, even between the user and
any visitors that may be sitting on the other side of the user’s
desk. Through its connection to the LAN Telephone, the
external speakerphone 210 is able to operate in connection
with any call that is active on the LAN Telephone.

[0077] The external speakerphone 210 includes two
microphone arrays 211 and 214, located on each side of the
pod. The microphone arrays 211 and 214 are used to receive
voice audio from the primary telephone user, as well as from
visitors to the primary telephone user’s office. The micro-
phone arrays 211 and 214, as well as the top microphones
212, enable to the LAN Telephone to discriminate and reject
voices and noise from other locations in the office. The
external speakerphone 210 also includes a speaker 212,
which is used to output voice audio received from the distant
party of the telephone connection. Also provided in the
speakerphone 210 are a mute button 213, mute indicator
215, on-off button 218, and on-off indicator 219, which aid
in operating the device.

[0078] An internal block diagram of an illustrative
embodiment of the external speakerphone 210 is shown in
FIG. 12. The system of FIG. 12 is shown including a
microprocessor 232, which controls an address and data bus
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238. Attached to the microprocessor 232, via the bus 238,
are a number of serial “USB” interface circuits 223. The
circuit(s) 223 is used to communicate digital audio along
with command and status information to the microprocessor
232. In some embodiments of the disclosed speakerphone
accessory, two or more USB interfaces may be employed,
for the attachment of other accessories. The microprocessor
232 also makes use of ROM 224, flash memory 225, and
RAM 226. For example, initialization and update routines
may be stored in ROM 224, the control program for the
microprocessor and DSP 231 may be stored in the flash
memory 225, and the variables and buffers may be stored in
the RAM 226. The microprocessor 232 also controls the
indicators 230 via output latches 229, and receives input
from buttons 227 via the input latch 228. Finally, the
microprocessor 232 controls the DSP 231 via a dual-port
RAM that is internal to the DSP 231. In this way, the
microprocessor 232 is able to load the DSP 231 prior to the
beginning of operation. The DSP 231 provides the interface
for the microphones 235, 236, and 238, as well as to the
speaker 237. This interface is achieved through Analog to
Digital (A to D) and Digital to Analog (D to A) converters
233. The converters 233 provide the transition between the
buffered analog signals and the digital samples of those
signals needed by the DSP 231. The signal conditioners 234
adapt the analog signals to and from the transducers 235,
236 and 238, in order to provide levels appropriate for the
converters 233.

[0079] The DSP 231 executes a program that performs
acoustic echo cancellation, as needed by the telephone
network. The DSP 231 supports audio input and output. The
DSP 231 performs two mathematical functions. First, the
DSP 231 performs a directional algorithm, referred to as
“beam-steering”, for noise reduction and isolation, which
operates to suppress any “off-axis” acoustic signals. Second,
the DSP 231 performs a subtraction of received audio. The
received audio that is subtracted consists of the audio
received by the accessory that is output of the speakers of the
accessory. The received audio is subtracted from the input
signal obtained from the microphones 235, 236 and 238. The
object of this acoustic echo canceling algorithm is to elimi-
nate acoustic coupling, coming through the air from the
speaker, from the audio signal that is transmitted to the
distant end.

[0080] A beam-steering technique is provided to suppress
all acoustic wave fronts that are not coming directly from in
front or behind the speakerphone 246 as shown in FIG. 13.
FIG. 13 illustrates the disclosed technique, which operates
to accentuate audio within the audio signal received through
the various microphones of the device that is received from
predetermined “on-axis” sources. The disclosed technique
for suppressing off-axis audio signals received from the
microphones of the device further operates to assist in
beam-nulling with respect to attenuating the audio signal
output from the speaker of the device, based on the direc-
tionality of the output of the speaker.

[0081] The digital sample signals are processed by the
DSP 231 such that the delays between the two paths to the
microphone arrays are used to subtract out signals that
originate from off-axis sources. This is the case with paths
“a” and “b” from the off-axis person 240 in FIG. 12. Such
a delay does not exist between paths “c” and “d” from the
centered person 244. The delays for paths “a” and “b” may,
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for example, be in the range of fractions of milliseconds in
length. Through this technique, the audio from off-axis
person 240 can be effectively suppressed, relative to the
audio from the centered person 244. The top microphone
242 can also be used to help center the “beam™ of greatest
microphone sensitivity, so that the height of the audio
sources is also considered. In this way, the top microphone
242 can be used to suppress audio signals that are not
centered around a predetermined source height. In this way,
two zones of maximum sensitivity are centered on either
side of the speakerphone accessory 246. As further shown in
FIG. 13, off-axis voice signals may be detected by either of
the front microphone array 241 or the rear microphone array
245. Audio components determined to be “on-axis” may
further be added to the received audio signal in order to
emphasize audio from on-axis sources. Also in FIG. 13, a
speaker 243 is shown for outputting audio signals from the
speakerphone 246.

[0082] The subtraction of the audio signal output through
the speakers from the input audio signal received through
the various microphones of the speakerphone accessory may
be performed via an algorithm that includes an adaptation
aspect which factors in the physical layout of the room or
operating environment in which the speakerphone accessory
located. Such an adaptation process may operate to output a
known signal in order to determine all necessary parameters
related to the physical characteristics of the room or other
operating environment. This audio adaptation may, for
example, include dividing up the received audio from the
distant phone into frequency bands and then each octave is
processed separately. The objective is to select a subtraction
factor that minimizes the presence of known input audio in
the transmitted signal. Conventional algorithms of this type
are well known, for example making use of Fourier trans-
forms to characterize the office and user acoustic environ-
ment.

[0083] While the illustrative embodiments of the disclosed
speakerphone accessory shown in FIGS. 11 and 13 have
two opposing sides at which users are expected to be
positioned, the disclosed speakerphone accessory is not
limited to such a configuration. Accordingly, those skilled in
the art will recognize that the beam-nulling and beam-
steering aspects of the disclosed system may be applied to
one or more sides of a speakerphone accessory, and that the
speakerphone accessory itself may be embodied in a variety
of specific shapes.

[0084] Those skilled in the art should readily appreciate
that various functions of the invention may be embodied
using software or hardware components, or a combination of
software of hardware components. Moreover, while the
invention is described through the above exemplary embodi-
ments, it will be understood by those of ordinary skill in the
art that modifications to and variations of the illustrated
embodiments may be made without departing from the
inventive concepts herein disclosed. Accordingly, the inven-
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tion should not be viewed as limited except by the scope and
spirit of the appended claims.

What is claimed is:
1. A speakerphone accessory, comprising:

a first microphone array, said first microphone array
including a left hand side microphone and a right hand
side microphone;

a delay measurement subsystem, wherein said delay mea-
surement subsystem is operable to determine a delay
between a time at which an audio signal is received at
said left hand side microphone and a time at which said
audio signal is received a said right hand side micro-
phone; and

an off-axis audio signal suppression subsystem, wherein
said off-axis audio signal suppression subsystem is
operable to suppress said audio signal in the event said
delay is larger than a predetermined threshold.

2. The speakerphone accessory of claim 1, wherein said
off-axis audio signal suppression subsystem is operable to
suppress said audio signal by subtracting said audio signal
from a received audio signal.

3. The speakerphone accessory of claim 1, further com-
prising:

a center microphone;

wherein said delay measurement subsystem is further
operable to determine a second delay between said time
at which said audio signal is received by said left
microphone and a time at which said audio signal is
received by said center microphone; and

wherein said off-axis audio suppression subsystem is
further operable to suppress said audio signal in the
event that said second delay is at least as large as a
second predetermined threshold.
4. The speakerphone accessory of claim 3, further com-
prising:

wherein said delay measurement subsystem is further
operable to determine a third delay between said time
at which said audio signal is received by said right
microphone and said time at which said audio signal is
received by said center microphone; and

wherein said off-axis audio suppression subsystem is
further operable to suppress said audio signal in the
event that said third delay is at least as large as a third
predetermined threshold.

5. The speakerphone accessory of claim 1, wherein said
delay measurement subsystem comprises a digital signal
Processor.

6. The speakerphone accessory of claim 1, wherein said
off-axis audio signal suppression subsystem comprises a
digital signal processor.
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