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Description

TECHNICAL FIELD OF THE INVENTION

[0001] The present invention relates in general to telecommunications systems, and in particular to call management
in a wireless telecommunications system.

BACKGROUND OF THE INVENTION

[0002] A wireless telecommunications system has been proposed with a central terminal, or station, arranged to
communicate via wireless links with a plurality of subscriber terminals, or stations, at subscriber locations to implement
a wireless telephony system. The system is intended to be used with fixed subscriber locations rather than the more
familiar mobile cellular telephone systems.
[0003] The system finds a wide variety of possible applications, for example in rural, remote, or sparsely populated
areas where the cost of laying permanent wire or optical networks would be too expensive, in heavily built-up areas
where conventional wired systems are at full capacity or the cost of laying such systems would involve too much
interruption to the existing infrastructure or be too expensive, and so on.
[0004] The central terminal is connected to a telephone network and exists to relay messages from subscribers in
the cell controlled by the central station to the telephone network, and vice versa. In a typical arrangement, a central
terminal may have a plurality of modems for supporting a plurality of subscriber links to subscriber terminals. Each
subscriber terminal may be able to support more than one line, and so the number of lines supported may be greater
than the number of links.
[0005] Typically, a plurality of modems at the central terminal may share one connection to the exchange through
which all calls to and from subscriber terminals supported by those modems pass. These calls are sent over this single
connection in blocks called frames, a frame consisting of a number of timeslots. The exchange will place a call for a
particular subscriber terminal on a particular timeslot, so that call information destined for a particular subscriber ter-
minal can be extracted by the central terminal and passed to the appropriate modem for sending over a wireless link
to that subscriber terminal. Hence, the central terminal performs fixed timeslot mapping to map calls from particular
timeslots in the exchange - central terminal connection to particular wireless links to subscriber terminals, and vice
versa, thereby routing calls between the subscriber terminals and the exchange.
[0006] Thus, it will be apparent that the central terminal currently has little flexibility in the way it manages calls.
[0007] WO-A-95/26092 describes a call processing system employing object-oriented programming techniques to
provide multi-media call processing services.

SUMMARY OF THE INVENTION

[0008] Viewed from a first aspect, the present invention provides a central terminal for managing calls between a
telephone exchange connectable to the central terminal and a plurality of subscriber terminals, the central terminal
being arranged to communicate with the subscriber terminals via wireless links, and the central terminal comprising:
a call manager for receiving a call from the telephone exchange or from subscriber terminals, and for generating a call
instance to represent said call, the call instance having a plurality of attribute fields to store attributes defining the call,
at least one attribute being provided by the call; and a storage arranged to store a matrix of interrelated data elements,
accessible by the call instance, for enabling other attributes of the call to be determined from said at least one attribute
provided by the call, the call instance being arranged to store these other attributes within the appropriate attribute
fields of the call instance.
[0009] The present invention provides the central terminal with far more flexibility in the way it manages calls, since
the central terminal is no longer restricted to performing fixed mapping.
[0010] The present invention will be particularly advantageous when wireless telecommunications systems are used
to handle more advanced telephony features such as ISDN (Integrated Services Digital Network), since then the flex-
ibility provided by the present invention is particularly beneficial. For example, ISDN calls may include phone number
information which a system in accordance with preferred embodiments of the present invention will be able to use to
manage the call without needing to perform any fixed timeslot mapping.
[0011] ISDN services are being made available in wired telephony systems, and typically in such wired systems, the
multiplexors positioned between the exchange and subscribers maintain a fixed timeslot mapping, with the ISDN pro-
tocols being used on the single connection between the exchange and the multiplexor. The present invention takes a
different approach, since rather than leaving the central terminal merely to perform fixed timeslot mapping, the central
terminal is instead provided with a call manager and a matrix of interrelated data elements to enable it to be far more
flexible in its management of calls, so as to allow the central terminal to make use of certain information which may
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accompany more advanced telephony communications such as those using ISDN.
[0012] Preferably, the central terminal further comprises a call list record accessible by the call manager, for con-
taining a pointer to each call instance created by the call manager.
[0013] In preferred embodiments, each subscriber terminal is arranged to support one or more lines to subscriber
telecommunications equipment, and said matrix of interrelated data elements includes a phone number list associating
phone numbers for said subscriber telecommunications equipment with the lines to said subscriber telecommunications
equipment.
[0014] By providing a phone number list within the central terminal, associating phone numbers for said subscriber
telecommunications equipment with particular lines, the central terminal is provided with more knowledge about the
subscriber terminals and telecommunications equipment that it supports. The central terminal can use this phone
number list to handle calls without utilising fixed timeslot mapping. Hence, assuming the exchange has the ability to
include within a call directed to the central terminal information identifying the phone number to which the call is directed,
the central terminal will be able to use the phone number list to determine which line should be use for transmitting the
call. Thus, irrespective of which time slot the call arrives at the central terminal on, the central terminal can correctly
route the call.
[0015] The phone list may be arranged such that a single phone number may be associated with one or more of
said lines. Further, one of said lines may be associated with one or more phone numbers. This feature will be useful
for bureaus and switchboards, but may also be used in situations where a number of people share a house, since in
that instance each person can have his/her own phone number without needing to have separate lines.
[0016] In preferred embodiments, the central terminal further comprises: comparison logic, responsive to the call
manager receiving a call from a subscriber terminal connected to the central terminal, for comparing a destination
phone number contained within the call with the phone numbers maintained in the phone number list; and routing
means, responsive to a match by the comparison logic, to route the call directly to the subscriber terminal to which the
telecommunications equipment corresponding to the destination phone number is connected.
[0017] Hence, if a call is received at the central terminal from a subscriber terminal which includes information iden-
tifying the phone number to which the call is directed, then this phone number information can be compared with the
phone numbers in the phone number list held within the central terminal. If the phone number matches one of the
numbers in the phone number list, then this indicates that the telecommunications equipment to which the call is directed
is connected to another of the subscriber terminals supported by the central terminal. In this instance, the call can be
routed directly by the central terminal without passing the call via the telephone exchange.
[0018] In preferred embodiments, the matrix of interrelated data elements includes a line list data element arranged
to include a list of pointers to particular line data elements, each line data element identifying a line to subscriber
telecommunications equipment. Each line data element can include supplementary service details specific to the line,
such as whether incoming calls or outgoing calls are barred, whether 'Advice of Charge' (AOC) service has been
selected, etc. This means that such services can now be specified on a per subscriber basis. Previously, this was not
possible and instead such services would be specified for particular stacks of subscribers at the exchange.
[0019] In preferred embodiments, the phone number list includes, for each phone number in the list, a pointer to the
line list data element that includes pointers to said line data elements that identify suitable lines to be used to direct a
call to the subscriber telecommunications equipment having that phone number.
[0020] Typically, calls to and from the exchange are sent in time slots over a connection between the exchange and
the central terminal, and in preferred embodiments of the present invention, the matrix of interrelated data elements
includes a channel map for mapping each time slot to a line for a subscriber terminal.
[0021] Further, the matrix of interrelated data elements preferably includes a Digital Subscriber Loop (DSL) data
element for each connection resource, whether wired or wireless, available to the central terminal to route calls, the
DSL data element including a pointer to a line list data element arranged to include a list of pointers to particular line
data elements, each line data element identifying a line to subscriber telecommunications equipment.
[0022] In preferred embodiments, object oriented programming (OOP) objects are employed as the data elements
forming the matrix of data elements. However, it will be apparent to those skilled in the art that the use of OOP objects
is not essential, and any other appropriate way of representing the data elements may be used.
[0023] Viewed from a second aspect, the present invention provides a call management element for a central terminal
to arrange the central terminal to manage calls between a telephone exchange connectable to the central terminal and
a plurality of subscriber terminals, the central terminal being arranged to communicate with the subscriber terminals
via wireless links, and call management element comprising: a call manager for receiving a call from the telephone
exchange or from subscriber terminals, and for generating a call instance to represent said call, the call instance having
a plurality of attribute fields to store attributes defining the call, at least one attribute being provided by the call; and a
matrix of interrelated data elements, accessible by the call instance, for enabling other attributes of the call to be
determined from said at least one attribute provided by the call, the call instance being arranged to store these other
attributes within the appropriate attribute fields of the call instance.
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[0024] Viewed from a third aspect, the present invention provides a method of operating a central terminal to manage
calls between a telephone exchange connectable to the central terminal and a plurality of subscriber terminals, the
central terminal being arranged to communicate with the subscriber terminals via wireless links, and the method com-
prising: upon receipt of a call from the telephone exchange or from subscriber terminals, generating a call instance to
represent said call, the call instance having a plurality of attribute fields to store attributes defining the call, at least one
attribute being provided by the call; accessing a storage containing a matrix of interrelated data elements; using said
matrix of interrelated data elements to determine other attributes of the call from said at least one attribute provided
by the call, the call instance being arranged to store these other attributes within the appropriate attribute fields of the
call instance.
[0025] Viewed from a fourth aspect, the present invention provides a computer program product comprising a com-
puter program operable to control a central terminal to manage calls between a telephone exchange connectable to
the central terminal and a plurality of subscriber terminals in accordance with the method of the third aspect of the
present invention.

BRIEF DESCRIPTION OF THE DRAWINGS

[0026] An embodiment of the invention will be described hereinafter, by way of example only, with reference to the
accompanying drawings in which like reference signs are used for like features and in which:

Figure 1 is a schematic overview of an example of a wireless telecommunications system in which an example of
the present invention is included;
Figure 2 is a schematic representation of a customer premises;
Figures 2A and 2B are schematic illustrations of an example of a subscriber terminal of the telecommunications
system of Figure 1;
Figure 3 is a schematic illustration of an example of a central terminal of the telecommunications system of Figure 1;
Figure 3A is a schematic illustration of a modem shelf of a central terminal of the telecommunications system of
Figure 1;
Figure 4 is an illustration of an example of a frequency plan for the telecommunications system of Figure 1;
Figures 5A and 5B are schematic diagrams illustrating possible configurations for cells for the telecommunications
system of Figure 1;
Figure 6 is a schematic diagram illustrating in more detail the configuration of the modem shelf of Figure 3A;
Figure 7 is a schematic block diagram illustrating control protocols for the telecommunication system of Figure 1;
Figure 8 is a block diagram illustrating some of the elements of the central terminal used to manage calls between
subscriber terminals and the exchange;
Figure 9 is a diagram illustrating how the various software elements within the central terminal that are used to
manage calls interact with one another;
Figure 10 is a diagram illustrating how the various software elements within the central terminal are used to manage
a call from the exchange to a subscriber terminal in a situation where the phone number of the subscriber is not
provided by the exchange;
Figure 11 is a diagram illustrating how the various software elements within the central terminal are used to manage
a call from the exchange to a subscriber terminal in a situation where the phone number of the subscriber is
provided by the exchange;
Figure 12 is a diagram illustrating how the various software elements within the central terminal are used to manage
a call from a subscriber terminal to the exchange;
Figure 13 illustrates how a call instance is used to store information which can be used to establish a call log in
accordance with preferred embodiments of the present invention; and
Figure 14 illustrates how a call instance is used to store information which can be used to establish a call log in
accordance with preferred embodiments of the present invention.

DESCRIPTION OF A PREFERRED EMBODIMENT

[0027] Figure 1 is a schematic overview of an example of a wireless telecommunications system. The telecommu-
nications system includes one or more service areas 12, 14 and 16, each of which is served by a respective central
terminal (CT) 10 which establishes a radio link with subscriber terminals (ST) 20 within the area concerned. The area
which is covered by a central terminal 10 can vary. For example, in a rural area with a low density of subscribers, a
service area 12 could cover an area with a radius of 15-20Km. A service area 14 in an urban environment where is
there is a high density of subscriber terminals 20 might only cover an area with a radius of the order of 100m. In a
suburban area with an intermediate density of subscriber terminals, a service area 16 might cover an area with a radius
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of the order of 1Km. It will be appreciated that the area covered by a particular central terminal 10 can be chosen to
suit the local requirements of expected or actual subscriber density, local geographic considerations, etc, and is not
limited to the examples illustrated in Figure 1. Moreover, the coverage need not be, and typically will not be circular in
extent due to antenna design considerations, geographical factors, buildings and so on, which will affect the distribution
of transmitted signals.
[0028] The central terminals 10 for respective service areas 12, 14, 16 can be connected to each other by means
of links 13, 15 and 17 which interface, for example, with a public switched telephone network (PSTN) 18. The links
can include conventional telecommunications technology using copper wires, optical fibres, satellites, microwaves, etc.
[0029] The wireless telecommunications system of Figure 1 is based on providing fixed microwave links between
subscriber terminals 20 at fixed locations within a service area (e.g., 12, 14, 16) and the central terminal 10 for that
service area. In a preferred embodiment each subscriber terminal 20 is provided with a permanent fixed access link
to its central terminal 10. However, in alternative embodiments demand-based access could be provided, so that the
number of subscribers which can be serviced exceeds the number of telecommunications links which can currently be
active.
[0030] Figure 2 includes a schematic representation of customer premises 22. Figures 2A and 2B illustrate an ex-
ample of a configuration for a subscriber terminal 20 for the telecommunications system of Figure 1. A customer radio
unit (CRU) 24 is mounted on the customer's premises. The customer radio unit 24 includes a flat panel antenna or the
like 23. The customer radio unit is mounted at a location on the customer's premises, or on a mast, etc., and in an
orientation such that the flat panel antenna 23 within the customer radio unit 24 faces in the direction 26 of the central
terminal 10 for the service area in which the customer radio unit 24 is located.
[0031] The customer radio unit 24 is connected via a drop line 28 to a power supply unit (PSU) 30 within the customer's
premises. The power supply unit 30 is connected to the local power supply for providing power to the customer radio
unit 24 and a network terminal unit (NTU) 32. The customer radio unit 24 is also connected to via the power supply
unit 30 to the network terminal unit 32, which in turn is connected to telecommunications equipment in the customer's
premises, for example to one or more telephones 34, facsimile machines 36 and computers 38. The telecommunica-
tions equipment is represented as being within a single customer's premises. However, this need not be the case, as
the subscriber terminal 20 preferably supports either a single or a dual line, so that two subscriber lines could be
supported by a single subscriber terminal 20. The subscriber terminal 20 can also be arranged to support analogue
and digital telecommunications, for example analogue communications at 16, 32 or 64kbits/sec or digital communica-
tions in accordance with the ISDN BRA standard.
[0032] Figure 3 is a schematic illustration of an example of a central terminal of the telecommunications system of
Figure 1. The common equipment rack 40 comprises a number of equipment shelves 42, 44, 46, including a RF Com-
biner and power amp shelf (RFC) 42, a Power Supply shelf (PS) 44 and a number of (in this example four) Modem
Shelves (MS) 46. The RF combiner shelf 42 allows the four modem shelves 46 to operate in parallel. It combines and
amplifies the power of four transmit signals, each from a respective one of the four modem shelves, and amplifies and
splits received signals four way so that separate signals may be passed to the respective modem shelves. The power
supply shelf 44 provides a connection to the local power supply and fusing for the various components in the common
equipment rack 40. A bidirectional connection extends between the RF combiner shelf 42 and the main central terminal
antenna 52, typically an omnidirectional antenna, mounted on a central terminal mast 50.
[0033] This example of a central terminal 10 is connected via a point-to-point microwave link to a location where an
interface to the public switched telephone network 18, shown schematically in Figure 1, is made. As mentioned above,
other types of connections (e.g., copper wires or optical fibres) can be used to link the central terminal 10 to the public
switched telephone network 18. In this example the modem shelves are connected via lines 47 to a microwave terminal
(MT) 48. A microwave link 49 extends from the microwave terminal 48 to a point-to-point microwave antenna 54 mount-
ed on the mast 50 for a host connection to the public switched telephone network 18.
[0034] A personal computer, workstation or the like can be provided as a site controller (SC) 56 for supporting the
central terminal 10. The site controller 56 can be connected to each modem shelf of the central terminal 10 via, for
example, RS232 connections 55. The site controller 56 can then provide support functions such as the localisation of
faults, alarms and status and the configuring of the central terminal 10. A site controller 56 will typically support a single
central terminal 10, although a plurality of site controllers 56 could be networked for supporting a plurality of central
terminals 10.
[0035] As an alternative to the RS232 connections 55, which extend to a site controller 56, data connections such
as an X.25 links 57 (shown with dashed lines in Figure 3) could instead be provided from a pad 228 to a switching
node 60 of an element manager (EM) 58. An element manager 58 can support a number of distributed central terminals
10 connected by respective connections to the switching node 60. The element manager 58 enables a potentially large
number (e.g., up to, or more than 1000) of central terminals 10 to be integrated into a management network. The
element manager 58 is based around a powerful workstation 62 and can include a number of computer terminals 64
for network engineers and control personnel.
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[0036] Figure 3A illustrates various parts of a modem shelf 46. A transmit/receive RF unit (RFU - for example imple-
mented on a card in the modem shelf) 66 generates the modulated transmit RF signals at medium power levels and
recovers and amplifies the baseband RF signals for the subscriber terminals. The RF unit 66 is connected to an ana-
logue card (AN) 68 which performs A-D/D-A conversions, baseband filtering and the vector summation of 15 transmitted
signals from the modem cards (MCs) 70. The analogue unit 68 is connected to a number of (typically 1-8) modem
cards 70. The modem cards perform the baseband signal processing of the transmit and receive signals to/from the
subscriber terminals 20. This includes 1/2 rate convolution coding and x 16 spreading with Code Division Multiplexed
Access (CDMA) codes on the transmit signals, and synchronisation recovery, de-spreading and error correction on
the receive signals. Each modem card 70 in the present example has two modems, each modem supporting one
subscriber link (or two lines) to a subscriber terminal 20. Thus, with two modems per card and 8 modems per modem
shelf, each modem shelf could support 16 possible subscriber links. However, in order to incorporate redundancy so
that a modem may be substituted in a subscriber link when a fault occurs, only up to 15 subscriber links are preferably
supported by a single modem shelf 46. The 16th modem is then used as a spare which can be switched in if a failure
of one of the other 15 modems occurs. The modem cards 70 are connected to the tributary unit (TU) 74 which terminates
the connection to the host public switched telephone network 18 (e.g., via one of the lines 47) and handles the signalling
of telephony information to, for example, up to 15 subscriber terminals (each via a respective one of 15 of the 16
modems).
[0037] The wireless telecommunications between a central terminal 10 and the subscriber terminals 20 could operate
on various frequencies. Figure 4 illustrates one possible example of the frequencies which could be used. In the present
example, the wireless telecommunication system is intended to operate in the 1.5-2.5GHz Band. In particular the
present example is intended to operate in the Band defined by ITU-R (CCIR) Recommendation F.701 (2025-2110MHz,
2200-2290MHz). Figure 4 illustrates the frequencies used for the uplink from the subscriber terminals 20 to the central
terminal 10 and for the downlink from the central terminal 10 to the subscriber terminals 20. It will be noted that 12
uplink and 12 downlink radio channels of 3.5MHz each are provided centred about 2155MHz. The spacing between
the receive and transmit channels exceeds the required minimum spacing of 70MHz.
[0038] In the present example, as mentioned above, each modem shelf will support 1 frequency channel (i.e. one
uplink frequency plus the corresponding downlink frequency). Up to 15 subscriber links may be supported on one
frequency channel, as will be explained later. Thus, in the present embodiment, each central terminal 10 can support
60 links, or 120 lines.
[0039] Typically, the radio traffic from a particular central terminal 10 will extend into the area covered by a neigh-
bouring central terminal 10. To avoid, or at least to reduce interference problems caused by adjoining areas, only a
limited number of the available frequencies will be used by any given central terminal 10.
[0040] Figure 5A illustrates one cellular type arrangement of the frequencies to mitigate interference problems be-
tween adjacent central terminals 10. In the arrangement illustrated in Figure 5A, the hatch lines for the cells 76 illustrate
a frequency set (FS) for the cells. By selecting three frequency sets (e.g., where: FS1 = F1, F4, F7, F10; FS2 = F2,
F5, F8, F11; FS3 = F3, F6, F9, F12), and arranging that immediately adjacent cells do not use the same frequency set
(see, for example, the arrangement shown in Figure 5A), it is possible to provide an array of fixed assignment omni-
directional cells where interference between nearby cells can be avoided. The transmitter power of each central terminal
10 is set such that transmissions do not extend as far as the nearest cell which is using the same frequency set. Thus
each central terminal 10 can use the four frequency pairs (for the uplink and downlink, respectively) within its cell, each
modem shelf in the central terminal 10 being associated with a respective RF channel (channel frequency pair).
[0041] With each modem shelf supporting one channel frequency (with 15 subscriber links per channel frequency)
and four modem shelves, each central terminal 10 will support 60 subscriber links (i.e., 120 lines). The 10 cell arrange-
ment in Figure 5A can therefore support up to 600 ISDN links or 1200 analogue lines, for example. Figure 5B illustrates
a cellular type arrangement employing sectored cells to mitigate problems between adjacent central terminals 10. As
with Figure 5A, the different type of hatch lines in Figure 5B illustrate different frequency sets. As in Figure 5A, Figure
5B represents three frequency sets (e.g., where: FS1 = F1, F4, F7, F10; FS2 = F2, F5, F8, F11; FS3 = F3, F6, F9,
F12). However, in Figure 5B the cells are sectored by using a sectored central terminal (SCT) 13 which includes three
central terminals 10, one for each sector S1, S2 and S3, with the transmissions for each of the three central terminals
10 being directed to the appropriate sector among S1, S2 and S3. This enables the number of subscribers per cell to
be increased three fold, while still providing permanent fixed access for each subscriber terminal 20.
[0042] A seven cell repeat pattern is used such that for a cell operating on a given frequency, all six adjacent cells
operating on the same frequency are allowed unique PN codes. This prevents adjacent cells from inadvertently de-
coding data.
[0043] As mentioned above, each channel frequency can support 15 subscriber links. In this example, this is achieved
using by multiplexing signals using a Code Division Multiplexed Access (CDMA) technique. More details on CDMA
encoding/decoding, and on the signal processing stages employed in the subscriber terminals and central terminal to
manage communications between them, can be found in GB-A-2,301,736 (UK Patent application no. 9511546.5), filed
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7 June 1995.
[0044] Figure 6 is a schematic diagram illustrating in more detail the configuration of one of the modem shelves 46.
The shelf controller 72 manages the operation of the whole of the modem shelf and its daughter network sub-elements
(NSEs). The shelf controller (SC) 72 is provided with a RS232 serial port 59 for connection to the server 56 or to the
pad 228. The shelf controller communicates control and data information via a backplane asynchronous bus 212 directly
with the analogue card (AN) 68, the tributary unit card (TU) 74 and the modem cards (MC) 70. Other network sub-
elements are connected via the modem cards. In a fully populated rack there will be four shelf controllers, one on each
modem shelf. These four shelf controllers are configured to share the control of network service elements on other
cards in the rack. The network service elements on the RF combiner shelf 42 are connected to the shelf controller
backplane bus on each of the modem shelves. The shelf controller includes a master communications interface 73 for
performing the communications functions mentioned above and other control functions. Each of the tributary card 74,
the analogue card 68 and each modem card 70 includes a respective slave communications interface 75, 69 and 71,
which manages the communications with the shelf controller 72. The RF card 66 is controlled from the analogue card
68, which is configured to provide the necessary control functions via the control path 222.
[0045] Also shown in Figure 6 are the signal paths from an interface to the public switched telephone network (e.g
via lines 47 in Figure 3) and the interface to an RF combiner shelf 42.
[0046] The tributary unit 74 terminates the connection to the host public switched telephone network and handles
the processing of telephony information for up to 15 subscriber terminals (up to 30 calls). The tributary unit 74 is 'on-
line' in that it directly processes calls. The tributary unit 74 is also connected to a 2Mb/s time-multiplexed (timeslot)
transmit bus 214 and 2Mb/s time-multiplexed (timeslot) receive bus 216 for transmit and receive calls, respectively.
[0047] The modems (1-15) on the modem cards 70 perform baseband signal processing of the transmit and receive
signals including the convolution coding and spreading functions on the transmit signals, and the synchronisation
recovery, de-spreading and error correction functions on the receive signals, as described earlier. Each modem is
connected to the tributary unit 74 via the transmit and receive buses 214 and 216, and to the analogue card 68 via a
dedicated connection 220 to one of a number of ports on the analogue card and via a digital CDMA RCV bus 218.
Each of these dedicated connections includes multiplexed I, Q and control transmit paths.
[0048] The analogue card 68 performs A-D/D-A conversions, baseband filtering and vector summation of the 15
transmit signals from the modem cards. The analogue card 68 also scales the transmit signal power level according
to high or low power levels. It is connected to the modem cards via the dedicated connections 220 and the digital
CDMA RCV bus 218.
[0049] The RF card 66 generates the modulated transmit RF signals (at medium power level) and recovers and
amplifies the baseband RF signal from the subscriber terminals 20. The RF card is 'on-line' in that it passes up to 30
calls simultaneously via the 15 available links, all on the same RF carrier. The RF card is connected to the analogue
card via transmit and receive paths 226 and 224, respectively. The RF card is also connected to power amplifiers of
the RF combiner shelf on the transmit side and to a low noise amplifier on the receive side. The power amplifiers (not
shown) in the RF combiner shelf amplify the medium power output of the RF card 66 to an appropriate transmit power
plus an amount to cover losses during signal combination and in the antenna feeder cable for the transmit signal. The
low noise amplifier (not shown) is a low signal amplifier for overcoming losses in the antenna feeder etc. for the receive
signal. The transmit carrier modulation is performed by the RF card 66 using an 'IQ modulator' at intermediate frequency
and a single conversion to RF. The receive output of the RF card is at baseband in 'IQ' format as per the transmit input
to the RF card.
[0050] Figure 7 is a schematic block diagram illustrating an example of various control protocols used for the trans-
mission of control information between different parts of an example of a telecommunications system in accordance
with the invention. It should be noted that Figure 7 is directed to the control signal paths, and accordingly, the telephone
call signal paths are not included. Many of the features of Figure 7 have already been described above, and in this
case the same reference numerals are used as before. Accordingly, these features will not be described again in detail.
[0051] A first protocol, called the Sub-system Management Processor (SMP) protocol, is used for communications
between the shelf controller 72 and a server 56, or element manager 58, via lines 59 and 55, or 59 and 57, respectively.
The first protocol is a balanced protocol with either party to a communication being able to initiate an exchange of
information. As mentioned above, the shelf controller 72 is provided with an RS232 serial output for connection to a
server 56 or to a pad 228.
[0052] A second protocol, called the Radio Link Termination (RLT) protocol, is used for passing control and data
information via the control 212 and data 213 buses on the modem shelf. In addition, it should be noted that the same
protocol is valid on the radio link 226 between the antenna 52 of the central terminal and the subscriber terminal(s) 20.
[0053] The second protocol is an unbalanced protocol with the microprocessor 73 in the shelf controller 72 acting
as a busmaster (M) and the microcontrollers 69, 71 and 75 on the analogue card 68, the modem cards 70 and the
tributary unit 74 acting as slaves. More details of the first (SMP) and second (RLT) protocols can be found in GB-A-
2,301,751 (UK patent application 9510870.0), filed 2 June 1995, to which the reader is referred for further details.
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[0054] In preferred embodiments of the present invention, the software within the central terminal used to manage
calls is implemented using an object oriented programming (OOP) approach. In the arrangement discussed earlier
with reference to Figures 3, 3A and 6, this software would typically be located within the TU, but it will be apparent to
those skilled in the art that the exact location of the software within the central terminal will depend upon how the central
terminal is arranged.
[0055] Figure 8 is a block diagram illustrating some of the elements of the central terminal used to manage calls
between subscriber terminals and the telephone exchange. In preferred embodiments of the present invention, the
function of the software elements within the tributary unit 74 is to provide an interface between a single 2 Mbits/s
primary rate interface (PRI) ISDN connection 505 and 15 sets of basic rate interface (BRI) ISDN (2B + D, 144 Kbits/
s) connections 525 to subscriber telecommunications equipment. The software is responsible for connecting PRI and
BRI B-channels on call setup, and must also multiplex data between the 15 BRI D-channels and the single PRI D-
channel throughout the duration of a call.
[0056] The shelf controller 72 can communicate with the tributary unit 74 in order to download a phone list 535 and/
or a channel map 545 to the tributary unit 74. The phone list 535 and channel map 545 can be updated from a site
controller 56. A remote application 530 running on the site controller 56 can be used to pass the necessary information
to the shelf controller 72 for subsequently downloading to the tributary unit 74.
[0057] Within the tributary unit 74, signalling stacks 570, 572, 574, 576 and 580, 582, 584, 586 are provided to pass
call control messages to the host application 550. In addition to the call control messages, the signalling stacks may
also pass to the host application 550 supplementary service messages, relating to facilities such as "Advice of Charge"
(AOC), call barring, call forwarding, call redirection, etc. In preferred embodiments, there will be 15 signalling stacks
580, 582, 584, 586 corresponding to the 15 BRI connections. However, for the purpose of clarity, only one such stack
is shown in Figure 8. All of the signalling stacks provide identical function, and the various layers within these stacks
will now be discussed in more detail.
[0058] The layer one task 570 is responsible for the activation and deactivation of the physical link between the
exchange and the bearer channel switch 590 within the tributary unit 74, or in the case of the layer one task 580,
between the subscriber terminal's telecommunications equipment and the layer one task 580 via the modem 510, the
RF link 515 and the subscriber terminal 520. The layer one task 570, 580 communicates with the layer two tasks 572,
582 to activate and deactivate the physical link at the request of the layer two task, and to notify the layer two task
when the physical link is deactivated.
[0059] The layer two task 572, 582 implements a suitable protocol to provide error free, in-sequence transmission
and reception of messages through a "High level Data Link Control" (HDLC) controller connected to the D-channel.
HDLC is an industry standard interface and hence need not be discussed further herein. In preferred embodiments, a
suitable protocol is the LAPD protocol defined in CCITT recommendation Q.921. The primary function of the layer two
task 572, 582 is to provide the layer three task 574, 584 with a method of sending and receiving messages via the D-
channel. In addition, as mentioned above, the layer two task 572, 582 can request that the layer one task 570, 580
physically activates or deactivates the link, and can also receive notifications from the layer one task when the physical
link is deactivated.
[0060] The layer three task 574, 584 communicates with the layer two task 572, 582 to send and receive messages
via the D-channel. It also communicates with the call control layer 576, 586 using basic call control messages and
supplementary service messages. In preferred embodiments, the basic call control messages are those defined by
CCITT recommendation Q.931 (User-Network specification for basic call control), the layer three task 574, 584 imple-
menting the Protocol Control portion of Q.931.
[0061] The call control layer 576, 586 communicates with the host application 550 to pass call control messages
(indications and confirmations of call control events) to the host application. The call control layer 576, 586 receives
requests for call control actions and responses to call control indications from the host application 550. In preferred
embodiments the call control layer 576, 586 can be considered to be the application specific implementation of Q.931,
the call control layer being application specific in that it must have knowledge of available B-channels and their capa-
bilities. The call control layer 576, 586 also communicates with the layer three task 574, 584, preferably using messages
based on Q.931 primitives.
[0062] Having discussed the signalling stacks, the function of the host application 550 will now be discussed in more
detail. The PRI and BRI call control tasks 576, 586 communicate with the host application 550, which in turn commu-
nicates with the bearer channel switch hardware 590 and the shelf controller 72. One of the tasks of the host application
550 will be to initialise and configure the system as directed by the shelf controller 72. In preferred embodiments, the
host application 550 will configure the system under the direction of the shelf controller as follows:

1. The shelf controller 72 will send a "Signalling Configuration" message which specifies the type of signalling
(PSTN, ISDN, etc) required. In preferred embodiments, ISDN signalling will be requested, and a "Signalling Re-
sponse" will be returned to the shelf controller 72 indicating acceptance of the configuration. A number of signalling
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types may be provided to encompass different switch configurations.
2. A number of configuration messages will be sent by the shelf controller to configure the system.
3. A "Signalling Activation" message will be sent by the shelf controller 72 to place the tributary unit 74 into service
and enable signalling procedures on all configured lines.

[0063] At start up, all Digital Subscriber Loops (DSLs) and B-channels will default to deactivated and signalling will
default to inactive. A Digital Subscriber Loop represents a resource between the central terminal and either the ex-
change or the subscriber terminals. Hence, in the arrangement of the preferred embodiment, there will be one DSL to
represent the PRI connection between the exchange and the central terminal, and 15 DSLs to represent the 15 BRI
connections between the central terminal and the subscriber telecommunications equipment supported by the 15 sub-
scriber terminals. Thus no calls may be made through the system until the above initialisation procedure has been
completed. It should be noted that it is not necessary for all fifteen BRIs to be configured, and any number of DSLs or
B-channels may be left inactive.
[0064] Another task of the host application 550 is to interface to the PRI and BRI call control tasks. Messages are
passed to and received from the call control tasks, and such messages will be translated by the host application 550
into a form acceptable to the peer call control task.
[0065] Further, on call set up and clear down, the host application must connect and disconnect PRI and BRI B-
channels. This is carried out at the request of the host application by the digital bearer channel switch 590, under the
control of an associated Digital Switch Driver (DSD) (not shown in Figure 8).
[0066] Having discussed the signalling stacks and the host application 550 provided within the tributary unit 74, an
overview of how calls are passed between the exchange 500 and the subscriber terminal 520, and vice versa, will now
be provided with reference to Figure 8. When call information is passed from the exchange 500 to the tributary unit 74
over PRI 505, the signalling data is passed over line 506 to the signalling stack 570, 572, 574, 576. Here the signalling
data is converted into a call control message to be passed from the call control task 576 to the host application 550.
[0067] Each time a new call is received at the tributary unit 74 from the exchange 500, a call manager 560 will be
used to establish a call object (to be discussed in more detail later) which will contain attributes identifying how the call
should be routed. As will be discussed in more detail later with reference to Figures 9 to 12, a matrix of interrelated
data elements (in preferred embodiments these data elements being OOP objects), accessible by the call object, are
provided to enable the call object to associate a number of other attributes with at least one attribute provided by the
exchange as part of the call information.
[0068] Each time a message is received by the host from the signalling stack relating to a particular call, the host
application 550 can pass D-channel information via a call control message to the appropriate BRI signalling stack 580,
582, 584, 586, and will also communicate with the bearer channel switch 590 to ensure that the bearer data is switched
to the appropriate BRI B-channel. The D-channel information will be passed from the signalling stack over path 511
and backplane 513 to the corresponding modem 510, and from there on to the subscriber telecommunications equip-
ment via the RF link 515 and subscriber terminal 520.
[0069] In addition, the bearer data will be passed through the bearer channel switch 590 onto the appropriate BRI
B-channel and over paths 512 and backplane 513 to the modem 510. From there, the bearer data will be passed on
to the subscriber telecommunications equipment via the RF link 515 and subscriber terminal 520. The backplane 513
will typically have a number of modems connected to it (in the preferred embodiment there will be 15 modems) and
the bearer channel switch will be used to switch bearer data on to a particular backplane timeslot (the backplane
timeslot being distinct from the timeslots used on the PRI connection between the exchange and the central terminal).
Each modem will receive bearer data off of a particular backplane time slot.
[0070] It will be apparent to those skilled in the art that this flow of call information can pass in either direction, and
hence a subscriber terminal 520 can pass a call to the exchange 500 via the appropriate signalling stacks and the host
application 550.
[0071] Having discussed the general architecture of the system in accordance with the preferred embodiment of the
present invention, the various OOP objects used within the tributary unit 74 to manage calls will now be discussed in
more detail with reference to Figure 9. Figure 9 is a schematic diagram illustrating how the various OOP object instances
created within the TU interact with one another. Within the TU, a call manager object 700 is created in order to manage
the various call objects that will be used to represent calls. Each time a call is received by the TU from either the
telephone network or from a subscriber terminal, the call manager employs a 'Create' method in order to generate a
call object to represent the call. Further, the call manager creates a call list which contains for each call instance
generated by the call manager, a pointer to the call object created.
[0072] Each call object 720 created by the call manager 700 will be responsible for handling all events (signalling
messages sent to the Host) that are specific to that call. Each call object contains a number of attribute fields for storing
attributes specific to the call. These attributes will determine how the call is handled. At least one of the attributes will
be provided within the call information used by the call manager 700 to create the call object 720. However, other
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attributes can be determined by the call object 720 by referring to a matrix of other OOP objects provided within the TU.
[0073] One of these objects to which the call object 720 may refer is a phonelist object 750, the phone list object
being used to store a list of phone numbers for subscriber telecommunications equipment, and to associate those
phone numbers with particular line list objects. A line list object 780 contains a list of pointers to line objects representing
lines that can be used to communicate with the subscriber telecommunications equipment identified by the phone
number. The line OOP object 800 contains various parameters specific to that line, such as a pointer to the Digital
Subscriber Loop (DSL) object 810 with which that line is associated.
[0074] The DSL object 810 represents the resource between the central terminal and both the exchange and the
subscriber terminals. Hence, in the arrangement of the preferred embodiment, there will be one DSL to represent the
PRI connection between the exchange and the central terminal, and 15 DSLs to represent the 15 BRI connections
between the central terminal and the subscriber telecommunications equipment supported by the 15 subscriber ter-
minals. Each DSL object 810 includes an ID parameter identifying which DSL it represents (eg if ID = 0, then the DSL
object represents the PRI interface between the central terminal and the exchange, if ID = 1 to 15, then the DSL
represents the respective one of the 15 BRI interfaces between the central terminal and the telecommunications equip-
ment of the subscriber terminals. The DSL object also includes a parameter giving the state of the resource (eg whether
it is unconfigured or configured), and a pointer to a line list object 820, the line list object being a constituent of the
DSL object 810.
[0075] The line OOP object 800 or DSL object 810, as appropriate, may include supplementary service details specific
to the line or DSL, such as whether incoming calls or outgoing calls are barred (on a per line basis), whether 'Advice
of Charge' (AOC) service has been selected (on a per DSL basis), etc. This means that such services can now be
specified on a per subscriber or per DSL basis. Previously, this was not possible and instead such services would be
specified for particular stacks of subscribers at the exchange.
[0076] A channel map object 830 is also provided for maintaining the mapping between PRI B-channel and a sub-
scriber line. In the case where fixed mapping exists, the channel map will always indicate which PRI B-channels map
to which subscriber lines. Once a channel map object has been initialised, an 'Associate' method can be employed to
associate the timeslot and PRI B-channel. A pointer to the channel map object 830 can be included in one of the
attribute fields within a call object 720. When an event occurs specifying a particular PRI B-channel, a method within
the channel map object can be invoked to return the line pointer for that specific PRI B-channel, the line pointer pointing
to the relevant line object 840 identifying a particular line to be used.
[0077] For example, referring to Figure 9, a PRI B-channel reference can be used to locate a particular entry in
Column 831 of the channel map 830. This entry will then have a corresponding backplane time slot entry 832, along
with an entry 833 indicating whether that timeslot is currently being used or not. Using the time slot entry 832, the
corresponding backplane timeslot entry can be found in column 834, and this in turn will have a corresponding entry
835 identifying a line pointer. This BRI line pointer can then be returned to the call instance 720. It will be apparent to
those skilled in the art that the channel map can also be traversed in the other direction to locate a particular PRI B-
channel 836 from a BRI line pointer.
[0078] The channel map function should be used if a fixed mapping between PRI B-channel and backplane timeslot
is used. Alternatively, if a phone number is included as one of the attributes of the call object 720, the line can be found
using the phonelist object 750.
[0079] Having described the relationship between the various OOP objects, the manner in which these objects in-
teract will be discussed with reference to some particular examples illustrated in figures 10 to 12.
[0080] Figure 10 illustrates how the various OOP objects interact in a situation where a call is received by the central
terminal from the exchange without a phone number being specified within the call information received by the central
terminal. Upon receipt of the call, the call manager 700 creates a new call object 720 and stores the PRI B-channel
negotiated at call set up as one of the attributes of the call object 720. The call object 720 will also be provided with a
pointer to the channel map 830. A pointer to this new call object 720 will then be added to the call list 710 maintained
by the call manager 700.
[0081] Once the new call object 720 has been created, the call manager 700 will execute an EventHandler function
of the call object 720. This will cause the call object to use the PRI B-channel attribute as an index within the channel
map 830 in order to establish a line to be used for the call. The line will be represented by a line object 840, a pointer
to that line object being contained within the channel map 830. In this manner, a pointer to the BRI line object 840 can
be added as an attribute of the call object 720.
[0082] Figure 11 illustrates how the various objects interact in a situation where a call is received by the central
terminal from the exchange, this call including a phone number within the call information. Upon receipt of the call, the
call manager 700 creates a new call object 720 and stores as attributes of that call object the data supplied in the call
setup message. This data will include the phone number of the subscriber terminal to which the call is directed. A
pointer to the new call object 720 will then be added to the call list 710 maintained by the call manager 700.
[0083] The call manager 700 will then call the EventHandler function of the call object 720, this causing the call object
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to reference the phone list 750 in order to match its phone number with one of the phone numbers in the phone list
750. A pointer to the phone list 750 will have been included as one of the attributes of the call object 720 when the call
object 720 was created. By matching the phone number with one of the phone numbers in the phone list 750, the call
object 720 will retrieve an associated line list pointer stored as part of the phone list 750. The call object 720 will then
use the line list pointer to reference the line list 820 in order to retrieve pointers to particular line objects 800, 840
representing lines that may be used for the call. The call object 720 will use these pointers to line objects to find a free
line, and to find the corresponding DSL object 810 pointed to by the free line object. A pointer to the DSL object 810
and to the free line 800, 840 will then be stored as attributes within the call object 720. By this approach, the phone
number provided during the call setup can be used to identify a particular DSL and line to be used for the call, without
needing to reference the channel map.
[0084] Figure 12 illustrates the interaction between the various objects in situations when a call is received by the
central terminal from a subscriber terminal. When the call is received by the central terminal, the call manager 700 will
create a new call object 720 and will store as attributes of that call object the dialled phone number, and the calling
line. A pointer to the new call object 720 will then be added to the call list 710 maintained by the call manager 700.
[0085] Once the call object 720 has been created the call manager will execute the EventHandler function of the call
object 720. If the call is directed via the exchange and fixed mapping is used, the call object 720 will use the line attribute
and the pointer to the channel map 830 to determine which time slot the line is on and to use the channel map 830 to
find the corresponding B-channel. The pointer to this PRI B-channel will then be added to the call object 720.
[0086] If the call from the subscriber terminal is actually directed to another subscriber terminal supported by the
same central terminal, then in preferred embodiments of the present invention the central terminal is able to route that
call directly to the other subscriber terminal without going via the exchange. In such situations, the phone number
provided when the call object 720 is created will be compared by the call object 720 with the phone numbers in the
phone list 750. If the phone number matches one of the phone numbers in the phone list 750, then a pointer to the
appropriate line list can be retrieved, and then, as discussed earlier with reference to Figure 11, the call object will be
able to establish a free line and the corresponding DSL, and to store a pointer to that line and the DSL objects within
the call object 720.
[0087] Hence, by providing a phone list located at the central terminal, and then providing some logic to compare
destination phone numbers included in calls from the ST with those phone numbers in the phone list 750, it is possible
for the central terminal to route calls between subscriber terminals directly without sending such calls via the exchange.
This significantly improves the functionality of the central terminal within the wireless telecommunications system.
[0088] One drawback that may occur when the central terminal is given the flexibility to route calls internally without
reference to the exchange is that the automatic call logging facility that would typically be provided at the exchange to
keep a record of calls made through it will no longer be able to keep accurate records of calls to or from subscriber
telecommunications equipment of subscriber terminals connected to such a central terminal. Calls passing via the
exchange will be logged as normal, whereas those calls routed internally by the central terminal will not be logged.
This is an important issue, since client billing is based on such logs of calls, and statistical data about the telephone
network can also be derived from such logs.
[0089] In order to overcome this problem, in preferred embodiments of the present invention, the system as discussed
above can be altered slightly in order to enable the CT to log call data for subsequent access by external applications,
so that, for example, calls can be billed correctly irrespective of whether they have been routed in the normal fashion
via the exchange or have been routed internally through the CT. The manner in which the central terminal performs
such call logging will be discussed with reference to Figures 13 and 14, which illustrate the call instances used to
represent a call from one ST to another ST via the CT.
[0090] When the call manager receives a call from an ST, then it sets up a call instance as illustrated in Figure 13
to represent that outgoing call. If the central terminal is arranged to perform call logging in addition to the call routing
facilities discussed earlier, then the call instance set up by the call manager will be the same as that previously discussed
with relation to Figures 9 to 12, except that it will be arranged to store some additional attributes required for the
purposes of call logging. As can be seen from Figure 13, in preferred embodiments, these additional attributes include
a call duration attribute 702, a time and date attribute 704 identifying the time and date at which the call was commenced,
an attribute 706 identifying whether the call instance represents a call that is internal (i.e. between the CT and the ST)
or external (i.e. between the exchange and the CT), and an attribute 708 to indicate whether the call is an incoming
call or an outgoing call.
[0091] As regards the time and date attribute, it will be apparent that this could be arranged to record one of a number
of different events in the call process. For call billing purposes, it will need to record the time and date at which the
actual call was commenced (as indicated by the destination telecommunications equipment answering the call), and
in preferred embodiments, this is the only information recorded by the time and date attribute. However, it could initially
indicate the time and date at which the call instance was created. If the call is answered, this could be overwritten by
the time and date at which the call was answered (or alternatively a second time and date attribute could be used to
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store this information), but if the call was not answered, the time and date at which the call instance was created would
be retained, this possibly being of interest for statistical purposes. Whichever of the above information is recorded as
the time and date attribute, in preferred embodiments, the call duration attribute will only begin to store data when the
call is actually answered,this information being required for call billing purposes.
[0092] In the case of a call from an ST to the CT, as indicated by Figure 13, the internal/external attribute 706 will
be set to internal, since the call instance created by the call manager represents a call from the ST to the CT, this being
an internal call. Further, the incoming/outgoing attribute 708 will be set to outgoing, since the call instance represents
an outgoing call from the ST.
[0093] Hence, with reference to Figure 13, when a call from a subscriber terminal is received by the host application
550 (discussed earlier with reference to Figure 8) of the central terminal, the call manager 700 will be instructed by the
host application to create a new call object 720 and will store as attributes of that call object the dialled phone number,
the calling line, an attribute identifying that the call is an internal call, an attribute identifying that the call is an outgoing
call, and an attribute for identifying the time and date at which the call represented by the call instance is commenced.
A pointer to the new call object 720 will then be added to the call list 710 maintained by the call manager 700.
[0094] Once the call object 720 has been created, the call manager will execute the EventHandler function of the
call object 720. The destination (ie. dialled) phone number provided when the call object 720 was created will be
compared by the call object 720 with the phone numbers in the phone list 750. If the phone number matches one of
the phone numbers in the phone list 750, then the destination phone number and the line list information 840 for the
outgoing call (from ST originating the call to CT) will be supplied to the host application 550. The line list information
840 will provide the host application with details of the BRI B-channel and timeslot on which the call is received. The
destination phone number information would then be provided by the host application to the call manager 700, in a
form resembling an incoming call to the subscriber telecommunications equipment identified by the destination phone
number.
[0095] The receipt of this information will cause the call manager to create a second call instance to represent the
incoming call to the destination subscriber terminal, this call instance being represented in Figure 14. As shown in
Figure 14, upon receipt of the call, the call manager 700 creates a second call object 725, and stores as attributes of
that call object the data supplied in the call set up message, such attributes identifying the phone number of the des-
tination subscriber telecommunications equipment, identifying that the call is an incoming call, identifying that the call
is an internal call (i.e. between CT and ST), and identifying the time and date at which the call represented by call
instance 725 is commenced (this information being added when the destination telecommunications equipment accepts
the call). A pointer to the new call object 720 will then be added to the call list 710 maintained by the call manager 700.
[0096] The call manager 700 will then execute the EventHandler function of the call object 725, this causing the call
object 725 to use the phone list 750 to match the destination phone number with a line list pointer in the phone list.
The line list 820 is then referenced in order to retrieve pointers to particular line objects 800, 840 representing lines
that may be used for the call. The call object 725 will use these pointers to line objects to find a free line, and to find
the corresponding DSL object 810 pointed to by the free line object. A pointer to the DSL object 810 and to the free
line object 800, 840 will then be stored as attributes within the call object 725.
[0097] During the course of the call, both call instances 720, 725 will update the call duration attribute to indicate the
elapsed time of the call. When the ST that originated the call terminates the call, the attribute information is retrieved
from the call instances by the call manager before the call instances are terminated. The call manager 700 then sends
the information for each call instance to the host 550 within the tributary unit 74. It should be noted that the two call
instances are treated separately for this purpose, so that two sets of information are passed to the host, one for the
incoming call and one for the outgoing call. The host application can then pass the information for both call instances
to the shelf controller 72 where it can be stored in a call log. The call log maintained by the shelf controller can then
be downloaded to an external application 530 when requested by that application. The external application can then
use this log data to provide statistics about call activity, and to prepare billing information.
[0098] Although the above description of call logging concerned a call from one ST to another ST, it will be apparent
that all calls passing through the central terminal can be logged using this mechanism, both internally/externally routed
calls, and incoming/outgoing calls. The call log maintained by the shelf controller will in preferred embodiments contain
the following information about all calls passing through the wireless system:

1 source telephone number (if an internal call);
2 destination phone number;
3 a time and date stamp for the start of the call;
4 call duration.

[0099] Whether a call is internally or externally routed, or an incoming or outgoing call, could be determined from
the source and destination telephone numbers and the phone list, but in preferred embodiments this information is
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stored explicitly in the call instance for reasons of efficiency.
[0100] It will be apparent to those skilled in the art that the shelf controller can be arranged to store certain sub sets
of the call information passed to it by the host 550. For example, it could be arranged to only log internal calls, since
external calls will be passed via the exchange, and the call logging procedures provided by the exchange will log the
necessary information about those external calls. Additionally, the log maintained by the shelf controller could store
outgoing calls separately to incoming calls. This maybe useful, since, for example, it is only generally the outgoing
calls that will be billed, and hence storing that information separately maybe more expedient. An external billing appli-
cation would then be able to just request the log of outgoing calls.
[0101] It will be apparent from the above description of Figures 13 and 14 that very little change is required to the
object structure discussed earlier in order to allow the central terminal to log the necessary information about calls
routed through it in order to ensure that accurate information is available for the purposes of billing, statistics, etc. With
reference to Figure 8, no changes are required to the elements of the central terminal shown in Figure 8 in order to
support call logging. When a call from a particular ST is received on a particular BRI connection, then the signalling
information will be passed through the corresponding signalling stack 580, 582, 584, 586 to generate a call control
message for the host application 550. The host application 550 will then pass the necessary D-channel information
via a call control message through the signalling stack 580, 582, 584, 586 associated with the BRI connection to the
destination ST. Additionally, the host application 550 will communicate with the bearer channel switch hardware 590
so that the switch hardware switches bearer data from the incoming BRI B-channel to the appropriate outgoing BRI
B-channel to the destination ST. Hence, the bearer channel switch 590 will route the data internally, without passing it
through to the exchange 500.
[0102] From the above description, it will be apparent that the central terminal can be arranged such that it can
perform its own internal routing of calls between subscriber terminals supported by that central terminal, the central
terminal also having the capability to log the necessary information about those calls that may be required by remote
applications for the purposes of billing, statistics, etc.
[0103] Although the above description has discussed a call log used to store data concerning completed calls, it will
be apparent that a call log of calls in progress could also be stored by arranging the call manager to periodically poll
all call instances representing calls in progress. The call manager could be arranged to perform this polling on demand
from an external application such as a statistics gathering application.
[0104] Having discussed the OOP objects used in the preferred embodiment of the present invention, the various
classes from which these objects are derived will now be described in more detail.

1) Call Manager Class

[0105] The Call Manager 700 will, in preferred embodiments, create, maintain, and destroy the CALL objects 720
within the system. It acts as a call demux, routing any given message to the correct call object. The following illustrates
how the call manager class may be defined:
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Data Structure

[0106]

Allocation of Memory

[0107]



EP 0 956 718 B1

5

10

15

20

25

30

35

40

45

50

55

15

Construction and Destruction

[0108]
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Access Methods

[0109]
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Public Services

[0110] PUBLIC void CALLMGR_AcceptEvent (CALLMGRptr pCallMgr,
PKG_ID

Event) ;
This service extracts the call identifier from the received event, and then searches through the call list in search of a
call object with a matching identifier.
If not found, the Call Manager creates a new call object with the appropriate identifier. The event is then passed on to
the appropriate call object for further processing.
PUBLIC void CALLMGR_ClearDsl (CALLMGRptr pCallMgr, DSLptr pDsl);
This service runs through the call list, and clears any calls that are using the specified DSL.
PUBLIC void CALLMGR_ClearLine (CALLMGRptr pCallMgr, LINEptr pLine);
This service runs through the call list, and clears any calls that are using the specified line. There should be only one
at the most.
PUBLIC BOOLEAN CALLMGR_DslIsBusy (CALLMGRptr pCallMgr, DSLptr
pDsl);
This service answers the query "are any current calls using this DSL?".
PUBLIC CALL_ID_TYPE CALLMGR_GetNewCallId (CALLMGRptr pCallMgr);
The Call Manager is responsible for ensuring that any calls originated by the TU have a unique call identifier. This call
identifier has local scope only (ie. only relevant within the TU). CALLMGR_GetNewCallId() will return a unique identifier.

2) Call Class

[0111] Each call object 720 will be responsible for handling all events ( signalling messages sent to the Host) that
are specific to that call. The call state at any instant is represented by the current call event handler. The event handler
of the call is updated to reflect any changes of call state as they occur.
[0112] The maximum number of calls may be greater than the number of available channels. This is because all
subscriber lines may be connected with active calls and another setup sent to any one or more subscribers. The setup
should be sent to the user who may wish to put the current caller on hold and speak to the person trying to get through.
The following illustrates how the call class may be defined:
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Data Structure

[0113]
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[0114] If the call logging feature of preferred embodiments of the present invention is to be provided, then the typedef
for 'CALLstruct' also includes an additional entry in the above list, namely:

CALL_LOG log;
[0115] The CALL_LOG structure may be defined as follows:

Allocation of Memory

[0116] PRIVATE CALL CallMemoryBlocks [MAX_CALL_OBJECTS];
PRIVATE BOOLEAN CallInUse [MAX_CALL_OBJECTS];
[0117] The elements of the array should never be accessed directly within the call module, but rather the array should
be regarded as a memory pool for use only by the call create and destroy functions.
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Construction and Destruction

[0118] PUBLIC CALLptr CALL_Create(CALLMGRptr pCallMgr, PKG_ID Event);
This creates a new call object based on the information contained in Event.
PUBLIC void CALL_Destroy(CALLptr pCall);

Access Methods

[0119]
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Public Services

[0120] PUBLIC EVENT_HANDLER CALL_AcceptEvent (CALLptr pCall, PKG_ID Event);
This represents the entry point for an event to a call object. A received, non-global event will be passed up to a call
object through this function. Only the Call Manager will ever call this function.
PUBLIC void CALL_Clear (CALLptr pCall);
As the name suggests, this function will start to tear down a call. The Call Manager uses this function from within
CALLMGR_ClearLine() and CALLMGR_ClearDsl().
PUBLIC CALL_SOURCE_TYPE CALL_GetSource (CALLptr pCall, DSL_ID_TYPE DslId,

CALL_ID_TYPE CallId);
This returns either SOURCE_CALLER, SOURCE_CALLED, or SOURCE_UNKNOWN depending on whether the DSL
identifier and call identifier match with those in the caller data, the called data, or neither respectively.
PUBLIC BOOLEAN CALL_MatchEvent (CALLptr pCall, PKG_ID Event);
This tests whether the data contained in the event matches that stored by the call object.
PUBLIC void CALL_TimerExpired (CALLptr pCall);
This is called on receipt of a timer expiry primitive that is used to indicate that a call has remained in what should have
been a transient state for too long. An example might be a call that has been in a channel negotiation state for one
minute.
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3) Channel Map Class

[0121] The Channel Map class 830 is responsible for maintaining a database of B-channels that are currently con-
nected. It also provides a functional interface to the Digital Switch Driver (DSD). The following illustrates how the
channel map may be defined:

Data Structure

[0122]

Allocation of Memory

[0123] MAX_CHANNELMAP_OBJECTS will be defined as 1.

Construction and Destruction

[0124] The channel map is constructed by the Host for the Call Manager, and in preferred embodiments is never
destroyed.
PUBLIC CHANNELMAPptr CHANNELMAP_Create (DSDptr pDSD);

Access Methods

[0125] The Channel Map class offers no access methods in preferred embodiments of the present invention.
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Public Services

[0126] PUBLIC BOOLEAN CHANNELMAP_Connect (CHANNELMAPptr
pChannelMap,
LINEptr pLine1,
LINEptr pLine2);

This service connects the two specified lines if possible. It fails if the Channel Map is full, or if one or both of the
requested lines are already connected to another line, or if the DSD fails to connect the lines for any reason.
PUBLIC BOOLEAN CHANNELMAP_Disconnect (CHANNELMAPptr

pChannelMap,
LINEptr pLine1,
LINEptr pLine2);

This disconnects the two specified lines if possible. It fails if the two lines are not currently connected together, or if
the DSD fails to disconnect the lines for any reason.

4) PhoneList and Number Classes

[0127] The PHONELIST class 750 is a database class containing records of class NUMBER. Basically its job is to
maintain a mapping between a subscriber's ISDN number and an appropriate line list. It presents sufficient query
methods to allow the TU software to route incoming calls to an appropriate B-channel on the subscriber's access. It is
preferably configured through the Shelf Controller Interface.
[0128] Data is included that allows a particular entry in the PhoneList to represent a range of ISDN numbers. This
allows Direct Dial-In (DDI) to be simulated efficiently by the central terminal, requiring a minimum of storage space.
Also, it is possible to have any entry in the PhoneList 'forward' to any other entry (or to any other LineList). This allows
intelligent simulation of Call Forwarding Unconditional (CFU).
[0129] There is only one object of the PhoneList class in the system. It is created by the Host for the Call Manager.
The following illustrates how the Phonelist class may be defined:
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Data Structure

[0130]
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Allocation of Memory

[0131] In preferred embodiments, MAX_NUMBER_OBJECTS is 100, and MAX_PHONELIST_OBJECTS is 1.
[0132] In preferred embodiments, MAX_NUMBER_OBJECTS is 100, and MAX_PHONELIST_OBJECTS is 1.

Construction and Destruction

[0133] The Phone list is constructed by the Host on behalf of the Call Manager. In preferred embodiments, it is never
destroyed.
PUBLIC PHONELISTptr PHONELIST_Create(DSLptr pDefaultForwardDsl);
The default DSL for forwarding will, in the current system, always be the PRI DSL. This is the DSL on which the
forwarded part of a forwarded call will be made, unless a different one is specified when forwarding is activated.
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Access Methods

[0134]
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Public Services

[0135]

[0136] This adds a Number to the PhoneList. The reference is an abstract number generated by the Shelf Controller.
It is used at configuration time to speed up the process, and improve the efficiency of the communication between the
Shelf Controller and the TU.
PUBLIC void PHONELIST_RemoveNumber (PHONELISTptr
pPhoneList,
NUMBERptr pNumber);
This simply removes the indicated Number from the PhoneList (if possible). PUBLIC BOOLEAN PHONELIST_AddLine
(PHONELISTptr pPhoneList,
NUMBERptr pNumber,
LINEptr pLine);
This adds the indicated Line to the specified Number's LineList.
PUBLIC BOOLEAN PHONELIST_RemoveLine (PHONELISTptr pPhoneList,

NUMBERptr Reference,
LINEptr pLine);

This removes the specified Line from the indicated Number's LineList. If there are no remaining Lines following this
operation, the Number's entry shall be removed from the PhoneList.
PUBLIC BOOLEAN PHONELIST_NumberIsEmpty (PHONELISTptr pPhoneList,

NUMBERptr pNumber); This answers the query "Does this Number have no Lines in its LineList?".
PUBLIC NUMBERptr PHONELIST_GetNumberFromPhoneNumber (PHONELISTptr pPhoneList,

PHONE_NUMBER_TYPE PhoneNumber,
BOOLEAN PermitForwarding);

This returns a pointer to the Number in the PhoneList that contains the ISDN number requested (NULL if not found).
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PUBLIC NUMBERptr PHONELIST_GetNumberFromReference (PHONELISTptr
pPhoneList, BYTE Reference);

This returns a pointer to the Number in the PhoneList that has the specified reference (NULL if not found).
PUBLIC NUMBERLISTptr PHONELIST_GetNumbersOnDsl (PHONELISTptr

pPhoneList,
DSLptr pDsl);

This creates a NumberList, and fills it with any Numbers that are routed to any channel of the specified DSL.
Note that the caller of this function is responsible for destroying the NumberList after use.

5) List Class

[0137] This is a generic container class with the ability to add items, remove items, and iterate through items. The
following illustrates how the list class may be defined:

Data Structure

[0138]
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Allocation of Memory

[0139]

Construction and Destruction

[0140]

Access Methods

[0141]

[0142] This returns the current item from the specified List. NULL if at the end.
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Public Services

[0143] PUBLIC void LIST_Start(LISTptr pList);
This sets an internal marker to the head of the List.
PUBLIC void LIST_Next(LISTptr pList);
This moves the internal marker on to the next item in the List.
PUBLIC BOOLEAN LIST_IsEmpty(LISTptr pList);
This answers the query "Does this List contain no items?".

6) DSL Class

[0144] The DSL class is used to describe an ISDN access. There is one DSL object constructed for every ISDN
access. In the preferred embodiment, there will be fifteen BRI accesses, and one PRI access - hence sixteen DSL
objects.
[0145] These objects are constructed by the Host, and placed in the care of the one and only DSL List in the system.
The DSL List, in turn, is kept by the Call Manager.
[0146] The following illustrates how the DSL class may be defined:

Data Structure

[0147]
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Allocation of Memory

[0148]

Construction and Destruction

[0149] The DSL class is constructed by the Host, and in preferred embodiments is never destroyed. PUBLIC DSLptr
DSL_Create(DSL_ID_TYPE DslId);
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Access Methods

[0150]
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Public Services

[0151] The DSL class presents no public services in preferred embodiments of the present invention.

7) Line Class

[0152] Each DSL maintains a list of its lines. A Line object identifies a particular B-channel on a particular DSL. In
preferred embodiments, each BRI DSL owns two lines, a PRI DSL owns thirty. The following illustrates how the line
class may be defined:

Data Structure

[0153]

Allocation of Memory

[0154]
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Construction and Destruction

[0155] Line objects will be created by the Host on behalf of each DSL.

Access Methods

[0156]
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Public Services

[0157]

[0158] This answers the query "Can this Line accept a call in this direction?". The answer will be 'no' if the Line is
not activated; is already in use; has calls barred in the given direction; or has been earmarked by the Airspan operator.
[0159] Although a particular embodiment has been described herein, it will be appreciated that the invention is not
limited thereto and that many modifications and additions thereto may be made within the scope of the invention.

Claims

1. A central terminal (10) for managing calls between a telephone exchange connectable to the central terminal and
a plurality of subscriber terminals (20), the central terminal being arranged to communicate with the subscriber
terminals via wireless links, and the central terminal comprising:

a call manager (560; 700) for receiving a call from the telephone exchange or from subscriber terminals, and
for generating a call instance (720) to represent said call, the call instance having a plurality of attribute fields
to store attributes defining the call, at least one attribute being provided by the call; and
a storage arranged to store a matrix of interrelated data elements, accessible by the call instance, for enabling
other attributes of the call to be determined from said at least one attribute provided by the call, the call instance
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being arranged to store these other attributes within the appropriate attribute fields of the call instance (720).

2. A central terminal as claimed in Claim 1, further comprising a call list record (710) accessible by the call manager,
for containing a pointer to each call instance created by the call manager.

3. A central terminal as claimed in Claim 1 or Claim 2, wherein each subscriber terminal (20) is arranged to support
one or more lines to subscriber telecommunications equipment (34, 36, 38), and wherein said matrix of interrelated
data elements includes a phone number list (750) associating phone numbers for said subscriber telecommuni-
cations equipment with the lines to said subscriber telecommunications equipment.

4. A central terminal as claimed in Claim 3, wherein a single phone number may be associated with one or more of
said lines.

5. A central terminal as claimed in Claim 3 or claim 4, wherein one of said lines may be associated with one or more
phone numbers.

6. A central terminal as claimed in any of claims 3 to 5, further comprising:

comparison logic, responsive to the call manager (560; 700) receiving a call from a subscriber terminal con-
nected to the central terminal, for comparing a destination phone number contained within the call with the
phone numbers maintained in the phone number list (750); and
routing means, responsive to a match by the comparison logic, to route the call directly to the subscriber
terminal to which the telecommunications equipment corresponding to the destination phone number is con-
nected.

7. A central terminal as claimed in any preceding claim, wherein the matrix of interrelated data elements includes a
line list data element (820) arranged to include a list of pointers to particular line data elements (800, 840), each
line data element identifying a line to subscriber telecommunications equipment.

8. A central terminal as claimed in Claim 7 when dependent on any of claims 3 to 6, wherein the phone number list
(750) includes, for each phone number in the list, a pointer to the line list data element (820) that includes pointers
to said line data elements that identify suitable lines to be used to direct a call to the subscriber telecommunications
equipment having that phone number.

9. A central terminal as claimed in any preceding claim, wherein calls to and from the exchange are sent in time slots
over a connection between the exchange and the central terminal, and the matrix of interrelated data elements
includes a channel map (830) for mapping each time slot to a line for a subscriber terminal.

10. A central terminal as claimed in any preceding claim, wherein the matrix of interrelated data elements includes a
Digital Subscriber Loop (DSL) data element (810) for each connection resource, whether wired or wireless, avail-
able to the central terminal to route calls, the DSL data element including a pointer to a line list data element (820)
arranged to include a list of pointers to particular line data elements, each line data element identifying a line to
subscriber telecommunications equipment.

11. A central terminal as claimed in any preceding claim, wherein OOP objects are employed as the data elements
forming the matrix of data elements.

12. A call management element for a central terminal (10) to arrange the central terminal to manage calls between a
telephone exchange connectable to the central terminal and a plurality of subscriber terminals (20), the central
terminal being arranged to communicate with the subscriber terminals via wireless links, and call management
element comprising:

a call manager (560;700) for receiving a call from the telephone exchange or from subscriber terminals, and
for generating a call instance (720) to represent said call, the call instance having a plurality of attribute fields
to store attributes defining the call, at least one attribute being provided by the call; and
a matrix of interrelated data elements, accessible by the call instance, for enabling other attributes of the call
to be determined from said at least one attribute provided by the call, the call instance being arranged to store
these other attributes within the appropriate attribute fields of the call instance (720).
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13. A method of operating a central terminal (10) to manage calls between a telephone exchange connectable to the
central terminal and a plurality of subscriber terminals (20), the central terminal being arranged to communicate
with the subscriber terminals via wireless links, and the method comprising:

upon receipt of a call from the telephone exchange or from subscriber terminals, generating a call instance
(720) to represent said call, the call instance having a plurality of attribute fields to store attributes defining the
call, at least one attribute being provided by the call;
accessing a storage containing a matrix of interrelated data elements;
using said matrix of interrelated data elements to determine other attributes of the call from said at least one
attribute provided by the call, the call instance being arranged to store these other attributes within the appro-
priate attribute fields of the call instance (720).

14. A method as claimed in Claim 13, wherein each subscriber terminal (20) is arranged to support one or more lines
to subscriber telecommunications equipment (34, 36, 38), and wherein said step of using said matrix of interrelated
data elements comprises the step of using a phone number list (750) associating phone numbers for said subscriber
telecommunications equipment with the lines to said subscriber telecommunications equipment.

15. A method as claimed in Claim 14, further comprising the steps of:

responsive to receiving a call from a subscriber terminal connected to the central terminal, comparing a des-
tination phone number contained within the call with the phone numbers maintained in the phone number list
(750); and
responsive to a match during the comparing step, routing the call directly to the subscriber terminal to which
the telecommunications equipment corresponding to the destination phone number is connected.

16. Use of a central terminal as claimed in any of claims 1 to 11 to manage calls in a wireless telecommunications
system.

17. Use of a method according to any of claims 13 to 15 in a central terminal as claimed in any of claims 1 to 11.

18. A wireless telecommunications system comprising one or more service areas (12, 14, 16), each said service area
comprising a plurality of subscriber terminals (20) and at least one central terminal as claimed in any of claims 1
to 11 for managing calls between a telephone exchange connectable to the central terminal and said plurality of
subscriber terminals (20), the at least one central terminal being operable to communicate with the plurality of
subscriber terminals in its service area via wireless links.

19. A computer program product comprising a computer program operable to control a central terminal to manage
calls between a telephone exchange connectable to the central terminal and a plurality of subscriber terminals in
accordance with the method of any of claims 13 to 15.

Patentansprüche

1. Ein zentrales Endgerät (10) zur Verwaltung von Anrufen zwischen einer Fernsprechvermittlung, die an das zentrale
Endgerät und an eine Vielzahl von Teilnehmer-Endgeräten (20) angeschlossen werden kann, wobei das zentrale
Endgerät so eingerichtet ist, dass es mit den Teilnehmer-Endgeräten über drahtlose Verbindungen kommuniziert,
und das zentrale Endgerät Folgendes umfasst:

einen Anruf-Manager (560, 700) zum Empfang eines Anrufs von der Fernsprechvermittlung oder von Teilneh-
mer-Endgeräten und zur Erzeugung einer Anruf-Instanz (720) zur Darstellung des Anrufs, wobei die Anruf-
Instanz eine Vielzahl von Attribut-Feldern zur Speicherung von Attributen hat, welche den Anruf definieren,
und wobei mindestens ein Attribut vom Anruf geliefert wird; und
einen Speicher, der so eingerichtet ist, dass er eine Matrix miteinander verbundener Datenelemente speichert,
auf welche die Anruf-Instanz zugreifen kann, um es zu ermöglichen, dass andere Attribute des Anrufs aus
dem mindestens einen, vom Anruf gelieferten Attribut bestimmt werden können, und wobei die Anruf-Instanz
so eingerichtet ist, dass sie diese anderen Attribute innerhalb der geeigneten Attribut-Felder der Anruf-Instanz
(720) speichert.
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2. Ein zentrales Endgerät, wie in Anspruch 1 beansprucht, das weiterhin einen Anruflisten-Datensatz (710) enthält,
auf den der Anruf-Manager zugreifen kann, und der einen Zeiger auf jede vom Anruf-Manager erzeugte Anruf-
Instanz enthält.

3. Ein zentrales Endgerät, wie in Anspruch 1 oder Anspruch 2 beansprucht, in dem jedes Teilnehmer-Endgerät (20)
so eingerichtet ist, dass es eine oder mehrere Leitungen zu Teilnehmer-Telekommunikations-Einrichtungen (34,
36, 38) unterstützt, und worin die Matrix miteinander verbundener Datenelemente eine Telefonnummern-Liste
(750) enthält, die Telefonnummern für die Teilnehmer-Telekommunikations-Einrichtungen den Leitungen zu den
Teilnehmer-Telekommunikations-Einrichtungen zuordnet.

4. Ein zentrales Endgerät, wie in Anspruch 3 beansprucht, worin eine einzelne Telefonnummer einer oder mehreren
Leitungen zugeordnet werden kann.

5. Ein zentrales Endgerät, wie in Anspruch 3 oder Anspruch 4 beansprucht, worin eine der Leitungen einer oder
mehreren Telefonnummern zugeordnet werden kann.

6. Ein zentrales Endgerät, wie in einem beliebigen der Ansprüche 3 bis 5 beansprucht, das weiterhin Folgendes
umfasst:

Eine Vergleichs-Logik, die auf den Anruf-Manager (560, 700) reagiert, der einen Anruf vom Teilnehmer-End-
gerät empfängt, das an das zentrale Endgerät angeschlossen ist, um eine im Anruf enthaltene Ziel-Telefon-
nummer mit den in der Telefonnummern-Liste (750) enthaltenen Telefonnummern zu vergleichen; und
Leitweglenkungs-Mittel, die auf eine durch die Vergleichs-Logik festgestellte Übereinstimmung reagieren, um
den Anruf direkt zum Teilnehmer-Endgerät zu leiten, an welches die Telekommunikations-Einrichtung ange-
schlossen ist, die der Ziel-Telefonnummer entspricht.

7. Ein zentrales Endgerät, wie in einem beliebigen der obigen Ansprüche beansprucht, worin die Matrix miteinander
verbundener Datenelemente ein Leitungs-Listen-Datenelement (820) enthält, das so eingerichtet ist, dass es eine
Liste von Zeigern auf bestimmte Leitungs-Datenelemente (800, 840) enthält wobei jedes Leitungs-Datenelement
eine Leitung zu Teilnehmer-Telekommunikations-Einrichtungen kennzeichnet.

8. Ein zentrales Endgerät, wie in Anspruch 7 beansprucht, wenn abhängig von einem beliebigen der Ansprüche 3
bis 6, worin die Telefonnummern-Liste (750) für jede Telefonnummer in der Liste einen Zeiger auf das Leitungsli-
sten-Datenelement (820) enthält, das Zeiger auf die Leitungs-Datenelemente enthält, die geeignete Leitungen
kennzeichnen, die verwendet werden können, um einen Anruf an die Teilnehmer-Telekommunikations-Einrichtung
zu leiten, die diese Telefonnummer hat.

9. Ein zentrales Endgerät, wie in einem beliebigen der vorigen Ansprüche beansprucht, worin Anrufe zu und von der
Vermittlung in Zeitschlitzen über eine Verbindung zwischen der Vermittlung und dem zentralen Endgerät gesendet
werden, und die Matrix miteinander verbundener Datenelemente eine Kanal-Liste (830) enthält, um jeden Zeit-
schlitz auf eine Leitung für ein Teilnehmer-Endgerät abzubilden.

10. Ein zentrales Endgerät, wie in einem beliebigen der vorigen Ansprüche beansprucht, worin die Matrix miteinander
verbundener Datenelemente ein DSL-(Digital Subscriber Loop)-Datenelement (810) für jede Verbindungs-Res-
source enthält, sei sie verdrahtet oder drahtlos, die dem zentralen Endgerät zur Leitweglenkung von Anrufen zur
Verfügung steht, wobei das DSL-Datenelement einen Zeiger auf ein Leitungslisten-Datenelement (820) enthält,
das so eingerichtet ist, dass es eine Liste von Zeigern auf bestimmte Leitungs-Datenelemente enthält, wobei jedes
Leitungs-Datenelement eine Leitung zu Teilnehmer-Telekommunikations-Einrichtungen kennzeichnet.

11. Ein zentrales Endgerät, wie in einem beliebigen der vorigen Ansprüche beansprucht, worin OOP-Objekte als Da-
tenelemente verwendet werden, welche die Matrix der Datenelemente bilden.

12. Ein Anrufverwaltungs-Element für ein zentrales Endgerät (10), um das zentrale Endgerät so einzurichten, dass
es Anrufe zwischen einer Fernsprechvermittlung verwaltet, die an das zentrale Endgerät und an eine Vielzahl von
Teilnehmer-Endgeräten (20) angeschlossen werden kann, wobei das zentrale Endgerät so eingerichtet ist, dass
es mit den Teilnehmer-Endgeräten über drahtlose Verbindungen kommuniziert, und das Anrufverwaltungs-Ele-
ment Folgendes umfasst:
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Einen Anruf-Manager (569, 700) zum Empfang eines Anrufs von der Fernsprechvermittlung oder von Teilneh-
mer-Endgeräten und zur Erzeugung einer Anruf-Instanz (720) zur Darstellung des Anrufs, wobei die Anruf-
Instanz eine Vielzahl von Attributfeldern hat, um Attribute zu speichern, die den Anruf definieren und wobei
mindestens ein Attribut vom Anruf geliefert wird; und
Eine Matrix miteinander verbundener Datenelemente, auf welche die Anruf-Instanz zugreifen kann, um es zu
ermöglichen, dass andere Attribute des Anrufs aus dem mindestens einen Attribut bestimmt werden, das vom
Anruf geliefert wird, wobei die Anruf-Instanz so eingerichtet ist, dass diese anderen Attribute in den geeigneten
Attribut-Feldern der Anruf-Instanz (720) gespeichert werden.

13. Ein Verfahren zum Betrieb eines zentralen Endgerätes (10) zur Verwaltung von Anrufen zwischen einer Fern-
sprechvermittlung, die an das zentrale Endgerät und an eine Vielzahl von Teilnehmer-Endgeräten (20) angeschlos-
sen werden kann, wobei das zentrale Endgerät so eingerichtet ist, dass es mit den Teilnehmer-Endgeräten über
drahtlose Verbindungen kommuniziert, und das Verfahren Folgendes umfasst:

bei Empfang eines Anrufs von der Fernsprechvermittlung oder von Teilnehmer-Endgeräten Erzeugung einer
Anruf-Instanz (720) zur Darstellung des Anrufs, wobei die Anruf-Instanz eine Vielzahl von Attribut-Feldern zur
Speicherung von Attributen hat, welche den Anruf definieren, und wobei mindestens ein Attribut vom Anruf
geliefert wird;
Zugriff auf einen Speicher, der eine Matrix miteinander verbundener Datenelemente enthält;
Verwendung der Matrix miteinander verbundener Datenelemente zur Bestimmung anderer Attribute des An-
rufs aus dem mindestens einen, vom Anruf gelieferten Attribut, wobei die Anruf-Instanz so eingerichtet ist,
dass sie diese anderen Attribute innerhalb der geeigneten Attribut-Felder der Anruf-Instanz (720) speichert.

14. Ein Verfahren, wie in Anspruch 13 beansprucht, in dem jedes Teilnehmer-Endgerät (20) so eingerichtet ist, dass
es eine oder mehrere Leitungen zu Teilnehmer-Telekommunikations-Einrichtungen (34, 36, 38) unterstützt, und
worin der Schritt der Verwendung der Matrix miteinander verbundener Datenelemente den Schritt der Benutzung
einer Telefonnummern-Liste (750) enthält, die Telefonnummern für die Teilnehmer-Telekommunikations-Einrich-
tungen den Leitungen zu den Teilnehmer-Telekommunikations-Einrichtungen zuordnet.

15. Ein Verfahren, wie in Anspruch 14 beansprucht, das weiterhin folgende Schritte umfasst:

Als Reaktion auf den Empfang eines Anrufs von einem Teilnehmer-Endgerät, das an das zentrale Endgerät
angeschlossen ist, Vergleich einer im Anruf enthaltenen Ziel-Telefonnummer mit den in der Telefonnummern-
Liste (750) enthaltenen Telefonnummern; und
Als Reaktion auf eine im Vergleichs-Schritt festgestellte Übereinstimmung die Weiterleitung des Anrufs direkt
zum Teilnehmer-Endgerät, an welchem die Telekommunikations-Einrichtung angeschlossen ist, die der Ziel-
Telefonnummer entspricht.

16. Verwendung des zentralen Endgerätes, wie in einem beliebigen der Ansprüche 1 bis 11 beansprucht, zur Verwal-
tung von Anrufen in einem drahtlosen Telekommunikationssystem.

17. Verwendung eines Verfahrens gemäß einem beliebigen der Ansprüche 13 bis 15 in einem zentralen Endgerät,
wie in den Ansprüchen 1 bis 11 beansprucht.

18. Ein drahtloses Telekommunikationssystem, das einen oder mehrere Dienstbereiche (12, 14, 16) enthält, wobei
jeder der Dienstbereiche eine Vielzahl von Teilnehmer-Endgeräten (20) und mindestens ein zentrales Endgerät
enthält, wie in einem beliebigen der Ansprüche 1 bis 11 zur Verwaltung von Anrufen zwischen einer Fernsprech-
vermittlung beansprucht, die an das zentrale Endgerät und die Vielzahl von Teilnehmer-Endgeräten (20) ange-
schlossen werden kann, wobei das mindestens eine zentrale Endgerät in der Lage ist, mit der Vielzahl von Teil-
nehmer-Endgeräten in seinem Dienstbereich über drahtlose Verbindungen zu kommunizieren.

19. Ein Computerprogramm-Produkt, das ein Computerprogramm enthält, welches ein zentrales Endgerät steuert,
um Anrufe zwischen einer Fernsprechvermittlung, die an das zentrale Endgerät angeschlossen werden kann, und
einer Vielzahl von Teilnehmer-Endgeräten gemäß dem Verfahren eines beliebigen der Ansprüche 13 bis 15 zu
verwalten.
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Revendications

1. Terminal central (10) de gestion d'appels entre un central téléphonique pouvant être connecté au terminal central
et une pluralité de terminaux d'abonnés (20), le terminal central étant configuré pour communiquer avec les ter-
minaux d'abonnés via des liaisons sans fil, et le terminal central comprenant :

un gestionnaire d'appels (560, 700) destiné à recevoir un appel du central téléphonique ou des terminaux
d'abonnés, et à générer une instance d'appel (720) pour représenter ledit appel, l'instance d'appel ayant une
pluralité de champs d'attributs pour stocker les attributs définissant l'appel, au moins un attribut étant fourni
par l'appel ; et
une mémoire configurée pour stocker une matrice d'éléments de données inter-reliés, accessibles par l'ins-
tance d'appel, afin de permettre de déterminer les autres attributs de l'appel à partir dudit au moins un attribut
fourni par l'appel, l'instance d'appel étant configurée pour stocker ces autres attributs dans les champs d'at-
tributs appropriés de l'instance d'appel (720).

2. Terminal central selon la revendication 1, comprenant en outre un enregistrement de liste d'appels (710) accessible
par le gestionnaire d'appels, destiné à contenir un pointeur vers chaque instance d'appel créée par le gestionnaire
d'appels.

3. Terminal central selon la revendication 1 ou la revendication 2, dans lequel chaque terminal d'abonné (20) est
configuré pour prendre en charge une ou plusieurs lignes vers l'équipement de télécommunications de l'abonné
(34, 36, 38), et dans lequel ladite matrice d'éléments de données inter-reliés comprend une liste de numéros de
téléphone (750) associant les numéros de téléphone desdits équipements de télécommunications d'abonnés aux
lignes reliant lesdits équipements de télécommunications d'abonné.

4. Terminal centrale selon la revendication 3, dans lequel un seul numéro de téléphone peut être associé à une ou
plusieurs desdites lignes.

5. Terminal central selon la revendication 3 ou la revendication 4, dans lequel un seul numéro de téléphone peut être
associé à une ou plusieurs desdites lignes.

6. Terminal central selon l'une quelconque des revendications 3 à 5, comprenant en outre :

une logique de comparaison, en réponse à la réception par le gestionnaire d'appels (560, 700) d'un appel d'un
terminal d'abonné connecté au terminal central, destinée à comparer le numéro de téléphone destinataire
contenu dans l'appel aux numéros de téléphone conservés dans la liste de numéros de téléphone (750) ; et
des moyens de routage, en réponse à une concordance de la logique de comparaison, destinés à router
l'appel directement vers le terminal de l'abonné auquel est connecté l'équipement de télécommunications
correspondant au numéro de téléphone destinataire.

7. Terminal centrale selon l'une quelconque des revendications précédentes, dans lequel la matrice d'éléments de
données inter-reliés comprend un élément de données liste de lignes (820) configuré pour inclure une liste de
pointeurs vers des éléments de données de lignes (800, 840), chaque élément de données de ligne identifiant
une ligne vers un équipement de télécommunications d'abonné.

8. Terminal central selon la revendication 7 auxiliaire de l'une quelconque des revendications 3 à 6, dans lequel la
liste de numéros de téléphone (750) comprend, pour chaque numéro de téléphone dans la liste, un pointeur vers
l'élément de données liste de lignes (820), qui identifie les lignes appropriées à utiliser pour diriger un appel vers
l'équipement de télécommunications d'abonné ayant ce numéro de téléphone.

9. Terminal central selon l'une quelconque des revendications précédentes, dans lequel les appels en direction et
en provenance du central sont envoyés à l'intérieur de tranches de temps via une connexion entre le central et le
terminal central, et la matrice d'éléments de données inter-reliés comprend une carte de canaux (830) destinée à
allouer chaque tranche de temps à une ligne d'un terminal d'abonné.

10. Terminal central selon l'une quelconque des revendications précédentes, dans lequel la matrice d'éléments de
données inter-reliés comprend un élément de données DSL (Digital Subscriber Loop) (810) pour chaque ressource
de connexion, câble ou sans fil, disponible au terminal central pour router les appels, cet élément de données
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DSL comprenant un élément de données liste de lignes (820) configuré pour inclure une liste de pointeurs vers
des éléments de données de lignes, chaque élément de données de ligne identifiant une ligne vers un équipement
de télécommunications d'abonné.

11. Terminal central selon l'une quelconque des revendication précédentes, dans lequel des objets OOP sont em-
ployés comme éléments de données formant la matrice d'éléments de données.

12. Elément de gestion d'appels d'un terminal central (10) destiné à configurer le terminal central pour gérer les appels
entre un central téléphonique pouvant être connecté au terminal central et une pluralité de terminaux d'abonnés
(20), le terminal central étant configuré pour communiquer avec les terminaux d'abonnés via des liaisons sans fil,
et le terminal central comprenant :

un gestionnaire d'appels (560, 700) destiné à recevoir un appel du central téléphonique ou des terminaux
d'abonnés, et à générer une instance d'appel (720) pour représenter ledit appel, l'instance d'appel ayant une
pluralité de champs d'attributs pour stocker les attributs définissant l'appel, au moins un attribut étant fourni
par l'appel ; et
une matrice d'éléments de données inter-reliés, accessibles par l'instance d'appel, afin de permettre de dé-
terminer les autres attributs de l'appel à partir dudit au moins un attribut fourni par l'appel, l'instance d'appel
étant configurée pour stocker ces autres attributs dans les champs d'attributs appropriés de l'instance d'appel
(720).

13. Méthode d'exploitation d'un terminal central (10) de gestion d'appels entre un central téléphonique pouvant être
connecté au terminal central et une pluralité de terminaux d'abonnés (20), le terminal central étant configuré pour
communiquer avec les terminaux d'abonnés via des liaisons sans fil, et cette méthode comprenant :

dès réception d'un appel du central téléphonique ou des terminaux d'abonnés, la génération d'une instance
d'appel (720) pour représenter ledit appel, l'instance d'appel ayant une pluralité de champs d'attributs pour
stocker les attributs définissant l'appel, au moins un attribut étant fourni par l'appel ; et
l'accès à une mémoire contenant une matrice d'éléments de données inter-reliés ;
l'utilisation de ladite matrice d'éléments de données inter-reliés pour déterminer les autres attributs de l'appel
à partir dudit au moins un attribut fourni par l'appel, l'instance d'appel étant configurée pour stocker ces autres
attributs dans les champs d'attributs appropriés de l'instance d'appel (720).

14. Méthode selon la revendication 13, dans laquelle chaque terminal d'abonné (20) est configuré pour prendre en
charge une ou plusieurs lignes vers l'équipement de télécommunications de l'abonné (34, 36, 38), et dans lequel
ladite matrice d'éléments de données inter-reliés comprend une liste de numéros de téléphone (750) associant
les numéros de téléphone desdits équipements de télécommunications d'abonnés aux lignes reliant lesdits équi-
pements de télécommunications d'abonnés.

15. Méthode selon la revendication 14, comprenant en outre les étapes de :

en réponse à la réception d'un appel d'un terminal d'abonné connecté au terminal central, comparaison d'un
numéro de téléphone destinataire contenu dans l'appel aux numéros de téléphone conservés dans la liste de
numéros de téléphone (750) ; et
en réponse à une concordance durant l'étape de comparaison, routage de l'appel directement vers le terminal
de l'abonné auquel est connecté l'équipement de télécommunications correspondant au numéro de téléphone
destinataire.

16. Utilisation d'un terminal centrale selon l'une quelconque des revendications 1 à 11 pour gérer les appels à l'intérieur
d'un système de télécommunications sans fil.

17. Utilisation d'une méthode selon l'une quelconque des revendications 13 à 15 dans un terminal central selon l'une
quelconque des revendications 1 à 11.

18. Système de télécommunications sans fil comprenant une ou plusieurs zones de service (12, 14, 16), chaque zone
de service comprenant une pluralité de terminaux d'abonnés (20) et au moins un terminal central selon l'une
quelconque des revendications 1 à 11 pour gérer les appels entre un central téléphonique pouvant être connecté
au terminal central et ladite pluralité de terminaux d'abonnés, le au moins un terminal central étant utilisable pour
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communiquer avec la pluralité de terminaux d'abonnés de sa zone de service, via des liaisons sans fil.

19. Produit à programme informatique comprenant un programme informatique utilisable pour contrôler un terminal
central, destiné à gérer les appels entre un central téléphonique pouvant être relié au terminal central et une
pluralité de terminaux d'abonnés selon la méthode définie dans l'une des revendications 13 à 15.
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