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"A digital cordless telephony system, a radio base station, and a combination of a radio base 

station and a cordless handset" 

The present invention relates to a digital cordless telephony system 

comprising a radio base station and a plurality of portable radio stations for communicating 

with the radio base station, in which system the radio base station is arranged to be coupled 

to a switched telephony network and comprises a multi-channel radio front-end, a channel 

5 controller, a buffer memory for buffering receive and transmit data, and a digital signal 

processor for data format converting the receive and transmit data, the buffer being coupled 

to the channel controJler and the digital signal processor. Such a system can be a FD/1DMA 

system, an FDMA system, a CDMA system, or any other digital cordless telephony system. 

The present invention further relates to a radio base station for use in such 

10 a system, and to a combination of a radio base station and a cordless handset. 

A digital cordless telephony system of the above kind is known from the 

User Manual ''ABC DSP PCD5097 FP Release 2.0",-Philips Semiconductors, pp. 1-51, 31 

15 July 1995. Described is DSP (Digital Signal Processor) sp~ flow in a DECT (Digital 

European Cordless Telecommunications) FD/TDMA (Frequency Division I Time Division 

Multiple Access) cordless telephony base station. At page 9, in Fig. 1 of this manual, a 

block diagram of the base station is presented showing a receive path and a transmit path 

from an antenna to an A/B-line connection to a switched telephone network including so-

20 called burst mode logic as an FDITDMA channel controller for controlling data burst to and 

from timeslots on an air interface, a buffer memory for buffering receive and transmit data, a 

digital signal processor, and a codec for encoding an analog signal to 16-bit linear PCM 

(Pulse Code Modulation) data at 32 kHz, and for decoding_ 16-bit linear PCM data at 32 kHz 

to an analog signal. At page 10, in Fig. 2 of this manual, the functionality of the DSP and 

25 the codec are shown in more detail. The DSP converts received ADPCM samples at a rate of 

80 samples per 10 msec, a DECT frame, and stored in the buffer memory to 16-bit linear 

PCM data, and performs other functions like received volume control, receive filtering, echo 

suppression, side tone control, DTMF-tone generation, transmit filtering, or the like. Such a 

base station is suitable to carry out standard DECT base station functions, i.e. is suitable to 
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connect one out of a plurality of portable radio stations to an analog A/B-line, but does not 
support other functionality. 

It is an object of the present invention to provide a digital cordless 
telephony system comprising a simple and low cost multi-functional base station that supports 
portable calls, calls to local base station devices, and conference calls, or the like. 

To this end the digital cordless telephone system according to the present 
invention is characterized in that the radio base station is arranged to operate in different 

10 connection modes for connecting different parties to each other including a selection from 
connections comprising a connection of a portable radio station as a first party to the 
telephone network as a second party, a connection of the first party to a wired telephony 
arrangement as a third party, and a connection of at least three of the parties in a conference 
call, and that the digit.al signal processor is programmed to switch from one connection inode 

1 S to another connection mode at an external stimulus signal, the digital signal processor further 
being programmed to support digital signal processing functionalities of the parties. 
Herewith, a large integration of function can be achieved. The channel controller, the DSP, a 
codec, and contro1 logic can be integrated on a single chip while still a very flexible system 
is achieved. As compared to expensive and from a hardware and software point of view 

20 complicated conventional PABXs (Private Automatic Branch Exchanges) with functionality as 
support of conference calls for instance, the radio base station according to the present 
invention can be considered as a very low cost and very simple miniature PABX, extremely 
useful for small business or home applications. 

In an embodiment of a digital cordless telephony system according to the 
25 present invention, the radio system is a frequency and time division multiple access system in 

which at an air intefface the portable radio stations are arranged to communicate with the 
radio base station in timeslots of a radio carrier, and that the channel controller is arranged 
to switch data bursts to and from the buffer memory in a timeslot. 

In an embodiment of a digital cordless telephony system according to the 
30 present invention, at a network side the digital signal processor is arranged to exchange data 

according to standard ISDN-interface so as to support at least two outgoing lines, the digital 
signal processor further being arranged to an arbitrary internal data channel to the lines. 
Herewith, the radio base station can easily be coupled to at least two outgoing lines of a 
digital network like an ISON (Integrated Services Digital Network), or of an analog network, 
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either directly via a standard S0-controller, or via an external DSP supporting echo 

cancellation and conversion of digital signals to analog signals, and vice versa. 

In an embodiment of a digital cordless telephony system according to the 

present invention, a functionality of the first party includes ADPCM-decoding and ADPCM-

5 encoding means for respective decoding of 4-bit ADPCM data received from the air interface 

to 16-bit linear PCM data, and encoding of 16-bit linear PCM data to 4-bit ADPCM data to 

be transmitted via the air interface. Herewith, at the side of the air interface, the system 

complies with the DECT Standard. 

In an embodiment of a digital cordless telephony system according to the 

10 present invention, a functionality of the second party includes A-law or JL·law decoding and 

A-law or µ-law encoding means for respective decoding of 8-bit A-Jaw or Ji-law PCM data 

from the network to 16-bit linear PCM data, and encoding 16-bit linear PCM data to 8-bit A­

law or JL-law PCM data to be transmitted to the network. Herewith, 64 kbit/s signals are 

obtained using an industrial interface like a so-called IOM™-ISDN interface. 

15 In an embodiment of a digital cordless telephony system according to the 

present invention, the digital signal processor is programmed to connect parties on the basis 

of buffer pointers for pointing at appropriate data buffer for data exchange betwe.en parties. 

Herewith, a simple mechanism is provided for a flexible coupling of parties. 

In an embodiment of digital cordless telephony system according to the 

20 present invention, the radio base station comprises a microcontroller for controlling the 

digital signal processor and for loading mode control parameters in the digital signal 

processor. Herewith, the DSP is set in a desired mode. In principle, when still more 

advanced DSPs will become available, the functionality of the microcontroller can be 

integrated with the functionality of the DSP. Then, no separate microcontroller will be 

25 needed. 

In an embodiment of the digital cordless telephony system according to 

the present invention, the network is an analog network, and the radio base station comprises 

a further digital signal processor which is programmed to support echo cancelling of at least 

30 two network lines and to support respective decoding of A-law PCM data to an anaJog signal 

to be transmitted to the network, and encoding of an analog signal to A-law PCM data 

received from the network. Herewith, the radio base station is fully adapted to the 

requirements of an analog network, while still with minimum hardware to suppon more than 

one outgoing line. 
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In an extremely simple embodiment of a digital cordless telephony system 

according to the present invention, the digital signal processor suppons two first parties or 

portables, two outgoing lines, and one local device, e.g. a handsfree arrangement in the form 

of a microphone and a loudspeiker coupled to the DSP. Herewith, a very simple ~d cheap 
J ~. ~ • 

5 home~PABX is obtained. Also, a digital answering device or any other suitable device can be 

10 

15 

coupled to the IOM™·interface. Herewith, any party can communicate with the digital 

answering device or the other device. The functionality of the digital answering device can 

advantageously be integrated in the digital signal processor. 

The present invention will now be described, by way of example, with 

reference to the accompanying drawings, wherein 

Fig. 1 schematically shows a block diagram Qf a digital cordless telephony · 

system according to the present invention, 

present invention, 

Fig. 2 shows a radio base station according to the present invention. 

Fig. 3 shows mode switching in a radio base station according to the 

Fig. 4 shows a functional diagram of a first pany in a digital signal 

processor in a radio base station according to the present invention, 

20 Fig. 5 shows a functional diagram of a second party in a digital signal 

processor in a radio base station according to the present invention, 

Fig. 6 shows a functional diagram of a third pany in a digital signal 

processor in a radio base station according to the present invention. 

Fig. 7 shows a functional diagram for setting up a conference call in a 

25 digital signal processor according to the present invention, 

Fig. 8 shows an example of a connection in a digital signal processor 

according to the present invention of two ponab1e radio stations and a switched network 

telephone station in a conference call, 

Fig. 9 shows a codec for use in a local mode in a radio base station 

30 according to the present invention, 

Fig. 10 shows coupling of the radio base station to two outgoing lines of a 

digital telephony network such as an ISDN network, 

Fig. 11 shows coupling of the radio base station to two outgoing lines of 

an analog telephony network, and 
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Fig. 12 shows a parameter table for a digital signal processor in a radio 

base station according to the present invention. 

Throughout the figures the same reference numerals are used for the same 

features. 

Fig. 1 schematically shows a block diagram of a digital cordless telephony 

system 1 according to the present invention. By way of example a DECT (Digit.al European 

Cordless Telecommunications) system will be described, but the system can be any other 

10 digiial cordless telephony system. For a more ~et.ailed description of DECT referred is to the 

handbook "Cordless Telecommunications in Europe". H. W. Tuttlebee, Springer Verlag, 

1990, Appendix 3, pp. 273-284. On page 278 of this handbook a multicarrier TDMA (Time 

Division Multiple Access) TDD (Time Division Duplex) DECT frame structure of twelve 

timeslots in uplink and downlink direction on the air interface is s~wn, such a frame 

15 structure being well-known in the art. The system 1 comprises a DECT radio base station 2, 

and a plurality of portable DECT radio stations 3, 4 and 5 for communicating with the radio 

base station 2, a portable radio station being a first party in a conl)ection according to the 

present invention. The radio base sration 2 is coupled to a switched telephony network 6 via 

at least two outgoing Jines 7 and 8. The network 6 can be a public or a private network. The 

20 network 6 can be an analog or a digital telephony network. Wired telephones 9 and 10 of 

fixed network subscribers are coupled to the switched network 6. The radio base station 2 is 

locally coupled to a wired telephony arrangement 11 that can simply be a telephone receiver 

or a handsfree arrangement. 

Fig. 2 in more detail shows the radio base station 2 according to the 

25 present invention. The radio base station 2 comprises a multi-channel radio front-end 20 at 

one end being coupled to an antenna 21 and at another end being coupled to a channel 

controller 22, in the given example a so-called DECT burst mode controller as disclosed in 

Fig. 1 on page 9 of said PCD5093 FP user manual of 31 July 1995, 'Burst Mode U>gic' 

(BML). Such a channel controller is known in the art per se. One of the functions of the 

30 channel controller 22 is to exchange 32 kbit/s ADPCM (Adaptive Differential Pulse Code 

Modulation) data bursts between a radio front end's channel resource, i.e. a time slot on a 

given carrier, and a buffer memory 23. To this end, both the channel controller 22 and the 

buffer memory 23 are coupled to a bus 24. The radio base station 2 further comprises a 

digital signal processor 25 that is coupled to the bus 24 via a bus interface 26. The digital 
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signal processor 25 comprises an internal bus 27 that is coupled to the bus interface 26, and 
further to a processing unit 28 and a memory 29 within the digital signal processor 25. The 
memory 29 that can be RAM memory and/or ROM memory can be loaded with s~ftware 

according to the present invention, either by means of so-called downloading or by ineans of 
S so-called hard-wired software. In the latter case, the ·manufacturing process used to make the 

DSP 25 can be SACMOS (Self Aligned CMOS), or any other suitable process. The internal 
bus 27 is further coupled to a PCM data input/output interface 30 for providing 16-bit linear 
PCM input/output data at 32 kHz, i.e. a bit rate of 512 kbit/s outside the DSP 25. The radio 
base station 2 further comprises a bus controller 31 for controlling the bus 24, and a suitably 

10 programmed microcontroller 32 with RAM, ROM and I/0-ports that is coupled to the bus 24 
via a microcontroller interface 33. The microcontroller, that can be a 8051-type 
microcontroller, or the like, is arranged to control the digital signal processor 25 and to 

download mode control parameters in the digital signal processor 25 to put the DSP 2S in a 
desired connection or program mode. The radio base sration 2 further comprises a speech 

15 interface 34 that is coupled to the external bus 24. The Speech interface 24 provides so-called 
IOM™-2 A·law PCM signals, i.e. in applying an IOM™-2 industrial standard, time division 
mode 64 kbit/s PCM input and output signals DO and DI are provided, together with a 
number of control signals (not shown in detail). Such an IOM™-2 interface is described in a 
Siemens Spec. "ISDN Oriented Modular Interface Specification, Rev. 2.2, IOM™ 2nd 

20 Generation, Siemens AG, 9/88, par. J to par. 6, 39 pages. 

Fig. 3 shows mode switching in the radio base station 2 according to the 
present invention for three kinds of parties, first parties Pa and Pb being portable parties, 
second parties Ba and Bb being data channel panies, and a third pany Loe being a local 
party. The local party can be a telephone receiver consisting of a microphone 40 and a 

25 speaker 41, or a similar handsfree arrangement. A code.c and filter arrangement 42 is 
provided for decoding and encoding and filtering PCM data to and from analog signals. The 
DSP 25 is programmed to connect any desired connection of parties, such as the connection 
of two of the portable radio stations 3' 4 and s to two arbitrary channels, a conference call 
connection of fixed wired subscribers and portable subscribers or of a local subscriber at the 

30 radio base station and fixed wired subscribers and any other suitable or desirable connection 
between the panies. For an arbitrary connection of the parties Pa and Pb to arbitrary portable 
radio stations, speech buffer pairs 43 for the parties Pa and Pb are provided in the buffer 
memory 23. By using a radio frequency slot control table 44 in the channel controller 22, the 
speech buffer pairs 43 of the panies Pa and Pb can be coupled to any radio channel resource 
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and thus to an arbitrary portable. For· an arbitrary connection of the data channel panies Ba 

and Bb to arbitrary dat.a channels, speech buffer pairs 45 are provided in the buffer memory 

23. By using a speech slot control t.able 46, the dat.a channel buffer pairs 45 of the parties Ba 

and Bb can be coupled to any suitab1e dar.a channel. Such a data channel can be a network 

5 data channel, or can also be a data channel of an answering device (not shown), or the like. 

The speech slot control table 46 can be seen as the DSP 25 pointing to desired sources by 

means of pointers. The parties are connected to each other by means of a mode 

programmable connection device 47. 

Fig. 4 shows a functional diagram F-PP of the first party Pa or Pb in the 

10 digital signal processor 25 in the radio base station 2 according to the present invention. The 

DSP 25 is suitably programmed to carry out the shown functionality. The diagram F-PP 

shows an ADPCM-to-linear PCM decoder 50 for decoding a 4-bit ADPCM signal at 8 kHz~ 

i.e. at a bit rate of 32 kbit/s, from a portable radio station to a 16 bit linear PCM signal at 8 

kHz to be processed by the digital signal processor 25. The ADPCM decoder 50 is coupled 

15 to a soft-mute block 51. To encode a linear 16-bit PCM signal at 8 kHz to a 4-bit ADPCM 

~gna1 to be transmitted to a portable radio station, the diagram F-PP shows a linear PCM-to­

ADPCM encoder 52. Further shown is a tone volume control block 53 to operate on portable 

dat.a, functionally indicated by means of an operation node 54. 

Fig. S shows a functional diagram F-BB of the second pany Ba or Bb in 

20 the digital signal processor 25 in the radio base station 2 according to the present invention. 

The DSP 25 is suitably programmed to carry out the shown functionality. The diagram F-BB 

shows an 8-bit A-law PCM-to-16-bit linear PCM decoder 60 operating at 8 kHz in the 

direction from the buffers 45 to the connection device 47, and a 16-bit linear PCM-to-A-law 

PCM encoder 61 in opposite direction. The decoder branch further comprises a receive 

25 volume block 62 and a network echo suppressor 63. The encoder branch funher comprises a 

transmit volume control block 64. A transmit tone volume control block 65 operates on the 

signal to transmitted at a data channel. From the received data channel an anificial echo is 

formed by means of the artificial echo block 66. The artificial echo block 66 operates on the 

signa1 to be transmitted so as to add a desired echo signal. Tone volume control and artificia1 

30 echoes operate on respective operation nodes 67 and 68. 

Fig. 6 shows a functional diagram F·LOC of the third party Loe in the 

digital signal processor 25 in the radio base station 2 according to the present invention. The 

DSP 25 is suit.ably programmed 10 carry out the shown functionality. At the side of the 

connection device 47, a double talk deteccor 70 is provided coupled to a microphone path 
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MF and a speaker path SP. The microphone path MF comprises a transmit filter 71 for 

decimation filtering 16-bit linear PCM data at 32 kHz, and a transmit volume control block 

72. The speaker path SP comprises a receive filter 73 interpolation filtering linear PCM data 

at 8 kHz, and operation ~odes 74 and 75. A tone volume control block 76 and a side tone 

5 signal from a side tone block 77 operate on the respective nodes 74 and 75. A side tone is 

derived from the microphone path MF. 

Fig. 7 shows i functional diagram F-CON for setting up a conference call 

in the digital signal processor 25 according to the present invention. Shown are operating 

nodes 80, 81 and 82 suitably interconnected so as to connect three arbitrary parties in a 

10 conference call. The diagram F-CON has three inputs Cil, Ci2 and Ci3, and three outputs 

Col, Co2 and Co3. 

Fig. 8 shows an example of a connection in the digital signal processor 25 

according to the present invention of two portable radio stations and a switched network 

telephone station in a conference call. Shown is the connection diagram F-CON connecting 

15 portable party diagrams F-Pa, F-Pb and F-Ba. The party diagrams F-Pa and F-Pb arc 

identical to the diagram F-PP, and the party diagram F-Ba is identical to the party diagram 

F-BB. Similarly, any other conference call can be configured by the DSP 25 as controlled by 

the microcontroller 32. 

Fig. 9 shows a codec 90 for use in a local mode in the radio base station 

20 2 according to the present invention. The ccxiec 90 is a device to be coupled between the 

microphone and speaker paths MF and SP and the microphone and speaker 40 and 41. In the 

microphone path MF the codec 90 comprises an analog amplifier 91, an analog transmit 

filter 92, an analog-to-digital converter 93, and a digital decimation filter 94 for digitally 

filtering a 864 kbit/s bit stream from the AID-converter 93. In the speaker path SP, the 

25 codec comprises a _digital noise shaping filter 95, a digital-to-analog converter 96, an analog 

receive filter 97, and an analog receive amplifier 98. 

30 

Fig. 10 shows coupling of the radio base station 2 to the two outgoing 

lines 7 and 8 of a digital telephony network such as an ISDN network. To this end the 

IOM™-2 speech interface 34 is coupled to a so-called ISDN S0 bus controller 100. 

Fig. 11 shows coupling of the radio base station 2 to the two outgoing 

lines 7 and 8 of an analog telephony network. To this end an external digital signal processor 

DSP is provided with appropriate system memory (not shown in detail) of which the 

respective functional diagrams F-DSPl and F-DSP2 are given. The diagrams F-DSPl and F­

DSP2 are identical. In the diagram F-DSPl, a receive path RX is coupled to the output DO 
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of the speech interface 34, and a transmit path TX to the input DI of the speech interface 34. 

The receive path RX comprises an A-law PCM buffer 110 coupled to an A-law PCM-to­

linear PCM decoder 111. and further a receive control block 112 and a receive filter 113 

coupled to the A/B analog line 7 via a switch 114. The transmit path TX comprises a 

S transmit filter 115 coupled to the A/B analog line 7, and further a local echo canceller 116, a 

network echo suppressor 117, a transmit volume control block 118. a linear PCM-to-A-law 

PCM encoder 119, and an A-Jaw PCM buffer 120. The echo canceller 116 and the echo 

suppressor 117 are also coupled to the receive path RX. A side tone block 121 is coupled 

between a DTMF generator 122 operating at 32 kHz and an operation node 123 at an input 

10 of the A-law encoder 119 in the transmit path TX. The microcontroller 32 is a master 

controller in the radio base station 2, whereas the external digital signal processor DSP is a 

slave. Accordingly, the microcontrol1er 32 controls ·and programs the external digital signal 

processor DSP such that the a correct operation on the time division IOM™-signals is 

achieved, i.e. the functional blocks F-DSPl and F-DSP2 alternately operate on successive 

15 IOM™-2 time sJots. 

Fig. 12 shows a parameter table PAR for the digital signal processor 25 in 

the radio base station 2 according to the present invention. The parameter table PAR is 

stored in the buffer memory 23. The microcontroller 32 updates and downloads the 

parameter table PAR at an external stimulus signal, i.e. the microcontroller becomes aware 

20 of the desired connection from external signals and then starts an update cycle. The table 

PAR comprises DSP parameters DSP-PAR at given address locations ADDR, and contains 

pointers for the parties Pa, Pb, Ba, and Bb for instance so that the right data connections can 

be made for a given connection. Other parameters determine side tone control, transmit 

volume, and so on and are not shown in detail here. Shown are pointers Pa-ADPCM, Pb-

25 ADPCM, Ba-A-law, and Bb-A-law, and further a parameter program mode PROG. With the 

parameter PROG, the DSP 25 configures the desired connection. The pointers Pa-ADPCM, 

Pb-ADPCM, Ba-A-law, and Bb-A-law point to desired buffer locations in the buffer memory 

23 for data exchange between the channel controller 22 and the DSP 25, and for data 

exchange between the DSP 25 and the network Jines 7 and 8. 
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CLAIMS: 

1. A digital cordless telephony system comprising a radio base station and a 

plurality of portable radio stations for communicating with the radio base station, in which 

system the radio base station is arranged to be coupled to a switched telephony network and 

comprises a multi-channel radio front-end, a channel controller, a buffer memory for 

5 buffering receive and transmit data, and a digital signal processor for data format converting 

the receive and transmit data, the buffer being coupled to the channel controller and the 

digital signal processor, characterized in that the radio base station is arranged to operate in 

different connection modes for connecting different parties to each other including a selection 

from connections comprising a connection of a portable radio station as a first party to the 

10 telephone network as a second pany, a connection of the first pany to a wired telephony 

arrangement as a third party, and a connection of at least three of the parties in a conference 

call, and that the digital signal processor is programmed to switch from one connection mode 

to another connection mode at an external stimulus signal, the digital signal processor further 

being prog~mmed to suppon digital signal processing functionalities of the parties. 

15 2. A digital cordless telephony system according to claim 1, wherein the 

radio system is a frequency and lime division multiple access system in which at an air 

interface the ponable radio stations are arranged to communicate with the radio base station 

in timeslots of a radio carrier, and that the channel controller is arranged to switch data 

bursts to and from the buffer memory in a timeslot. 

20 3. A digital cordless telephony system according to claim 2, wherein at a 

network side the digital signal processor is arranged to exchange data according to standard 

ISON-interface so as to suppon at least two outgoing lines, the digital signal processor 

funher being arranged to an arbitrary internal data channel to the lines. 

4. A digital cordless telephony system ~ccording to claim 3, wherein a 

25 functionality of the first pany includes ADPCM-decoding and ADPCM-encoding means for 

respective decoding of 4-bit ADPCM data received from the air interface to 16-bit linear 

PCM data, and encoding of 16-bit linear PCM data to 4-bit ADPCM data to be transmitted 

via the air interface. 

5. A digital cordless telephony system according to claim 4, wherein a 
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functionality of the second party includes A-law or µ-law decoding and A-law or µ-law 

encoding means for respective decoding of 8-bit A-law or 1L-law PCM data from the network 

to 16-bit linear PCM data, and encoding 16-bit Jinear PCM data to 8-bit A-law or µ-law 

PCM data to be transmitted to the network. 

5 6. A digital cordless telephony system according to any one of claims 1 to 51 

wherein the digital signal processor is programmed to coMect parties on the basis of buffer 

pointers for pointing at appropriate data buffer for data exchange between parties. 

7. A digital cordless telephony system according to claim 6, wherein the 

buffer memory comprises an first buffer memory outside the digital signal processor and a 

10 second buffer.memory inside the digital signal .processor, the buffer pointers coupling 

appropriate buffer locations in the memories in accordance with a selected operating mode. 

8. A digital cordless telephony system according to any one of the claims l 

to 7, wherein the radio base station comprises a microcontroller for controlling the digital 

signal processor and for loading mode control paiameters in the di!;ital signal processor. 

15 9. A digital cordless telephony system according to any of the claims 3 io 51 

wherein the network is an ISDN-network. 

10. A digital cordless telephony system according to claim 5, wherein the 

network is an analog network, and the radio base station comprises a funher digital signal 

processor which is programmed to support echo cancelling of at least two network lines and 

20 to support respective decoding of A-law or µ-law PCM data to an analog signal to be 

transmitted to the network, and encoding of an analog signal to A-law or µ-law PCM data 

received from the network. 

11. A digital cordless telephony system according to any one of the preceding 

claims, wherein the digital signal processor supports two first parties, two second parties, 

25 and one third party. 

12. A radio base station for use in a digital cordless telephony system in 

which a plurality of portable radio stations is arranged to communicate with the radio base 

· station, and in which the radio base station is arranged to be coupled to a switched telephony 

network, the radio base station comprising a multi-channel radio front-end, a channel 

30 controller, a buffer memory for buffering receive and transmit data, and a digital signal 

processor for data format converting the receive and transmit data, the buffer being coupled 

to the channel controller and the digital signal processor, characterized in that the radio base 

station is arranged to operate in different connection modes for connecting different parties to 

each other including a selection from connections comprising a connection of a portable radio 
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station as a first pany to the telephone network as a second party, a connection of the first 
party to a wired telephony arrangement as a third party, and a connection of at least three of 
the parties in· a conference call, and that the digital signal processor is programmed to switch 
from one connection mode to another, ~n-~tion mode at an external stjmulus signal. the 

5 digital sign~ processor further being programined to suppon digital sigtial processing 
functionalities of the panies. 

13. A combination of a radio base station according to claim 12 and a 
cordless handset. 


