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"A digital cordless tel ephony system a radio base station, and a

conmbi nation of a radi o base station and a cordl ess handset™

The present i ' relates to a digital cordless tel epho stem
corrplroi sing a ?gg?%fsg{;se station and a plurality of portabl gﬁgﬁ#gugﬂt ations
for conmuni cati ng with the radio baselstation, in which systemthe
radi o base statjon is arranged to be coupl ed to a switched tel ephony

network and cAigiakeosdlgssielephiony. syfiems|a ragdigibaser stasion.- andch combisiatiomof a ra@fio base
controller, gadusfdnBrla JERARE YaddRs buf fering receive and transmt data, and a

digital si gnal processor for data format converting the receive and
transmt data, the buffer being coupled to the channel controller and
the digital signal processor. Such a systemcan be a FD/ | DVA system
an FDVA system a CDVA system or any other digital cordless tel ephony
system The present invention further relates to a

radio base station for %@%P{fﬁe&ggﬂ‘lﬁéﬁ% 8]?%8 EO :mdlgmﬂ COI(RCSS te?epggx{yns%gtlengxn of a

radi o base station and a
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 controller and the digital signal processor, Such a system can be a FD/TDMA

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 PCDS097 FP Release 2.0, Philips Semiconductors, pp. 1-51, 31

15 July 1995. Described is DSP (Digital Signal Processor) speech flow in 2 DECT (Digital
European Cordless Telecommunications) FD/TDMA (Frequency Division / 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 FD/TDMA 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 sampies 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



A digital cordless tel ephony system of the above kind is known fromthe
User Manual "ABC DSP PCD5097 FP Rel ease 2.0", Philips Sem conductors, pp.
1-51, 31 15 July 1995. Described is DSP (Digital Signal Processor) speech

flowin a DECT (Digital Eur opean Cordl ess Tel econmuni cati ons) FD/ TDVA
(Frequency DWa%nsn2/ Time Division Mil tiple Access) pOFfioERIss
t el ephony base station. At page 9, in Figs 1 of this manual, a bl ock

di agram of the base station is presented showi ng a receive path and a

transmt patkbnnect onefdups? @Blu?dsﬂigfﬂf;%rﬁglg | iﬁ‘/s idrds 1§ rjarr?D g@%é{égﬂ%ets %&ﬁd('\ssgp%d

t el ephone network includin ed burst

channel conf¥RpeRtther dunclonalitl | i ng data burst to and fromtineslots on
an air interface, a buffer nenory for buffering receive and transmt data,
a digital signal processor, and a codec for encodi ng an anal og si gnal
to 16-bit linear PCM (Pul se Code Mbdul ation) data at 32 kHz, and for

decodi ng ¢ 16-bit |inear dat 32 _kHz. . to _an.anal og signal. At

page 10, 3n Fi g. 2 of tﬁrgg?goﬁléf%@ﬁgﬁﬁwgwglt?wv QM%SW%H-ZS t he

codec are s lefephofiynsysiemccoreirising a sihple Wmmﬁm—mmahm%mlmq%ﬁs at
e

a rate of 0_sanmpl.es per. .10 neec,, a DECT frame, and stored in t

buf f er mermmbgf’ T@;s,g%)ahls?q ase statiop deyiges and conference callsyer thelike. functions
like received vol ume cortto tis,entl ekedipital Chrdlesy feltfhon@ Giflem accordhP Ry tﬁﬁéﬁﬁ%}ﬁ
side tone control DTI\/F-t%g[F_ gﬁgeratlpn, transmt filtering, or t I kKe.
Such a inyentionds characierized in thatthe eadjiq,base, statjonqis arranaed do, operdE O diffecant

stati on ¥ounédrinedtivon modes forcofmectiidiffefeft parties to each other inclyding a selection from
2 connect, one out,of a plurality of portable radio stations to an

anal og A/ B- FOnRectiops, corpRIIsing A gonnection 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 digital signal processor is programmed to switch from one connection mode
15 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 control 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 interface 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 ISDN (Integrated Services Digital Network), or of an analog network,



support other functionality. 5 It is an object

of the present invention to provide a digital cordless t el ephony
system conprising a sinple and | ow cost multi-functional base station.that
supports portable calls, calls to | ocal base station devices, and
conference calls, or the |ike. To this end the

di gital cordlWa873igl2ephone system according to the present PCTABISOREY, ent i on
is characterized in that the radio base station is arranged to operate in
different 10 connection nodes for connecting different parties to each

ot her i ncl udgif@r dir&tly &6 4 sundardoSycontroller pomds n externaldD$P supportingectonnect i on
of a portable radi,o station .as a. fjrst rt oth Je hone net wor k
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can be int egr%f%% on a single chi a very flexible syStem
i s achi eved. cowplieo mith tee]DECTSgndardi ve and from a hardware and software

poi nt of view 20 conpli qﬁﬁfgmg‘gﬂ%gﬂt&g ital £83 ss((:tbaﬁé%%?yswﬂ %ﬁdiir% tBhEch

Exchanges) with functiona support o erence calls for
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can be considered as._a very | ow t ggg LB ik A o L Qadr PRX1 data
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In an enbodi fromtthe hetaotk ©i 16t KrearPEMsdats [aed bnooying \I§tbitntinearcREMidata to 8-biha- 25
present inveption, th i O stemis reguency.and.,ti j MES
nul tiple acc °’s’9‘?tweﬁ$méjm to b, {nspitgd ?%klegg ‘ﬁrﬁf‘iécrr%&hé 6?%33)55@%18?? radi o
stations ar eoptainad @6k droindasial iterddce like tlsoichited IOM™I8DNGnleEsee. st ati on i n
timeslots of a radio carrier, and that the channel ntraoller | d
to switch!¥ata bursts tolﬁﬁﬂef"g‘c‘f WFW@{@L}F?@?C?@%@}%P%%SY*%?%@&%W
present invention, the digital signal processor is programmed to connect parties on the basis
of buffer pointers for pointing at appropriaie data buffer for data exchange between 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 analog 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 support more than

one outgoing line.



In an enbodi ment of a digital cordless tel ephony system according to the 30
present invention, at a network side the digital signal processor is
arranged to exchange data according to standard | SDN-interface so as
to support at |least two outgoing lines, the digital si gnal processor
further bei ngoamtdmged to an arbitrary internal data chanpehaisReidig | i nes.
Herewith, the radi o base station can easi+y be coupled to at |east two
outgoing lines of a digital network like an | SDN (Integrated Services

Digital Network), or of f@%{n&ﬁnd' o

3 either directly 31?211 gﬂ?t a dgrﬁlh er r']nleg‘o?\ftardc}Fll'%rc?rdgrss ‘\?llcgh%"ﬁ s@?(‘?'é'r nal
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interface. Herewith, at the side of the air intefface, fhe system
conpl i es wi WMEWeRRE dgvice otithg efherdevice. The functionality of the digital anlswe%qg %rﬂfﬁ(f?ﬁ'rent

of a digitalg 8s17 bk ShSRRadIh Y AR AERPprekdigr O the 10 present

i nvention, a functionhality of the second party ineludes A-law or [err]-Ilaw
decodi ng and A-law or [err]-law encodi ng neans for respective decoding
of 8-bitjgA-law or [err]-law PCM data fromthe network to 16-bit |inear

PCM dat a, and encoding 16-bit linear PCMdata to 8-bit A- )
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 of a digital cordless telephony
system according to the present invention,

15 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
present invention, _

Fig. 4 shows a functional diagram of a first party 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 party 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 portable 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



| aw or [err]-law PCM data to be transmtted to the network. Herewith, 64
kbit/s signals are obt ai ned using an industrial interface like a
so-called IOMerr]-1SDN interface. 15 I n an enbodi nment
of a digital cordless tel ephony system according to the pr esent .
I nventi on, thc%v(gi%idt al signal processor is programmed to connect parties on
t he basis 1733321 er poi nters for pointing at appropri aRE1BFH248uUf f er
for data exchange between parti es. - Hesewith, a sinple mechanismis
provided for a flexible coupling of parties. In an
enbodi nent of digital corFEgekXshostajparametes yablefor aaitgitabsigial prockdser idQ radio
present invention..the r$di 0 @ase sttat Il on _conprises a mcrocontroller for
control | i ng R Station ageosding, fo 1h¢ present MVEARANS o~ and for | oadi ng node contr ol
parameters in the digital Tirbuphaht the figurty M6 SEROfeferkiRe QiinkRls drb 8sedIbr 1he siifd
Iin a desired node. In principle, when still nore advanced DSPs wi | |
becone avai | 488t he functional i ty of the mcrocontroller can be
integratedswith the functionality of the DSP, Then, no separate

m crocontroller will be 25 needed. In an

enbodi mrent of the digital cordless tel ephony system according to t he
present invention, the neg; ' g}fy“g '

station conprises ael?lgﬂ %ehrbﬁa‘?cglllfa s%gtga V}girég%“égggrds |{:d§&§|b§ tﬁ@ﬁiﬁny
progr amed t sysemactordiop de thameesent iipngniédn. By wayof texguple a\REGE (Migitd Buropesn and

o support T QRRREL MURARRINEIN ek M BOLARD 06t AD5ADA 80 3 403fner

to be transm e ne r and ‘encoding of an a 0 Al aw
PCM dat a 10 digiatenrdiesy télephony bystene tFoo a knoréidetailodtdescription oBDECT lraferred fsabitien

is fully ada . [ e SWE niﬁaalﬁm t WOl ' still
W th mni num%%ﬁér%g&ml/grée&?lgsssﬁ%%cgﬁ& l&h{)r e ? %’gﬁ‘?'f"pea *oné ou eg%r n E&eﬁ\g&h&e’
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 shown, 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 connection according to the
present invention. The radio base station 2 is coupled to a switched telephony network 6 via
at least two outgoing lines 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 2 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 giveﬁ 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 Logic’
(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



4 In an extrenely sinple enbodinent of a digital
cordl ess tel ephony system according to the present invention, the
digital signal processor supports two first parties or portables, two
outgoi ng lines, and one | ocal device, ekg a halndzfree ﬁrrgggerreHgt |ntthhe
form of hone and a | oudspeaker coupled to the rew a
very sinpl e‘g%gméﬁggp 5 home- PABX i s obtained. Al so, a di §FT/A#%AREering
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to the p$esewtlladrhaahivired sofﬂr&re In the latter case, the manufackirilig p2oc8iOMEd B ,ﬁﬁgl,_ge base

3
Shove moae SNk ¢ S4B TSP A OB an anx otveriruighie graonw. The ingmatSe
i nvention, bus 27 is further coupled to a PCM ddta éhputhouipid Witerfack B0 Fér (RBAking 118 %5ARe 2

f t t cessor. in a radio basé station
nccor df ng. P ibuilpeash 92 Reeohe. ol e of $12 koS ouside the DR 25, The sl 2
functi onal b&emmzcﬁmﬁer&ﬁﬁ@ﬂésﬁaﬁs)éoﬁtfbllér 9 %rtc%ht.ro?h@fﬁk bus 24, A6 AGERAY ' N

g 6 Mo Re OO anelea g7 AR AM, (ROM ang 40 gors e ieeaypledio dhechuar
processor ivia @mi@shoﬁu&ves%mlsgnrﬁ&%&oﬂaoﬁe?, thieeaR 'bE 3051 bypyent i on,
microcontroller, or the fike, is arranged to control the digital signal processor 25 and to
download mede control parameters in the digital signal processor 25 to put the DSP 25 in a
desired connection or program mode. The radio base station 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™ 2™
20 Generation, Siemens AG, 9/88, par. 1 to par. 6, 39 pages.

Fig. 3 shows mode switchihg 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 parties, and a third party Loc 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 codec and filter arrarigement 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 5 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 parties. 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 parties Pa and Pb can be coupled to any radio channel resource



Fig. 7 shows a functional diagramfor setting up a conference call in a 25
digital signal processor according to the present invention,

Fig. 8 shows an exanple of a connection in a digital signal processor
according to the present invention of tw portable radio stations and a

swi t ched networ k t el ephone station in a conference call,

Fig. 9 shows dQ¥@¥2for use in a local node in a radi o basecTaBednizes 30
according to the present invention, 7 Fig. 10 shows
coupling of the radio base station to two outgoing lines of a di gi tal

tel ephony net yfarkusSid@h afs RENE. r UR falbi connection of the data channe! parties 11
shows coupling of the radrggt?gse station tmqwo out goi ng |al nes gf © %a

anal og t el ephadyB@rafRitRry dagachannels, speech buffer pairs 45 are provided in the buffer memory
5 R |
Signal pr oceszsor y, using a %uh sidi’coli]lﬁ)l HBRES, TheRBtLH AR bﬁﬁé?[p%rg OSF% !ﬁh{en 8 Ba

ase station accordrng
i nventi on. and Bb can be coupled to any suitabler datagthannel .t Sueh idgwarobenneheandwraenetwork

FEfErence gun&rtaaéhsangerl,eoruégq]sg% atcﬂg chaHel of an anfs»%};nléru%%‘ce (!?Ot shown), or the like.
The speech slot control table 46 can be seen as the DSP 23 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 signél 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
signal 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
data, functionally indicated by means of an operation node 54.
Fig. 5 shows a functional diagram F-BB of the second party 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 prograrhméd 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 further comprises a
transmit volume control block 64. A transmit tone volume control biock 65 operates on the
signal to transmitted at a data channel. From the received data channel an artificial echo is
formed by means of the artificial echo block 66. The artificial echo block 66 operates on the
signal to be transmitted so as to add a desired echo signal. Tone volume control and artificial
30 echoes operate on respective operation nodes 67 and 68.
Fig. 6 shows a functional diagram F-LOC of the third party Loc in 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. At the side of the
connection device 47, a double talk detector 70 is provided coupled to a microphone path



Fig. 1 schematically shows a bl ock diagramof a digital cordless tel ephony
system 1 according to the present invention. By way of exanple a DECT

(Di gital European Cordl ess Tel ecommuni cations) systemw || be

descri bed, but the systemcan be any other 10 digital cordless tel ephony

system For etailed description of DECT referred i
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anal og or a digital tel epiaonsheied ¥vfinctional diagraincF-QUN fo Setlingiapl a konfefence call

fi xed network subscribers are cggpl ed to the svvitched.neéﬁvork 6. The radio

base st ati orinahq digital signsl rogesspr &3 @pfoEding tp he Rresety 1HVEPugin SRV AeARGEHERt 11

that can si npgys §F 82 Zn@'s2 RGBS hRF@nK&ked so as t& tormettands hivRearp DaAiBgRIENt .
Fig. 2 in nore detail shows thHe_radi o base station to the 25

S on 2_accor.di ng
present ilfvesonfespace walk Thediagrag E-LCQN das treeinpyiy ), L2 and Erlﬁ'taf‘- e PREPUYS o di o
front-end 2008t o2 and @8, €Nd being coupled to an antenna 21 and at anot her
end bei ng coup’ecé’ to a channel controller 22, in the given exanple_ a
so-cal | ed DECT burst nodEige 8rshews e pxamplejofsrangection in the digia} sjgnal pecessery®> o

of said PCD5 r r@m&ﬂ, \:Jd‘é%haﬂ) s t ; ey

(BM.). Such %g%ﬁgig rﬁglﬁfécpo ntro ee"r%n éi[(no | %qt%ﬂg sggéﬁp%yqﬁlk%e&é#ox# he
functi ons ofteleplwon8Gtatiomhinrmednferonce calll Shownds ithe qopnastiomdiagram3B-CAN eongeciingC\V
(AdaptiveD ff pal,. X 2. Npd ' : b 1 en a
ad o 11 dft ReabE Tand wskHrs e FEAE Ry and EI thephAf iafiad FORL Sle°F-p5 Bl
carrier, andidenticsiftbahe diegram\F-PB, anfithe party dingramidoBh ist identichltarted partyrdisgmmer

22 and the L uf. ne . '
station 1 RS, OCGN dlteRings EAHEAE dofinfurllihy 8 nESs Lo Roliay
coupl ed to tihe nicrecobrollereB2a bus interface 26. The digital

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 codec 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 A/D-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.

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 §; bus controller 100.

30 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-DSP1 and F-DSP2 are given. The diagrams F-DSP! and F-
DSP2 are identical. In the diagram F-DSP1, z receive path RX is coupled to the output DO



6 signal processor 25 conprises an internal bus 27 that is coupled
to the bus interface 26, and further to a processing unit 28 and a
menmory 29 within the digital signal processor 25. The menory 29 t hat
can be RAM nenory and/or ROM nenory can be | oaded with software

according to the present invention, either by neans of so-called

downl oadi ng oV¥OBY2¥ans of 5 so-called hard-w red soft waPeT/nBIot2be | atter

case, the manufacturing process used to nmale the DSP 25 can be SACMOS
(Self Aligned CMXS), or any other suitable process. The internal bus
27 is furt herofws@é&ﬂ ihterfabe B Mafded ﬁtaﬂsﬂﬂtﬁafhopxmhe xﬁﬁueﬁx%%e%ﬁeécﬁ m&"fé&lsd' ng
16-bit linear CM i nput/out put data at

kbit/s outsi &@etf?Fé‘VDWhZ@( CQMpriseyap 4-law P C%&E@*’s’t@@?ﬁl@‘%%r&% P@Mﬂﬂ'l ses
a bus cont r olhelr pv E‘!@fodﬁtoﬂtlr 2hd fu'?tﬂext bf‘eoauesc&ﬁrgl @i?% 2544t ve fitter 113

programed m crocont 32 wth ports that I's coupl ed
to the bus 240“P18d tovtheA4B méngdmﬁtvxelal switch hideThe transpBt parin @ Xndomprisesrat roI I er

cont ol t o GPRLRE: ool lodhERTE bhteg fle 7, Sha i KRat oo BBRT IS f

paraneters i meModc ahhglsnpuressorgﬁa | a pnmmas&ﬂum&ﬁomml plotk 118; alisBar FCMno-A-law

compr f ses o Sthafoqs Hon R RE pol Byt dof BRRSyS bbeRE 186 el lRgs 24

The speech i sapprésearel IZZhrme/wlhpEd sotheatded@ path RX) Asjdernsre Rook-124is Eupled

mode. 64 kbi ¢ PEBeR K EYTAME Serkios g poraics a1 42 Bl an S8 s Jpdatsn i "

t ogletOMher W]b t lof the A-lafw erieodezn éwﬁn the nfansthit Patly MKl The mtroedmsxmrm il@tnwdstey . Suc hOI
an err errace 1.s eSCr | De in a n Jente
Ul ar |t o FoRUELREE Fdi a5 Satars, Wi the gyfeplel frejal sinal processor DSP s 2

slave. Accordmgly, the microcontroller 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-DSP1 and F-DSP2 alternately operate on successive
15 JOM™-2 time slots.

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
volurne, 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 lines 7 and 8.



20 GCeneration, Sienmens AG 9/88, par. 1 to par. 6, 39 pages.
Fig. 3 shows node swi tc]fqli_ﬂg_i,n,tlle_f_adi—e——base station 2 according to the
ree kin

present invention for t ies, first parties Pa and Pb being
portabl e parties, s% | ““@iuﬁwamand Bb being data channel parties,
and a third c bei s =+ party. The local party can be a

t el ephone reggﬁ%éFﬁgonsisting of a m crophone 40 and a 25 85%@%%%?“&1, or a
simlar handsfree arrangenent. A codec andOfilter arrangenment 42 is

provi ded for decodi ng and encoding and filtering PCM data to and from
anal og si gnaChAIMSe 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 5 to two arbitrary channels, a conference cal
connection of fixed wired subscribers and portable subscribers or of a

| ocal subscriber at the 30 radio base station and fixed w red subscribers
and any other suitable or desirable connection bet ween the parties.

For an arbitrary connection of the parties Pa and Pb to arbitrary portable
radi o stations, speech bLAffe,l‘ pairs

K 4? or the parti.es Pa ng Pb_are
provi ded in the buffer digifal H¥ VYA cgmﬂ’%‘f‘%af‘?‘g& BfSANgP gpd a
control tablguffity 6 orable Fadie Shricig Tor Wnrinicadng Wik the radiovasLamioal i Rhicpal r s

43 of the parties Pa and Pb can, be coupled to an% radi 0 chanpel resource

7 and wysem the radio baspistation is arapgeaip be cpupled,9 ,viched, elephonyetyork and
the data Ch:&ﬁ@ﬁs&?{ hiuftScHiafne] radio ﬁgﬁbeﬁh 4 ehahdl cohmdier O btres iRenay for speech

buffer pair are provided in t uffer menory

S 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 staiion as a first party to the

10 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
céil, 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 programmed to support digital signal processing functionalities of the parties.

1s 2. A digital cordless telephony system according to claim 1, wherein the
radio system is a frequency and time division multiple access system in which at an air
interface the portable radio stations are arranged to communicate with the radio base statién
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
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.

4, A digital cordless telephony system according to claim 3, wherein a

25 functionality of the first party includes ADPCM-decoding and ADPCM-éncoding 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



23. By using a speech slot c t he data channel buffer pairs
45 of the parties Ba arn[m lﬂ im w ﬁ !Ied to any suitable data
channel . Such a data channel can cbera me s 5 data channel, or can al so
be a data channel of an answering device (not shown), or the Ilke. The
speech slot control table 46 can be seen as the DSP 25 pointing to desired
sources by WORELAR of pointers. The parties are connect ed®CTOBISALS ot her
by neans of a node programmabl e connectfi on devi ce 47.

Fig. 4 shows a functional diagram F-PP of the first party Pa or Pb in the
10 digital sfugctivnality@f etesscond paity utchﬂlcf Adhw ob asiew Yeaidingand AaﬁWrQJ'-ﬁﬁr to

the present inveqgtion yi t abl p carr out
he Shown f unBIEPGREeRs Tof frepegtivigtesmrips pe-bif A-y & LIS QRIS ko e nekwo
decoder 50 fofo xesiORieROPEMIdA, tand\itioiing| 1GAA Tikhr BCMMHata to 8-bit A-18w oatu-lawb' t

rate of 32 kblt/s froma portable radio station to a 16 bit |inear
signal at 8 PCM dafgtorhe trasmitted tasthedeWpr-ne digital signal processor 25

The ADPCM gec der 50 is Cﬁutﬂéx% c«:ls-lalesst &e?h@@{sryst té%lco%lﬁfko éév onF%f ‘Eﬁn%dfetoas

| i near 16-bit PCM signal at
transmtted twheseipdhe @gmé swaﬂmsmsat isgprogremaed |t<agcrnamt Parips g thadasis bf bufer

PCM t o- fs‘%ﬁ‘ﬂf"r gppmg ?liﬁqﬁ trol bl ock
53 to operat e on%ﬂorta ga§ oi’yawﬁuunctlona y |n ?: e anéegans of an

operation nodé 54. A digital cordless telephonyRBygjem Bcconding tcocidion; twherein the

di agr am F- BB gﬁh ' Qi 1 i anal
processor 25 @%fe%ﬁg r ase S{Eﬁnﬂfer?&gig%%@rtﬁ%ﬁ?ﬂlﬂleg ratla en Sor and a

i nventi on.l0 secon'drwfﬁsmeﬁlﬁryl wsué«utltahmgal sigmad processer, the edfer pointats dobplinghown
functlonallty Th shaws. an _8-Dbi t to-. 16 bj t

| i near PCM dec?gc?é’rmgd’%%%re mﬁﬁ’ ¢ eﬂﬂ?eﬁwatcﬁ%mce“ﬁﬂlars\é%ﬁ%ﬁﬁ

buf fers 45 t o8t he connectiAodigltkdetessflﬁlepm@ sgadrﬁabootdlhgmydaewﬂmdmhﬁw
PCM encoder 61 0 ite recti.on. ader nc, urt copnpr | ses
a receive 25 “’\70 ‘ﬂ'ﬁgep'bﬁ?' ‘%E"‘sﬁﬁﬁ‘"g" ﬁ%‘PW%a EBﬁBC@HB@?e‘h SHg "gﬂ?égéﬁioder
branch furt hegigrabpiotéssotsand for loadifig amemdnmbj:metez@m ﬁeldugaiapﬁgnaﬁﬂroc&sox.
transmt tgne vol ume contro erat es on na
transnmittdd al* a data chaﬁrFLV“5 gh"ﬁ‘c'ﬁ P‘g‘é’m M‘g“%m@f%ﬁlﬂi“??f‘?éi al
echo is ,f,ﬁg,aﬁ@,ebﬂétmrwmpfsxjmga%m ficial echo bl ock 66. The
artificial echo block 66 operates on gnal to be transmtted so

as to add a désired echo §|%@°°W@%‘°%PW%HFF@N‘%H’ caim; 3, whezgin the

echoes oper at Ruestk €SP 8faldg RIVRIR! ki R rAdRiRSe Siftich @nipBises a further digital signal
Fig. 6 shows a functi onal d| agramF LOC of the third party Loc in the
processor which is programmed to support echo cancelling of at least two network lines and

O]

20 to support respective decoding of A-law or u-law PCM data to an analog signal to be
transmitted to the network, and encoding of an analog signal to A-law or u-law PCM data
received from the network.

1. 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



digital signal processer—25—inthe radi o base station 2 according to the
present .invention. The by i “itably programmed to carry out the
shown functionality. At \Hﬂ“gﬁﬂmmwﬂ'ﬂ connection device 47, a double
talk detector 70 is provided couptfed td a m crophone path VF
and a speakevo padisy2SP. The m crophone path MF conprises a transmt filter

71 for decimation filtering 16-bit |inear PCM data at PSP1ROf91268ng o
transmt vol unme control bl ock 72. Thd2speaker path SP conprises a

receivefil% 73 ifnteragolationfilterin | i near PCM dat a at 8 kHz, and
oper ati on 688 372 Tpazy to fhe teiephoge, netwarkeas # seeand pany ka g@ineqtivnof shefirst one 5
1 gnal {1 oy 6 ditedeiciong ke ABR'@ a AN pir UGG BFM T BrY 7

A side tone is , , derived Tromthe mcrop

Fig. 7 shofRe partiesinia contarenge sl and thatthe digital signal progesser i progriremed aesviiadh

Shown ar ¢ i of éitoith 3698 1 fnchis Bty Wods by B B BN b NERb dhto as
to connelt Bi%é@'m? racessos fupthert being programingd eosuppore diptralcsigral pmcigi; agram

F- CON has @ | i.l.. C2 and G 3, and three outputs Co2 and
Co3. tfm&ﬁﬂdﬁ@i‘;}yI’fsthgl’&me?:i g. 8 shows an exanple of a connection in the

digital sidBal processoA cambinationasfaOragioti@sd statiol AcEUrEISER clhiy ENEAPY Of two
portable r }d?sﬂ,%{?l %s and a swi tched network t el ephone station in a
conf erence cal . o%th is the connection di agram F- CON connecting 15
portabl e party diagranms F-Pa, F-Pb and F-Ba. The party di agrans F-Pa and
F-Pb are



identical to the diagramF-PP, and the party diagramF-Ba is identical to

the party diagram F-BB. Simlarly, any other conference call can be
configured by the DSP 25 as controlled by the mcrocontroller 32..

Fig. 9 shows a codec 90 for use in a local node in the radi o base station
20 2 accordi to the present invention. The codec 90 is a device to be
coupl ed bet P72 m crophone and speaker paths M- aFfel/IBR5/ UG8 t he

m crophone and speaker 40 and 41. In the m crophone path M- the codec
90 conprises an analog anplifier 91, an _apalog transmt filter 92, an
anal og-to-digital converter 93, and a d]g&éeﬂ decimation filter 94 for
digitally filtering a 864 kbit/s bitl streamfromthe A/ D converter 93.

In the speaker path SP, the 28 codec conprises a digital nojse shaping
filter 95, a digital-tgfanallsg converter 962.22:599tﬂg" receive filter
97, and an anal og recgl ve anpl N ey 98. Fig. 10
shows coupling of the i o _the two ouf§goif@ - lines 7
and 8 of a digital ot k| #n | SDN netywork] To this end

t he IOMerr]- 34 is cogpéded to a so-called | SDN

S[err] bus control

of the radio basef/station 2 to the | lines 7 and 8 of an
anal og tel ephony fnetwork. To thi i an extegnal digital sig cessor
DSP is provided wi em fenory (not s in de ? of
whi ch the g ‘ F-DSP1 ahd F-DSPZ—are gi ven.
The di agrans F-D$P1 and F- wenlical. [ag) }gsdiagran1F-DSP1
a receive path RX poT— DO i

ST ™~ FIG. 1

2‘\
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9 of the speech interface 34, and a transmt path TX to the input DI

of the speech interface 34. The receive path RX conprises an A-|l aw PCM
buffer -110 coupled to an A-|l aw PCMt o- | i near PCM decoder 111, and
further a receive control block 112 and a receive filter 113 coupl ed
to the A/B a bne 7 via a swwtch 114. The transmt p rises a
5 transmt fi ?}3;51%15 coupled to the A/B analog line 7, ?ﬁtﬂ.ﬂ %%ot?%g? a

| ocal echo canceller 116, a network echo suppressor 117, a transmt

vol ume control block 118, a linear PCM ﬁo£'l aw PCM encoder 119, and
an A-law PCM buffer 120. The echo cancelk 116 and the echo

suppressor 117 are also coupled to the receive path RX A side_gone bl ock
121 is coupl ed Ol —Opetatihng—af—32 kHz and an

operation node 123 an i nput..l t hef A-| aw epcoder the transmt
path TX. The m cr 32 ijsa..nast e radi o
base station 2, wherfas thef grinal  di gi | DSP is a

sl ave. Accordingly, the mcrocontroller_® and progrilans the

external digit@/fremopal pr ocessor . ¥ t hat the a corjtefttom
operation on theygti division IOMerr}-sigials is achi evjed47i.e. the
functional bl ocks F-PSPI and F- DSP2 ?I ter atg‘l‘y operate on successive 15
IOMerr]-2 time slotp ‘ =39 7 Fig. 12 shows a {paraneter

tabl e PAR for th&torgrtar s 5SS/ 5 1Th Dase
station 2 according fo the i nvention. ble PAR is
stored in the buffer OTy 23 THe T CT 0T and

downl oads t he paranmeter table PAR at an external sti sfignal , i.e.

-
the mcrocontrol |l er becones aware 20 of the desired connection from
external signals and then starts an update cycle. The table  F-BBPAR

conpri ses DSP parane = DR, and

cont ai ns poi nt ey S portt-im ) arryBi§0f or i nstance so
that the right dat-a—%nect s —pe—tratde—] or a pgrvermr—c@mrecti on.

O her paraneters detpria & deltone , trahsmt val une, and so
on and are not s ownri n detail here. Shewh—gre pointers Pa-A Pb- 25
ADPCM Ba- A- | a®/T8fd] Bb- A-1 aw, and fur r anet er progra %ﬂg PROG.
Wth the pathime}l er PROG, the DSP 25w~weddf i gures the desir nnecti on.

The poi nters Pa- ADPGM p aw ploint to
desired buffer |acaplgns in’ , pe—S51 561 nt
L85
FIG. 5
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y
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23 for data exchange between the channel controller 22 and the DSP 25, and

for data exchange between the DSP 25 and the network |lines 7 and 8.
10 ) 1. A digital cordless tel ephony system
conprising a radio base station and a plurality of portable radio

stations forweespisp cating with the radi o base station, innpcigssbizes
systemthe radi o base station is arranged to be coupled to a swtched

t el ephony network and conprises a nulti-channel radio front-end, a
channel controller, a buffer menory for 7 buffering receive and transmt
data, and a digital signal processor f @ata format converting t he
receive and transmt data, the buffer being coupled Fog@e channel
controller and the , din that the

radi o base statiggp i{s arranged to perate in dlfferent_ccn eption
a&:u; , R - ding el ection

&
nmodes for connec
stz}bb?n as a
>

from connect i ongCof
first party to

Co3
<\

C”l

FIG.7
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W4 SP\-l
'L 1-94 T : 195
¥ = 1
1-93 1-96
f 1-92 ‘ 1-97
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10 tel ephdife network as a second party, a connection of the first party to

a wred tel ephony arrangenent as a third party, and a connection of at
| east three of the parties in a conference call, and that the digital
signal processor is programmed to switch fromone connecti on node to
anot her connggbypginode at an external stinulus signal, thergkediof2a4 Siagnal
processor further bei ng programmed to support digital signal
processing functionalities of the parties. 15 2. A
digital cordl ess tel ephony systen1accoh£i to claim1, wherein the

radio systemis a frequency and tinme di%fsl on nmultiple access systemin
which at an air interface the portable radio stations are arranged to
communi cate with the radi o base station intimeslots of a radio

carrier, and that the channel controller is arranged to switch data
bursts to and fromthe buffer nenory in a tineslot. 20 3.

A digital cordless tel ephony systemaccording to claim2, wherein at a
network side the digital sBfnal aprocessor is arratlifed to exchange data

according to standard _JIS nterface so as tg supporf at |east two
outgoing lines, the digital s qﬁal processor 'further{being arranged to
an arbitrary internal nnel to the T1nes| 4 A

digital cordl ess :Iain13,'ﬁherein a 25
functionality of the fi

t decodi ng @nd ADPCM encodi ng
means for respecti CM daﬁa recerved fromthe
air interface to 16-bit ata, ana encodi ng of 16-bit |inear
PCM data to 4-bit ADPCM data to be transmtted via the air interface.

5. A digital cordless tel ephony system acc AN04t] claim4,
wherein a ?f . 1(3

_ g_q—A-luw
b-A-low
{

_PROG

FIG. 12



11 ftfﬁf?’tionality of the second party includes A-law or [err]-law

decoding and A-law or [err]-law encodi ng neans for respective decodi ng
of 8-bit A-law or [err]-law PCM data fromthe network to 16-bit |inear
PCM dat a, and encoding 16-bit linear PCM data to 8-bit A-law or [err]-law
PCM data to bwosamigtted to the network. 5 6. PCT/ABYSH ”é
digital cordless tel ephony system according to any one of clalns ,

wherein the digital signal processor is programmed to connect parties on

the basis of buffer poi nters for pogysng at appropriate data buffer
for data exchange between parties. A digital
cordl ess tel ephony system according to claim®, V\/ner% n the buf fer
menory conprises_an first buffer npdme out si de t@p~digital signal

processor and ago ----- 5 RO y—i-Rei-do-t-he—gigit al si gnal
processor, the lﬁaf‘far t } ilatel fer Iocati ons
in the mem)rieslq-n ilng nodeg

A digital cordl ess one of |[the W—l ms 1
to 7, wherein the r gcontrdl | er for
controlling the dig r Jjoadi ng rm@control
paraneters in the d

digital cordless te|e t he cIaimsLS-tOS
wherei n the network . A digital
cordl ess tel ephony Byp | ai m 5, _whgreip the network is
an anal og network, pnd the radi oBay atlﬁh compTi seg a fyrther digital

si gnal processpr} which is prograrffm supportaecho cdncelling of at

| east two network |§nes and 20 to supgort r tiv ecedi g of A-law or
[err]-law PCM data t o an anal og BT H)sirttdd to the

net wor k, and encodihg of an anal dnal t =l aw o& [err]-|l aw PCM dat a
recei ved fromthe netjwork. i gi talf cordl ess

t el ephony system acfcqrding to an of the ppdcedingl_e« j(clains, wherein
the digital signal [prlocessor sup two first pamges,™twj second

parties, 25 and one |third partyj 12. Afradi o base
station for use infajdigital cor t el ephony sy in whi ch a
plurality of portabl g radi o stat [ co ni qage with the
radi o base = a\
a.
&
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(57) Abstract

Known is a digital cordless relephony system comprising 2 radio base station and a plusality of poriable radio stations. In such a
system the radio base station comprises a digital signal processor for carrying out standard base station functions. A simple and Jow cost
multi-functional radio base station is provided in which a single digztal signal processor supports all kinds of connections between different
parties such as portable parties, network parties, and local base station parties. To this end, party-profiles are defined in the digital signal
processors, and via a pointer mechanism and parameter updating the parties are configured for any desired connection configuration.




