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In the ‘307 and ‘459 patents, a multiple access technique is disclosed
25 wherein a large number of mobile telephone system users, each having a
transceiver, communicate through satellite repeaters or terrestrial base
stations (also known as base stations, or cell-sites) using code division
multiple access (CDMA) spread spectrum communication signals. The use of
CDMA techniques results in a much higher spectral efficiency than can be
30 achieved using other multiple access techniques. '
Wire based or wire line telephone systems are the traditional method of
providing non-mobile telephone service.- Wire based telephone systems are well
suited for this task because they provide high quality telephone connections at a
low operating cost and can easily accommodate increased demand for telephone
.35  service by the introduction of new telephone wires into the existing network. A

U

disadvantage of wire based telephone systems is the substantial infrastructure
and capital necessary for their implementation. These requirements can make
wire based telephone systems uneconomical for providing telephone service in
areas that are remote or less populated, or in less developed areas where the
40 required capital is not available. The result is that these less populated and
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unit can be used in a home where multiple standard telephone sets are used,

each telephone having the same ESN so that only one call may be placed or
received at one time. Users can pick up a second line and actively participate
in the conversation, each home user able to communicate with the far end
25 speaker as well as each other, similar to multiple phone extensions in the
home. ' _
Echo is a problem that must be addressed for both ISS and SSS WLL
subscriber stations. In an ISS unit, an earseal echo is generated at the ISS
handset causing the far end speaker to hear an annoying echo of his own
30 voice. In an SSS unit, an echo results from the impedance mismatch in a 4-
to-2-wire converter, known as a hybrid, within the SSS unit. The 4-to-2 wire
conversion is needed so that standard analog telephones can be interfaced to
the SSS. _
For both ISS and SSS systems, the echo problem is alleviated using a
35 single network echo canceller located inside the ISS or SSS unit. An example
of a network echo canceller is disclosed in U.S. Patent No. 5,307,405 (the ‘405
patent) entitled “NETWORK ECHO CANCELLER” assigned to the assignee of
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each echo canceller can be specifically designed to elimnate the
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inputs.

There are several advantages of using a dual echo canceller setup. First,
each echo canceller can be specifically designed to eliminate the particular type
25 of echo to be canceled. Second, if one ISS/SSS user hangs up during a
conference call, the remaining channel’s echo canceller does not have to
reconverge its filter coefficients because each echo canceller operates only on
the echo channel characteristics for its respective user. Another advantage of
the present invention is fast echo canceller filter convergence because a near
30 end silent state is more likely to occur with a single near end speaker than in a
multi-user situation.
In one embodiment of the present invention, a wireless telephone for
allowing two or more users to communicate simultaneously with each other
and a far end user is disclosed, comprising a dedicated handset for providing a
35 first telephonic input and at least one interface for receiving an analog
telephone input. |
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The features, objects, and advantages of the present invention will
become more apparent from the detailed description set forth below when
20 taken in conjunction with the drawings in which like reference characters
identify correspondingly throughout and wherein:
FIG. 1 is an overall block diagram of an 1S5/SSS unit;
FIG. 2 is a functional block diagram of the three-way switch, ISS
interface and SSS interface; and .
25 FIG. 3 is a simplified block diagram of an echo canceller.

DETAILED DESCRIPTION OF THE PREFERRED
EMBODIMENTS

30 The present invention discloses a Wireless Local Loop telephone
system, called an ISS/SSS unit, which includes a handset and keypad as one
telephonic interface, herein denoted as ISS, and other telephonic interfaces
provided by standard analog telephones connected to the ISS/SSS unit via
standard RJ-11x jacks, herein denoted as SSS. This type of subscriber station

35 can find use in homes and businesses where multiple phone extensions are
desirable.
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1SS/ S umt 2.
20 Three-way switch 10 controls communications between the far end
speaker and ISS/SSS speaker(s). If only one speaker is using ISS/SSS unit 2,
communications between that speaker and the far end speaker are routed
through three-way switch 10 to either ISS handset 16 or analog telephone 18,
depending, of course, which interface the near end speaker is using. Three
25 way switch 10, in the exemplary embodiment, is configured in digital
processor form, such as model ADSP-2181 of the ADSP-2100 series of digital
signal processors manufactured by Analog Devices of Norwood,
Massachusetts. It should be understood that other digital signal processors
. may be programmed to function in accordance with the teachings herein.
30 Alternatively, other implementations of three way switch 10 may be
configured from discrete processors or in apphcanon specific integrated circuit

(ASIC) form.

When ISS handset 16 is in use, speech from the near end speaker is
provided to codec 14 where it is transformed from an analog signal into
35 digitized PCM data samples. If no other near end speaker is using ISS/SSS
unit 2, the digital samples are routed to modem 8, where the PCM samples are
encoded into data packets that are modulated using any number of techniques

_)
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The POMb§anplghal. Subscriber Line Interface 12 also contains a codec used to transform the
analog near end speech signal into digital PCM samples. The PCM samples
are then provided to three way switch 10 where it is routed to modem 8
where the PCM samples are encoded into data packets that are modulated in
accordance with the chosen modulation method. The modulated data is then
25 provided to RF module 6 where is upconverted and then transmitted via
antenna 4.

Received speech is processed in the same way as described above for the

ISS case. If only analog telephone 18 is being used, the demodulated PCM

signal from modem 8 is sent through three way switch 10 to subscriber line

30 interface 12 only. There, the PCM signal is converted into an analog speech

signal and then converted to a 2-wire signal by the hybrid located within

subscriber line unit 12. The analog speech signal is then provided to analog
telephone 18.

A conference call can be described in which there are at least three

35 speakers carrying on a conversation: one far end speaker, one near end

speaker using ISS handset 16, and a second near end speaker using analog

telephone 18. During a conference call, three way switch 10 provides
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In a conference call, referring again to FIG. 2, received speech from the

far end speaker in the form of PCM samples are provided by modem 8 to

summer 20 and summer 24. At summer 20, digitized speech samples from

the analog telephone speaker are added to the far end digitized speech after

25 passing through delay element 68 and attenuation element 70. Attenuation

element 70 is an optional feature that is used to prevent the analog speaker’s

voice from being fed back along the return path from the ISS handset. This

might occur when echo canceller 30 has not fully adapted to unknown echo

channel 46 during the first few seconds of a call. Delay element 68 is a

30 parasitic result of attenuator 70 and is thus not a physical element of the

system.

The combined signal from summer 20 is provided to codec 14, where it
is converted into an analog waveform and sent to ISS handset 16. The ISS
speaker can hear both the far end speaker and the analog telephone speaker.

35 The combined digital signal from summer 20 is also provided to EC1 30 for
use as a reference signal to cancel the earseal echo from ISS handset 16. An
earseal echo is created by acoustic coupling of the received speech from
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The combined digital signal from summer 24 is also provided to EC2 32

where it is used as a reference signal to cancel the echo resulting from hybrid

44. A hybrid echo is created by an impedance mismatch at hybrid 44 which

causes the received analog speech signal to couple to the transmitted speech

25 from the analog telephone speaker, modeled as passing through unknown

' echo canceller 48 and added at summer 56. Again, it should be understood
that unknown echo channel 48 and summer 56 are not included elements in
the system itself, but rather are parasitic results from the impedance
mismatch at hybrid 44.

30 Speech from the ISS speaker is received by microphone 52 in ISS
handset 16 and an echo signal is added to it, modeled by summer 54, as
discussed above. The speech-plus-echo signal is provided to codec 14 in
analog form and converted to digital PCM samples. The PCM samples are
provided to summer 22 where an estimated echo signal is subtracted from it,

35 resulting in an echo free signal which is then provided to summer 26. At
summer 26, digitized speech from the analog telephone speaker is added to
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i's convedt edniderstodddthiglin HEY GemMplasy @mbodiment, echo canceller 30 and 32 are

in essence state machines with defined functions for each of the different
states of operation. The states in which echo canceller 30 and 32 operate are
silence, far-end speech, near-end speech, doubletalk, and hangover.
The following discussion is a description of echo canceller 30 and
25 associated signal flows, however, the functionality is equally applicable to
echo canceller 32 . In FIG. 3, the received far end speech plus the echo
canceled speech from summer 28 is labeled as x(n), while the received speech
signal from the ISS near end is labeled as v(n). It should be understood that
both x(n) and v(n) are digital representations of the analog speech waveforms.
30 The input far-end speech x(n) is stored in buffer 100 for input to state
filter 102, echo canceller filter 104 and control unit 106. In the exemplary
embodiment, state filter 102 and echo canceller filter 104 each have 256 taps. It
should be understood that state filter 102 and echo canceller filter 104 may use
a greater or lesser number of taps depending upon whether the echo to be
35 canceled is an earseal echo or a hybrid echo.
Two independently-adapting filters, filters 102 and 104, track the
unknown - echo channel. While filter 104 performs the actual echo
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control uni tcoefficiemtsrip response to the channel change. This results in a more accurate
echo estimation signal. In other words, echo canceller 30 can adapt when the
ISS speaker is silent and the far end speaker or analog telephone speaker is
talking. Similarly, echo canceller 32 can adapt when the analog telephone
25  speaker is silent and the far end speaker or ISS speaker is talking. If it is
assumed that the active speech durations are evenly distributed between each
speaker, each echo canceller can adapt two-thirds of the time. If a single echo

canceller was used, it could only adapt one-third of the time.
Another advantage of the present invention is that each echo canceller
30 will converge faster than if a single echo canceller were to be used. Echo
canceller filter 104 and state filter 102 can only determine the unknown echo
channel characteristics and converge when the near end speaker is silent. If
only one near end speaker is assigned to each echo canceller, a near end silent
state is much more likely to occur than if there is more than one near end

35 speaker assigned to a single echo canceller.

The previous description of the preferred embodiments is provided to
enable any person skilled in the art to make or use the present invention.
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it is assunmed that the active speech durations are evenly distributed
bet ween each speaker, each echo canceller can adapt two-thirds of the
time. If a single echo cancel l er was used, it could only adapt
one-third of the tine. Anot her advant age of the present
invention is that each echo canceller 30 w Il converge faster than if a
singl e echo canceller were to be used. Echo canceller filter 104 and
state filter 102 can only determ ne the unknown echo channel

characteristics and converge when the near end speaker is silent. If

only one near end speaker is assigned to each echo canceller, a near end
sil ent state is much nore likely to occur than if there is nore than
one near end 35 speaker assigned to a single echo canceller. The
previ ous description of the preferred enbodi nents is provided to

enabl e any person skilled in the art to nmake or use the present invention.

11 The various nodifications to these enbodinents will be readily
apparent to those skilled in the art, and the generic principles

defi ned herein may be applied to other enbodi nents w thout the use of
the inventive faculty. Thus, the present invention is not intended to

be limted to the enbodi nents



5 shown herein but is to be accorded the w dest scope consistent with the

princi pl es VA 88/42984¢| features di scl osed herein. VE CLAI RCT/US98/05372 -
12! *CLMS*
CLAI M5 ' 1. A wireless tel epone for allo r
users to 2 comuni cate sinultaneously with each ot her gmﬂlimﬁﬂnﬂ
conpri si ng: a dedi cated handset for provid| " n|c
i nput; and 4 at | east one interface for receiving an anal og
t el ephone i nput. 2. TheGELAdMSs tel ephone of Caim1 wherein
said at | east one 2 interface conprises a RJ-11 jack. 3. The
W rel ess tel ephone of C aj m 1 further corrprl sing at | east 2 one echo
cancel | er. 1. A pirelespe QMP]E‘P%%S foro| allowing okwey ar nfmore rusess to
; CONpri spng:cofnmunicate simulfahkot %b&cbrtal&atfaf _d'@¥erS tbhiprising:
. said handset, for . ,transformn .fst anal.o nal from sai'd handset
into a first di gﬁ@ﬁﬁl@F%QFnﬂset HB%FBV] ing o %@?‘é’ b andital si gnal
from saud three aylgastone intefface dor receivingoin analgofeleplynidd ingut. -~ a

subscriber line interface connected to at | east one anal og tel ephone

and said three way switch, for transformng a third anal og signal from said
at 8 |east on&.analmetwimlémn&léphma aofhClaindi hiwlheérein gsaitl aindedsbrone
transf opm §tOH 4t signal fromsaid three way switch into a
fourth gnaqgéég?cﬁnﬁg‘ﬁ%g]a%]gh ﬁscg d three way switch connected to said
codec, said subscriber |ine interface, and to a nodem for conbining

said first di gi tel  sippalwire gsg tﬁmﬁ}ﬂmjezof“@ahﬁ' %qugﬂ%{ecweﬁgéggt %%F%Sﬁone

speech i}anpl es froma far end user.

of O ai f 4 eechocangalles pscriber line 2 interface conpri ses:
a second codec; and
4, The wireless telephone of Claim 1 further comprising:
2 a first codec connected to a three way switch and said handset, for

transforming a first analog signal from said handset into a first digital signal
4 and for transforming a second digital signal from said three way switch into a
second analog signal;
6 a subscriber line interface connected to at least one analog telephone
and said three way switch, for transforming a third analog signal from said at
8 least one analog telephone into a third digital signal and for transforming a
fourth digital signal from said three way switch into a fourth analog signal;
10 said three way switch connected to said codec, said subscriber line
interface, and to a modem, for combining said first digital signal, said third
12  digital signal, and digitized speech samples from a far end user.

5. The wireless telephone of Claim 4 wherein said subscriber line
2  interface comprises:
a second codec; and :
4 a hybrid for providing an interface between said second codec and said
at least one analog telephone.

6. The wireless telephone of Claim 4 wherein said first digital
2 31gna1 said third digital signal, and said digitized speech samples are in the
form of PCM data packets.
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tel ephone of Claim 4 wherein said first digital 2 T
digital signal, and said digitized speech™sanpl es ﬂ mﬂlﬂl“mlor m of
PCM dat a packet s. 7. The WI one of Claim

4 wherein said three way switch 2 conpri ses: a first echo
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pr oduci ng asﬁﬁﬁﬁgga}\a saqat@mgflsu Signal to said first sunmer and said

third sunmer gunmmer havi ng a first input connected
to said 8econd earagcond eﬁhnc@ﬂnceﬂeanqnnad:tedtm said swmbseribenlinecimterfaes; said

connect ed t gy gaj éE%lfd)%econd surfiféry ahd s%?dglaﬂﬂgéﬁl‘éﬁé’? Sfb‘%efetie |$atd

froma far end user, connect i TSt

cancel | 30 atbirddigitalisignak frctmmd subperiber line dntarface and & sﬁcoadnmmbmed
sai d second e@ﬁBQaﬁﬁﬂ@&' sggnﬂho canéﬂékﬁ sgébﬂddétfihﬁée%napﬁﬁ'cﬁnﬁécﬁg sgéoﬁd)

produce_a first co Sl gnha
sunmer RAvi #gha-CﬁnF%l ed;signal togsaid cfuéasmsran#sas@tbéﬁos%m%ncener a

second i nput conigid ﬁ@lstts?urﬁﬁiéi' HRYaE fephréteﬁﬁ:idft' Baniédteld dicdsdid?§ébond echo

speech npl es f.roma, far user, and an qut put connect.ed tqQ.sai d second
e endE o bcaneells? Bt ety S SERmer Aasconaobik conRaded -4ud Dodsm for

summer for recelvm:grbaﬂ digitised speech saniples frowl adfaslemhlusendaxftdfatxh otitpist al
Ll 15 NS 15 A s B B O i B,
and to saidfér mmhmimg csaid edecond  echoecameled m;lgnabramhtsatd tdigitided] fspeech
sunmer 380 $3hih1eStP Prodica HABCE Bine P BehGlaftHIBY SighRiinect ed" to said
said second summer having a first input connected to said first echo
20 canceller, a second input connected to said modem for receiving said digitized
speech samples from a far end user, and an output connected to said second
22  echo canceller and to said subscriber line interface, said second summer for
combining said first echo-canceled signal and fifth digital signal to produce a
24 second combined echo-canceled signal; and
' said third summer having a first input connected to said second
26 summer and to said first echo canceller, a second input connected to said first
summer and said second echo canceller, and an output connected to said
28 modem, said third summer for combining said first echo-canceled signal and
said second echo-canceled signal to produce a third combined echo-canceled
30 signal.

—h

‘-1D

8. The wireless telephone of Claim 7, further comprising:
2 a first attenuator interposed between said second summer and said first
echo canceller; and
4 a second attenuator interposed between said first summer and said
second echo canceller.
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7, further conprising: 2 a first Htenuator ojlﬂﬂiﬁ ﬁ“iﬂ,n"m#t en said

second summer and said first echo cancell er; econd
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user each uSeSRRdRCche sARCRleX) cphone, and a far-end user, conprising the 4
st eps of: digitizing a first anal og signal from a first near-end

user to produce first.digital si. nal i.tizin second
anal og si gnal 391 at 4&%*1[‘06%&”0? %Fomuﬁ‘é%ﬁ“@ %wﬁFBd%c@aét iﬁﬁ‘d"‘nd
]dl git _alj. 3i gnlaérs, a first ne?jr-ele%& asen g;sgmg aqtéﬂflcétédrh@dséf ﬂrléas&&lie \gthér i?hd-
irst digita n rovi di i rst nal to.said.at
| east one thg s%g%acgnlgmdg » analog Eegepah a§"*&ﬁa r SAPPLSIPg the
user wité satepsafcond digital signal 12 and prow di ng a second conbi ned
signal to said fi Iy | g
digital signal ({gﬁlszgl?g secon}}ﬁg{% %ﬁl f}'%rﬁa? f{rgt %Wﬁﬁgvf‘%‘d&é tﬂff’?‘ ce a
conbi nedb si fiwst digital signa;ar - end user . The nethod of claim
10 further conpr e f
| nposed élpon sai Iﬁ%@%&é@ ?{:&Ség%akozﬁzmlgml froth M?&gsl?e gc ;é)lt (?gﬁggf‘ egg&land
to produce a second digital signal;
summing a signal from a far-end user with said first digital signal and
10 providing a first combined signal to said at least one other near-end user;
summing a signal from a far-end user with said second digital signal
12 and providing a second combined signal to said first near-end user; and
summing said first digital signal with said second digital signal to
14 provide a third combined signal to said far-end user.

11.  The method of claim 10 further comprising the steps of:

2 reducing a first echo signal imposed upon said first analog signal using
a first echo canceller; and

4 reducing a second echo signal imposed upon said second analog signal
using a second echo canceller. '

12. A method for reducing echo signals in a wireless telephone
2 having at least one unknown echo channel, comprising the steps of:
reducing a first echo signal imposed upon a first digitized speech signal;

4 reducing a second echo signal imposed upon a second digitized speech
signal; and
6 combining said first echo-reduced digitized speech signal and said

second echo-reduced digitized speech signal to produce a combined echo-
8 reduced digitized speech signal.



4 r equci second echo signal inposed upon said second anal og
- si gnal %#zagﬁsecond echao_cancell er. 12. A nBETHEHI9805872

reduci ng ec'ho signal sj ' el ephgne 2 having at |east one unknown.
. echo channel, conpr ||Elummm(§ BEL reducing a first echo :
si gnal |nposed upon c ' speech signal; 4 reduci ng a

second echo signal inposed upon a second digitized speech signal; and 6
combi ning said fifgst echo-reduced d| i ti eec na d. s,

second echo- reduéé”d di‘of APRATaStQ ?eéﬁ‘é?%’t g’dﬁ"é‘%’é‘%ﬁs‘ﬂbﬁgde%én B
r1 gducid 2i gidigitakitelgplaorie sys@ngnl said systesz con:rl]pns a f%r erid Spe hak@tsnf wirelkBs

n app t arseal _echo, an rid. €cho in

digital tel g:%g‘(ﬁ)#l{gmé&siog?n%istgl @9‘%{ ?154 hi') egﬂé’rgf S ngﬁ%&%gr s]?eﬁikers
wirel ess4 using mwmem sebpsaiiibér unit) eait subm:beammhdhaymglatrleastsmmi usenr
end. Sheaker nteffacus! Bile Sritbdiabe Ttk 1P Yedihed Handspf! Ind VR fHdsb Sl Yeher

havi ng at | east tmn aces, one dcé belng a

handset , 6 andnterfacgh ‘Fmgné 2wire, sendprd canalog telephone,2 said standandd andlog
anal og t el epéle honé&ioﬁn&&ﬁﬂdﬁi QaﬂWﬂH&nber mﬁ@k&{”&%?o&%ﬁ%cﬂg@réérlowﬂrgm
|

subscri bgr uni -ta 2 hybr.i d, wherein . er_unit
al l ows s?nuff Fc%#\‘n? %é’l%?oéhﬁ (fopamumcah%digiagmrsax

fi rSL near end SPM; aufitstgnear fénde edlterdubingd s?‘d deditated handlgennand a

speaker qgsi ar ai d ,apparat u

conpr i mgg Q%E sﬁé% f"gug %%ﬁo Sg ﬁ@%ﬁq g‘%@gns f‘%’%ﬁ’?’@d i apRagagus

subscri ber GAMPEgNgG: elinminating said earseal echo generated at said

dedi cat gl handsety; figstdedih eling am| eSO wARNRE! erPhale?
within said I<3§_li1scr| ber }#Jnl tcangr mg ésf'gmnfé)natl néﬁsal dshﬂgs{xg echo g'gner % ed

at said 4-t SIURARBE Y F@lrseal echo generated at said dediga bataémtean dot h
ear seal 14#cho and afgeethd exb@Ocdritelingi Sichnb lo@atedtﬁi&moéﬁd%iﬁiséﬁbelsﬁh

Taast o neumitiRy said BPErA0ERG endtalid S dctos? W RIBREL 8 i 1 o) Lss"’“
subscriber unit, said subscriber unlt having at | east two user
6" int erg Zce°BZ| 1 01 2 feriBU 1B SRt bO Bltse N0 and WbBld e dfin & Higtal
anal og te Pbﬁﬁéné}’%@ﬁheﬁlddsxﬁemammmngl pefaruend speakersin owdrelesse
hybrid, whegéiiinunication with at least two near end speakers, said near end speakers
4 using a wireless subscriber unit, said subscriber unit having at least two user
interfaces, one interface being a dedicated handset, and at least one other
6 interface being a 2-wire, standard analog telephone, said standard analog
telephone connected to said subscriber unit via a 4-to-2 wire hybrid, wherein
8 said subscriber unit allows simultaneous communication between said far
end speaker, a first near end speaker using said dedicated handset, and a
10  second speaker using said standard analog telephone, said method comprising

the steps of:

12 providing a digital far end speech signal and a first digital speech-plus-
echo signal from said dedicated handset to a first echo canceller;

14 generating a digital echo replica signal which approximates said earseal
echo signal;

16 subtracting said digital echo replica signal from said first digital speech-
plus-echo signal to produce a first echo suppressed speech signal;

18 providing said digital far end speech signal and a second digital speech-

plus-echo signal from said standard analog telephone to a second echo
20 canceller;



8 said subscriber unit allows sinmultaneous comuni cati on between said far
end speakerwoamtosst near end speaker using said dedicated hpegasbspan a
10 second speaker—using said standard anal og tel ephone, sai d nethod

. conpri sing fbovi ding a digital far end speech:
signal and a fi rsﬂmmﬂﬂlmumH“lpl us- echo signal fromsaid

dedi cated handset to & firdt é&chd canceller; 14 generating a

digital echo replica signal which approxi mates said earseal echo

" signal; 16 genemtingamdigi’gxl echal replica aigrat twhichpapproxdivgrtesd shidohylsrd d

“first chzgjlt@&\og pI us-echo signal to produce a first echo

suppressed speec S|gna prOV|d|ng sai d dlgltal far end speech

signal and a secwikiragting éﬂl%%&l o replica -signal OQnaﬂialdrsmOstdl gpeech-

standarz anglhied) SRS pfodk

* C L gﬁ ﬁfb é%ﬁ?ﬁﬁ*ﬁp Q{ﬁ echo rén?lca si gnal

whi ch appr oxi mat es said hybrid 22 echo signal; and subtracting

sai d Fi gi tal Sch]ﬁ r epThe anethgdadf Claim $&ifgrt$1@ﬁebﬁ1pimﬁ ghtheZteps Bf- echo
si gna roduc ng..ac ressed spegec

Thg met odpof c §?‘§bfﬁfﬁ% g?iﬁ gg%oﬁﬁf q SURET ? s?% Flgnak and said secontd
conbi ni ng sedhd suppressechspeachignalpandpeech signal and said second

echo suppr essed Rﬁﬁﬂﬂ\aﬁs hﬁﬂaéomgﬁgd échno suppresgé&‘ébgé&g sfila YL ?%de & _T_ﬁe

suppressed speech signhal to sal
appar at us ofP ‘m 13 wherein said first echo cancel | er 2 neans operates

i.ndependently of said second echo canceller.

16. The apparatus of Claim 13 wherein said first echo canceller
2 means operates independently of said second echo canceller.



