AN\ANﬁLOG FRONT END | NTEGRATED CIRCUIT FOR COVMUNI CATI ON APPLICATIGﬂEplgaa -5,
SUWARY- OF THE | NVENTI ON The present invention is for use in a systemwhich
enabl es a user to conmuni cate between a | ocal workstation, which nay'Efaﬁhy
not be connected to a |ocal area network (LAN) , and a renote 5

wor kstation , which may be coupled to iitg awm LAN, via a nodem over a

t el ephone line network or a cellular network;,; the conbination of the two
LANs sonetines bein referred to as _a w_de area netmork &MAN) The system
may al sO operate as%ﬁ&éﬁﬁg A END LN EG c&JBI t@oﬁhe | ocal

wor kstation, to per : - or _intensive
such as,. for exanple, retrieval of E-mail nessages fronlthe r enot e

wor kst ati on. The system al so provides the user with voice or other audio
access to the stﬁhgﬁ@oae ik Celrvad®iomet works. The invention is part of
what may be referred to as a self-contained or personal wreless 15

communi cati on uni t Théhipgbsems lindest iank éy o, uk&Dinlis pyayemndhidhgedadlesi gnal
processor (DSP) and mcrocontroller. Specifically, the invention is a
communi cat i onSJS&na‘FQ)gOm‘éfhitcaéﬁdeeeﬁ 2 dr?@ﬁﬂ-o‘r’%r‘%féiaémanam}ghaw @ ghaval

interface in conblnatlon Wi controller 3% e t el ephone or
cel lul ar net wdik, $Mq9ﬂn?%Fe ﬁ@ f) 3 PRk éoﬁiﬂqq?g to the
| ocal wor kst at d I r t e
niol 1] gence: distesst F‘r%“n'aé%ééaﬁﬁﬁr%o&rffh%c?%ﬁ% ty e RREE

i's not Conneth(iel@pﬁdﬁQ L Dt nevRs RS bat & arellabar \etwoirk, the 2ombination of:
the two LANs sometimes being referred to as a wide erea network
(WAN) . The syétem may also operate as a standalene unit, i.e.,
not couple& to_the local workstation, to perform certain tasks

10 which are not processor in;ehsive such as, for example, retrieval
of E-mail messages from the remote workstation. The system also
provides the user with Qoiée or other audio access to the
telephone and cellular networks. The invention is part of what
may be referred to as a self-contained or personal wireless

15 communication unit which includes a keypad, LED display and
digital signal processor (DSP} and microcontroller. Specifically,
the invention is a communications analog front end which functions
as an analog and digital interfece in combination with a
microcontroller, DSP and the telephone or cellular network, with

20 the DSP and microcontroller'for coupiing to the local workstation.
The DSP and microcontroller also provide the necessary
intelligence and most of the necessary modem functionality when

the system is not connected to the local workstation, and when it



I'§ SO connected, the DSP converts data fromthe |ocal workstation to a form
sui table for sendlng over phone l'ines and visa versa. In other words, the
DSP handl es | ow | evel conmuni cations protocols needed to. transfer data to
and fromits digital formin the 5 workstation to an analog form for
transm ssion over tel ephone or cellular networks. Preferably, the invention
i'ncludes the followi ng features and capabilities: A nobdem channel

capabl e of handlln t I ugdj neI
conpati bl e w4 SE%Rﬁ%tggt ity %?%t%éégfpéé)&qgg §r3§35§e f§E5% gbébéﬁ Verter
- for nonitoripg f 4Rehi KNTabbatieRr YeddBWEl ovétt hpne lhines and Alisa ‘Aet‘?sﬁrfpar at or
for nodem nonitoring; e) Qperation froma single 5V supply; f) Seri al

i nterface coopaitihekewordsh sharmsarokridSes bow kesein @mnnm%tleng PARSEAIx X,
TMS320CxXx; Q) Control | ed power down nodes; and, 20 Conpandi ng
options on theedagdte emsSer dara BR ARAJErIhd teeRigitad f“Eﬂbt’-Poﬂ%ﬁ ity, the

i nvention prOV|de

channel s, Swi PACREEERL %%atﬁngnderga\%aﬁepé sgg%/mt ﬁ%ké%%%ﬂfhg%%%lfér on%uglf(r)s 25
b) Separatgequgyyygﬁyyrﬁsgaln and attenuati on on each channel; '
Preferably, the invention includes the following féatures and
capabilities: '
a) A modem channel capable of handling up to V. Fast
10 protocols; _
b) An audio channel compatible with communication protécols
~ such as AMPS;
c). An A/D converter.for monitoring functions (battery
level, etc.); -
15 d) A comparator for modem monitoring;
e) - Operation from a single SV supply:
£f) Serial interface compatible with standard DSPs on modenm
channel, e.g. ADSP21lxx, TMS320Cxx;
gi Controlled power down modes; and
20 h) Companding options 6n the audio channel.
To provide the fequired fuﬁctionality, the invention
provides:
a) Independent control of the digital and audio channels,
with each channel having its own A/D and D/A converter pairs;
25 b) | Separate programmable gain and attenuation on each -

channel;



-3- c) Separate sanple rates (e.g.,' from1l.2 kHz to 44.1 kHz at 8/16 bit
resolutions) for the A/D converters; d) Two | ow power, high stability
on-chip oscillators; e) Sanpl'e buffering on the audi o channel (256 byte

FEFGs); 5 and f) | ndependent control of: i) D) A out put drive
capability, i.e., programmability of D/A output voltage levels; ii) AD
Converters; 10 iii) DA Converters. In a preferred

enbodi ment, the inventjon_is inplenented as an | i,cation specifi
integrated circuit' (ASPEFTE r%gﬁ? fé"ttfﬁeﬁes’igz'é g%c)i" pld\%efr(&r ecd’u? é’fré‘%t"sarof
the comuni caf/h@nyitidesbLedBh&N #dr e U/id kaRbertkds: Al'though much of
the functionality perfornmed by the present invention nay be obtained using
a conbi nation of @Ari orrwar Lows pewens, hilghespateiddny omahibi escAnabées; such
functionality to be provided in a single self-contained, relatively conpact
unit having | ow p8her S2@gL¢ revkRring g the audipprflenneisiRy Phyor FIEPSTHE
DRAWNGS Fjgure 1 is a block overview di agram show ng a typical systemin
whi ch t he gpre t invention may be utilized. Figure 2 is a block diagram

showi ng the variogs elgiRpbsacifc Ebscddlvept ed comuni cations anal og front
end. 25 Figure 3 is a block diagram of DAA 47. '
i) D/A output drive capability, i.e., -

programmability of D/A output voltage levels:;
ii) A/D Converters;

10 - : iii) D/A Converters.

In a preferred embodiment, the invention is implemnented as an
application specific integrated circuit (ASIC)'to minimize the
size and power requirements of the communication unitlin which it
is utilized.

15 Althbugh much of the functionality performed by the present
invention ﬁay be obtained using a combination of prior art
systems, the present invention enables such functionality to be
provided in a single self-contained, relatively compact unit
having low power requirements.

20 ' BRIEF DESCRIPTION OF THE DRAWINGS

| Figure 1 is a block overview aiagram showing a typical system
in which the present'invention may be utilized.

Figdfe 2 is a block diagram showing ;hé various elements of
the invented communicatiéns analog front end.

25 Figure 3 is a block diagram of DAA 47.



-4- DETAI LED DESCRI PTION OF THE I NVENTION Figure 1 is a bl ock overview
diagramillustrating a systemin which the invented comuni cati ons anal og
front end 11 may be utilized. Such systemincludes a self-contained unit 13
te which 5 may be coupled a personal conputer 15, a mcrophone 17, a
speaker 19, a tel ephone conpany |line 2l.apd-an antenna 23. In addition to
t he communi cations anal og front end, the self-contained unit contains a

serial port 25 for LN alypC Ot QfrvRir YO KStation 15 and a
m crocontrol | er 27?%&%2 g’géséﬁé‘ﬁgf“ggﬁt (‘)“10 menories 31 (ROM and 33

(SRAM, digital sigiakePt 3&e8SWIockDOPirdowadihdriae CDIUBtRRERAG @NSysdw 0§
front end, a second m crocontroller 37 which controls a display 39 and
accept s i nput svhficbmheeimpeaitdd . copmensomtens candlogsfzant egdfkomevebsl i s al so
coupled to a transceiver 43 as wel | fiers, 45 for crophane 17

3 by
and 15 speakertiidzethd ¥Ata SEELRL SnGIHdaToBNRT: FPPF I ColiBt id £B EFBphone
i ne 21. her t?g@(g&ngﬁ %\égg{r‘%gag]?%kggti ng ﬁp@}%oggqﬁ, gngp;aj]tert he

el enents of” uli¥ e shelf conponents, or are

ot herwi se easiig, gofSlephsie GodsarfieIchi ad ahél myvankénna 23. The adaveivnedo

communi cations analog front end integrates the key data conversion

functi ons usedthencommpicarinnsi avalogn fsgnit end. tle Relefconsatred ¥nft gure 2,

it includes two channels, r ferre%t(g as chﬁnnel 0_and channel 1 h
BEC fi%i°P

channel " usi ng Y@L 2afsT - B1C¥BRYS rp%ﬁsémg%dc%?é:‘tgﬁd’ergc[ err]
-digital-to- anﬂg&&s‘egﬁ&\éﬁriﬂaﬁ% midtoRBikd3Rer SFCa28REY ebudik@ P esent

I nvention i.s the inclusion in an integration of an analog front end, a -
mechani sm Wi Chedpr@¥é das (Romaahabd® (sampl.edigtw])f eighdle processoer (BSE 35

bet ween : .

and the communications analog front end, a second microcontroller
37 which controls a display 39 and accepts inputs from keypad 41.
The communications analog front end is also Eoupled'to a
transcéiyer 43 as well as to amplifiers 45 for microphone 17 and

15 speaker 19 and data access arrangement 47 for coupling to
telephone line 21. ' Other than the invented communications analog
front end 11, the elements of unit 13 are standard, off the shelf
components, or are otherwise easily constructed as described
below.

20 The invented communications analog front end integrates the
key data conversion functions used"iq_pany communication systems.
With reference to Figure 2, it includes two channels, referred to

as channel 0 and channel 1, each channel using a ZA analog-to-
digital converter S5la and 53a and a ZA digital-to-analog converter

25 51b and S53b. One aspect of the present invention is the inclusion
in an integration of an analog front -end, a mechanism which

provides a variable sample rate for these converters between



-5- channel s. For exanple, one channel may be set at a sanple rate of
9.6kHz while the other is set at 8kHz. Channel O is designed to support
nodem functions up to V. Fast protocols, while Channel 1 is designed to
sapport audi o processing needs such as in the 5 Mcrosoft Digital Audio
standard. To provide for these multipl e_pgo_t ocols, two oscillators OsC 57
and OSC2 59 are required. The two oscillators are required since not all

sanpl e rates }gg;,grglgay R BeSHAd, bind REakMd) @aPVEd tRESacad e, genakat o6

fromthe sing equency that can be provided by an oscillator that would
be 10 practi gabkHzOwhié ehenstlier an &Sl & SkHaweveranned| § imeeeigrddeto
oscillators is in use at any one tinme depending on the sanple rates which
are required. supgontwpodem EPBAUIORE R GO VatfAsS BRSS! | WhidguFhaniedaipl e

rates to be generated by sanple rate generatqrs 123, and 125 hy i.nteger
Givision of (né sewened s siBpory BANBFEEAARS i Bt B 2 4K To

si gnal pfO%eS%ﬁFr%%S%E) pEfd a1 MIQGOBE a8 18 BkECLAY @¥E dathseThELUIRAEM
channel (channé comuni cates serially (serital interface 63) through a
hi gh speed | i Peotbddlsi, Stvrompealilatersiascindstan@SPSC2 Bt bre teayséted hathe 20
Programmuabl e Gain Adjust (PGA) 87 and 89 used to_adjust anal og inputs to
A/ D convert er $wolesciddabdxs pespauited winghdiost dhamele/ FaaserRidy mangd 55

for attenuati 2‘% 33%%& gat,letrhi&ngés Q%nggg\lqu 95':% %%’:Té?g%%@eg/ ﬁ&&@xgrgi%[%;m

and 53b respe _ f7SU adj ustnen made under p am
control . 25 ereEuJ 1%5@%&%&%&0%&%&% losei chaeret Bat RATEE YoeN D and
s a,

D) A converter b, 53a, 53b, serial interface 63, progranmble
10 practical to implement in an.ASIC. However, only one of the
oscillators is.in use at any one time depending on the sample
rates which are required. The two independent oscillators eﬁable
all required sample rates to be generated by sample ra:e
generators 123 and 125 by integer division of the oscillator
15 frequencies. . )

An interface to a digital signal processor (DSP) and
microcontroller is also provided. The modem channel (channel 0)
communicates serially (serial interface 63) through a high speed
link that is compatible with most DSPs. Both channels have

éo Programmable Gain Adjust (PGA)} 87 and 89 used to adjust analog
inputs to A/D converters Sla and 53a respectively, and
attenuators/filters 54 and 55 for attenuating and filtering the
analog outputs from D/A converters 51b and 53b respectively. All
of such adjustments may be made under program control.

25 The circuits making up the two channels, namely A/D and D/A
converteré sla, S51ib, S3a, S3b, serial inter:ace 63, programmable

gain adjust 87 and 89 and attenuators/filteré 54 and S5 are,



gain adjust 87 and 89 and attenuators/filters 54 and 55 are, effectively
a pair of CODECs (encoder/decoder) available from Crystal Sem conductor of
Austin, Texas, part no. CS5215 described in a specification dated March,
1992- DS76PP5. The differences between the parts available from Crystal and
the equivalent 5 circuits used in the present invention are-that each of
the A/D and D/ A converters are separately téhtrol | ed by sanple rate, input

need to be mads Ea T REYoR B et OBt eRed SRR sl e P

need to be ma to the i art e app

skilled in thergstal Bewievadictoreoonctin) iaRss]lGaOonbai (e 18e58idL; ke
audi o channel (Channel 1) is buffered through programmable FI FOs 65a and
65b to the paridl petpefdifacenian dated ABEEh0)1992TReBEP PEl. FOBhaati fasrendesf fer to

store a nunber_of sanples_of audi atg before the microcontroller 27 (see
Fi gure- 1) neeé’s?gﬁen {Lg’ep%ﬁtessfvfaﬁg?ﬁdle ?ﬁm‘é BrEFRT 3G ERBRAMNALS D to 256

bytes can lge <higeeckd Rs@aClh Ghnel BedddtOtnydRIBANKAH (liabl LadiCREl cAAY BT
ICS O

A-law data is al so supported as part of the functionality, the speci

whi ch are defianddD{& congelremst alre Seenacenelicicont £50fed By steglei bk, abaye:
The audi o channel anal og i nput can be input 20 through an on-chip
amplifier 67 f3Rofr LHPUFopHTRaE? d Lepfhagk soRFRd- THee ApeicdLid mbanaeput

Fixed sampl o rate e Bt tandy e bord iR aPlon ABERTERES Bl o B Famtiant
73 provides baiot peysdravekiDDsd tiar tRg aaBdisivielast Zne beOEiRASNS
10 contained herein.
The audio channel (Channel 1) is buffered through
progrémmable FIFOs 6$a and 65b to the parallel data interface
AD(7:0). These FIFOs.act as a buffer to store a number of samples
of audio data before the microcontroller 27 (see Figure 1) needs
15 to process them. 1In a preferred embodiment, up to 256 bytes can
be stored in each of the FIFOs. Companded 8-bit H-law or A-law
data is also supported as part of the functionality, the spécifics
‘of which are defined in the Crystal Semiconductor CODEC as
described above. The audio channel analog input can be input
20 through an on-chiﬁ amplifier 67 from a microphone 17 or similar
source. The audio line output Géb is differential and can drive a
set of'headphones or speaker 19. .
A fixed sample rate 8 bit analog-to-digital converter 71 with
a 3 input MUX 73 provides battery level monitoring and similar

25 functions.

Two power down modes are provided by two external signals

( PDN (power-down) and OSCEN (oscillator enable)) generated by



Two power down nodes are provided by two external signals PDN (power-down)
and OSCEN (oscillator enable)) generated by -7- mcrocontroller 27. In-
m crocontrol ler 27 I DLE node, PDN is asserted by the m crocontroller and
akl internal clocks are stopped and bias currents are turned off. The
selected oscillator (OSC 57 or OSC2 59 depending on selection criteria
described 5 below) is still powered up 4f7 @SCEN i s asserted at the sane

time. OSCEN directly enabl es_the_sel ected os o] osC2 59)
and thus the iTFERERFTOAMLMA cat THALCEARGEC 1’%‘?1?9 %%IL‘ %Bé gﬁl ySpower ed

down by asserting PDN and deassertin Lo cl ock is used
instead of a- &Wé?d AYokRe (mi‘ﬁr%‘fmfg%}gé &Qse%%fﬁél%on §18% ecat &d

oscillator), %te(?g?%d BP é’xlxéis heedaasearsed (Jrﬁéf\/)sel%ﬂéf@ 65'3'1§1§d<ﬂ“a|

di sables the f ck 1n the se ected oscillator OSCl or

remai ni ng maj ofogl1eBENYLS 082 tF9edeperiing dort arilreiet omt contseraaa&eag:rfubedt end,
namely clock (CLK) 101, control 103, difference 15 circuit_ 91, sanple rate
generators iSI@lMSl&rﬂllQ@OW@Fﬁﬁﬁ@ dérRIEOrS asseredadr She SEWUFEB: 131,

135 and 137, and | ete d t £y b |
o descri bed | ASHRY AL BTV E B B8 oUt R NP BEr R R o Res | RUREEH

conmuni cat | ons sgnal g, fJ @fxe enf8d ARG cait §5AS Snkl8g fRloneVemy das Be
description of eag* F ﬁ?le a?}ﬁ’og I nput's to—and outputs fromthe invented
comruni cat i ons fabhkt @gwéxeﬁmog‘h@y asserting PDN and deasserting OSCEN When
an external clock is used instead of a crystal clock (75 or 76
10 depending on the selected oscillator), the OSCEN input should be
deasserted (low), since this signal disables the feedback in the
selected oscillator OSC1l or 0SC2.
The remaining major elements of the invented communications
analog front end, namely clock (CLK) 101, control 103, difference _
15 circuit 91, sample rate §enerators {(SRG} 123 and 125, timing
generators 121, reference sources 131, 135 and 137, and more
complete descriptions of the other elements will now be described
in terms of the processing and operation of the invented
communications analeg front -end.
20 Analog Signals
The following is a description of each of the analog inputs

to and outputs from the invented communications analog front end.



. -8- Nane

LI NE1 Ch

| nput (from m crohone 17) QUTPO

DAA 47) OUTNO
QUTP1
Channel

Frequency' | nput 1 (from external

Description LI NEO Channel

O Line Input (from DAA 47)
annel 1 Line Input (unused) MC

Channel 1 M crophone

Channel 0 Line Qutput (in phase (to
Channel 0 Line Qutput (180[err] phase) (to DAA 47)
Channel 1 Line Qutput (in chase) (to speaker 19) QUTNL
1 Line Qutput (180[err] phase) (4@ speaker 19) LFINL Low

battery) LFIN2 Low Frequency | nput 2

" (fromexter nla:]rmwr Vodddatnt ion LOW Frequency Input 3 (1T onrextera
battery) VREFGINeo VO! [HERnEE IE LERE Crdoue N Eddm bRA BMass_capaci T0r) VREF
Vol t age Refer 1( CONtahnE D 1VY.0AS SIrpaa¢udusle) VREFL — Vol tage
Ref erence (co T 10 ABEL QA PActdeHoneCh ( fro-@iBdREoMHEE1TET . T P
(ChO (to DAAETPRO Channel @ mine dvmbat Rein _phhse Y (d) DAA Oi7speaker 19
CMOUTLS - ConpauTabbde Ra'fanna I (mEeAb@ou(gum Qhﬁ:ek\r (to DAJM!dBm Dglta
Audi o Qut put [adurpspeak A0 oQspex :

as an interfa
and 51b. A su
5 inpedance

extract ‘the s

the transmtt

refl ecti on of

LVQL ELENCE  (connect. to'?'-ass-canac1tor
VREFL _ |[Voltagde g %ﬁfence {connect to bypass capacitor)

10

15

CMOUTO Common Mode Ref. O/P (ChQ) (to DAA 47)
CMOUT1 Common Mode Ref. O/P (Chl) (to speaker 19)
CMOUTLS Common Mode Ref. O/P (LF A/D) (unused)
Sokr Modem Digital Audio Qutput (to speaker 95)

Table 1

DAA (data access arrangement) 47 acts as an interface between
a telephone line and the A/D and D/A converters Sla and 51b. A
suitable DAA is shown in Figure 3 where OUTPO and OUTNO drive an
impedance matching transformer 141. A hybrid network 143 is used
to extract the signal received from the Telco line 21 which is
superimposed on the transmitted signal at the transformer
secondary 145 to minimize reflection of the transmitted signal
from OUTPO and QUTNO.
Analog Inputs

The audio channel 81 and modem channel 83 line inputs are
identical in nature. These pins are internally biased to the
CMOUT voltage (CMOUTO and CMOUT1). In a preferred embodiment, the
inputs are internally buffered to eliminate the need for external
conditioning circuitry in most cases; However, an external
amplifier éiréuit can be used. These inputs can be driven from a.

variety of sources, but are specially suited to being driven from



f rom OUTPO and OUTNO. 10 Analog |nputs The audi o channel 81 and nodem
channel 83 line inputs are identical in nature. These pins are internally
bi ased to the CMOUT voltage (CMOUTO and CMOUT1). In a preferred enbodi nent,
the inputs are internally buffered to elimnate the need for external 15
conditioning circuitry in nost cases. Howgver, an external anplifier
circuit can be used. These inputs can be driven froma variety of sources,

but are SpecifehLyre%uk&@%ukeub%‘fnq(g/%\ieggi_eazmg;es-%:%Rgee:«&%ei(mp%?ut of

a hybrid Data Access Arrangenent 47 err] Series capacitor
(not shown) i & 0 ectfuFr serites depamipbe trioe showar)i hputsuiFed ddelenbegleEphhae

I nput 17, an internal anplifier 67 with 5 20dB gain is provided. This

al l ows the diréae impukection (With suitable 0.47[err] decoupling capacitor)

froma condenser or simlar m.crophone. wever. an exterpal preanplifier
shoul d be used wi tFH’rcég% a{'?"r‘f-rf’%@fpb‘?p‘fﬁ &Ili‘gpﬂbr}é’geﬁ?&t aﬂ?%’vﬁtfé'p%vvn’gihgnal

| evel s. As pr ey l5 id.h shan agyphl e R N4
Adj ust (P E??éhgn %9{%%;’@&?@ ng ingg%&?gg%ﬁﬁeg%&convercﬁé% Qdfg%gand 53a

respectivel y. shivilgeadl 47urt Becaypiling vaphditny)affomstaakbbedenset. beBKintieps up
to a maxi mum of 22.5db. An external reference can be connected to any of
t he VREFO, VRERErephenyREMOSereuRs efiisrnahrrrerapbieseshwildage wsgduwstl or

the 15 A/D f 5la,. 53a and 71 tively. _Th i at
control s bits (IEEKY FEREF 56 BRFRIRIHERFERECE G pheed Trels

As previously noted, both channels have Programmable Gain -
10 Adjust (PGA) 87 and 89 before being input to the A/D converters
51a and 53a réspectively. Preferably, the gain should be
adjustable in 1.5dB steps up to a maximum 6f 22.5db.
An external reference can be.connected to any of the VREFO,
VREF1 and VREFLS inputs which are reference voltage inputs for the
15 A/D converters Sla, 53a and 71 respectively. The appropriate
controls bits (described below) must be reset to ‘0’ (power on
default) to disable the on-chip reference voltages 131,.135 and
137. The voltage reference sources 131, 135S and 137 may be built
into the ASIC or may be supplied externally. The specific
20 implementation details of the voltage feference sources should be
readily apparent to persons skilled in the field of the invention.
Inputs LFINl, LFIN2 and LFIN3 are connections from the
positive.terminals of batteries whose power it is desired to
monitor by converéion to a digital signal by A/D converter 71, and

25 then placed on bus AD(7:0) for processing by microcontroller 27.



default) to disable the on-chip reference voltages 131, 135 and 137. The
vol tage reference sources 131, 135 and 137 may be built into the ASI'C or
may be supplied externally. The specific 20 inplenmentation details of the
vel t age reference sources should be readily apparent to persons skilled in
the field of ‘the invention. Inputs LFINL, LFIN2 and LFIN3 are connections
fromthe positive termnals of batteries whose power it is desired to
nonitor by conversion to a digital signal by A/D converter 71, and 25 then
pl aced on bus ABgtog) GuhPussocessi ng by microcontroller 27. - 10 -

Anal og CQut puts Both_channel s .have a _differenti l.i ne_out put  69a .and 69b
respectively, cent e?%r‘g‘ 8%‘1’1?&5 avg‘]'{%d nE g¢a ‘b“pd%o%ﬁ‘l 386
respectively). deiy ChaRBsleds ohi fif RMbBHIvARAghk S(GRRZD! Ariving
| oads as |OMla§l§Ee§ﬁhS?} Fbmevéi,oan out put fga i%g gf 10 k%ﬁﬁgMégﬂfd
typically be presesttivéby) authe midannehanniedes Oliineubutdir i69acipaabebns of
driving a headphone (>8 ohns) directly in a bridge node. However, the use
of an 8W spdakeiriginhdaagh@selay @i Pkcelmsly Howsvexsean (herybwmadiog of 10

consunption at ximum.vol une. ;.. Load_i npedances greater than 32 ohns should
be present to rﬁ%ﬁi‘?é’léo%"ce% s%r?p?f% e.anxternaI resistors (12 ohns for

exanple) in series wd huBos erarhOULS ngn@ligRchessinkorgsamid B eagmivi

variation in inpedances (32 to 100+ ohns) to be used w t hout apprggi%ble
change i n out puieadphonee .(>8 ohms) direEoiy ndenbf idyet modes., &Howevgrar ahérusRl i s
I ncluded to provide a digital audio output. This conparator is used to
drive a logic of an 8W speaker or headphone significantly increases the power

10 consumption at maximum volume. Load impedances greater than 32
ohms should be present to minimize power consumption. External
resistors (;2 ohms for example) in series with both outputs enable
headphones with a wide variation in impedances (32 to 100+ ohms)
to be used without appreciable change in output volume.

15 For modem functions, a comparator 91 is included to'provide a
digital audio output. This comparator is used to drive a logic
output waveform. It is connected to the hybrid DAA 47 so that
monitoring of the tones on the line can Be achieved through
speakér 95 of PC 15.. The reference input of the comparator is the

20 internal reference voltage CMOUTO. The receive analeg input LINE
0 and the transmit analog output OUTPO are summed together before
they are input to the comparator. Using this arrangement, either
the received signal or the transmittéd signal (assuﬁing half
duplex operation) is output diéitally from the'comparator. The .

25 comparator 91 can be turned on and off by software. When switched

off, the comparator cutput is held high.



out put waveform It is connected to the hybrid DAA 47 so that nonitoring of
the tones on the line can be achi eved through speaker 95 of PC 15. The
reference input of the conparator is the 20 internal reference voltage
CHOUTO. The receive analog input LINE O and the transmt anal og out put
OQUTPO are sunmmed together before they aceqiinput to the conparator. Using
this arrangenment, either the received signal or the transmtted signal
(assum ng hal bidimprlex Sépeadsi on) is output digitally fromthe conparator.
The 25 conparator 91 can be turned on and off b soft When swi t ched
of f, the conpar at FeofRIGHIPE HFep ¢iFiHPELOD Iﬁng o§ \é\ﬁ 14 SRRt f’ﬁ’lprﬁvl ng
's a descript 'c8”an°c{ oﬁﬁﬁﬂ &J“E g1 gyl aw@&nﬁni&aaqs%a%ts Jn‘%m
i nvent ed conmmuni ca ana ront end. e Desc § 0
Recei ve Data " Delgc(,tiq?tl_{gh 510) ) SDITXO Transm 1t Uara for
Channel O (fr{@ER$Y D 519 reebi¥aiData for@hhahe DIOL (E6 QR SUBPUL T OF .wanng 0
FSYNCO RiseAi%o SYyNC [ ir@nahi® Dapal fa0ChaRwd NGl ( Prdoain 051z’ Primar
Osci | | at or OQJfg@Uko (CT Yofiseriab)Bi®sClodk outputrforbchardedi 01 at or_Input |
(crystal 75) o - Frﬁmeosxd'&rsxm lohepwr foutchennetrgstal 76) OSCZ{L
Secondary Osdidstat®r | niRxim r t_(cryst I ock CQut out
OSCEN { Bring ] "' mstedc 7Pl at or) PDN
Power down I%&Lﬁ& : <TEY i §y JorysCEY 76) Reset | nplt
(active High)josc2.1 Secondary Oscxllator Innut {cxrystal 76)

FOSC External Clock OQutput

OSCEN Oscillator Enable Signal (powers down oscillator)

TON Power down Input (does not power down oscillator)

RESET Reset Input (active High)

INT Microcontroller 27 Interrupt Qutput

AD(7:0) Parallel Address/Data Bus (for microcontraller 27)

ALE Address Latch Enable Input (from microcontroller 27)

RD Read Enable (active Low)} (from microcontroller 27)

WR Write Enable (active Low) from microcontraller 27)

s Chip Select (active Low) (from microcontroller 27)

S Table 2

pigital 1Inputs

The digital inputs are generated by a DSP 135 ané a
microcontroller.27 and are provided to serial interface 63, clock
101, and control 103 as described below.

10 Digital Outputs '

The digital outputs are input to a DSP 35 through serial
interface 63, and to a microcontroller 27 through clock 101, and-
control 103 as described below.

Serial Interface 63
15 The serial interface 63 is used to transfer data between DSP

35 and the modem channel A/D and D/A converters Sla and S1b. A



| NT M crocontroller 27 Interrupt Qutput AD(7:0) Par al | el

Address/ Data Bus (for mcrocontroller 27) ALE Address Latch Enabl e
I nout (frommcrocontroller 27) Read Enable (active Low) (from
mkcrocontrol ler 27) RD - Wite Enable (active Low) from

m crocontrol ler 27) CS . Chi p Sel ect (act ive Low) (from

m crocontroller 27) 5 12 Tabl e 2 Digital

| nputs The diqgital ts ar.e §at conir.aller
27 and are prg\eﬁ"d’é‘d €g SHoSk &E{J s a%g%éh & ocﬂgﬁdo%gg]a%‘ 58% roi¢ 183 as
described bel gQueq 23 sHi Al dar@UESH tcheT RSash B/hakomuiriReE S5 Goh NghiKixol O 2
DSP 35 through serial interface 63, and to a mcrocontroller 27 through
clock 101, an@ndositifolout0daes foescthdedder| 0D cSaverter| Btz rtoacsoB®)15

The serial interface 63 is used to transfer dat a_between DSP 35 and the
nmodem channel TAi® ignfloty Atceifhert &rar 516 a bikg Bprpframe. A fizame seantylisshift

For the modem TP AR TerReEhG 15 P8 SRR ehd SRy 3E0m el Pretethe -
nodem A/ D convghigd £2d@c (p@.SDTX0). This is done at elther 8 or 16 bits per .
frame. A frame start is 5 signaled using the frame sync signal (‘FSYNCO)
fromthe invented Thealfognd rsgnt cred. hilgle wfz.ltant-i'xesy:msmgme&fdghlqhsmxm Arlde
rising edge (ﬁreﬁg}ﬁgah?gg for at least one clock perlod The data is output on
the next rising edge of SCLK0O, most significant bit first. Frame
10 syncs continue to be output for as long as either converter (A/D
51a or D/A 51b) is enabled.

The received data for the D/A converter 51b is interaally
latched on the falling edge of SCLKO. An external source must use
the rising edge to output this data with .a sufficiently small |

15 delay to meet the input set up requirements of serial interface
logic\63.

In operaticn. both the receive port and the transmit port are
*in sync' with each othér. That.is, the frame sync signal serves
to signify the start of a receive frame at the same time that a

20 cransmit frame is about to be output. The serial interface 63
must transfer the data to the D/A converter 51b after the required .
number of data bits have been received. The framc length can be
set to either 8 or 16 bits . _ |

Serial interface 63 can be disabled by writing a logic low to

25 communication control registec 1, bit 0 (described below). When
this occurs, the SbTXO, SCLKO and FSYNCO outputs are placed into a

high impedance state.



remai ns high for at |east one clock period. The data is output on the next
ri sing edge of SCLKO, nobst significant bit first. Frame 10 syncs continue
to be output for as long as either converter (A/D 5l1a or DA 51b) is

enabl ed. The received data for the DJA converter 51b is internally |atched
on the falling edge of SCLKO. An external 1dource nust use the rising edge
to output this data wi.th a sufficiently small 15 delay to neet the input
set up requirenentwhide gher safiadlnietéfecel 63)i s GRabled,oper eltd FayNbDt h 't he
receive port and the transmt por} are 'in sync' with each other. That is,
the frame syn8“_‘%‘?"d‘r‘7aF°%‘§‘Fv_ 8t t &{Qfonyer i ildr endD/3 FeRErheritldhe at the
sanme time tha 0 a 1§ 4f - | t ut.pu The seri al
interface 63 trsﬁajs l?et rr 3{#3? %?IH} %le) Sgggsdtl'oiot ﬁ%tAQggﬁ%/eceér ttagréjsr‘ﬁ?ra t EESh 8T

required nunbes eimedatie kiahfldadee khgRnbesEioedhe TRA RS afBilcefof) can be
set to either 8 or 16 bits Serial interface 63 can be disabled by witing a

| ogi ¢ | ow fo 2Bannednfipminedt RegissentR .ol Boelyimitauts, stiwpt téggdagcuhdmgebel ow) .
When this occurs, the S[%TXO,GSCLKS, ar;}qr FSYNCO out puts are placed into a
hi gh i npedanc&e&tatk éntertaces8l \We; $15ateds ooy evitht SR %B SPRe enabl ed, i)

he FSYNCD ; | . W
t he OUEBHARLAS UifenAtndda® ol SORKE dlcen! Bl BUMAINETLSY SIP

sanple rate, an the SCL ut put toggles at ei
the sanpl e rakeatepertémghencddvervedsiS1afsiy tar@ HDsdb1eAAN N EAmMIO!
Regi ster D. Both outputs stop toggling whenever
remain low after the current output frame has completed. Also
10 SDTX0 remains low duripg this time. If only thg D/A converter Sib
is enabled, FSYNCO_Qill occur at the appropriate rate for the
receivé data, while SDTX0 remains low. If only the A/D converter
Sla is enabled, the receive data on SDRX0 is ignored. |
D/A and A/D Converters |
15 Channel 0 and Channel 1 D/A converters 51b and 53b accept
da;a in two's complement form. Similarly, the data output by the
A/D converters Sla and 53a in these two channels ié also two's
complement. The monitor A/D converter 71, howevér, outputs in a.
binary format. Thus, a value of 0 eduates to midrange for
20 channels 0 and 1 and to the lowest input value for the ﬁonicor
A/D. A full scale input voltége on the monitor A/D produces.FF'H'
as the converted output. Implementation details for the channel 0
and channel 1 converters should be apparent from this description

which details the differences between the A/D, D/A converter pairs

25 available from'Crystal Semiconductor as part no.-CSSZIS.



serial interface 63 is disabled. However, there are sonme conditions when
these outputs are forced into a continuous | ow state. Wen the converters
5l a/ 51b are disabled, FSYNCO will remain low after the current output frame
has conpleted. Also 10 SDTXO renmains low during this tinme. If only the
D) A converter 51b is, enabled, FSYNCO widljzoccur at the appropriate rate for
the receive data, while SDTX0 remains low. If only the A/D converter 5la is
enabl ed, thepraecedtlel @ar& on SDRX0 is ignored. DA and A/D Converters 15

Channel 0 and Channel 1 DA converte s 51 3b_acce n two's
conpl ement form WePRERYIG! 1ifPEEta '&ﬂftﬁg?"”gy"‘?‘ ‘éhAb’SD F@?E‘@la and

53a in these 1%%@*?9@&&&%@' SQnE%a%eCO HE l:l_-Ehgdﬁ'PéEst/FSt:éA‘/

converter ver out puts: nary tor I’TB.t a value O

equates to _mpsil;r(ame 1E0|£se30t€-h.®'aﬂehﬁd&e%lddfﬁoxﬁﬂ(ﬁtéﬁiémeohwmst sty aual ue .

for the nonitor A/D. A full scale input voltage on the nonitor A/ D produces
FF'H as tshe daoavesgistensut phddresaps eaentiat poneldet dadahefovsingetheadiel 0 and”
channel 1 converters should be ag arent fromthis descrkgtlon glm ch details

the differencd®ubet \?E&ﬁe A8 FASUSOF R THY 8RR FSFAFTE 257y % aBf e from
Crystal Sem C&'}QF&E o, h%af n&onﬁ?]&ese regll-.‘éers Pa@’@%ié%us?@&tbe-m@

paral lel 1/0O por own whi ¢ s part of control 103 is a register
type mterfac&nt,é.la],elmt hégisaddmess/ data bus AD(7:0) is used to |oad and
read frominternal control, status and 5 data registers. Addresses are
internally -lat chemhggnngnt;eﬁecmnlcatxons analog front end contains a
10 number of registers that are accessible through a microcontroller
parallel interface. The location of these control registers
within the microcontroller's memofy space is controlled extgrnally
by microcontroller 27 and a single chip select CS is provided.
The registers are addressed by an address placed on bus AD(7:0) by
15 microcontroller 27. Data is written to or read from an addressed
register on bus AD(7:0). Such addressing and data handling are

according to well known prior art techniques.

Channel Control Register A

Bit |Function Resget
' Value
0 Audio channel input MUX 92 select; : 1
1 = Line{mic amp 67 powered down)
0_= Mic
1 Analog VREF enable (Reference 131 or 135) 0]
2 Line Output Driver Enable; . ) 0
1 = Enable,
0 = Tristate, Powered Down
3 Enable A/D Conversion; Channel is powered down when 0|0
4-7 |Gain Level (1.5dB steps: if set to 0000, gain stages |0
are bypassed and powered down).

20 TABLE 3



| aput. There are status/control/data registers that can be witten to. The
functions of these registers are discussed below. Control 103 Registers The
i nvent ed conmuni cati ons analog front end contains a 10 nunber of registers
that are accessible through a mcrocontrgld er parallel interface. The

| ocation of these control registers within the mcrocontroller's nenory
space is control | eHesXtagsNGld Zhidndli CoNGRN ReGL &ler?X, adkk dosi ARt P
select CSis provided. The registers are addressed by an address placed on
bus AD(7:0) 3ndlsne nfiogr Seanmedol| ePiggblinBathe i &/Dycphversiom on Gheadef room an
addr essed regLstSE on_bus Al 7;q%. Such _addressing and data handling are
accordi ng to WSRPIRHGRE PPIGE LpterfachfilqaiEer GlEnAUFTenSAoPleRBaF Steen A
Bit Function output. , Reset Val ue 0
Audi o channel |ﬁput MJUX 92 sel ect; _ : 1 1 =1Line (mc anp
67 power eds down) Bizatliaglbit 2Apewers IR bBBAD] the BatgieNCceydBhnal odRpd)

02 Line Qutput Driver Enabl e; - 01-=

Enabl e, 0 = Tri st &ie,1 Rswesed tporaves dowrErhbl volWapeConferaices ; foChaactel is

power ed down en 0 4-7 in_Level (1.5dB ?teps; if set _to 0000, gain
stages O ar eC g Se&'yghaa We? aame_edg@ or reference 131 or 135 to
TABLE 3 ' :

achieve final voltage after enable.
Bits 4-7 are used to control gain controls 87 ard 89.

10 Channel Control Register B

Bit [|Function Reset
: Value
0 Qutput Level Bit (OLB) 0
1 Enable D/A Conversion, Channel is powered down 0
when 0 )
2-7 |Attenuate Level (1.5dB steps, if set to 000000, 0
attenuators are bypassed and powered down).

Table 4
There are two Channel Control Register B, one for Channel 0
and one for Channel 1. Disabling the D/A conversion on.Channel 0
15 and Channel 1 powers down mute controls 70a and 70b respectively.
When OLB=0, Channel 0 outputs are 2.0V peak~£o peak (4.0v
differential), Cha§ne1 1 outputs are 4.0V peak to peak (8.0V
differential).
When OLB=1, Channel 0 outputs are 2.8V peak to peak (5.6v
.20 differential), channel 1 outputs are 2.0V peak to peak (4.0V
differential).
Bits 2-7 set the attenuation levels of attenuator/filters S4

and 55.



-. 15 - There are two Channel Control Register A, one for Channel 0 and one
for €hannel 1. Disabling the A/D conversion on Channel O disables the
serial interface 63 after the current sanple has been output. 5

Di sabling bit 2 powers down both |ine outputs, CUTP and OQUTN. Bit 1 is used
to power down the voltage references for egch channel. Typically, 50nS are
needed for reference 131 or 135 to achieve final voltage after enable. Bits

4-7 are used tQ . QQUQ'@G@M‘ ggg;gpg!s @7 and 89. 10 Channel Control
Regi ster B Bit unctio

Reset Val ue 03“; ;-wati,eyel Bit (OLB) Reset 0
1 Enabl e OO A Comversion, Channel i s powered _down 0 Wranu@ 2{7
Attenuate Levpl-3 ( 1samiBesRayes Selécts€pdedsSHMRBAe 6 beQowlt enuat ofeiad e
bypassed and poweréd down) . Table 4 There.are twn Channel Control{=8diglster
B, one for Chhhnel ﬂnahhejyh@ngneemﬁﬁﬁmlm. Ghaphel Oy the VA cgfversion on
Channel 0 15 phd

respectivel y. | Shen

di fferential ) -GChas e S
When OLB=1, Channel 0 out puts are 2. 8V i peak (5.6v 20

differential), channel 1 outputs are 2. pea to peak (4.0v _
differential).gBigie ZRakeScseldte iaht atulaid on | evel s of attenuator/filters 54

S
Code jSample Rate Osc. Freq.=|0sc. Freg.=
18.432MHz2 22.5792MHz
Divisor Divisor
'0000 |1.2kHz 15360 18816
‘0001 j1.8kHz 10240 12544
‘0010 |2.4KkHz 7680 9408
‘0011 }7.2kHz 2560 3136
'0100_{8.0kHz : 2304 n/a
'0101 _|8.23kHz 2240 n/a
'0110 }9.0kHz 12048 n/a
‘0111 9.6kHz 11920 n/a
'1000 {10.29kHz 1792 n/a
'1001 {11.02SkHz n/a : 2048
'1010 |16 .0kHz 1152 n/a
*1011 22.05kHz . n/a 1024
'1100 |36.0kHz ' 512 n/a
‘1101 J41.143kHz 448 n/a
[*111x ] 44.1kHz n/’a 512
Table 6

The are two Channel Control Register C, one for Channel 0 and
one for Channel 1. However, bits 4-6 exist only for the Channel 0
register. Alllsample rates exéept the audio'sample rate (11.025,
10 22.05, 44.1 kHz) can be achieved by taking an integer divisor of
the primary oscillator frequency (0SC1l set at 18.432MHz). When
these aﬁdio sample rates are required, the secondary oscillator’
must be used (0SC2 set at 22.5792MHz). The details.of how this is.

done are described below.



and 55. - 16 - Channel Control Register C Bit Functi on
Reset Val.ue 0-3 Sanpl e Rate Sel ect Code(see Table 6 bel ow)

0100 (=8kHz) 4 Enabl e Ti m ng Generator 121, Channel O
0.5 Enabl e Ti m ng Generator 121, Channel 1. 06
Enabl e Tim ng Generator 121, Monitor A/ B 17 - 07 Unused

O Table 5 Sanple Rate Selection Guide 5 Code Sanple Rate
Gsc. Freq.= Osc. [h@sger dbiedplddizgrearer TRAZNGE eQuyl SW 2) of sampiyi sor

' 0000 1.2kHz 15360 18816 ' 0001 1. 8kHz

10240 ratk35Skekweed the BwollcHannels will result in sigpg@irant 9408
'0011 7. 2kHz , 2560 3136 ' 0100 8. OkHz.

2304 degyagdatippoqf perieymance. : 2240 - nla
'0110 9. OkHz . 48 (es g Nk PEL

1920 n/ BeINSFD © f8F SR E vses bies ¢.M5%qP to HaRESK che

5 internal timing generators 121 for channel 0, 1 and the monitor
A/D 71 respectively. For the best signal to noise performance,
the timing generators should be enabled at the same time by _l_
writing a 'l‘' to all three bits. Whenever a change in samplé rate
: occurs for any channel, the timing generators should be disabled
10 first by writing ‘0's to these bits.

Channel Cont;ol Register D

Bit {Function TRrReset
' Value
0 8/16 bit data sample size: ' 1
1 = 16 bit )
0 = 8 bit

Frame size for Channel 0

1 Line Output Mute 70a, 1 = Mute
2-3 |Companding Mode Mute 70b:

01= p-law

A-law .

16 'bit linear

8 bit linear
(Channel 1 only)

4-7 |Monitor path attenuation 132a and 132b level, MA(3:0) |1
Attenuation = 6dB * MA(3:0)
0000 = no attenuation

1111 = mute monitor path

o

(=]
(=]
wnau

Table 7
' The are two Channel Control Register D, one for Channel 0 and
15 one for Channel 1.
Bit 0 sets the precision of the data between 8 and 16 bits.
-Bit 1 mutes the line outputs OUTP aﬁd OUTN for each channel. Bits

.2 and 3 set the type of companding protocol to use for the data,

between 8 bit ﬂ-law, 8 bit A-law or 8 or 16 bit linear. Bits 4-7



'.1001 11. 025kHz n/ a _ 2048 ' 1010 16. CkHz

1152 . n/fa '1011 22.05kHz : n/ a 1024
'1100 36. OkHz 512 . n/fa 1101 41.143kHz
448 n/fa '111x 44.1kHz n/ a 512

Table 6 The are two Channel Control Register C, one for Channel 0 and one
for Channel 1. However, bits 4-6 exist-ddly for the Channel O register.
Al'l sanple rates except the audio sanple rate (11.025, 10 22.05, 44.1 kHz)
can be achi evESIWARLE KN FmAHNY er?f&dgg?’?/i%m‘ B PHD BPRYRECHT o ithe aR/dy
frequency (OSCl set at.18.43 . en these audi o sanple rates are
required, thec%‘é‘f:eggﬁaxér%/oroggﬂ%l'xgtz%)r?rvn\gét be used (OSC2 set at 22.5792VHz).
The details ofoRRYhidNtIohS @HaReoar eréiaseRbegl bel ow. - 17 - Integer

mul tiples (greater than or equal to 2) of sanple rates between the two
channel s wi | Ifsaesl#dnddicd gni f1 cant degradati on of perfornmance. |Reglexl gr C
for Channel (Q_usels bits 4. 5 and 6 to control the 5 _jnterpal tilNedue
gener at or s - 130-1 ofManisern &l/DOInpltaMdK tTReSedseitt:or A/ D 71 respecti |ély. Fdr
t he best signal t@Phei ®Efperformance, the timng generators shodl d be
enabl ed at the sapg: €i witing a 'l to all three bits. Wgnever 3

change in sarple @At e rs for any channel, the timng generatjors shdul d
be di sabl ed 16 ' '

2 ¢dmparaborgl (EdalleV I LTEJIBIsC 01 Dutput Hiah 0

3 Monitor A/D 71 VREFLS Enable . 0

4 Monitor A/D 71 Enable 0

S Unused 0

6 Unused 0

7 Unused 0
S Table 8§

Bit 2 is used to enable comparator 91. When reset (to 0),
the output of comparator 91 is held in a logic high state. When
enabled, comparator 91 outputs a digicized form of the signals
appearing on the LINEQ0 and OUTPQ pins.

iO ' Bit 3 is used to power down the monitor A/D converter 71
reference VREFLS. It takes up to 5S0mS for the reference voltage
to reach its final value after this bit has been set to a 1.

Bit 4 is used to power down the monitor A/D converter 71.

This bit should be sét to enable the converter after bit 3 has
15 been set.  If bits 3 and 4 are set together, at least 50mS must
elépse before a valid sample is réad.

For calibration, the input MUX 73 is set at '00*' and a sample
is generated of the internal reference voltage source 137 by
monitor A/D converter 71; The difference between this value and

20 the ideal va;ﬁe bf_BOH is the offset to be added to all subsequent

samples obtained from the monitor A/D.



Channel Control Register D Bit Function

Reset Value 0 8/ 16 bit data sanple size:

1 1=16 bit 0 =8 bit Frane size for Channel 0 1 Line Qutput Miute 70a,
1 = Mute 1 2-3 Conpandi ng Mode Mute 70b:

0 01= [err]-law 10 = A-law 00 = 16 bit linear 11 = 8 bit linear (Channel 1
only) 4-7 Nbnitor path attenuation 132aldnd 132b |evel, MA(3:0) 1
Attenuation = 6dB * MA(3:0) 0000 = no attenuation 1111 = nute nonitor path
Table 7 The ammhWPcihaetosOriY Okedidiext €1 D, one for Channel 0 and 15
one for Channel 1. Bit O sets the precision of the data between 8 and 16

bits. Bit 1 maftesrehetiome outputs OUTP and OUTN for each charjrelsedBitp 2
and 3 set the_type of Pnnhandlnn_nrnfncnl to use fnr the data {Viadtugeen! 8
bit [err]-laj@ 2818 ' - 29\ ’; : 018 -

1 Reserved _ 0

2 Oscillator select {(0SCl = 0, 0SC2 = 1) 0

3 Reserved 0

4 Auto calibrate - 0

S . | Enable Loopback Testing ' 0

6 Reserved 0

7 Loopback Mode, DAD bit, 1 = D-A-D, 0 = D-D 0

Table 9
Bit 0 enables the serial interface 63. Bit 2 selects which
§ .oscillator, 57 or 59, for timing generators 121 to use. Bit ¢
allows an automatic'self calibration of the converters Sla, Sib,
53a and S3b to be performed. Bit S and Bit 7 are used to perform
loopback tests -on Channel 0 and Channel 1. D-A-D means to
loopback digital inputs from DSP 35 through D/A_convertefs 51b and -
10 53b, then back through A/D converters 51a and 53a to DSP 35. D-D
means to loopback input SDRX0 through serial interface 63 to
output SDTXO.

FIFQO Buffer Size Register

Bit {Function . Reset Value
0-7 |FIFO Buffer Size. FF

(Specifies the number of bytes the FIFO will _
contain before an interrupt is generated.)

00 = bypass FIFO RaM
01 = 1 byte
10 = 2 bytes
FF = 255 bytes
15 Table 10

when a value of 00 is written, FIFOs 65a and 65b are

bypassed. In this mode, data is written directly to D/A converter



regul ate the anount of feedback fromthe A/D converter to the D/ A converter

for Channel 0 or 1. Communi cation Control Register 0 Bit Function

Reset Value 0-1 Monitor A/D Input MUX 73 Sel ect: ' .

0.00 = VREF 01 = LFIN1 10 = LFIN2 11 = LFIN3 2 Conparator 91 Enable, 1

= Enabl e, 0 = Qutput High 03 Moni bgr .A/D 71 VREFLS Enabl e

04 Monitor A/D 71 Enable 5 Unused : '

06 Unuseds3b and/or read from A/D converter S3a. When this mode is @ked,

Unused

Tabl e 8 Bit 2the coRvartep MsabPSL S@Bnifh@a?b? mpde \Aﬁwwséthrtt@o@) t he

out put of co arator %1 1s held in a logic high state. Wen enabled,

conpar ator 91 Pla digitized formof the signals appearing on the

LI NEO and QUTPO p'IHS].S e mode, crdl bufedsS 5955%5&190}3@%&0!‘@ 4 hg10p0ig or A/D

converter 71 reference VREFLS. It takes up to 50n5 for the reference

voltage tosreacle.its final value after this bit has been set to a 1. Bit 4

is used to power down the nonitor A/D converter 71. This bit shoul d be set

to enabl e t heCéefl cFRRTORf (REFLPFEL 3AhdSbagnehedn QYY) |f bits 3 and 4 are
at loact B0 oot Al S o f A o o ool Ao~ e .e r

Sl Loget her, TV L O I T T rverry
T C A Just \Amounbch (J._L \VAV) alifu A QG.II[JI >3 o

{works in conjunction with Block Size Specify,

M)

7 Clock advance/retard 0

{ 1 = Advance clock, 0 = retard)

Table 11
Clock Control Register B {(Channel 0 only)
10
Bit |Function Reset Value
0-7 |Block Size Specify, M : _ 0

{works in conjunction with
Clock Adjust Amount, N)

Table 12
Sample Clock Adjust
Clock control register A and clock cqntrol register B are

used to provide a éample clock adjust for sample rates between
15 1.2kH£ and 16kHz. The two clock adjust control registers in

control 103 enable the movement of the sample'boidt in the A/D and

D/A converters of Channel 0. Wwhen these registérs are written,

the sample point will advance or retard N oscillator periods

within M samples. The value of M must be written to first. The
20 action of writing to clock control register A begins the advance

or retard depending on the value of bit 7 at the next sample.

Only one oscillator period is added or subtracted to any sample

period. Thus adjustments are made immediately following the write



IS generated of the internal reference voltage source 137 by nonitor A/D
converter-71. The difference between this value and 20 the ideal val ue of
80H is the offset to be added to all subsequent sanples obtained fromthe

nonitor A/ D. -19- Communi cation Control Register 1 Bit Function
Reset Val ue 0O Enabl e Serial Port 63. %t puts tristate when low 0 1
Reserved ‘0 2 Gsci l | ator

sel ect (OSCl =fd¥, th5GEirst Iy samples and repeats @veyy M sampdesed Advancement
04 Auto calibrate

Enabl e Loopback Tégﬁd@gmn wlll continue for as long as the v618es ongS%?q/éh
Q7 Loooback M%d RAD & g‘ettlg?éﬁic@er y “oro zerq dﬁ.sablé; IF?:J:}? 9

Bit 0 enabl es 8 rlnéJP fn erface sel ects 5 oscillator,

57 or 59, for gd:{?s@ge&enerat ors 121 to use. Bit 4 allows an automatic self
calibration of converters 5l1a, 51b, 53a and 53b to be perforned. Blt 5
and Bit 7 age csmbztniparfcnunrlodopbmkstt&;sts on Channel 0 and Channel

D-A-D neans to | oopback digital inputs fr DSP 35 2 u]g&gD/A coogvg;te'rs
51b and 10 53b, t MEAHECkOtHESUE J7§/';I9rc Ff“ér%soe 3517 PBs

D-D means to | ogRRackedPUL- PR JtpRWEf38E! Bb1dadeCEAMR LA cARnRYL PUT

The value written is not important and is ignored.

Status Register

10
Bit Function:
0 Receive FIFO 65b frame full flag
1 Receive FIFQO 65b full flag
2 . ]A/D Sla over range (Channel 0} flag.
(Reset when this register is read)
3 A/D 53a over range (Channel 1) flag
{Reset when this register is read)
4 Transmit FIFO 65a empty flag
S Transmit FIFO 65a underrun flag
6 Calibration in progress (channel 0)
7 Calibration in progress (channel 1)
_Table 13 -
Bits 2 and 3 are reset whenever the status register'is read.
No identification of which sample caused the flag to be set is
given.
15 All other flags stay active for as long as the particular

condition persists.

The calibration bits (6 and 7) indicate when a calibration
cycle is in progress and will clear when complete. Data sent to
the D/A converters Slb and S3b is ignored as are the analog inputs

20 during calibration.



FIFO Buffer Size Register Bit Function

Reset- Value 0-7 FIFO Buffer Size. _ - FF :
(Specifies the nunber of bytes the FIFOw ||l contain before an interrupt is
generated.) 00 = bypass FIFORAM 01 = 1 byte 10 = 2 bytes - FF = 255 bytes 15
Tabl ¢ 10 Wien a value of 00 is witten, FIEQs 65a and 65b are bypassed. In
this node, data is witten directly to'EY7\%%3ﬁverter - 20 - 53b and/or
read fromA/ D q@nv 4¥§Ee§3a. Wien this node is used, the converter nust be
set to 8 bit e f% annel 1 Control Register D). In 16 bit node, the

buf fer size sHEltd peusetid® a NMultiple breoét 2.valQlumck] Control Register A
(Channel 0O onlfyw-sBl {rddntGEi®arion ID '000000 -
Reset Value (& Rederdddust Amount., N0 0
(works in conjjunct i breservedBl ock Size Spe@ify, M 7 Cl ock advance/retard

O ( 1 = Advance clock, 0 = retard) Table 11
Table 14

. The ideﬁcification ID is gsed to signify the current revision
5 of the ASIC as well as the part number.
Monitoring A/D Output Register
This register yields the output of the monitor A/D converter
71. The ﬁicrocontroller 27 is expected to add sufficient delay to
enable the converter to read the register contents. At most, 1mS
10 will élapse between input MUX 73 selection and correct data being
available in this register.
Data is binary from 00 at the minimum voltage input to FF'H’
at the maximum. | '
Receive PFIFO Register
15 _ Readiﬁg this register outputs the first sample that was
placed into FIFO 65b by A/D converter 53a. The FIFO 65b ié
organized as 256 by 8 bits wide. After reading, the internal
address pointer increments to the next locaﬁion and the receive
FIFO count register is decrementedl Two reads are reqﬁired to
20 retrieve a 16 bit sample. The order of the data is most
significant byte first. Whenjor A law companding is used, each
read provides a single sample.

Data is two's complement.
’



'CI. ock Control Register B (Channel 0 only) Bit Function
Reset Value 0-7 Block Size Specify, M 0

(works in conjunction with O ock Adjust Amount, N) Table 12 Sanple C ock
Adj ust O ock control register A and clock control register B are used to
provi de a sanpl e clock adjust for, sanple 2ates between 15 1.2kHz -and

16kHz. The two cl ock adjust control registers in control 103 enable the

novenent of t | e n A/ D and D/ A converters of Channel O.
‘When these regi sl?% a!r’ie)péwr}‘f?pswfhe sanple point will advance or retard N
oscil |l ator peri odschei fidken shhglanpbase octhputy icos DA Monusrté;e SWeiigten to
first. The 20 action of witing to clock control 8' ster. A begins the
advance or reWamtedep@tmjltth Gr?gﬂ-ﬁ"eerval The SFapfpity F&F t FRA exPrEpre. ason| y

one oscillator _periqd js subtract ed riod. Thus
adj ust ment s a?égn}ﬁ’d@ Pﬁ'r‘nselffﬁ ‘Tel &??ﬁ MEur g tﬁ \A?rada%gﬁn&%%? i%Oor t he
first N sa c?&@nE§£%t Tné\HRKY Mc%@m Ghd AHY FNEONBBEND rek S drdaki On
will conti ong as the values of N and M-are both non zero.

Setting eit herz.nNr&ienMedi.O DEACcativentdre S3blusEs abig usnmenamprses Gal tHer atden

Control Register Witing.to this register perforns a self- ca#] ration of
the input of f St evheyr werR] WBLETRR: oTWS il Fé@er?%‘rlrﬁ TcRa

sample. The order of the data is most significant byte first.
Whenpor A law compandinq is used, each write provides a single
. 10 sample.
Data is two's complement.
Audio FIFO Operation .
The audio channel contains two 256 byte circular buffers
acting as FIFOs 65a and 65b. The receive FIFO 65b accepts data.
.15 from A/D converter S53a. When the number of entries in the buffer
equals the value set in the FIFO Buffer Size register, the Receive
FIFO Frame Full flag bit in the Status Register is set. An
interrupt is generated to signal the host processor
(microcoh;roller 27) that it must service FIFO 65b. .The
20 microcontroller 27 is expected to read the first sample contained
within the FIFO before the next sample is loaded from the A/D
converter 53a. Reading the FIFO 65b clears the interrupt signal.
If microcontroller 27 fails to read the samples, the FIFO will
continue to accept samples from A/D converter S5S3a until the full
25 256 bytes have ﬁeen filled. At this point the Receive FIFQ full

flag in the Status Register is set. The A/D converter's address



~

The value witten is not ifrportant and is ignored. Status Register 10 Bit

Function O Receive FIFO 65b frame full flag 1 Recei ve FI FO 65b full
flag 2 - A/D 5la over range (Channel 0) flag. (Reset when this register
is read) 3 A/ D 53a over-range (Channel 1) flag (Reset when this
register is read) 4 Transmt FIFO 65a enpty flag 5 Transmt FlI FO
65a underrun flag 6- Calibration in prqgress (channel 0) 7

Cal i-bration in progress (channel 1) Table "Bits 2 and 3 are reset

whenever the siahbse 8IS IReri & tBad. pd¥dei gedtdubseqldan sQfp¥N ¢hysanpl e
caused the flag to be set is given. 1%. Al'l other flags stay active
for as | ong asoveberiar the WldescontplésnnpehsicdceivdheIroalssbrati on bits (6

and 7) indicate when a calibration cycle is in progress and will. clear when
conpl ete. Data senThg GTaRmEnily RUEAT EPTET SO5TBVERR® 5SbtHS regabred1EQ. are the
anal og inputs fg%g ggngrggséﬁy %?géudsgnis not4g§StJ.Dd§?§|6¥f%Een to it is fed

§ on a first-in first-out basis to D/A converter 53b whsnever the
channel is enabled. The value written into the FIFQ 3uffer Size
register specifies the point at which an interrupt is genéfated.
When the number of "empty" bytes in the FIFO equals this number
the Transmit FIFO Buffer Empty flag is set in the stazus register

10 and the interrupt output, INT is driven active; D/A converter S3b
continues to obtain samples from FIFO 65a until 258§ brtes are
marked as empty. At this peoint the Transmit FIFO Buffer Underrun
flag is set in the status register. It is expected that the first
time that data is written into FIFO 65a, the full 256 bytes are

15 loaded. The Buffer Size register is set at some lower number, n.
This allows the interrupt service routine running on
microcontroller 27 the time it takes (256-n) samples to be used up .
by the D/A converter before it must start relocading the next n
sample bytes. If no samples are written to the FIFQO and the FIFO

20 Dbecomes totally empty, D/A converter S3b will continue to output
the last.sample it processed. . '

Clock Generation
The master clock for the communications analog front end is
‘driven from one of two on-chip crystal oscillators 0OSCl and 0SC2.
25 The oscillaﬁors are designed for parallel resonant, fundamental

mode crystals 75 and 76, with the optimum frequency being between



Bi t Functi on Reset Value 0-5 Identification ID

000000 6 Reserved 07 Reserved ' 0
Table 14 The identification IDis used to signify the current revision 5

of the ASIC as well as the part nunber. Monitoring A/D Qutput Register This
regi ster yields the output of the nonitor A/D converter 71. The

m crocontroller 27 is expected to add suffhisccient delay to enable the
converter to read the register contents. Al nost, 1nS 10 wll el apse

Perern "Bt A uRed o7 EEOR (Ade SQUEEEL, hanbEl U QXA L RLERd Dol

regi ster.  Dat inary from m ni num vol tage 1nhp

the maxi mum ReC&imken RdtQoRegichiRks 1&an be gerBeadédg this register outputs
the first sanple that was placed into FI FO 65b by A/D converter 53a. The

FI FO 65b is organimedxusrri286chyci8 obkper FPE@. isAbrevideshdhay,is efreal oer nal
address pointer increpnents to the next, |ocation apd the receive FI FO count

register is d&be RS EREOTTRECTUENFY - aF S, EiNBYSED B FBE Misracoptrgl et
A1 B compandiiBTS e AR LB R e hn R St &7
conpl ement.  anafdy front end and all external components should be run from
the same frequency source.
Details fdr changing the selection of oscillator are
described below.
10 sample Rate Generation
The invented communications analog front end can generate all
sample rates for most communication protocols with sample rate
generatois 123 and 125. However, t§ allow a more flexible
frequency choice for the crystal 75 and 76, two oscillators are
15 provided 0SCl and 0SC2. Using a siﬁéle ﬁaster freéuency'for all
protocols limits the choice of crystal frequencies, since the
crystal frequencies must be a multiple of the Lowest Commoh
Multiple (LCM) of all the sample rates. Since the DSP 35 and
microcontroller 27 should use che.same frequency (or sub-mulﬁiple)
20 as the communications analog front end, the maximum clock rate of
these'components must also be taken into account. Using two
. oscillators allows for this scenario.
Monitor Path _ '
To allow monitoring of the input audio signal from microphone
25 17, the output of each A/D converter Sla and S3a is routed through
' a monitor path attenuator (part of attenuator/filters 54 and S5),

then digitally mixed into the input data for the D/A converters



Transmt FlI FO Regi ster The next sanple to be output fromD/ A converter 53b
Is witten into this register. The transmt FIFO 65a is organi zed as 256 by
8 bits wide. After witing, the address pointer is 5 increnented to the
next |ocation and the FIFO count register is incremented. D/ A converter 53b
uses the FIFO sanples in the order that they were witten. Two wites are
required for a 16 bit sanple. The order of2&he data is nost significant
byte first. Wen [errl or A law conmpandi ng i s used, .each wite provides a
single 10 safpP&ndpatty igh?’i’lﬁfsslﬁtr)%il & AN B ERAGAY i Ffethe audio
channel cont ai _ e ¢ A f ty a FOs.65a and 65b.
E%ngoggtgzsqeggi. %‘hé&‘%%)?lftbéﬁe %.\Epeg 1381 gegéxggsdwéﬁﬁ

The receive FF accepts dat rom converter he

number of ent pif&cd Bhé hRnubf Qucpdtialevel Ne neakuL)l SRialiendbbe fEbfr @nBURSET
Size register, the Receive FIFO Frame Full flag bit in the Status Register

is set. An inkenvensers Slgerad f3adis addedrtd fuhd $omlte digieslsdata from
(mcrocontroller 27), that it szt3 servi ce. FI.FO 65{3. The 20 mcrocontroller
27 is expelt edPeSFEAl ITETLRTS O3 s AR HRRIRInEH Wi9CK MR- t he FI FO before
the next samplg.Ls bgagedidgeom the A/D converter 53a. Reading the FIFO 65b
clears the interrupt signal. If mcrocontroller 27 fails to read the

sanpl es, the FIFO midrk &anttwduinguls atikphrs aigeldeso fdeynchAb b@BVédner 53a
until the full 25 256 bytes have been filled. At this point the Receive
FIFO full flagpenatios & dihescomyingeations apalogTheony BndonRSCERris aaddr ess

direct input to the crystal oscillators OSCl and 0SC2. When it is
10 deasserted, the selected.oscillqtor is §topped and put into a

power down mode. This is the minimum state and requires only

leakage current from the supplies (analog and digital}. Another

mode (IDLE), which may or may'not be“an idle mode of

microcontroller 27 occurs when the PDN input is asserted low

15 while OSCEN is enabled. 1In this case, the.internal clock
_géneraCOr CLK 101 will stop all clocks within the communications
analog front end and turn 6ff any bias currents. within the analog
section. Note, however, that the FOSC pin is not disabled in this
mode and will continue to output FOSC.
20 . - When an external oscillator is used to generate the clock CLK
| 101, the OSCEN input should be tied low.. The communications

analog front end switches between active and IDLE modes by setting

the PDN pin low and high respectively. To obtain a minimum power

level, PDN must be low.and external clocks from an external
25 oscillator, if any., must be stopped.
Various other power down combinations can be achieved by

writing to the control registers. Several of these bits are



-.24 - pointer rolls over at this point and subsequent sanples wl|l
overwite the oldest sanples in the receive FIFO 65b. The transmt buffer
works in reverse to the receive FIFO As long as transmt FIFO 65a is not
enpty, data witten to it is fed 5 on a first-in first-out basis to DA
converter 53b whenever the channel is enablygd. The value witten into the
FIFO Buffer Size register specifies the point at which an interrupt is
generat ed. \Whededigatedifoebumtingenph Ferbﬁlkfbs‘sieFﬁlQﬂfﬁe of | He axpmabisicatiiensiunber

the Transmt FIF Bu fer set in the tus r ter 10 and
the interrupt ﬁr’T‘g %‘F{"v%% t&@t RA o 5 aé‘%ngé?‘f é’i‘“pgég‘%rént i Fues to
obt ai n sanpl es {;0MF! £ Qs ﬁ%‘@m{‘ Bbid bytes as enpty. At this
point the Tr ansﬂmt I'—‘iFFO éu Undrer%?gﬁ flag ?ée%%%iabﬁgt he status register.
It is expectedoddumirdeer f ewstchimg that data is witten into FI FO 65a, the

full 256 bytes are 15 |oaded. The Buffer Size register is set at sone
| ower nunbe$, n. TAhe Edlilowing Iseqhencs P@p@ves’ésme%t Peutariedunut ndreon

m crocontrol | er 27 the tine it ta | es_t o0, be_used up by the"
D/ A converter 5’é‘ft6?"én?tbeﬁﬁ§?“§ts§r"¥&r°é’1 g? Sséﬁgp 5 ‘%Sé%?r&e bytes. |If no
sanples are wittegnbR éﬂleaE%an@'i‘gn té?ﬁtﬁi\f@rgeul%cgn’gﬁat{gcg ah! ¥ee gqu&%@
converter 53b will continue to output the |ast 'sanple it processe

Cenerati on The;trmi.’rgeals:Indckodmrbmaezcamnmﬁqhalnmwlad:@g:rfonomm @Bdsés

driven fromone of two on-chip crystal oscillators OSC1 and OSC2. 25 The
osci | | ators ar BF Resegnee Pé?lld&ttaﬂiﬁlef‘:és%ﬁ’t’ltf%ﬁéaﬁ%‘mlmlcﬁbw Epperall s

75 and 76, it the opf TUMEL QAHENCY RELNY RIS one end.

Microcontroller 27 then sets its powér down bit and a HALT.
instruction is executed by microcontroller 27 which powers down
the system.

On_receipt of the falling edge of ﬁhe OSCEN signal from

15 microcontroller 27, the communicacions'analog front end sets the
apﬁropriate internal oscillator select signal as specified by the
control bit (bit 2 of Communication Control Register 1) and powers
down.

The application software (a program in PC 1S), after a

20 suitable time, i.e., after allowing for the power down operation,
sends an interrupt to microcontroller 27. On receipt of this

interrupt, microcontroller 27 causes the OSCEN signal to become

active ( PDN is still active) and the communications analog front

end powers up the selected oscillator.

25 ' After a predetermined time delay defined by an external

capacitor coupled to microcontroller 27, the PDN signal goes

inactive and the communications analog front end becomes active.



-25- 18 and 24MHz. Fromthese sources, a nunber of sanple rates used in
communi cati on products can be generated. An external clock output FOSC is
provided that is equal to the oscillator frequency. This can be used for
the mcrocontroller 5 27/DSP 35 clock input. In this connection, the
communi cations anal og front end and all external conponents should be run
fromthe sane frequency source. Det ai | s ~f 88 thangi ng the sel ection of

osci |l | at or are;uqﬁ%crié)e(lrt&@long. 4] Sanple Rate Generation The invented

communi cat i ons ‘ana ogﬁ%wnn end can generate all sanple rates for nost
comuni cati on prot egRing YehdratarplRecedtve penecatsigaall 2&oand1dab 1oonryver,
to allow a nore flexible frequency choice for the crystal 75 and 76, two
oscill ators areits54,prodi tlexf ©SEisterdCOBE2chaging. al sindgkhe menieer A/D
frequency for all protocols limts the choice of crystal frequencies, since
the crystal freqyeRes%ed IntRtPesEivelyy Timng 8?“?‘}?§°£%vae7§t 9ep NAT ¥ablee
(LCM of al]l the sa e _k ool h P._35 m.Gr.0 l.Ler,. 27
shoul d use %heraséengwérkeal%%%% ‘(1{)?5#%5:Pa‘t’):rtYe ?rfd_ta?pfg)sa%gge %%%ggg%&m(%uoklgc]a I ons
anal og front eggl 1hbBe(fHRXtRaRetk O kankal er é¥pet BBRA Y S OSMD RE B RedTHat e B4 13RKDE
taken into account. Using two oscillators allows for this scenario. Mnitor
Path To al | ow signaflofem@/of canvertempil.audi o si gnal from m crophone 25 17,
t he out put of each A/D converter 5la and 53a is routed through a nonitor
path attenuator- (part of attenuator/filters 54 and 55), then digitally

m xed into the input data for the DA converters

10 calibration
Both output offset voltage and input offset error are
minimized by an internal calibration cycle. A calibfacion cycle
for channel 0 and 1 §ccurs after every write access to the
calibration registef. Whenever the autgcalibrate bit is set, a
1S calibration cycle is initiated whenever a) the sample rate is
changed, b) the Output Level Bit (OLB) is changed, or c) channel 1
is switched betwéen_line and microphone inputs. Some time must be
allowed between powering up the communications analog front end,
or exiting the power down state, and initializing a calibration
20 cycle, to allow the voltage reference to settle. Thé reference
| voltage (131 for A/D converter Sla and 135 for A/D converter 53a)
must be enabled for at least SO0mS after power up or exiting power
down mode before writing to the calibration register. For the
" audio channel, the input offset error is calibrated fdr whichever
25 input chanhel is selected (microphone or line). Calibration takes

194 FSYNC cycles and SDTX0 will be random during this period.



-26- 51b and 53b. Changes in the input gain setting directly affect the
monitor |evel. Changes in the output |level setting directly affect the
nonitor output level. If full scale data fromthe A/ D converters 5la and
53a is added to full scale digital data from5 the serial interface 63,
then clipping wll occur. Power Down Mdde There are two inputs that are
used to set the power down operation of the co ni cati ons anal og front
end. OSCEN is a direct input to the crystal oScfflators OSC1L and OSC2.

Wen it is 10 de e&&ﬁﬂ:orﬂﬁﬁ: Whoelal 98cldlit Hed %psmpigﬁéyragﬁ put into

a power down node. 'S 1S the mninumstate and requires eakage

current from theesdHeRl L6saganedg etk disghdtaileyed AROtheE inPase( LAIST) wunhi ch
may or may not be an idle node of mcrocontroller 27 occurs when the PDN

i nput is assertedelaw bEts whi 0& CBOENdlecendibteetnteringlt héfereasce, ag libe
internal clock generator CLK 101 will stop all clocks wthin the,

communi cat i onsNRHEI 6y thEoMP EPRYSIRET t urpﬁt% fata At d@SeubheMREawts KeAdt he

anal og sectison. Nopﬁishgx\ﬁ}/eegf)u%@&@@fg% E%HV\QV]O% .nOtrhgi§@st|r1.]ggntj. Nathis

nmode and wi I ¥6ntihué £o ou en an exter bsei I'f at or

is used t0 genafiatfed H@psbagks Qe 1RderdaleoISCENs £ N4 coheadudche diiad | ow.
The communi cati ons anal og front end sw tches between active and | DLE nodes

by setting thenurbhirpis)useds sl dilglsubsspent i sagbyes ochadbedite gengrateum
power |evel, PDN nust be | ow and exter nfay cl ocks fro gn exterpal 25
oscill ator i f”&n?‘:“l‘ﬂ}sf‘a% vgllbi)pedtrhe offset remains valid for as long as

the reference 137 remains enabled. If the reference is turned

10 off, the offset should be recalculated.
“ Aithough not part of the irivented communications analog front
end, the other cbmponents of unit will now be described to the
extent necessary for proper understanding of the invention.

Serial port 25 is a standard universal asynchronous receiver-

15 transmitter (UART) such as léSSO available from National
Semiconductor.

Microcontroller 27 may bé any industry standard
microcontroller used for communications such as an 80C186
available from Intel Corporation. -

20 ROM 31 is a S12K read only memory which stores the _
programming for microcontroller 27. In the preferred embodiment,
ROM 31 is a flash EPROM so that the programming can be easily
changed as needed. '

SRAM 33 is a 512K static random access memory used by

25 microcontroller 27 to store program parameters and other data.



vari ous other power down conbinations can be achieved by witing to the

control registers. Several of these bits are - 27 - dedicated to turning
of f certain sections of the comrunications anal og front end such as the
converters and line anplifiers. In this way a m ninum power system can be
designed. Gscillator Switching 5 The foll ow ng sequence of events

must be carried out when sw tching between_o gillators 57 (0SCl) and 59
(CSG2): When the application software requirés a change i.n frequency, it
signals mcrocontroller 27 which instructs control 103 to set or reset the
oscillator select BSE @dits 2 SLIRHIEATRY PEACTHIRT 6pPAYLe REgPBAmALilY G

the communi cat jans jangl ea fr oot end, M craconirgl) er 27 Lhep, sets its pover

down bit and a instruction 1s ecu edsby Hc

povers down thersitstad add JtBELI $ilgnall $hRekalhd nGagdosh the SSEN signal
from1l5 mcrocontroller 27, the comruni cations anal og front end sets the

appropriate interndicgseprinplders¥ det a2 sitgmdbrasnispecodtimdlby d¢dpabcenss ol

bit (bit 2 Qf Co nicati on Control Register 1) and powers down. The
appl i cat i-on® soPFVHFES(KEHAY AR 2B 4 digpidy 39 9ech i t MG FRNe, e,

after allow ng§ornabhe pfymermggyvrtoq&ggggjjogrj, sends an interrupt to
m crocontroller 27. On receipt of this Interrupt, mcrocontroller 27 causes

-~ the OSCEN signal tdrhesostveactvis (thRDbuisradtit lofaat k¥®)o/apdniki®ter
conmmuni cati ons anal o%_f ront _ : )
combination of the type used in cellular telephone technology.
Although the transceiver element of a cellular telephone is not
10 normally sold by itself (i.e., without the other elements of a
cellular telephone),_a suitable transceiver can be easily
constructed by pérsons skilled in the art.
Amplifiers 45 are used to drive speaker 19 and microphone 17.
A suitable amplifier for both devices. would be a MC34071 available
15 from Motorolé Corporation.
Hybrid DAA 47 including hybrid network 143 shown in Figure 3
is a standard, well known circuit used in modems for connection to
a telephone line.
LCD 39 is a liquid crystal display of the type available
20 from, for example, Sharp Corporation. |
Keypad 41 is a 16 key keypad available from a variety of

sources.



end powers up the selected oscillator. 25 ~After a predetermned tine
deél ay defined by an external capacitor coupled to mcrocontroller 27, the
PDN si gnal goes inactive and the comunicati ons anal og front end becones
active. - 28 - Timng Generators 121 Ti'mi ng generators receive a clock
signal fromclock 101 and bits 4,5 and 6 of register C for channel 0, 1 and
the nonitor A'D converter 71 respectively.. Jjnmng generators 121 generate
varirable 5 rate clock signals which areIi‘ to sanple rate generators
123 and 125 (for channels 0 and 1 respecctlv ‘%/) and a fixed rate clock

signal for A/D conyertef cbhmdiCarCld RhatdPE-BRE rbrﬁ“f@i-'tq&xfpfﬁﬁélt\émak age and

I nput offset error are mnimzed by an internal calibration cycle.

cal i bration cygédmohal aimpoted tGrouwmgh 2 obrired sfdrarl pyvedesswoki dfl &6CLSS tO
the calibration register. Wenever the autocalibrate bit is set, a 15

cal i bration cy’é‘ﬂépg@“? Metrere dngheireeehong/ sprekery gprbinagien; ssaidafigent, b)
the Qutput Level, Bit 7_(O_.? .is changed, or c) channel 1 is sw tched between

l'ine and m crof)rllldor?gm?nlpsl} Some tinme nust be all owed between powering up

the conmunigations sanal 9 ifrkedeceBe, arRlogXdidiRg] LM BOYEFa1dAWAL RS ate, and
initializing a calibration 20 cycle, to allow the voltage reference to

settle. The reéreregher meahsafpyr fiGWidiog FWaAdogorwaligérabbadadigitdd tor A/ D
converter 53a) nust be enabled for at | east 50nS after power up or exiting

~ powver down Mo dB G FRANEESEPHRy £P5 YHE S CEPIMRAFE i Eegi ster. For the

b) a second set of analog/digital and digital/analog

converter means for providing analog to digital and digital to
10 analog conversions for data communications;

c) first and second oscillator means for selectively
generating first and second signals, each having a predetermined
frequency} |

d)  timing generator means for generating clocking signals

15 based upon the frequehcies of said first.and second signals;

el first and second sample rate generator means for
selectively generating predetermined independently controlled
sample rates based upon said ciockiné signals, said independently
controllgd sample rates for use by each of said two analog/digital

20 converter means; |
£) control means for controlling a selection of one of said
first and second pairs of analog/digital and digital/analog
converter means, a selection of one of said first and second
oscillator means, Iand a selection of one of said first and second

25 sample rate generator means.
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audi o channel, the input offset error is calibrated for whichever 25 i nput
channel is selected (nicrophone or line). Calibration takes 194 FSYNC
cycles and SDTX0 will be random during this period. - 29 - The Monitor
Al D converter 71 calibrates to an internal reference voltage 137. This is
achi eved by setting the input MUX 73 select bits to 00. This selects the
internal reference as the input to the A/B2Zconverter. After at |east 1nf,
the'data is read 5 out. This value is then subtracted from 80H. The

resul tant val ue ohtai ne@ eefircsaatsetinedimiyt elaan vivhectiwfsdies coyrveet er .
This nunber is used with all -subsequent sanples obtained to generate the
actual data vef w@alw&'gﬂ@etande@mim@lvmalegfmn@gceongeaas toeprisksrance
137 renni ns enabled he reference #s turned 10 off, the offset should

be recal cul at & °ﬂt’?ﬁb‘l§@ TRSVepaRE SHPLeh t|°n9eﬁ’ﬁ%af9‘6‘?ﬁﬁﬁngéé‘i‘|%ﬂi§sénal og
front end, theg,{ O&g%gtﬁa%ggrstgsgl n it (BP0 g SRRl ahR% S O

necessary for proper ng O I nvention er| al "~ por qS a

standard ugi veigitlalasna1ehr €divestéL RIrV Esuplingt €a1s Bpbiedr .( UART) such as
16550 avail abl e from Nati onal Sem conductor. Mcrocontroller 27 may be any

i ndustry standard n1crocontro||er used for compunications such as an 80Cl86
avai | abl e from I ntdel @pbrars Grd opfined by gigimql |w§‘e£esflzﬁélﬁle§%f:%ﬁl get

orof e red enbohianes/ ok R FAA I o R POV Rer hesd S cotlritte i can
be easily analog/digital converter coupled to a programmable gain adjust,
said programmable gain adjust for coupling to a telephone line
5 thrngh a data access arrangemen; and for coupling to a cellular
telephone transceiver and, a digital/analog converter for coupling |
to a telephone line through said data access arrangement and for

coupling to said cellular telephone transceiver.

4. The front end defined by Claim 2 further comprising a

programmable attenuator coupled to said digi;al/analog converter.

S. The front end defined by Claim 3 further comprising a

programmable attenuator coupled to said digital/analog converter.

6. The front end defined by Claim 1 wherein said first and
second signals generated by said first and second oscillator means
respectively are input to said timing generator means to produce a
set of clocking signals, each said cloéking signal having one of-a

S plurality of predetermined frequencies.

7. The front end defined by Claim 1 wherein said control -

means comprises a set of programmable control registers coupled to

e
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changed as needed. SRAM 33 is a 512K static random access nenory used by 25
ni crocontroller 27 to store program parameters and ot her dat a. -

DSP 35 is a digital signal processor capable of operating to provide
digital filtering of the signals processed by the anal og front end and

ot her signal processing traditional in the art. Mcrocontroller 37 is a
standard m crocontrol |l er capable of 5 handling keypad inputs and LCD

di splay 39 such as a 80C51FA avail able T rdh nt el Cor poration. Transceiver
43°is the equivalent of a radio/transmtter conblnatlon of the type used in

cel lul ar tel ephdrfdrsscssfolodgpnakea/Hidarak H@dt‘?’aﬁs‘é&/%‘? e é:ﬁ’BH?r‘iﬁr

cellul ar tel ephone is.not 1 b , out the

ot her el emenf"§20f- zfaéglﬁiﬁ%ﬂ% gg%%8 & °gﬁglg%? ?ﬁ }Eﬁﬁééﬁé;g%an be
easily copstr ‘dﬁg e%ymggﬁssogélakfixls%dah@ steESn@résc1’;°L"TH,:bf"n?éa~°rxs45s§f§ used to

drive spe ker® m crophone 17. A suitable anplifier for both devices
woul d be a N@&f&@x?gl qeviakhedy eedhslaminshid Bieke Lol pecahd osampiebrace DAA 47

including hybrid network 143 shown in Figure 3 is a standard, well known

circuit used glenenuizrrrme&m. otvemetn iseidt conkrod| gHGIErEsi aee Hropr 3sneds by

liquid crystal display of the type available 20 from for exanple, Sharp
Cor por.ati on. deéppatpcst PR ap pgd EE?’I@@;FBa?PSasﬁl PRI HPPo a(a vari ety of

Sources. microcontroller external to said front end.
8. The front end defined by Claim 2 wherein $aid control
means éomprises a set of programmable control registers coupled to
, said. first set of analog/digital and digital/analog converter

means, said second set of analog/digital and digital/analoeg

§ converter means, said first and second oscillator means, said
timing generator means, said first and second sémple rate
generator means and said programmable gain adjust wherein said
control registers are programmed by data placed on an address/data

bus by operation of a microcontroller.

9. - The front end defined by Claim 3 wherein said control |
means comprises a set of programmable control registers coupled to
said first set qf analog/digital and digital/analog converter
means, said second set of analog/digital and digital/analog

S converter means, said first and second oscillator means, said
timing generator means, said first and second sample rate
generator means and said programmable gain adjust wherein said
control registers are programmed by data placed on an address/data

* bus by operation of a microcontroller.
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- 31 - CLAIMS 1. A communi cations analog front end for coupling to a
personal conputer through a digital signal processor and to a tel ephone
net wor k and m cr ophone/ speaker conbi nation, said front end conprising: 5
a) a first set of analog/digital and digital/anal og converter neans for
providing analog to digital and digital to anal og conversions for voice
conmuni cations; b) a second set of anadﬂg/dlgltal and di gital/anal og
converter means for providing analog to digital and digital to 10 ‘anal og
conversions for data comunications; c) first and second oscillator neans
for selectively geher @henfrdrtr shd atefised diydCdaigmal sheeaixh shadi oontarol
predeterm ned frequency; d) timng generator means for generating

cl ocki ng si gridass 1NPEaSeY auﬁeﬁ Q%@rf"i‘éﬁi‘]‘éﬁé? e"s°’¥5f-’°§aﬁ?lﬁgla§% ‘é’r‘l’@lgéc‘imd

I fi d t f | ect I
Genorati g prid EHTAEA | FBNRROLAL Py LoRDec T LT 2%, spBteBeca upon”

said cl ocki nqneae" ngnadaig §e¢&hdl QQ@pﬁ”@ﬁﬁdgy/d(ieﬂﬁép|a|n§dd§g'9§.rﬂa|l¢aﬁ§i€gs for use
by each of said two analog/digital 20 converter means: f). control means

for contrdi | i@ghversed aebhon safdofhixrsaf asdhisdcbnd Siscaﬂldials:acm\ladnq;)alsas.dof
anal og/digital and digital/anal og converter neans, a selection of one of
said first antimiegoIRNez3ErT IMSRBF: rﬁ%&ﬁsfl§§ﬁdaads%399€ﬁliﬁPQ&P BMe® of  said

fi rst and Secégg%rator means and Sald programmable attenuator wherein said

control registers are programmed by data placed on an address/data

bus by operation of a microcontroller.

11. The front end defined by Claim 5 wherein said control
means comprises a set of programmable control registers coupled to
said first set of analog/digital and digital/analog converter
means, said second set of analog/digital and digital/analog

§ converter means, said first and second oscillator means, said
‘timing generator means, said first and second sample rate
generator means and said programmable attenuator wherein said
control registers are programmed by data placed on an address/data

bus by operation of a microcontroller.

* c L M S *



25 sanpl e rate generator mneans. - 32 - 2. The front end defined by
Ctaim1l wherein said first set of analog/digital and digital/anal og
converter neans conprises an anal og/digital converter coupled to a

pr ogrammabl e gai n adj ust, said programmabl e gain adjust for coupling to a
m crophone and a 5 digital/anal og converter for coupling to a speaker. 3.
The front end defined.by O aimi whereip/$aid second set of anal og/digital
and digital/anal og converter nmeans conprises an anal og/digital converter
coupled to a programmabl e gain adjust, said programrabl e gain adjust for
coupling to a telephone line 5 through a data access arrangenent and.for
coupling to-a cellular tel ephone transceiver and, a digital/anal og
converter for coupling to a tel ephone Iine through said data access
arrangenent and for coupling to said cellular tel ephone transceiver. 4.:
The front end defined bgCI ai@ @2 further conprising a programuabl e

attenuator coupl ed to sgid di §ital/amal og converter. 5. The front end
defined by Caim3 furt jper i Si a programrabl e attenuator coupled to
said digital/analo Ji : front end defined by Caiml
wherein said first enerated by said first and second
oscillator neans r e input] to said timng generator -neans to

produce a set of petogk

avi®g one of
a5 plurality of |predets ef i ned by
Claim1 wherein gai bl e control
regi sters coupled tdg
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-33- said first set of analog/digital and digital/anal og converter neans,
shid second set of analog/digital and digital/anal og 5 converter neans,
said first and second oscillator nmeans, said tin ng generator means and
said first and second sanple rate generator neans, wherein said control

regi sters are programed by data placed on an address/data bus by operation

of a microcontroller external £0 said f2/81t end. 8. The front end defined
by Caim2 wherein said contr(ga’reans conprises a set of progranmable .
control registers coupled to slg%l first se anal og/ digital and

di gital /anal og converter neanst Sai d second %€t of anal og/digital and
digital/analog 5 converter neans, said first wmnd second oscill ator neans,
said timng generator neans, said first and nd sanpl e rate generator
means and sai d progranmabl e Qn:‘z.? just whemaddd sai d control registers are
programed by data placed on Hlr ess/ dat us by opemation of a

m crocontrol ler. 9. The fren@d e defi ned Claim3 erein saird control
means conprises a set of prodkd le control registers4oupled to said
first set of analog/diagital ap ilai tal/apalog converterl neans, sa d second

set of anal og/ di githl_and dig|tlat/fanal og 5 converter ngans, izﬂﬁgi rst and
second oscillator & s, saidltlimin ' ' stg&]d second
sanpl e rate generatp® meg@ns ahd i whein said
control registers pr pg@anphgd dat agbus by
operation of a m crp@ontfrol NelL ¥ _;zé.
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- 34 - 10. The front end defined by Caim4 wherein said control neans
conprises a set of progranmmable control registers coupled to said first set
of anal og/digital and digital/anal og converter neans, said second set of
amal og/digital and digital/analog 5 converter neans, said first and second
oscillator neans, said timing generator neans, said first and second sanple
rate generator neans and said programm®ByBe attenuator wherein said control
registers are programed by data placed on an address/data bus by operation
of a mcrocontroller. 11. The front end defined by Caim5 wherein said
control neans conprises a set of programmable control registers coupled to
said first set of analog/digital and digital/anal og converter means, said
second set of analog/digital and digital/analog 5 converter neans, said
first and second oscillator nmeans, gaid timng generator nmeans, said first
and second sanpl e rate generator ne€ns and said programmuabl e attenuat or
wherein said control registers are g@rogrammed by data placed on an
address/data bus by operation (g a @icrgcontroller. o
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ABSTRACT

AN ANALOG FRONT END INTEGRATED CIRCUIT FOR
COMMUNICATION APPLICATIONS

A communications analog front end which functions as an analog

(Figure 2)

and digital interface in combination with a microcontroller, DSP
and the telephone or cellular network, with the DSP and
microcontroller for coupling to the local workstation. The

invention provides independent control of a digital and audio

channel, with each channel having its own A/D and D/A converter

pairs, separate programmable gain and attenuation on each channel,
separate sample rates (e.g., from 1.2 kHz to 44.1 kHz at B8/16 bit
resolutions) for the A/D converters, two low power, high stability

on-chip oscillactors, Eample buffering on the audio channel (256

byte FIFOs) and, ;ndependent control of programmability of D/A

output voltage levels, the A/D converters, and the D/A converters.
The invention is for use in a system which enables a user to
communicate between a local workstation, which may or may not be
connected to a local area network (LAN), and a remote workstatiocn,
which may be coupled to its own LAN, via a modem over a telebﬁone
line network or a cellular network. or as a standalone unit, i.e.,
not coupled to the local workstation, to perform certain tasks
which are not processor intensive such as, for example, retrieval

of E-mail messages from the remote workstation.




