JXN 2086198 AUTOVATI C EQUALIZER FCR SYNTHESI ZI NG RECURSI VE FI LTERS Thi s

I nv pt,on rélates to tel ephone line circuits and . related circuitry formng
t int er f ace- bet ween anal og and digital tel ephone lines and trunks and a
digital swtching network. Specifically, this 5 invention relates to a
digital line circuit providing automatic fatchi ng- of the i rrpeday"agﬁfigs
lines/trunks ternminated by an electronic hybrid and.to the autd

‘synthesis within the hybrid of the line nmatching |npedance wi t hout using

di Sefete conponents and with 10 nini ni zed power dissipation. In the prior
art of two-to-four wire conversion, the problemdue to i npedance m smatch
at the tel ephone central office betmeen t he subscri-ber lines/trunks and the
term nating i npedance is well known. It causes 15 poor return | oss
characteristics and reflections or echoes due to poor operation of the
two-to-four wire hybrid, which for proper operation needs the line and
terminating i npedances to be equal in both phase and nagnitude over the
bandwi dt h of the tel ephone channel. 20 Passive-fixed term nating inpedances
to date are a conprom se, except at a specific frequency, since such
conpromi se inpedance is either AUIMARIOEQIIAIZER conbination of a

resistor and capacitor. EQR%SENﬂﬁHﬂﬂZiNgHE§gﬂﬂﬁiVBﬂﬂﬂnﬂ£R3|a.poor match for

the Iine 25 1 medancans s uiivialdibn (e by |h WUlbid it (kcd ed our
Wi re conversion depends uUpon a Fel atlve ose. etmeen the. Tine and
the term nating idfedidied cirguitry formlnc the lntereace between

analog and digital telephone lines and trunks and a
digital switching network. Specifically, this

5 invention relates tc a digital line circuit providing ,
automatic matching of the impedance of lines/trunks
terminated by an electronic hybrid and to the automatic
synthesis within the hybrid of the line matching

- impedance without using discrete components and with
10 minimized power dissipation. '

In the prior art of two-to~four wire conversion,
the problem due to impedance mismatch at the telephone
central office between the subscriber lines/trunks and

. the terminating impedance is well known. It causes

15 poor return loss cnaracteristlcs and ref’ectlons or
echoes due to poor operatlor of the two-to-four wire
hybrid, which for proper cperation needs the line and
terminating impedances te be equal in both phase and
magnitude over the bandwidth of the telephone channel.

20 Passive fixed terminating impedances to date are a

' compromise, except at a specific freguency, since such

compromise impedance is either a serles or parallel
combination ‘of a resistocr and capac;tor. Such a 51mp1e
impedance results in a poor match for the line

25 impedance. Typically, the hybrid which performs twq-
to-four wire conversion depends upon a relativelv close.

match betweei: the line and the terminating iipedancss

e



d
and for opti:num performance, a good natch over the range of frequencies gggzy 3
|nterest is required. Conpen- satlng for this msmatch has been attenpte '
in tihe prlo(~hrt wi th bal ance or ""buil di ng-out" networks 5 which are a part

of the hybrrd, and which, for a given line, represents a customtailoring.

of the circuit. A further problem due to i npedance m smatch at the far end

of the line is that if that end is ionbBeFIy term nated, an unwanted

r&f ecti.-on or echo 10 is returned to the near end. .If the near-end

terminating | MDeURRCRoEapk EnbliopbE SEchEREAENE 000 AdcibbTERGRY I 0 | 05s

is zero, then opti nmum per rnanc TS obtal néd Tfom t he near end e uuﬁnent
The far end echoréaﬁeaP§Of5€QH¢%¢ﬁ¢§e%fb&nﬁgF%ﬁtKH%WEF%E? Qﬁékﬁ ation

techni ques, whi cBagergndopPenis msﬁatdsnom@ds@e@fatt@nﬂamliﬂ th@nsm tt ed
signal, and an assg non- i reI tive rel f gyg_betmeen t he near end
transmitted si gnBFL9Rd3FhevfEh- %%e?Ee g% NeTYRY'NY adapti ve
equal i zat i onwbt hwhich abeua paatnoﬁgthéghgbsid;hmn&owhﬁ¢h;|ﬁ@rpmrgiwmnof
the far-end refl n_t r

‘regener at ed, u3|%%£é agégéggét% ua?ﬁégéﬁ t§ §§§ fé%#?ron1%ﬂ s IocaIIy
recei ved signal. 25 canﬁurtbqg PE@bbﬁmpéueoP@rme%#ﬁﬂﬁetmkﬁmﬁﬁﬁh|@%
equal i zer nust béhaﬁfarTEﬁdGSEaihéeiiﬁasish@H&taﬂfaéﬁﬂﬂa&ﬁisiélratIO to

‘allow for equali convergence, and_a |i near aracteristic.
SUTTici ont oner GYRRESBeBLY FetBinatedn an MavRRRed  HOEF P OF fTe 30
‘f eedback conlOoIislgéahSnéartdlghéaheérl . t apf athesheareend . There must

be on cooence b peslpRhErtal Knpdbindd AdGacd ehbrplag yibasase dRIL 00
.subscri ber | oopsifuthentwangbybnbdibossoisozenas vher ephimumers in order
to |nterface performance is obtained from the near end equipment.

The far end echo can also be minimized by using known

15 echo cancellation technigues, which depend upon a-
prior knowledge of the locally transmitted signal,
and an assumed non-correlative relationship between
the near end transmitted signal and the far-end
received signal. :

20 Using adaptive equalization, with or without
training signals, the correlative portion of the
far-end reflection present in the near-end receive
signal can be regenerated, using an adaptive equalizer,
and subtracted from this locally received signal.

. 25 Conditions for proper opération of the adaptive
equalizer must be met.  The equalizer must have an
adegquate S/N ratio to allow for equalizer convergence,
and a linear network characteristic. Sufficient energy
must be present across the band to allow for correct

30 feedback control signals for digital filter tap adjust-
ments. There must be an absence df "double-talk"
during the equaiizationjprocess. Next, and most
significantly, the digital local office which must
interface to analog subscriber loops must now add th

35 two-to-four wire converters in order to interface
these loops. Previously, with analog central offices,



ese.loops Previ ousl'y; w th. anal og central offices, - -3-'no hybrids
re reqz»ged These new y introduced hybrid |nterfaces can'introduce =
fN ectiong or unwanted return signals. Previously, ‘for anal og
Swi tches-these additional 5 hybrids were not present. Thus, without
i nproved performance in the hybrid, #hd digital office is potentially
poorer in performance than its- anal og predecessor. The probl em of ~
singing”, or nore explicitly, potential instability of the network in 10 »

Nyqui st- sense éﬁwfggéxifeedback due to the tmo t o- f our
W re conversi oéfgslj[%ﬁ%ié%g%ﬁg?e can_concei vably oscil)late if_ proper
precautions are notTh%ﬁdérPevd-iés%mé@ Juced hyRRdd ARteREACTHF™ Pl an t akes
this conditi Oniﬁﬁ&d\i’é&%@flé&’tm P i @iwdtdd rmﬂfﬂ i siggredX=enuat i ons

t hr oughout the_network_in e t ed e nd e h
transhybrid | oREeYHORERN - s&?’e gﬁ?‘f rTf?‘%}é aé?sésﬁ%éii%%%fs |en t he
net wor k V\hfsfhmwrmsfmevme prasentsi ortstmszkeﬂ.’ptm mexoedly, in
arriving a e attenuatio I

cons?%%%rm??% %V\@‘ e’ﬁ‘?f &y &‘Qed Eleg s e s

net wor ks, t hose © |ces or circuits) which
used two-to- fqpotentbabbnvn¢encs imam%¢§°rm$¥mﬁsth¢%riﬁﬁaﬁE@ﬂ?%cal of fices

not needlng t r t |1
the inser- é&e{:&é‘éow erﬁenﬁféﬁféxﬁ oie’ﬁﬁ?iﬁ@'u?e%v@?g%\?é al | oned, and

_ oss all owable was a %b pof a

deci bel . Thus e%ﬁbiﬁiﬁbYenP%Feﬂﬁé?bn gt %fﬁFYa fl%ﬁﬁjn ?V?%é 8 provide
-GQUIvalentl@naé09y@eiéar§aﬂ§e résﬁntanﬁtog the i nwmanted | Seedrekat ed by the
existing VN FLan. . Exper LOEnLal el 63 Wil 5o SOONGLDRIoAP 28T than of 30

attenuation (4 ﬂﬁ) 0 OVerc
system can conceivably oscillate if proper precautions

are not taken. Classically, the VNL (Via Net Loss)
Plan takes this condition into account by appropriately
15 inserting attenuations throughout the network in a
regulated manner, and.specifying the transhybrid loss
to meet some minimum criteria at those points in the
network where two-to-four wire conversions take place.
_ Previously, in arriving at the attenuation which
20 could be inserted in the existing networks, considera-
tion was given to those offices (or cifcuits)'which
used two-to-four wire converters; namely, trunks. For
analog local offices not needing two-to-four wire
" converters, zero attenuation was allowed, and the inser-
25 tion loss allowable was and is only a few tenths of a
' decibel. Thus, the problem of designing a digital local
office to provide equivalent'analog'pérformance in an
analog environment is aggravated by the existing VNL
Pian. Experimental results show that the addition of
30 attenuation (4-db)} in the local office to overcome
this problem served only to reduc; the "Grade of
Service", i.e. in comparison, telephoné-users'can
detect the poorer performance due to the added
attenuation.



‘thi's ‘probl em served only to reduce the "Gade of Service", i.e. Q;;;)
.1 n-conpari son, t el ephone users can detect the poorer performance due to t

fadded attenuati on. -4- Automatic equalizers per se are well known in the
field of digital data transm ssion, with U S Patent Nos. 3,579, 109 and
3, 984, 9 being illustrative. A digital adaptive equalizer is described in

U.S.- Patent 5 No. 3,633,105. U S. Patent No. 3,798,560 describes an
.aﬁaptlve transversal equalizer using a tlng mul ti ptexed second- order
digital filter. An object of the invention™i s to provide an-automatic
‘equal i zing function fAutomhtpeoequalizersbpes ae aremhelklhnOha in

equal i zati on is ppleguypl 54 dightah! hahsl RO-AChOCUIShY Wikl Bk Thbike

havi ng program# COETfrcCien
i nput and a ref ¥P8ncd. 5l@oéﬂaungdté.ﬁﬁé.ﬂﬁeeheiog ihéuetrstpvevudbd a 15

digital recursi aggauhqrrahhgt%uabqas&ﬁe& 1Nk ek BeliNen Bl 5 2N RLLRE Woen 2
di gl tal i nput signal, and a reference to rovi equal | zati1on for

“tel econmunicati IR+t BafStird8Pon TnSa PGFF uHPex3P7gﬁsﬁFQs¢Sﬁ°F¥h%5 an
iconpri sing meanadeptivengransgezsallequadikpit ustRgeactine-maleipléged

~partial derivatiyv f u rror signal with respect to a
gerles of recur&° §§“a‘P%§§rg§SF$t§ﬁ %ﬁgt%ﬁéans rgspon3|ve to gald conput ed
coutput for adaptlverAnhahgeng odi ¢heodinVentéonsisntacpuvouddeeanith the
‘val ue of the err%&oﬁ%. g%%iﬁz?ﬁgefuﬁbﬂﬁbi'fFEpﬂélégg§ﬁé 80f8séfifers

.reference to cause sal cursive f Icients to rapidly
converge ik o avhereda Gheuﬁﬂﬁﬁéézﬁﬁﬁpér1§oéﬂPi§@§ﬁF§d digitally

using a recursive digital filter having programmable
coefficients to minimize the error between the filter
input and a reference.
According to the invention there is provided a

15 digital recursive automatic equalizer for minimizing
the variance between a digital input signal and a
reference to provide signal equalization for
telecommunication transmission on a full duplex
transmission line, comprising means for computing an

20 output representative of the partial derivatives_of the
means square error signal with respect to a series of
recursive filter coefficients, means responsive to said
computed output for adaptively changing said coefficients
in accordance with the value of the error between said

25 digital input signal and said reference to cause said
series of recursive filter coefficients to rapidly
converge into a series'of'ﬁpdated filter coefficients,
memory means for storing recursive filter coefficients
and intermediate_vdiue xepiesentetive of coefficient

30 value changes from one cbefficient update to another,
means for transferfing:said'updated filter coefficients
into said memory means, control means for accessing said
memory means to enable said updated filter coefficients
to be selectively tfansferred from said equalizer

35 directly to the coefficient inputs of one or more



. nDry means for storing recursive filter coefficients and intermedi ate

ue representative of coefficient 30 val ue changes from one *

ef fi ci ent update to another, neans for transferring said updated filter
fficients into said nenory means, control neans for accessing said
menpf Y. means to enable said updated filter coefficients to be selectively
traﬁsferred fromsaid equalizer 35 directly to the coefficient inputs of‘
-oné or nore recursive digital filter8,=nmultiplexing means for time
shari ng said p n udi ng
means for sel€%§?%%%€é &%éité} ky?%é*%é Bﬁlt%?ﬂ?ﬂl d@gﬁﬁé ?éf #ﬂﬁét

signal s fron1%h@?bh§n$§§¢oﬂqgaiiﬁe§ Pﬁe§a¢dpﬁﬁéibi¥3r°€dh§%n$m@5$ Rime

mul tipl exed segnes einBEﬁ&§n§0ﬁeSﬁheﬁbrVgéIeéQﬂPélynGiﬁeSﬁﬁ1€§p£€x§ﬁ§d
updated filter ass ted w th each of Said

| en bein
transm ssion ?lﬂg i§5$s°§o¢gﬂi§ﬁa bﬂPPﬁgg§ PR brargnisgiont ed
filter 105 CmfﬁésctenSaidomeand ferneymprbing ﬂndtﬂnenauasspreﬁé@d Wi th

iddistrib S c [ d_N series of
Chdat o {111 cpe@ieliBeont dhs PEOFLLY B LERSESRRL I TRl RER 1SR O L
w th one of saﬁﬁdhupdahsﬁ1§élbﬁrlcne§flgsent3. oneTog Nnbeimngon also
i ncludes a neaagscﬂsteaoeﬁéhnaaaut efasaiaeefahgﬁfégfanf i?llené‘sd' 'y

i mpl emented tel ecommunication line circult, conprising e st eg
conputi ng an SOFpREstEdPutingasaid Hfs?ﬁéeﬁa?fl%PiﬁeﬁP@éﬁ?@egi ¥eZai d neans
square eppor aceﬂﬂicmehaszeo satdpReinoty Medfs| cand@f mesAy ss¥6ciatéar

coefficients | ngi pg_said coefficient esponse_to said

- comput ed outhﬁ?gﬁ 3¥§o¥ﬁiﬁ %gﬂggﬁgtﬂsagﬁl BT ofe ﬁ%tiv?i¥ g Eﬂr§§F@

digital inputsaidnlil senilesaofi nplatedcEiltgnatoebfftaientsatd Neries of

updat ed recursive digital filters, each associated with one of
said N transmission lines.

15 The invention also includes a method of providing
automatic equelization for a digitally implemented
telecommunication line circuit, comprising the steps of
computing an output representative of the partial
derivatives of said means square error signal with

20 respect to a series of recursive filter coefficients,
adaptively changing said coefficients in response to
said computed output in accordance with the value of
the error between said digital input signal and said
reference signal to cause said series of updated

25 recursive filter coefficients to-rapidly converge .to a
set of optimized filter coefficients, transferring said
updated filter coefficients to a memory means,
accessing said memory means to enable said updated
filter coefficients to be selectively transferred from

30 said equalizer directly to the coefficient inputs of one
or more recursive digital filters, sharing said equalizer
over a plurality N of lines, selectively computing N series
of optimized filter'coefficients, one of N being assogiated
with eachofsaid lines, distributing said N series of said

35 optimized filter coefficients to memory means, and
selectively transferring said N series of optimized



% "recursive filter coefficients to rapidly converge to a set of o
opt|n1zed filter-coefficients, transferring said updated filter :
*coefficients to a menory neans, accessing said menory neans to enable said C{)
updated fikter coefficients to be selectively transferred from 30 sai d
" equal jzer directly to the coefficient inputs of one or nore recursive
digital ‘filters, sharing said equalizer over a plurality N of |ines,
- §electively conputing N seri-es of optimzed_filter coefficients, one of N
bei ng associated with each of said lines, dlstrlbutlngésald N series of

_said 35 opti fiiddex qoefficdents:tonls resursive, dighkal £i4teEBectively
transferring, S@&H\lis%rdc&%t@fi em—.hrrbz;%dof saﬁd i maéscoeffici'ents to N

recursive digital filt soci at.ed w one sal N.Lin

ot mente o the | ERGRRLBRARS AT Shen ByeBkiPRoN AL ROFCPE ARERELBed ne

“ acconpanyi ng dmmﬂnu;nfenenducﬂm-thé accompanyfEngudeawiahgsysin whbeh:-

. electroni g hybrid ci F a C odyi ng
t he i nventT on. Flgurggégfﬁl Fﬁs ?%W%E ei?%kkghi%hﬂgbgkéf8%%085P

“admi ttance. 10 Figunengr @hws| a elisiiﬂppllu flive sﬂ@sniuu egbadybng

: i npedance naicﬂgﬂg;iﬂyé%gydy tal hybrid. Figure 4 is a transconductance
anplifier. Figure 5 shows recyr.sive automati ¢ fJ_guallzer gure 6 is a

. bl ock diagramof a g@ﬁ&”&lﬁ Qé‘\jii-g-us';r&tﬁst She FiFl F31F§§9F83§ $s9f BRock
* diagram of an esitphitz eldmiftit@ince .8 i S a bl ock diagram of a generalized

Fdigital p-to-Tour Wi COUPTR Thiiidd B1dcR Yikgthatbem o 2
- impedance matching in a digital hybrid.
Figure 4 is a transconductance amplifier.
Figure 5 shows a recursive automatic equalizer.
Figure 6 is a block diagram of a generalised
15 - digital filter.
Pigure 7 is a block diagram of an equalizer.
Figure 8 is a block'diégram of a generalized
digital two-to-four wire converter.
Figure 9 is‘-a block diagram of a preferred
20 - embodiment of an equalizer used in conjunction with
the invention. ' '
. Figure 10 is a first memory portion of the
equalizer of Figure 9.
Figure 11 is a second memory portion of the
- 25 equalizer of Figure 9. :
; - Pigure 12 is a flow chart of the equalizer operation.
Figure 13 is the multiplexer/distributor used
with the present invention. '
Figure 14 illustrates the interface connections
30 between the equalizer of Figure 9 and the multiplexer/
distributor.
Figure 1 is a state-of~the-art electronic hybrid,
which: c ' )
(1) matches the line impedance seen at its terminals

35 12 and 14, and shown as a lumped impedance Z, at 16.



‘enbodi nent of an equallzer ysed in conjunction with the invention.

jur e dofrs a first nenory portion of the equalizer of Figure 9. Figure 11
a second-‘nenory portion of the 25 equal i zer of Figure 9., F|gure 12 is
a flow chart of the equalizer operatief. Figure 13 is the

mul ti pl exer/distributor used with theegresent I nvention. Figure 14
illustrates the interface connections 30 bet ween the equal i zer of Figure
9 and the nmultiplexer/ distributor. Figure 1 is a state-of-the-art ~

el ectronic hybrid, dp?%; ndggiqggg ﬁﬁWhﬁté@ f@@@ﬂ@ﬂgfgﬁggnfgémlts

termnals 35 12 an own as a lunped I npedante ZL at 16. (2)
M ni ni zes the mwsriézmma%hghahymeﬁrﬂmrﬁs%?%e%ﬂngb‘}nﬁ%ow di ng

a cancel | ing sigadraifbmii SEUIH %t‘.}{‘ @aé&b}? &b dbathatobbpueubputhel the
receiving anplifier, 18 the tr n1tt$ S|gnal 1S, educed. or _mi ni ni zed,

The operation FeIRHFNE APRLL E%%éZT%Q?Tla 20, z[err]
and Z [err] st phfivuel 2 ninspetied el yrhéoaspembimnlgefchyhnid Wt hsthe
transmtt- ing aqgﬁfler 26 acting-as the dri-wing source and the 10

recei ving anph% ;&?%%Ilng as the null anplifier. If the bridge.is
properly bal anced, tImpeslanmes &g tdte 2Q@cch |aigda’4’1§)}|$ eat182jande@éd.for any

signal being tr. ééf#%lg/“féfﬁe ééém%}fEWié'@f éﬂ&e gﬁgmgeeoss

the tip and ring 11 nes is ecelve out put 0 |er
Thus, unwant ed ¥¥aERRLiey e%%r#F%Jrlyhaﬁ% Hhe @#ﬁm%t%qurm GﬁdpFB9| des

t he - 10 receiving amplifier 18 acting as the null amplifier.
If the bridge:is prbperly balanced, the output of the
receiving amplifier 18 is zero for any sigmal being
transmitted. At the same time, any signal apyearipq
across the tip and ring lines 1is received at the

15 output of amplifier 18. Thus, unwanted transmitted
return signals are eliminated, -which provides the
two-to-four wire conversion function of the hybrid.
The impedance seen by ZL is 28 in parallel with Z1 at
28. If 2, is much greater than 25, then the trans-

20 mission line sees 28 as a line terminating impedance.
In practice, Zg is fixed at a set value, typically
900 ohms in series with 2.2 microfarads, and z3
are varied or selected to give the proper balance, thus

anc 24

minimizing the unwanted return signal. The drawbacks
25 of this circuit are: :
(L) Since 28 -does not equal z for all
transmission lines, the return loss of the circuit 10
as defined by:

_ : . + Zg .
. . Return loss = 20 log9,, g~ =7 - {Bq. 1)
' L 8

30 is not infinite, which is the optimum value to minimize
‘reflections from signals axrxiving from the far end,



-t - e,

- two-to-fourswire conversion functign of the hybrid. The inpedance seen by 26‘
Z[erryd 1S %Lgrr]‘in parallel with Z [err] at 28. If Z is much greater '
Than\Z [erf],; then the trans- 20 nmission line sees Z as a |line ternminating
i npedance. dn practi-ce, Z [err] is fixed at a set value, typically 900 ohns
‘inh series with 2.2 mcrofarads, and Z gnd Z 4 are varied or selected to
give the proper balance, thus mnimztn& the unwanted return signal. The
ds-awbacks 25 of this circuit are: (1) Since Z8:does not equal Z [err] for
~all transmission lines, the retyrn | oss of the circait 10 as_defined by;

lerr]L Return loss = [#)r]%302nds2yoPUSks PRi FELEGHEENORS & FEMBHPIHES val ue
todnkzinize Lef|B£§1§nghétoﬁh§iQﬂmésgﬂfégihhmofﬁaﬁl&ﬁeohmbdamé (2) z3
-an nmust be s ted on.,a conpranise_basis ¢ e r can
.acconmodat e diff%#gﬁ?r?Pﬁe%}nﬁf'Zorgkﬂ ?n§u§u E@gée%gcF%gggﬁ%gaﬁ#bhgﬁqy
“automatical | y byomnaappmapicaldysby ah appropkiBtei geil efwhappliradti vate an
anal og swi t chgng I ORLI | s € kR the
circuit, accord %95{1%%Ewn%%%n?‘?ﬁf@%?%céés?ﬁgﬁﬁ‘s JLeehingPhblupty, <8

"i npedances are cﬁg®¢éxaPE§@E§ﬁé§§ ¥aduesuefnégdandt Byr &si $hpyeizryit,

icapacitive 10 e488BP4$ng to some cqntrol process. - (4) The circuit is
~basi cal |y anal og and doeS not Iengg#tself o |

w cQst, | ow power, _high
idensity, digital LSl {3thnfRGeBalesityTRE EPEC PPeaegasshP§% EBEP}3§?ab|e
"and 15 precisi oimpedpncest andothesf nesdpbophr kgsaseivehand capacitive

10 elements. -

(4) The.circuit is basically analog and does not
lend itself to low cost, low power, high density, -
digital LSI techniques.

(5) The circuit ‘needs high cost, stable and

15 precision components to perform properly over the
life of the equipment-with which it is used.

- (6) The input/output on the 4-wire side of the
circuit are from the decoder and coder circuits in the
codec used in a digital system. Thus to function

20 properly, the line circuit for a digital office needs
a separate codec and hybrid, in addition to the normal
codec filters. '

Figure 2 is a block diagram of a digital line
circuit embodying the invention wherein the digital

25 two-to-four wire hybrid function is performed with the
- elimination of the .previously associated discrete
analog component. Also, the circuit prdvides automatic
digital synthesis of line terminating impedance for any
transmission line characteristic, eliminating the
30 previously used analog component,, These features enable
an LSI circuit to implement the complete slectronic hybrid ard imcesd-
ance matching functions as parxt of an overall codec
‘function, which functions can be implemented on a °
single LSI chip without extensive analog external
balancing ox adjusting circuitry., This results in a

()
(84]
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of the equipnent ith which if is used. (6)- The input/output en the
re.sigesof the circuit are fromthe decoder and coder circuits in the
cogec used..i'n a digital system Thus to function 20 properly, the line
Tcuit for a digital office needs a separate codec and hybrid, in addition
to the normal codec filters. Figure qu # bl ock diagramof a digital |ine
circuit enbodyi ng the invention wherein the digital 25 two-to-four wre
hybrid function is performed with the elimnation qQf the BreV|oust

associ at ed di sk9®t@Ehal LW cRePeFentighfepsityeand, 8 PEIB Evi des aut omatic
digital synt haﬁéﬁiﬁlélaelé@dsxmhﬂﬁicaemﬁﬁeﬂﬁﬂéecieéu&ay t vhes tegh~on |ine

characteristic,,elimnatin e . Vi 0 u nal,og- conpgonent These
f eat ur es enabl%i%‘heiéf‘p?:’?r%‘?htgg* gﬁﬂ#?’ Ké @ aef'éggl Bevr gﬁi c hybrid
and inbed anckesetiledg functions as part of an overall codec function,

whi ch functions ca d g t hou t ensi ve
anal og- extéénal rh%ﬁ%%ﬁ%?%gggéﬁ E? ??ﬁﬁg #fcu tr? EB?Ehsggeéu??é in a

| ow cost , Icwv%%ﬂm#1YNQMM@bn§¢t? aoven hhghrgngel ofblénes| Sognwhdicdat i ons
l'i ne- CIrCUIt é? aned Qn&QaChtﬁQhSZCIéﬁalk | a0kt gegéw Il now be

ef

descri bed. 5 erring Yo Figure 1, errg cou be made
exactly equal ?1P§¥H¥?skﬁﬁ¥v?h%lgﬁﬂﬁtsofeliﬂ%§aFéﬁgmﬁP HrPhEiHﬁﬂéGance i s

||n_te_nded_ t herar@ [@¥ csx}fmfln@ éﬁréiwﬂlﬂmpedsgael m&€EhStbVRarkflBe! S,
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and feedback tﬁilﬁarﬂmg amdrEEEdhachgtebhnhquesowmthouSedsanglu@e

conponents. Iy FlOMES-& uddl® analog components. In Figure 2, the
impedance seen looking into the tip and_rihg terminals
102 and 104 is designed to match the line impedance.

15 . The line terminating impedance'z8 of Figurell is
digitally synthesized.by the digital loop of circuit
100 formed when switch 106 is operated providlng feed-
back from the coder path 108 to the decoder path 110
via line 112.

20 Figure 3B is a simplified block dzagram of such

'~ ~ digital synthesis. The transconductance or g amplifier
200 is a device which converts an input voltage Vx to
an output current -ng, It has an infin%te output
impedance or zero output admittance. Such a circuit is

25 well-known. 1In its simplest form, it can be_equated
to a pentode vacuum tube or Field Effect Transistor
(FET) iqéwhich the élate or drain currents are propor-
tional to the grid or gate—to-drain voltages respect-
ively. An example of such a circuit is shown in

30 Figure 4 at 200, wherein a hlgh open loop gain opera~
tional amplifier (gain = 10° ) is used with a resistance
whose conductance is g mhos. o

Amplifier 200 in practice is the normal output

amplifier of the decoder 114 and is not an added

35 component, being shown functionally separately for
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i npetdance seen looking into the tip and ring termnals 102 and 104 is <§EED
desi gned to match the |ine inpedance. 15 The line term nating :

‘i npedance Z[err]of Figure 1 is digitally synthesized by the digital |oop of
circuit 100 fornmed when switch 106 is operated providing feed- back from

~the czder path 108 to the decoder path_ljp_via line 112. 20 Fi gure 3B

i.nmplified block diagram of such digital synthesis. The

. t.ansconduct ance or g anplifier 200 is a device which converts an |nput

.;voltage V [er] ésp ﬁhﬁ&ﬂ";p 88k, [emhle decoder 123 a& un*dwit& out put
i npedance or zero out
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" Figure 3B. of interest, i.e., below the sampling ra e of the ccder
122, to avoid spectral folding and to optimize the
signal-to~noise characteristics of the ccder 122.
Prefilter 120 may comprise a simple two pole passive
15 1low-pass filter since it is analog in nature.
The coder 122 is preferably a sigma deltaitype
described by Candy, et al. The coder post filter 125
performs bandwidth limiting and decimation, and provides
an overall low-pass, flat response in combination with
20 the prefilter 120, such that the composite gain is |

egual to unity in the frequency band of interest, and

- rolls off monotonically outside this band. With the

system thus defined, the response and output admittance

at the points indicated at Figure 3B can be shown to be:
25 Yol . Z98 __ herev '=Y +¥

- Vin YL‘ +gB B L L bf

and the output admittance, including Batteryfeed 125,

prefilter 120 and line loads,'can be represented as:

+.¥ (Eq. 2)

pf

Yout = ¥ ' + gH - -  {Bq. 3)

In Figure 3A, the digital synthesis of an output

30 admittance, is shown by a simplified and generalized
circuit usable for numerous applications wherein it is



“function of the prefllter 120:i s to limt the 10 bandw dt h of the
qﬁ@ der 144 input signal to the region of interest, i.e. , below the :
sanpling rate of the coder 122, to avoid spectral foldlng and to optim ze
he/si gnal -t o-noi se characterlstlcs of the coder 122. Prefilter 120 may
rise a S|nple two pol e passive 15 llow&pass filter since it is analog
in nature. The coder 122 is preferably a sigma delta type described by
Candy, et al. The coder post filter 125 perfdrns bandwi dth Iimting and

deci [ LI ] fl bi [
Wih 20 the pRepirrble;sd algiiduny Wrltebias A SHERE okl o i 0y

. -in the frequenagmigtdnek &ht@hﬂﬁh,AaudanﬂInymohbnvnnnera(anéyusndside this

band. Wth the, t u ef r t ce at
t he points |ndf%é??ggl%QF%E%rgbggqiyyggd %gg.i lj é?output
admi ttance, inBYadi ng Batpedytddgcyﬁarspreﬂhﬂxﬁungyiqnﬁiq rﬁb#(ﬁ%& can be
repr esent eg aspepeatkokn 2500450 301 1k1E. bl LURAHAIETS o AnGUpU! 30

adm ttance, is s Vy a si generalized circuit able for
nuner ous appl i E&ER8As ViRePBi AlF‘P 282 tojpnevente sRehRY A9 jss‘th ize a

S]pe?h fic out D:JanCiﬁB.blﬁté hgluh Mtfé/rg/a%rad.o?-goim\garﬁaar Scoa{wﬁjzésmké i nst ead
of .the specialized tel ephon 0 er/ decoders.

The func!toi ons sz; gﬁb %"@’%Fé'f ?@@Y e raﬁ'}(?oﬁtmf?i]t %ﬂdwn&ﬁfh of the

i nput signal Vup"owol previ@z bwemadileliovs pasts ainifty gjain cabmztacter—
undersarrpibng iéﬁ__kgr fggaltﬂg h‘}’Ddetﬁxal S%O”V":th% gﬁ##ﬂépryﬁt g 252A,

the A/D post f to prOV|de oV OW pass unity gain
char acter - digital H filter 116 are described herein elsewhere.

The D/A prefilter 258 "mops up" to insure the D/A path
260 gain equals gH. The D/A post-filter 262 eliminates
or minimizes the effects of the D/A quantization

15 process occurring in D/A converter 264. Quantizing
effects are defined as the noise due to the D/A error

" in approximating a continuous analog output signal.
Where the prefilter and batteryfeed impedances
(admittance) are large (small) compared to the line
20 impédance (admittance), they can be neglected.
~Normally, the battery-feed impedance is designed to have
this characteristic to prevent signal loss and the
coupling of unwanted signals into the codec. The pre-
filter can also be designed to have the characteristic
25 by'utiliZing a high series resistance or the high input
impedance of the gate input of a FET. _
. ‘Under these conditions YL' = YL and the output
admittance is: -

d Yo_ut = YL + .gH 1Y (ch 4)

30 If gH is made equal to YL then;

)

. [} ’ . - .
o =-12 (Eq. 5)



10 istic for .the A/D path 256. The g Anplifier 200 and digital Hfiltér
- 116 are described herein el sewhere. The DA prefilter 258 "nops up" to
*insure the DA path 260 gain equals gH The D/A post-filter 262 elim nates
or mnimzes the effects of the DJA quanti zation 15 process occurring in
DY A gonverter 264. Quantizing effectsl@& e defined as the noise due to the
DA &Fror in approximating a conti nuous anal og output signal. Were the
Rrefilter and batteryfeed inpedances (admittance)-are |large (small)

conpared to tapd the datputEfFedenc@dot ttheceircuie)matehds €Rel ected.
Normal Iy, the_ hattery-feed i npedance is designed to have this
characteristi& gﬁéﬁﬁa“?ﬁgnal | oss and the coupling of unwanted signals

‘into the codec. Thedurespindimghy) thecdérayedi grenshitbedesignal
‘mpedance of B aRSFMIRRRA Y o A “WHEE ApRetE aE BRE  shEntBs " U nd
the out put Sadmoidea2?0 icef Figude 3B. If the digital F filter(2g2 4) 30
oo o g B o eSO 8T B L7208 o sdBuBR AR R e
del ayed transciorresponging \to tii¢ croahdetbip-déldywEromapheall at the
ttenuati on of B S A e the) SBaBkTbREL Fabhetrh28 SuBbRE, T O
del ay from t h&herf itheroutimut ihilten 272 cancelpothef nhwanteds out put,
10 returned transmit signal Vin at the output of the-
summing node 270, resulting in an catput voltage Vo
which does not contain any portion of the transmitted
signal, Vin. Implementation of the F filter 272 is,
under these conditions, simplified since it can be a
15 simple shift-register type delay element. Attenuation
of 1/2 is accomplished by right shifting the binary
value of the voltage Vin one place and 'rounding off.
" For a more general application of this technique
where acdnittances of the prefilter and battervfeed type
20 are not negligible but are known, gH can be changed to
eliminate the loading effects of the admittances on the
line, i.e.: -

gH = ¥, '-.yx | | (Eq. 6)

where Y _ corresponds to their combined admittance.
25 Under these circumstances, the round trip gain (through

coder and decoder paths 108 and 110 respectively)
changes to:

v .Y

o . x . .
Vin = 1/2 '!'-i-Y-I—. | (Eq. 7)

and the net admittance seen by the line at terminals
30 102 and 104 remains equal to Y.. The effect of the
second right hand term in Equation 7 represents the



an the output filter 272 cancels the unwanted 10 returned transmit signal
n at the—eutput of the sunm ng node 270, resulting in an cutput voltage
thi ch does not contain any portion of the transmtted signal, Vin.

Jmpl ementation of the F filter 272 is, under these conditions, S|nplified
'since it can be a 15 sinplé€ shlft-regl el type delay elenent. Attenuation

mf 1/2 is acconplished by right: shifti

Vin one place and rounding off. For a nore general appllcatlon of this

techni que wher gegdatt bﬁn‘éﬁé ﬁBdB.EQcB'tQBh' ber thed HoFilleerf @ad wppe 20 are

not negligible but are

be_changed,t o eld.qi _nat e | oadi ng
ef fects of thecaﬂﬁFPF§ﬁ8e§°5nYkhe ﬁgﬁé *FSEQQ S e F s & %77
(Eq. 6) where beiny redi€ipangachothheir conbined adni ttance. 25 Under

t hese circunstances,

the binary val ue of the voltage

-

the round trip gain (through coder and decoder paths

108 and 110 respectlvel Hchanges to: [err] (E
7) and the net adm Ftansé—seen by the line at terninals 30 10XEshd 8004

to YL. The Bffect of the secongd right hand termin Equation 7
represents the effect of the nodification of the Hfilter (116 to

remai ns equal
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H filter is of the form:
' 2

- . 2% + R,Z + XK
H(Z) = Ko —5 1 2 = Ko g%%% =
| 24 + 2K, + K
3 4 . | |
. _ (Eq. 9)

- -2] L

Ko =5 = Ko —/—23=%

[1+K3z +K2°4) . pT)

where 2 is a delay operator, K's are pfogrammable
coefficients, and N and D represent numerator and
denominator polynomials. The filter has its poles and
zeroes restricted to within the unit eircle of the 2
plane.

Relating the above to the synthesized YL' this
allows YL t0 be equivalent to any combination of
resistors, capacitors and inductors having no more
than twe non resistive elements, This restriction is
not inherent to the techhique, having been chosen to
simplify the form of the H filter 116 from the viewpoint
of a large scale integrated circu%t hardware implementa-
tion to obtain a simple recursive digital £ilter having
five (5) coefficients. In addition, limiting the number
of elements composing Y, as described, represents a

.good practical approximation to the function, For

applications other than telephone line circuits, the



~[err] (Eqg. 9) [err] [err] [err] where Z is a delay operator, K's are.
: programmabl e coeffi ci ents, and N and D represent nunerator and denom nather:
" polynomals. The filter has its pol es and zeroes restricted to within the
unit circle of the Z 15 plane. Relatlhg~the above to the synthesized Y
[err]/this allows [err] to be equivalent to any conbi nation of resistors,

. capacttors and inductors having no nore than two non resistive el ements.

- Taks restrictidefinitdonnoif itheedtrfikten Hd & suhibpiextended) been chosen

" to sinplify thg 8&'@1% tthar waré’&; %r&néﬁp Phfke gf a large

scalelntegrate Circurt ta tion taln si npl e

recursive di gi tavoflviedar blmdﬁ.g?'f |th=,e (@CMGQS:ldﬁﬂ%fib¢¢1 b&%ﬁi@on

limting the “%8’9%:&% SIHE P %@Oé'zﬁ%i ils@ﬁé’eé&ﬁé@ﬁémt,
represents a, good g gtlc'a approx@ nmation to t unction

. appl i cati ons oSHer mmamnds o ¥ t‘é*i seamiee designed teinition of
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exanpl e, wher edenominaters a This esld ne$it syatheghzed £0rresponds
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: numner at or and denam nat or. his would allow Y- as synthesized to neet the

© previ ous const F&sﬁts"'éf"%@]rﬁ%"e“%?lan two non- resistive el enents.
- Pigure 5 shows the recursive auto equalizer 130.

10 The need to establish the coefficients of the H filter
116 such that gH equals YL (or YL-Yx) is satisfied bv
the equalizer 130 func:ion. The "“egualizer system
130", under control of the maintenance system routine-
ly checks that the digital filter coefficients are

15 correct in addition to establishing them initially.

The equalizer operates in an off-line manner (no user .
call in progress) and can be time shared by N lines.
Once the filter coefficients are established, these
coefficients need only to be ducked periodically,

20 under control of the maintenance system, since any

| given line characteristie does not normally vary from-

'day to day. This allows the egualizer to be time
shared among a number of line circuits, thus amortizing
its cost over a number of lines. Figure 5 shows the

25. ‘conditions under which the_recursive equalizer operates.
Switches 106 and 107 of Pigure 2, when open under the
control of the MULDIS during checking of the control
coefficients, disconnect the F filter 272 and the feedback
on line 112 from the coder path 108. The B filter 116 is

30 then set in the bypass mode (E filter is effectively short
circuited across input/output terminal, i.e., g = 1).

Figure 2 can be described as follows: :
The code path. 108 includes coder prefilter 133, a
sigma delta coder 135 and a decimating and low pass

35 filter 137. The filter 137 output and F filter 272
output are summed at summing node 139 to derive the




tgure 5 shows the recursive auto equalizer 130. 10 The need to establish
oefficients of the Hfilter 116 such that gH equals . [err] is 3
fied bv the equalizer 130 function. The "equalizer system 130", under
| of the maintenance systemroutine- |y checks that the digi-tal
filtér ‘coefficients are 15 correc?T 18 addition to est abl i shing them
initi‘ally. The equalizer operates in an off-line manner (no user call in

progress) and can be tinme shared by N lines. Once,the filter ,coefficients -
are establi sﬁ%?rﬂ?@é@%&??ﬂ%ﬁtéum‘é R 3ine %é{lchﬂgi E ASriodically,

Zg Un?er_C?!&l?etﬂhtiﬁifE&é%f@aﬂﬁ@ié¥Sirﬂ§rSimsedaﬂuegbnt@uribi .
characteristi oes .nof hor var rom day to day. IS oWs e
equal i zer to¥ qﬁqn;i§migxﬁgkm%§"§:%uﬁ%ﬁ§1%$ ?%ﬂﬂaiiPEuRF§,_ S
annatizing ibgrauﬂt;nuﬁ r&munbes.ofThéne?wiféguransmshow%ghhahaﬁ 06 and
condi ti ong ugger ' t ecursgive ual i zer_opera . _Switches 1 an
107 of Fi gur ipe %ﬁ%gﬁiiﬁﬁﬁ?atm gg?ﬂ??’ﬁigo?ugﬁgk/%iﬁﬁ§ &J&i‘ng checki ng
of the contr @hecaaitipwt avf sfiliterobé8et thécihtérmediate? transnit f eedback
on line 112 from.the coder path_ 1083. ~la{kl 6 i.s 30 theneset in
t he bypass m&ﬁ??ﬁ#f#ﬁt%ﬁu?geéffécgigégggﬁh%iF %i?céﬁﬁgﬂigb%&§§ ﬂﬁi,

i nput / out put wheargatal the . integhiediatéi grans@itasigoadeder isumhess f ol | ows:
The code pat ;s 408,i ncC d [ r 3 - coder 135
and a deci nB'[QIIiI’Fé’ gnﬂoé]lio#v%%%‘gﬂﬁﬁ ??ﬁ%e#ig?ﬂ%ﬁ%ﬂegﬁ':tgg?I%H%ut put and F
filter 219 omlnaedy cndereccnatrodinof nuibiplegory/gigsriibatar 130.- 15-

11T SR i bk pgbder i), e piaBERRlo s, 200 ©
i ne signal is filtered by an interpolating filter 1
' Programmable signal generators circuit 155 is showﬂ_for
' pompleteness, and reference it made to our Patent No.

15 1583635 (R.Treiber 1 Div A) for details of circuit 155.
The muldis 130 includeslmeanslfor distributing centrol
coefficients for l... N line bircuifs;_shown generally
at 157, and which includes a digital audio equalizer
159 and a digital reference generator 161.

20 A telephone subset at the subscriber end of the line
is taken off-hook for example when it is undergoing
maintenance. At the intermediate tranaﬁit input point, a
reference generator 161 supplies a reference signal having
uniform (equal) energy components within the freguency band

25 of normal operation and zero energy outside the band. The
output signal Q(2) will be correct when, with reference

to Figure 5, _
E(Z) = O where Z = delay operator, and (Eg. 10)

E(2) = O(z) = R(2) 3~ | (Eq. 11)
30 The ¥ term compensates for the known absolute
sampling delays through the loop. Under these
conditions: : .
Nzl - '
Ko = ¥, (2) (Eq. 12)

D(z 1) L



circuity~ on.line 145. The 4-wire transmt signal on 5 line 147 is (ggﬁj
filtesed: by,%{ansn1t audio filter 149. The output of filter 149, the
1ntef medi at &_t'ransmit input, is coupled to Hfilter 116 via sunm-ng node

~151, whereat the internediate transmt signal is summed with the feedback

.on line.112, when.switch 106 is 10 clozgg, under ccntrol of
Hnultlplexor/dlstrlbutor 130. Prior to d dng at decoder 114, the filtered
tsansi ent signal is.filtered by an interpolating filter 153! Proogr anmabl e
signal generators circuit 155 is shown for conpl eteness, and reference is
‘made to our Patewhith. ig5the588635e@RrEsulbeand the A}esuémast Xecyreive

circuit 155. Thef%ﬁ£gks %g@figggﬂggsxnea S fgrédksthhggtbggncgggkgh

‘coefficients for ircuitso’shawv effally a .
includes a digit&Ftabdisheduand,eanibe Anadaddigteal féﬁé?€nééﬁg§ﬁ€rator
~161. 20 A hsetRRNOBBesHBSSA ., at At:heqﬁahaigrerb%oeaéagt—hﬁe kheeni s taken

ff-hook f wh nai Ot ena At the internediate
"?ransﬁft iﬁgugxaggiger iiéfé?ei?égﬁgng gFrié §8ﬁg&i8§e§tﬁe95r§%§e si gnal
havi ng uniforn1(£qsalpreﬂebgy coaﬁﬁmeméatmwhmEasLhebﬁchqa&mowsbahé 35 O
- I ration e an Z
Wb Ror fect SRBRLEERE, PN RrlE, BophdT 2 ning BBk Be#lRE-LT)
‘:operator, and. _i?eﬁy gojvesZa seb(Ef simﬁ@i;neous partlal differential
J(Eq. 11) 30 Ihéiﬁféeﬁﬁ*cﬁeﬁﬂhiﬁﬂﬂégsEh@sméﬂg k&ﬁak@oﬁ“néQﬁ?b%te

sanpl i ng delags ese condi ti‘ons err err 16
- 10" R[nT-LT| and O(nT) as a function of the: coeleclent

This is represented as:

error term partial
a N :
7 3 ~ \/——“*-\
28 o £n[o (nT) - R(nT- QT)J?:O(m.) (Eq. 13)

- according to establ;sﬁed theori as for example Lucky &
" Rudin at BS™ Nov. 1967 and Weiner - Time Series
is Analysis'— MIT Press pubiished 1964,'Appendix B.
The outputs, Po(nT), Pl(nT), etc., represent the
partial derivatives of O(nT) with respect to the filter
_ coefficients. These outputs, when cross-multiplied
. with E(nT), summed, and periodically "sliced" by a
20 slicer, which truncates and rounds off to the sum term,

give the C, outputs which allow the N(z ') and D(z 1)
- polynomials to be updated with new coefficients
according to the equation: '
K.new = Ko0ld = cklk ' (Eq., 14)

25 where A is an incremental value or factor for step
adjustment, This slicing technique, and means for
implementing the solutioh to Equation 14, is known in
the auto equalizer field for non-~recursive structufes.

The circuit of Figure 5, however, unigquelv impliements

30 an automatic equalizer function for a recursive



which is the desired result and the resultlng recursive filter coefficients

sfr] have been correctly established and can be | oaded into H filter 116 .«
normal operation. At equalizer 130 start-up, the H5 filter 116 is

ded with trial coefficients or the |last previous coefficient values,

_ ?;‘n\al |l ows the equalizer to converge7r-apidly. The equalizer effect-

|ve\y solves a set of sinmultaneous partial differential equations which

-m i mzes the nean square G between 10 R(nT-LT] and O(nT) as a function o‘]"’i
the coeffici eequadfes sstruepureent Bhisscircudt providespahe Ry [err]

1667 and ve reaems WAL FAES" {ntd, ARooRiE NG WHEREAb eI by o6,
ﬁ\gfle\r)git i(vgs '(l)&mef)ﬂi?ﬂents nT)vhtiléh( h‘é):'etff.@:e has émn ctdm'é-'(ﬁﬁp!gssde i al
out puts, V\,hen&&? o@g %t?% gg‘?'% F%%E%ﬁ% in ts’lltij‘a'rrcr:rne @Hr Ically

"sliced" By ss@bucturess, mhﬁ.shmawuimam mwsqns t‘ldmhen%mrm ter m
o1 ve the CX il it 3148 GeRhl il e Nkl A0 e LTI 1 Sk

updated with ‘néew coerti crent§ according to the.e new = [err]

(Eq. 14) 25 me arti] namedy mmrgnweﬂm-drc#iabt%? obtaining
adj ust ment.. EJ §£’t°'~§!9£lxﬂ€:tl‘:'lo‘ia‘<"e f@%ﬂ@fm&é Qf Ul AR dﬁ@r&hﬁng

solution to PR 12 known i n the auto equalzer fiel
non- r ecur si ve"%tﬂ]et Mees. S‘Bh‘ér@i FEHAT (S?fnliin-'Lf‘rae 5, S IRAMRT EFREELY
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coefficients, whereas the present recursive structure
requires only five (5) coefficients, and thus reduces

circuit complexity and the amount of hardvare.

In the block diagram of Figure 5, showing the
15 recursive egualizer operation, the following equations

apply:- | |
P (2) = A(Z) 1 -‘—z—l | (Eq. 15)
° piz 1) o
x z71
P,(2) = A(2) —=—3 ' (Eq. 16)
- D(z ~)
. A ,. |
P,(2) =27 P, (2) (Eg. 17)
, oK (Eq. 18)
20 P,(2) = P (2) | . Eq.
-3 Dz 1) ©
| o |
P, (2) = zl P4(2) | (Eq. 19)
0(2) = KOPO(Z) (Eq. 20)

E(Z) = 0(2)-R(Z) (Bq. 21)



-17- - 17 - -equalizer structure. This circuit provides the P terns mhicwifgg;/

‘take Pnta ageount ‘the interaction of the coefficients [err], which

her et 0f ore has been considered one of the limting factors in recursive
equalizer 5 structures. This may be one of the reasons that non-
recursive equal izer structures have prevgiled in the prior art, nanely the
i nphérent sinplicity of obtaining.the paﬂaial functions for the auto
‘eéﬁalizers operating on the Mean Square Error Criteria.- Such nonrecursive
10 structure of the prior art, requires 30-60 conpl ex coeffi.ci ents, whereas

the present resursive structure requjres only five (5)-coefficignts,,.and
thus reduces circuit SR kiStESehd @unt Ibf(‘ﬂér dware. In &1%' b?%)ck

di agram of Figure 5, shoving the 15+ recursive equalizer operation, the
foll owi ng equations apply:--[err] . (Eq. 15) -1 [err]
lerr] : (Eg. 16) [err]

(Eg. 17) 20 K new [eiR old - cknewA (Eq.. 18) [err] ({Bg. 23)
(Eq. 19) [err] (Eg. 20) 0 0 Z(2) 0(2)-R(2)
(Eq. 21) Cknew = slice [err] (Eq, 22) [err]

(Eq. 23) Using Dsdew dhess emuations iltenatived i fihe & fildendi¥é cients
.are continual |y dedaied ént <A e Monti®ifally updated to a point where

5 the C,'s are negligible compared to some values gk's:

s

C, &8y . (Eq. 24)

The values for Sk are dependent upon noise and other
factors and are predetermined empirically. When the
criteria of Equation 24 is met, the egqualizer has
10 completed its task and can be reassigned to another line.
The values obtained for the Kk's are loaded into
< _ - the H filter. Where Yx=0,-the F filter transfer
characteristic is simply 1/2, and there is an absolute
delay corresponding to the round trip sampling delays
15 through the digital filters, Z-L in sampled data noiation.
Where Yx#o, the equalization process vields;

-1 ;
NEZ ) g =y (2) + ¥ (2) (Eq. 25)
D(Z-l) o} L X q
AR &

To obtain the required value for gH, the known
quantity Yx; multiplied by two must be subtracted:

Ks - ‘
| Nz . :
20 FgH(Z). = pg71) K, =2Y (3). = ¥; (2) - Y (2) (EqQ. 26)

In this case, the number of partial functions Pk must
be increased to accommodate third order polynomials for



t he Ck s are negligible conpared to sone values [err] - x
3\ 24) The values for [err] are dependent upon noi se and other factors
' ﬁb are predetermined enpirically. Wen the criteria of Equation 24 is
,] the equalizer has 10 conpleted its task and, can be reassigned to
apnorhier |ine. The val ues obtai ned f9r1§h§ [err] are loaded into the H
fllf%g Were Y [err]Jthe F filter transfer characteristic is sinply 1/2,
and there is an absolute delay corresponding to the round trip sanpling -

Sl(el[ ?r/f] lt5he egggg-n t??‘& ocgs§°|yt‘§r iozﬁe? @a’@e % Ef)('%éngt bl Fgrr}/\h_erge

obt ?I B t heb[ epolyndmiallue:yfpt! aginii tittander o C?Ly‘i(ﬂ) & y['nhe]lrlufiilﬁgreﬂ7ny t}[/vﬁ
mus e subtr r . err n is case e
nunber of par?ﬁaﬁ f OneT sgﬁéﬁ%ﬁoannbﬁfom%%Teased to accommodate third

order polynom als for - 19 - [err] and D [err] so as to accompdate a
first order polynomal type admttance for [err] The F filter 272, under

t hese conditions, beco , (Eq &) [err] 5 This value for the F filter 272
may be conputed fr&m= geal_Izapd on results obtained from ddEgrni2diIng
[err] and the known vaﬁﬂglof‘ﬁiirr] Al ternatively, the equalizer may be
used to determ ne the val ue of directly. This- operation is acconplished

10 as foll ows:
- S This value for the F filter 272 may be
computed from the equalization results obtained
from determining gH and the known value of Yx'
Alternatively, the egualizer may be used to determine
the value of F directly. This cperation is accomplished
10 as follows: '

The coefficients for the H_filter 116 are loaced,
the switch 106 in the feedback path 112 of Figure 2 is
closed by a switch control signal from MULDIS 157; the
F filter 272 path switch 102 is opened, and the equalizer

15 130 process is run. This sequence of operation will

yield:
N(z™1) 2y | | |
===~ kK, =L _ : (Eg. 28)
D(Z ) YL-Yx .
and thus:
D(z 2 1
u(z ) xb
20 This provides coefficients for a recursive filter

of the same type as the H filter ils, havmng third
crder polynominzls fox N(Z™ \ and n(z ), for a Y of



‘The coefficients-for the-Hfilter 116 are | oaded, the switch 106 in the
.-feedback p?‘t-h 112 “of - Fi gure 2 is closed by a svmtch control signal from K¢ _
MULDPS 157\ the F filter 272 path switch 102 is opened, and the equalizer
15 130 process is run. .This sequence of operation will yield: [err]
(Eq 28) and thus:- [err] Eq. 29) [err] 20 Thi s provi des

efficients for a recursive filter of i h&0same type as the Hfilter 116
.h ing third order polynominals for N(Z 1) and D [err], for a [err] of

the first order polynom al tn{) Actual circuit inplenmentation of the H
and F filters carfhge ql%lmimﬂﬁgﬂst%-of Aataadk ikl ques.

Figure 6 shows gqa@;@meaﬁwamﬁua el 10 £11 @ 208 s RiQseERiNg N

[err] and D(Z %I ynom al s havi n%rders of k/2 according to equation 30.
[err] ed using-§tak@ofsdts B e AU MESr are stored in
'sem conduct or RAM e MYy udie) Fiskils Rfeh eSO W arfid ks 1 ¥ramh 610 302

-and recircul atd n t 04 and 30 c-njltate f i ng .and st ng of
i nformati on. ts g@? %C’? r% Te H5ORE Pi\&out) -QISI r%?@’ ag‘&
. 300- 306 are fed havanguldndﬁnseldfsumzaracudmng &Q:Bequaﬁlmnrtmu es the
Tequired output [err] on line 310 by.sequentially 15 nultiplying and

:accunul ating the results according to. Equatlon 31. [err] 2 2

(E 31 err :

(Fq. 31) Lerr] vy o [emzlex a2k ,27R/2]

o Er = (Eq. 30)

[1+1< L z"1 ...xkz'k/z_]

Coefficients and daté are stored in semiconductor
RAM memory organized into "push down" stacks 300 and
10 302 and recirculating stacks 304 and 306 to facilitate
fetching and storing of information. At each éample
time T, data outputs éf RAM. memory stacks 300-306 are
fed to a multiplier/summer circuit 308 which computes
the required output Y, on line 310 by sequentially
15 multiplying and accumulating the results according to
. Equation 31.

L
]

o [X +KX _ +K.X_ ... _xn_ x ]

(Eg. 31)

*

S T A TOIL PORR % A
2 2 2

_ .. The first term computed is KQXh'wiéh the switches

20 S, at 312 and S, at 314 in position 1. S, is then
placed in position 3 and.the x terms are computed,
After that operation, Sl and's2 are placed in positiocn .
2 and the y terms are computed. Thus k+1 multiply/add
operations are invoived. This can be'accomplished

25 easily within the'samplihg period, sharing the same



AL e

e first termconputed ¥s KX with the switches [err] 20 Sl at 312 and S
314 inosition 1. Sl is then placed in position 3 and the x terns are
hut ed. ‘After that operation, S and S are placed in position [err] 2
and the y terms are conputed. Thus k+1 nultiply/add operations are

I nvol ved. This can be acconpli shed 25 2¢asi | y within the sanpl i ng peri od,
sharing the sane -21 - nenory and multiplier 308 and accumul ator 316 for
both the Hand F filters. Thus for Hand F filters having (six
coefficients) *&énoéftaﬁ&%hi 1Mt3®éyéﬁddae@@maiaea§ 816 E8yobyed,

al  owi ng approxi nat € y oneoé%% m cr osecond for each eration, -and a

sanpling peri odchre H and § eReFids Taws pEoR R odRB dit EﬁltﬂF hBRVEPHer
pol ynomi al s may(dex Wah f ﬁ@g?yxadpll fng\;f)eéféj'a![ eiusrmtntibﬁyfbiad&hnet i E:hand
menory operations. er forms, o rsi ilters are,po e
10 111t o ot uARRTAAORS e vl VetnmaLiom bag A BREr EARRERAS) Shentli ons
of the equall zauictossdond £ daaaclueahctheﬁlpeﬁapi@ﬁerand anbarmlplbng uses -

I - conduct or. t | d ty ol rma di gital
sen - ¢ p NP m AL TS S AL AR S00100! 2L 0Blfohge LRI M 2 di g

si gnal proceSS| rlnC|p es 0
equations. FurHighemrerder tmmpmmlm s!qgaaec@nmdateﬂ/l EYEasidangor i thm

has been shown ﬁéfﬁﬁéﬁﬁ%é@:%& "afBOhLLP, ofbREL1BhEQr I+ this

may be used to ermne the coefficlents o ters
i nstance, the AHAY tiormRRFf i Repo9ive sSELLkens 13ER E%?%?Hﬁv ngRGaths of

Ck over a peyi Cﬂii.]ﬂfeﬁ stricturd SANPLigsregsialst exdiplafackniyte the Ck's

are conputed, the C(VJ fié:t;senls i(kmesngégio datgd ever

the e&ugiizer structure
can be realized. A preferred embodiment uses semi-
conductor RAM's, arithmetic unit and control logic to
form a digital-signal‘proceésing structure to implement
15 the principles of the equations. Furthermore, although
" the mean square erron-(M.S.E.)"aigorithm has been shown
as the basis for the equalizer operation, other algori-
thms may be used to determine the coefficients of the
~ H and F filters. For instance, the algorithm described
20 is based upon determining values of Ck'OVEr a périod of
a number of samples equal to NT. Each time the Ck's
are computed, the coefficients Kk's are updated every N
samples, thus
™ p, (nTIE (aT)
Cx (mNT) = slice . (Eq. 32)
. » : n = (m-1}x3T+1

-

25 and the new value of the coefficients are computed
based on the gradient vector components C, of
Equation 33%

k

[}

K (m) =X (m~1) - Ck(m) : (Eq. 33)



sanpl ess thus [err] Ck (nNk) = slice _ (Eq. 32) .
{err] 25 .apd,the new value of t'he cbefficients are conputed based on the v~
gradi ent ve&tor conponents C of k Equation 33; [err] .

(Eq 33) By sinplifying the conmputation of [err] by approximating; [err]

(Eq. 34) the coefficients Kk nmay be updat at every sanple tine T,

allowing-for a nore rapid convergence t-o e 5 final values and reducing

t h&*anount of hardware needed. This algorithmis a.sinplification which
approxi mat es m ni mum neans square error performance in a recursive filter

and i s advant ageoBg, spaplifyiagl yheheompeatpitdsins oifs Con biyasippranieragsioge; and
reduced 10 hardware. The digital filters used to develop the parti al

outputs [err] nmay be inplenmented in |ike manner as for the F-and Hfilters.
Figure 9 is a block diagramof a specific enbodi- 15-nent of the equali zer

159. A tine shared ari phnpikic_l Qgi Ni (hyepy AL 0 ggipfyOr N6 sequegid alag
arithnetic and | ogic osbgg?Ponsgghﬁigké%ggtig%iggbfgg Rn t he equal 1 zer )
menory 502 under the control of control |ogic signals fromcontrol |ogic
204 and whi ch si ggRbSc4@rales ghesNkONmMAGHY LpdaRedC At ledlerly0 @apld 0ck

'506. The clock 506, freqguency is, inXturn, synchrqni zed with the dat
“sanpling clock si GHBE, anﬁixgwénﬁuEPFplaemPﬁér §8’Pc’)'g FW@#&@&%E&&%M

frenories 508 aBd Bifial values and reducing the amount of hardware.
' needed. This algorithm is a simplification which
approximates minimum means square error-performance
in a recursive filter and is advantageous, particularly
where emphasis is on fast convergence and reduced
10 hardware.
The digital filters used to develop the partial
outputs Pk may be implemented in like manner as for
the F and H filters. ™ _ ’
_ _ Figufe 9 is a block diagram of a specific embodi-
15 ment of the equalizer 159. A time shared arithmetic
‘logic unit (ALU) 500 performs seqﬁential arithmetic
and logic operations on information stored in the
equalizer memory 502 under the control of control
logic signals'from control logic 504 and which signals
20 are synchronized with the control logic.clock 506.
The clock 506 frequency is, in turn, synchronized with
the data sampling clock signal, and is a multinle
thereof. First and second RAM memories 508 and 510,
which gbgether comprise the equalizer memory 502, are
25 controlled by a sgrieé of control words, each of which
also controls the operation of the arithmetic loéic
wnit 500,
' External control words on line 512 are shifted by
shift register 514 to control gates 514A to provide
30 control words on line 516, under the control of loyic
' 504. Constants may be loaded into memory 502 under
external control, the memory contents may be examined



3. "together conpri se<t he equal,i zer menory 502, are 25 controll.ed by a
grigs ‘of {control words, each of 'which also controls the operation of thg

ar metic¢-logic unit 500. External control words on line 512 are shifted ‘
by shift register 514 to control gates 514A to provide 30 control, words on

| ine 516, under ‘the control of |ogic Constants may be | oaded into .
menory 502 under external control, the menory contents nmay be exami ned - o
externally and the equalization process nay be initiated externally. A w

| ogi ¢ signal output S oyvd ded when_e I zat | i oppl ete. Figure 10
i |l ustrates tfﬁ?é#iﬁ#%g%1$égl%ﬁet?ﬁ?%f$??g¥g%9%§é$8€68§aghggh conpri ses

f our push- downirsttaikised 28kt &2l E5P4 ahdlegie osighathouhput uBCt L8nal details
of stack 520 : C %f%z tion in |ike manner, as
does nenory staéalg%é%g%w ‘I‘:lagblﬁ é&"‘s - oa\i\ggén%an‘ggyé@iégggéo - 526 functions so
that 10 each new i riptguneriP ohl hesbrytes stikesorganizatiegoofephaces the .
l'ast previ ayis sk i feridiSy SEEEK RNk NeompBis BT Fohp HHShSE8GK 1S out putted

fromthe stack. This Is a f In - last _out (FILO operation, Each data

t
| ocation in ea%tfﬁ‘é]f%&zcéarﬁéé's PR*bAng §%€eé%€d“’11"5°2‘01: FeQH’F“’tﬁBBF“gt er
stack 520 st orgseatigisof\§9acld(520 ))are Sheek, 528tatrse52P9 604, aRa(n-1). . .,

stack 524 stor Pl(nm,.Pl(Nn..J),..._Stack 526 .stores . P3(n P3(Rpsk) . ..
Decoder 532 dei%%eéséﬁf%@%rﬁrf oﬁ%r%n%ﬁrf i 2 %?.%s ??‘8?&'%%8?_50{%&2‘5-
i ndi vi dual corBacli wigshralown ond@foxiacstatkhck20 The526t funhcbionachor éhdt
operati on 4 ' {ﬁg@ﬁ [ @éé hC u kSaan i nput to
the Arit h'rrle§ti ?%’Siqéé‘ﬂm %m;%&g%trlgﬁi |¥I€§€r a %sg'?ﬁeigir%aﬁlggat I on of
t he replaces the last previous word in the stack and the

last word in the stack is outputtgd from the stack.

This is a first in - last out (FILO) operation. Each

data location in each’ stack can be directly accessed

15 or read. Register stack 520 stores words A(n),
A{n-l1)... stack 522 stores Po(n), Po{n~l)..., stack 524
stores Pl(n), Pl(n-l)..., stack 526 stores P3{(n)},
P3(n-1)... . Decodeé 532 decodes the control words on
line 516, from which the individual control signals to

20 each stack. The ocutput of each read cperation is
stored in memory register 534, and which output is an
input to the Arithmetic Logic Unit SOO;

Figure 11 illustrates the organization of the
second memory 510, which includes memory secticns 540,

25 542, 544 and 546. Memory section 540 stores constants
Kk' including Ko to K43' Memory section 542 stores
data wérds SX, including S° to S4.
stores data words R{(n) from reference generator 161,
which are shifted in via shift register 548. Memory

30 section 546 stores E(n).' All inputs to all
memory sections may go sepaxately into memory or be
read out by appropriate control words which ‘are
decoded by decoder 550. Any addressed data word in

Memory section 544

any of memory sections 540 -~ 546 causes the addressed
35 word to be coupled to memory register 552 via gating



Second nenory 510, which iacludes nenory sectlons 540, 25 542, 544 and
_546 Mepory section 540 stores ‘constants [err] including [err] Menory
s$ectton 542 stbres data wdrds SX, including [err]to [err] Menory-sectio
544 stores data words R(n) fromreference generator 161, which are shifted
in via shift register 548. Menory 30 section 546 stores E(n), Al inputs to
all renmory sections nay go separately intQ mory or be read out by
appropriate control words.which are decoded by decoder 550. °Any addressed
data word in any of nenory sections 540 - 546 causes the addressed 35 word
to be coupled to begbey554gi sHemobp2sectignt Bag is bnghni5éd.aswhnnry

data word R(ny, FOSShEESE nEnBHT (SERYE GRARGY ARG (pERER] AaBRYwRER Mot ¢
Logic Unit 500 haB({nhs Ripulk.thR({metd) cam Beodipectlpfaddyesseds 53heand
552 fr0"1”E”Dr'eﬁAéﬁéhﬂQQiﬁlﬂc £85&E££' §6yha§he ﬁLkh§&££°£HEréE§é the

arithmetic progessing on these’in Céssin resul ts
are -placed in $ts°%§%%%%l%fd?egsﬁgeqﬁe§%4r%é@l5%2aﬁéomh@ﬁm@§aﬁﬁe§°§uﬁnﬁor

storage in nenorysiy, 1ﬁe§§é&£@+eipgl 01'1594A1.ifh§e9£éyﬁé 8tst hpekhRetid | 0giC
oper ati ons perforned gélng 500 mnll £§m1 be su ri zed. Function

-Operation Ml tiplBFOC PBES; 2ftepWhECh ProcRESingry/ Add
fg(ERl)] RIC) [CRZ)] &G:l(é\(ﬂ)sultsrm}e ﬁfﬁ&@tiﬁdﬂts accumulator 556. These

err err cren
( MR) +[ er ] LSE- [ e]% r##\% ‘%A&%’E‘ &bprea’s Cctcf W) %’F??Esﬁn Tegpry by
Conpl enent Ad@ contydl slegiaCiD46 20 i f Neg - 2 - C(ACO)

ACC ' The actual arithmetic and logic operations
performed by ALU 500 will now be summarized.

Function | Operation

| . Multiply ~ C{R1).C(R2) —pACC
15 Multiply/Add ¢ C(R1).C (R2)+C(ACC) —> ACC
Subt/ada _ C(&R1)4C(£R2)+C (ACC) —3 ACC
; Increment  c(M2)+]LSB —> M2
Decrement C(M2)- ’LSB —> M2
Complement ACC, If sign ACC is —
20 if Neg 2N-c(acc) —» ace

Zero ACC "0" Value—3> ACC
Initialize Set up to begin.

equalization process
To implement the multiply function, the contents
of memory registers 534 and 552 are multiplied and
25 stored jn accumnlaébr.SSG.
' To‘implemént the multiply/add function, the
_ contents of memory registers 534 and 552 are multiplied,
and the result is added to the contents of accumulatox
o 556. IR T
; . 30 ‘To implement the subtract/add function, ‘the
contents of either or both registers 534 and 552, with
appropriate sign changes under control of a field code,
wre added to the contents of accurmlator 556,



; Xpop ACC "O" Value--> ACC Initialize ' Set up to begin
. “egyal i 2ation process To inplement the multiply function, the contents ot s
" nenory registers 534 and 552 are multiplied and 25 stored in accumul at or

556. To inplenent.the multiply/add fungtion, the contents of nenory

regi sters 534 arid 552 are nultiplied, the result is added to the
contents of accunul ator 556. 30 To inpl ement the subtract/add L
function, the contents of either or both registers 534 and 552, with -

appropriate sign chagggs maﬁl%tcenér th?éménft' Bpdraeden ake tadded to the
contents of acgunul at or g ' Fgg ement the |nc%§nent Qperatlon or the
£h

decr ement oper%??%ﬁmePﬁe°ESﬁ?EﬁP§f EOBEPRESUPEr tREMBAT tRE™M R on i s
i ncr enent ed Orm&ﬁﬁfff@d?&&ﬂibﬁ ibelﬁcgamehtéaeoacauwbmbwceat iF6@hies

respectively ne ativ 05|t o] rdln to.the.field 249485 To
i npl enent the gngﬂ #§£8F ? ﬁgéagfvge PeREVSHY i8S sﬁgn of
the content$ oértpesﬂttueulalso ascohdiggdtoothesifiield wede.it i s negative.

To inplenent the " a%ﬁﬁfgqgkgtg efue§h?zngBQeaéP|zeE?Eb% &%Iue zero IS

stored in the accunu e 1rniti unction, which
al l ows for ext%@%@tiveﬁdfﬁgcbioe®nSbanﬁsgnfOﬁntbﬁtépﬁéﬁnﬁﬁl of &% rol

signal is preS@@Gum&b&téfCHE“&H&H&eHStS|ﬁééﬁ@i@&dwﬁéﬁuﬁ%|Qhohéaaﬁﬁbéﬂ 562
are reset. .15 The control rd structure fromg Qtrol | ogi ¢ 504,

which is inputted vFQ imﬂéeﬁﬁﬁttBhﬁeHE?FesaSQEmHﬁGtSSZ upciony thg
exanpl e, ofoa fumetidev@lyeMetbels, s@orelli inmeher weihidufiadlot.and a 5-bit

ALU 500 Tiel d. anﬂo implement the initialize function, which allows
for external loading of constants if an external write
control signal is present, the accumulator is cleared
and accumulator flags ‘at 562 are reset.

15 'The control word structure from control logic 504,
which is inputted via.line 514 to memories 534 and 552
. consists, for example, of a 6-bit memory Ml field, a
. 7-bit memory M-2 field and a 5-bit ALU 500 field. Each
controli word is Ehcn 18-bits. The foregoing is shown

20 below.

Memory M1 M Push Address Select  Subtotal
Field [1] 2 | 1 | 2 '} ebits
Memory M2 M2, Read/Weite  Address _ Select Subtotal
Field | 1 | 3 | 2 | 7bits
ALU 500 7 Operation - Subtotal
Field [ 5 | 5-bits
. Memory Ml Instruc~ NEmmq'MZIDBtmmr- ALU Instruc-

Control  tion Field tion Field - tion Field , Total
word 6 ‘ 7 | s | 18-its
25 Referring now to Figure 12, a flow chart of the

equalizer operation is illustrated. The sequence is as

follows:



control word s then 18-bitss. The foregoing is shown 20 bel ow. Menor

M, Push ™~ Addfess Sel ect -Subtptal Field 2

1 . * 16-bits Menory M2 M2  Read/Wte Addr ess Sel ect Subt ot al
Field i1 1 | 3 2 7-bits ALU 500 -
Oper ati on ' Subtotal Field | 5

5-bits Menory M 1nstruc annry M2 | nshrict ALU I nstruc- Control tion
Fi etd tion Field _ tion Field otal Wor d: 1 6

7 ' .5 | 8-bits 25 Referring nowto Figure.12, a flow
chart of the equalizer operation is illustrated. The seguence is as

fol | ows: Step 1 InitializatBbtepFlontantérléenstiontart signal on line

570, an Equali zati on Canphete (EEELag) 530010201 B8 §Ael 76658 and

menory | ocati ons, accunu at or glsters aré cl'eared. If
an External WiteEquahikatiopr Eompiets Kﬁﬁerag) shENadneroll inggSd 2545

al | ows the 'n't'afeLS{:anénﬂe.‘%l\;? chQ‘Eibﬂ@deﬂcE&nﬁia%kySS'Saaihl ft
regi ster 576. \When no Externa ite sig is present, _internal U% stored

val ues of [er?] HﬁHaSeFeFP?iEGeEFeaEGpﬁPFéHeéra EEnBPoEXEETPals Lt op 2
Conput e Po( n) Thesyghazslé(piesé&a)oarmiﬁbtannedtﬁétebﬁakby abgﬁhessanpllng

f T. R d sh th 20
S5, respest | vel yalagua( Ke} 1aNELR "I 157 B B BrE K dPg re petat i
and nenory 2 regiviarsbbft regpstervélg. TWhen ppoButernslcimpdiecs iigpatihe

ALU 500 and hel d %E bPSséﬁEE”Eh@E9£a§§9-s§B¥Ehabhiueé(BfﬁkkdsKahﬁ ishay
eonputed and adde o : k
' 10 are supplied via control logic 504.

Step 2 Compute Po(n)

The values A(n), R(n) are obtained externally at
the sampling time nT. R(n) and A(n) are-pushed_into
their fespective memories 520 and 548, respectively,

15 A(n-2) and K2 are fetphed into memory 1 register 534
. and memory 2 register 552, respectively. Their produét
) is computéd by the ALU 500 and held in the accumulator
556. Similarly, A(n-1) . Kl is then computed and added
_ to the contents of the accumulator 556. Similarly,
20 A(n) is then added to the contents of the accumulator.

The product terms associated with the feedback Po terms
are subtracted from the accumulator according to the
equation: '

new Po(n) = A(n) + K;A(n-1)+K,A(n-2) - K,Po(n) - X,Po(n-1:

3
25 - . C ‘ - (Egq. 35)
This operation corresponds to the EiE—IL function

. D(z ™)

shown in Fiéuré 5. The result Po{n) is pushed into the
Po memory 522.



. <Z%i§2% contents of the accumulator 556. Similarly, 20 A(n) is then added to
"~ (the dontents of the accunulator. The product terns associated with the =
' e ack‘Po ternms are subtracted fromthe accunul ator according to the

- equation: new Po(n) A (n) + [err] 25 .

(Eq. 35) This operation corresponds tog_‘lje [err] function shown in Figure
5. The result Po(n) is pushed i-nto the."Po henory 522. Step. 3 Conpute -
P.[err] The Pl[err](n) termcorresponding to the eutput of 'the [err] L
filter illustrated in Figure 5 is_conputed in Berr] si m.l ar .manner
according to: new P [err](n)SkePkdpofRMpPRte Py > [err] (Eg. 36) 5
the.result is pushed on the P3WENDIYy Stack 526. oStep 4 Conpute P (n)

. Similarly, P (n) i STﬁﬁﬁPgt(ﬁN gegmpusikedspontiagP toe thiey ositapalt adcdthdi ng t o:
7 [err] new P [err] (n) = [err]. 10 "which corresponds to the
filter function of -1[err] D (z illustrated in Figure 5. Step 5 Conpute
E(n) The error s fedtpnt élllastortiedg ino Fighre= SPden ckmputiedn-in a
(Eg. 38) 15 EPnXziS)saved, i.e. it is stored in its prescribed |ocation.
This operation corresponds to the summng node function illustrated in
Figure 5. similar manner accogding to:

new P3(nf = -KoPo (n-1) -P3(n) Ky - P.(n-1) K, (Eq. 36)

5 the result is pushed on the P, memory stack 526.

Step 4 Compute.Pl(n)

Similarly, Pl(n) is computed and pushed_on the P,
memory stack according to: ’

. ~ new P, (n) = KoA(n-1).- P, (n) . K

37 P07 - Xy mgl 37)
' Xo z"'1
10 which corresponds to the filter function of 7
: D (z ™)
illustrated in Figure 5.
Step 5 Compute E(n)
" The erro?_term is computed according to:
‘E(f) = Po(n)Ko + R(n-1) - (Eq. 38)

15 E(n) is saved, i.e. it is stored in its prescribed
location. This operation corresponds to the summing
node function illustrated in Figure 5.



Steps 6*& 7 Conpute Ck's, Updating Kks The [err] are conputed based on t
si;npl i¥ied k~approach descrl bed previously. The operation invol ves
increifenting -or decrementing [err] based on the sign of 5 the gradient
-vector termferr] i.e. increnent [err]lf sign negative {err](n) Pk( n)
E(n) ' : ( Eq. ) decrement Kk if sign
positive Steps 8, 9 and 10 Testl ng for -Equ I zati on Conpl ete The absol ute
valtie of (Jerr] is conputed by changing the sign of .Clerr] if it is

negative. The corresponding 10 val ue of is subtracted framthe absolute
value of Cferr] If th@&tepsul& § [¥{ [Gommhen@ktsor Undakisia iKe's the Test

Flag is set = 1. If it is negative, the Test Flag Flip-Fl op renains
unchanged, i.e., [err]Th3+QﬂEB'FESunmﬁyqeﬁzbaS§§ on the simplified . NO
CHANGE TO TF Thi s agtiddch raeasfcquw e By 19/ 2dinend dﬁéﬁéﬁiéxﬁh@%i@éé]
i..e., (Jerr] thro C4 At the end of this procedur the Test Flag_ is
exanm ned. If the sfenfing ox deagramenting hatt ar?c?‘%‘{‘brtr"]e YR é%(%eeded
t he correspondisng the dealdiend veditdr e Qﬁ%alﬂ,zea_t; on is conplete.

However, if the Test Flag = 1, indicating that one or nore val ues of | Ckl
exceeded its correspondi ng val ue of [imordemdrteR.edifaldizat irpsyatsi vt

conpl ete and the &ycing Uy, (g Efdat ed. The céhtrol |ogic 504 wil(Eget38h
to Step 2 25 to await the next sanpldevyegiegtalKatif igmipgrsddiiod T units.
‘\Wen Test Flag = O[err] the Equalization Conplete (EC) Signal is outputted
for external recognition, and the procedure term nates allomnng t he
external systemt o2& " = . Ziuia.

.30 external use. The ua ma lso b >re SSI ned at
: T % bso?.ute Xra%.ue o a, mputed by changinfr

the sign of Ck if it is negatlve. The corresponding

10 value of sk is subtracted from the absolute value of
Ck. If the result in the accunmulator is positive, the
Test Flag is set = l.“ If it is negative, the Test Flag
Flip-Flop remains unchanged, i.e.,

! ckl ~ §, = + SET TEST FLAG (TF)

15 = NO CHANGE TO TF

This step is performed for each gradient vector term Ck’
i.e., C, through C4. At the end of this procedure, the
Test Flag is examined. If the Test Flag is = O,
indicating that no Ck term exceeded the corresponding

20 value.of-sk, then.equalization is complete. However,
if the Test Flag = 1, -indicating that one or more values
of ‘ckl exceeded its corresponding value of Sy then
equalization is not complete and the cycle must be
repeated. The control logic 504 will return to Step 2

25 to await the next sampling signal' at the interval of

T units. When Test Flag 0, the Equalization Conpleee

OV LA es Wt e E h e daerk e sy

(EC) Signal is outputted for external recognition, and

the procedure terminates allowing the external sys‘tem

to read the values of K, through K4 from the memory Zor
30 external use. The Equalizer may also be reassigned at



oint to sone other line. -Fromthe viewpoint of execution tines, the

i zer #7myst conplete Steps 2 to 9 in a tinme less than or ‘equal to tha
pling ti-me T. For a sanpling 5 tinme T corresponding to present _
state-of -the-art sanpling of speech tglLephony signals, 125 m croseconds is
adequat e, corresponding to a sanpling equency of 4 Kh Based on a maxi num
of' 50 - control word executions 10 corresponding to Step 2:to Step 9, .
each. control word nust be executed in approximately two m croseconds. Thusw
for, a worst cagRigopbiat wer domensitherngime.fetching two words from nenory
508 and nenory 510, nultiplying th t gget her adding t to the ACC,

15 ‘the perfornanceFFgﬂuﬁggngﬁg§P8§gEb8%a§§F§H§ggg%qﬁ%?%dwgﬁﬂ%hnDry Access
.5 m crosecondEqivalizpkymust completg. Stepsr @sécofddnAdd time less

.5 m crosecondg, Tt LG QSecomds Lh i gni.fJ4 cance

of these requi?gggngg gﬁga%afgngF Fegg%?gg-?gﬁgeggstggrt}aﬁgggggJ%%d
arithneti c BpetimeoiscoFrespengingatpt present wirate-oftritde-agtt he t el ephony
requirenents, &Qﬁéﬁiﬂ&{%gr%ggééhrﬁﬁiggﬁggpt§i%hﬁl§tt§Q%'m@@ﬁéééadﬂa%aY'S

LSI technol ogy, using ual 1zer 25 ructure described herein. Present
st at e- of - t he- at® sfeduRteshePrrgeRendinguitpode SATRLIRINSHESUSTGY Ofe 8- to
16-bit varietygwrnl g not be able to neet the above perfornmance requirenents

dobei bea or the nopRRRcHe! RRREURR. PR 0" BErRRHT, oRR AR !

3+t t ai n
‘'t hese perfb@necceresgondéngnte. Step 2 to Step 9, each .control word

must be executed in approximately two microseconds.
Thus, for a worst case control word consisting of
fetching two words from memory 508 and memory 510,
multiplying them togeéhef and adding them to the ACC,

15 the performance requirements can be assigned as follows:

L4

Memory Access - .5 microseconds
’ Multiply 1.0 microseconds
add _+5 microseconds
Total ) 2.0 microseconds

20 The significance of these requirements are parallel
| register-to-register transfers and arithmetic operations.'
For 13-bit arithmetic, which satisfies the telephdny
requirements, these performance requirements are attain-
able in today's LSI technology, using the Equalizer
25 structure described herein. 3
Present state-of-the-art off-the~shelf general
. purpose microcomputers of the 8~ to l6-bit variety
would not be able to meet the aboye performance
requirements using standard programming techniques.
N 30 The novel features heretofor described of the hereéin
disclosed equalizer structure enable it to attain these
performance requirements.

A bxriei recapitulation of said novel equalizer



A brief recapit
akia; (1) .wlt

Speci'al menory organization facilitating the operations required (push-do

i pl e menories which can be addressed sinultaneously; (2)

ulati on of 'said nove} equalizer features includes, inter (}éé;
wn

5 stacks which are directly addressable); (3) Par- allel

mul tiply/add ar

ithmetic capability; (4) crocoded control words which

siq¥ltaneously control the nenori‘es aid *he arithnetic logic unit; (5)
irectly related to the specific 10 -~ operation required,

.Control words d
eg., MUILTIPLY/ Al
alternative enb

D%é Q§¥E§E uégg | EAREG ah NGREMENT, DECREMENT. An

ment ~of Ali"zer "herel h- before-described is

i mpl enent abl e utilizikY)a BEhéialepmﬁB§§ée§yBBl§hgﬁép Beoaddsssskesyi ng

speci al arithnetic 15s§ﬂd1ﬂ§ﬁ8&ﬁs@&°¢?§§'n9 eaRali heinbey- oAg&hE&ht&b&d
bl ock -di agr am of suchﬁgeneral ur ogﬁegrocessor is illus ted b% Fi gure

The circuits describe

Gi 45 B Lpgn FBReAPSBRE LPRS dFSARLF ofs (Pusp-FRa™

7.

adglglon OT tbe feﬁdbeeacnsdgheeﬁ aze Eﬁréﬁtdylaﬁﬂ?eeﬁdblbe Féand Bafi t er s
an y rep aC|ng t he al LTrer e t,ranscon-
_ductance anplifier, gigﬁg|ﬂP ﬁ¥9EF$c E%¥P§n§b§s BP%%%;QE $Iégpe LS

.chip. The F and
possible to inc

filter chip. Thus, thé E esent 1 nven
r

214 wire hybrld

| ower 30 costs of mm

H f|Inécsoaoéedlqphbroécwosﬂsewhibhesimu&haohomaﬂw it
lude 2a.hPgot @HQ EEE?&ES&S 98 @hgog%ﬁtﬁﬂékﬁﬁ ﬁegﬁe %&Q

I.on prior anal og

and dilBér e€entEPhi warﬂﬁgdénécs&waﬁelﬁseﬁemmt &ecddilcy

.themwith. thmprogranﬂféi‘étﬂbﬁl FabukPbagi byl | sudererLiyPdDD, wapmm\ﬁzs
"K

-i nproved performnce.
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E ﬁEGInsﬁékkﬂEh%T aﬁgRE%EQ&enance in addition

An alternative embodiment of the equalizer herein-
before described is implementable utilizing a general
purpose type signal piocessor having special arithmetic
and memory processing capabilities. A simplified block
diagram of such generdl purpose processor is illustrated
by Figure 7.

The circuits described are all implementable in
digital LSI. By the addition of the feedback and feed-
forward loops and the F and K filters and by réplacing
the standard decoder output amplifier with the transcon-
ductance amplifier, a complete line circuit is possible
on a single LSI chip. The F and H filters are simple
recursive filters, which make it possible to include
thé F and H filters on a codec and/or codec and filter
chip. Thus, the present invention eliminates the prior
art analog 2/4 wire hybrid and discrete terminating and
balancing networks replacing them with the programmable
digital LSI circuits_deScribed. This results in lower
costs of manufacture, installatiQn and maintenance, in
addition to improved performance. . .
Although non-recursive filtexs can be used for the

'H and F filters, their costs would exceed those of the

'35

recursive filters described. Similarly, a non-recursive

‘equalizer, based on known techniques, could have been

I n
to



P S TP,

~ough non-recursive filters can be used for the Hand F filters,
§ woul d exceed those ofthe recursive filters descri bed. Slnllarly

-\jecursive 35 equalizer, based on known techni ques, could nave been
used for either non-recursive or recursive F and Hfilters, "but would

be imferi or as aforedescribed. Conversion of the non-recursive filter
stroet ures provided by a non- recurm3/ “equal i zer could be used 5.to

Cct. 1972.

har dwar e t han

?.Qer%“,c Bulte G IH e %!éfﬁoxloas Sémé@éséﬂueet eat er

330 of Figur Sonvﬁrélimlealﬁhﬁ:étWW\ﬁ%%ea@-"-@%%rf%Fr%‘FBPFﬁ'@ Jerr]

coefficient Spr%tua%% w astxwd%éﬂi@éﬂe d1pzéPiéourd BéOukea storing
ums, 342-for storing ues of £?F£§ Hand Ski at 344 for
n

correl ator

storing ift eFﬁ’e&P&tV@rrteéﬂ ) :;gqgrs#ske(ﬂ}{uctugﬁk?

YR8 346 for

their

-convert to a recursive structure of the type described utilizing the ’
Fl et cher-Powel | al gorithm as described in Deczky,.SynthesPs f_Recursive
Digital Fil tussﬂ £BE either AGN-reRuxsive Q% ECURHive Bp. 257-263,

he aII-recurS|ve structure of the present invention. Menory

storing a Coabrs@rwéwfmiﬂix?g@%élweieﬁeﬁ-tpéﬁdlliaangbﬁiahﬁ:oadance with

-add ded b t.r.ol | tati hed
i hmet c URSBCFAPSEIGLIRERY | | SrRRRESIE SErRPSRrsLiePERIEAL: uo- (o

a 20

four wire Cowwmﬂéysf(ltﬁlﬂﬁaﬁhuﬂxua5¢gmaéetsa AeoeséoOVOIheAUeQen has a
unity gain and

converter 40?Pang’cg'£'d2§1gn ﬁ@?%l g| gﬁb gf;i‘%éegﬁég‘z‘i&%%?l ?%" g'lel(ll o

t al
t he

circuit ab HsyhytéhtﬁaltyIgrﬁatetlhkndwanaethan thet adfl-Fieguwrsil® i n t hat
line i npedancq:rucé:‘men%fa t Te Spresent anention.
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Memory 330 of Figure 7 includes allocated portions
at 336 for storing C, coefficients, at 338 for storing
Xk coefficients, at 340 for storing correlator sums,
at 342 for storing values of Dk and Sk, at 344 for
storing intermediate results A(n), P (n),...Pk(n_
and at 346 for storing a control program for ac.egsing
the stored data in accordance with addresses provided
by control logic 332. Computation is accomplished via
arithmetic unit 334.

Figure 8 illustrates a generalized digital two-tc-
four wire converter for full duplex signals on line 400.
The coder has a unity gain and includes analog-to-digital
prefilter 402, analog-to~digital converter 403 and
analog-to-digital postfilter 404 Operationally, the
circuit of Figure 8. functions in like manner to that of
Figure 3B in that line impedance matching occurs
similarly. The decoder loop, including digital-to-
analog converter 406 and associated prefilter 408 and
postfilter 410 converts digital transmit signals on
line 412 to analog signals on line 400. Transconductance
amplifier 414 provides an infinite output admittance:

Automatic equalizer system 130 provides updated filter

coefficients and control to B filter 416 and F filter
41&, with unwanted signal return in the receive signal



v

simlarly. The decoder 1l¢op, including digital-to- anal og converter 406 ang
. assocéatedqprefilter 408 and 30 postfilter 410 converts digital transmt ‘

; Si gral s on.line 412 to anal og signals on |ine 400. Transconductance

tanplifier 414 pr ovides an infinite output adm ttance. Automatic equali zer
system 130 provi des updated filter co icients and control to Hfilter 416

and F filter 35 418, with unwanted s?gjﬁaT return in the receive signal.

el nat ed at sunmi ng node '420. Coder f eedback and the transmt signal are

conbi ned at surgy fjg cfg@ﬁ f@ﬁ@'ba eddb &k é‘ﬁ@

inclusion in the ci rcurt are ned SW t ches 42 and 424,

respectively, L#?b%rt@m-’\-*zeﬁim R r‘?f-Pmbil'-'h%d rﬂﬂ- t5 PRleg /Rede r‘?%:ht or
(MULDI'S) 157 dess#n Qﬁsha@rﬁ@a&a/cwmrzefﬂm@ 418 Hge@s fonh Sim | thist r at ed

Shared by a pl (FHITIYE QLT (ST HIGA TOLRENTH CLOcHID 42he M.DYS 157
mﬁkes a deteSmrﬁlpeutnfemw o&demeeqwalnzéne mmwblp the equali zer.
The MULDI S 157 nmul tiQl exe roddt |
. circuits and distri l}meeémislhte{]ﬁ]ﬁ’&é’%/dz:o% bc‘llte Jf”bhﬁ}ﬁo #\nf"lé% %en%r:ﬁlll’%gr
" node control srmmlmwm&emwem W%tbrli@lb@ﬁmteé the line
circuit sel ect SHAGSY -g SOy ggf, tig( Y81 M er@;\%%m?rﬂs—ﬁl m;@e;r%t he
upl €

; digital reference ener at or are co I nes Vi a Ioglc

gating 600, whi®g® R %tﬁ‘h BY AR (P W?ﬁ e1ha1'=|]<”£%o
~ system at lwpi Qv.502n T s OREN QMU CES7 iraledt 4 %ﬁé‘fr@i@i‘tﬁ!ﬂh%f

[ Tustrated. T8 C°%%x§%3‘%€f§&??¢%ﬁ‘%ﬁ’%p' S R STREIRRR s TP ¢ ne
mai Nt enance syMULRES d5bupiled pletesiashd A (n) signals from the
plurality of line circuits and distributes the filter
coefficients, the switeh and filter mode control signals,
15 and the reference generator 161 output to the line
circuit selected under control of a maintenance system.
- . Signals from the digital reference generator 161,
R(n) are coupled to lines 1 to N via logic gating 600,
which ANDs R(n) with ADD 1...ADD N from the maintenance
20 system at logic 602. The appropriate address is shifted
through shift register 604, decoded by decoder 606 and
coupled to logic 600 as illustrated.
The clock and switch control/mode centrol signals
from the maintenance system are coupled to lines 1
25 through N through logic gating 608. These signals are
coupled to flip—flogs 610 and 612, the outputs of which
flip4flops are AND'ed with the appropriate ADD 1 through
ADD N signal from decoder 606.
_ The Aln) words from lines 1 through N are selected
30 at logic gating 614 and coupled to the equalizer as the
output of OR .gate 616. Each A(n) Enput from each of
lines 1 through N is AND'ed with signals ADD 1 through
ADD N from decoder 606 at the AND gates in logic 614.,
The filter coefficients to the F and H filters
35 for each of lines 1 through N, such as F filter 272




.\t r\ogghg,,h_l t hrough | ogi c gating-608. These signals ar e coupled to

I p-flops 610 and 612, the outputs of which flip-flops.are AND-ed withathe
approprj ate ADD 1 through ADD N signal from decoder 606. The A (n) words
fromlines 1 through N are selected 3Q at logic gating 614 and coupled to
t he equal i zer as the output of OR gat 16. Each A(n) input from each of
lines 1 through Nis AND ed with signals ADD i through ADD N from decoderl__-‘:".é
606 at the AND gates jn logic 614, , The fjlter coefficients to fhe F and
Piltars 35 ' Tomghdh SLAGRILS Of i dircibh Dot ¥idreccomntsd [
filter 116 of Ifinesn Gile Wduall iderN 1 etivo P wtbpr Dt é heiwgunl 62eN vbat he
appropriate line of Vi a ic.gati 618. The.filter coeffjclents are
AND ed at | ogi g'ogjfif W3 Ii%eél%D f‘q}%r%%grheﬁﬁﬁ\f%{%’h%rﬁsf?ﬁ%%"&%egoder 606
to select the adrrlestid 6l vAdflerther DOV ttthiough AL, N as ywaks df agmam of
~the major ingers |0 tg}%l%ﬁl- , the maintenance

| L ﬁﬁggaégj e%k:@%fﬁ%é“%ﬁ%L % naj% e

system the MJL and t I ne circul en'ance_ system 650 may
conprise a conventi Geflermintamewsdif Glowirhlds & Rorputdiagrrmief

associ ated mMenghe mbRRd |ﬂd§fﬁ&éj_g§&}kﬁe@({h€bﬂé)rﬂéﬁ$eéﬁgﬂ?éseqigEEfié??d
her ei nel sewher e rovi ded the reqm site timng and handshake™ bet ween_t he

; equal i zer, the MadME eRdnc & it R YL 3R ubhe inet FbrfeEBF S
 157. 157 " 34 ThE Aaiitchanddlisyistiim réS0mEw e 0ied | £ Eshdheboniddr

10 data source, such as a computer and its associated

memory. The illustrated data aind control signalé,
described here.inelsewhe_r,e,' provided the requisite
timing and handshake between the equalizer, the mainten-
. ance sYsteni and the line circuits via the MULDIS 157.
15
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- psovi &e signal equalization for tel ecomunication transmission on a full
dupl ex 5 transm ssion |line, conprising neans for conputimgan—output

representative of the partial derivatives of the rr_e si gnal
- Wth pEspect to a series of recursive filter coeffiE mr ﬂgﬁ%ponswe
* CORT Tl CInE

to sakd conputed output for adaptively changing sai

accordance with the value of the error beggwen sai-d digital input signal
and said referepce cause said series of recursive filter-coefficients to
rapidly converq&ﬂﬁ:a series of updated filter coefficients, nenory neans
for storing recursivelfi|AaligitdX imscutsivid autw&tﬂmbqumdzetefmal ue

representative !F%r fﬂﬁ 'i?k';'é ‘yﬂ,% gﬁﬁiﬁoﬂ@ %g_fe %'&lte?s ylgq_ate to

anot her, neans rans erT1ng sai | nto said
. Menory neans, candral referencerta@recidy mhﬁwmgm dognabl e

sai d. updated fi{dgs C&?muniéé’ﬁic;ﬂ Céf?&gmi&ﬂﬁ‘% & taal Yuphraasferred from

. said equalizer dire the coefficient 1nputs of one Or nore recursive

~digital fiPterst r%?ﬂﬁ%&‘?ﬂb‘-%a@‘!ﬁ $3 ’h%‘%ﬁ?eﬂ'ﬁ FP% SOFPUEIRT A& over a
o plurality of tr@ﬁeﬁuesr@présémumlwlm gl {10 derdvettivesl wf2khe tine

. mltiplexing a plural it i tal t _Si,gnals fro NtransmSS| n lines
o Sard means (BPARE Auiele ST RAGHEL pPUY O iotos @ REROS §

- selectively conpecurgivestilear oéosﬁ:bbignﬁech\éaﬂs arespoasive do saidne of

- N bei ng associ af, f [ r
~distributing sm%&en%gs%% %%%éﬂ%?%%h ix%e%agﬁgrﬁos‘eﬁg%égfn s
“menory nmedfls, akd Aeeprdancecvikkdthe tvalue PFiEhe igFRam Patween B@id
 selectively tfMiéﬁ&l“ﬁﬁ@t%%ﬁ@l'ﬁﬁ@awdﬁéﬁ&éﬂdé /o CRisld @aad s to N

3 recursive dlgltalr égtg SfecgfgaggSffiégfmtoeégicfgnts to rapidly
converge into a series of updated filter coefficients,
memory means for storing recursive filter coefficients

15 and intermediate value representative of coefficient
value changes from one coefficient update to another,
means for transferring said updated filter coefficients

. into said memory means, control means for accessing
said memory means to enable said_updated'filter

20 coefficients to be selectively transferred from said
equalizer directly to the coefficient inputs of one or
more recursive digital filters, multiplexing means for
time sharing said equalizer over a plurality of

. transmission lines, including meéns for selectively

25 time multipléxing a plurality of digital input signals
from N transmission lines to said means for computing in
time multiplexed sequence, means for selectively computing
N series of said updated filter coefficients, one of N
being associated with each of said transmission lines,

30 means for distributing said N series of said updated
filter coefficients to said memory means, and means
associated with said disﬁributing_means for selectivaly
transferring said N series of updated filter coefficients
to N recursive digital filters, each associated with one

mni m zing the variance between a digital input signal and a reference t@




35 - of said Ntransmission lines. 2. A recursive automatic equalizer as
aimed in claim1, wherein all of said recursiv |ter coefficients ]' o
¢rived by said automatic equalizer are 5 updateghggzﬁ_gaﬁﬁTTWQ‘rrme
recursive automatic equalizer as clainmed in claim 5"1"’1 erived
filter coefficients are five in nunber. 4. A recur ﬂ, muallzer
as Elaimed in 10 claim 1, wherein said conputing neans |ﬁcludes afl t hnet i ek

logic unit means and control |ogic neans for causing the output of said «
arithmetic logic unit to transfer fo 39ai7d menory neans. 5 A recursive

aut omat I Cc equs !s?gq_rddq\ﬁ tqlaigsﬁﬁ@gj_@nlimle@ m 4, wherein said rrermry means
conprises a sem conductor Nnenor, qursi Ve q utorratl

claimed in claim SEWh@r é’leﬁ“fgiié' %ﬂ'& gabal zSFqul %tlég'g‘g ?‘ﬁect ly
addr essabl e @idint Ay wierein saﬂdclaf fsaids recurgize diditeal signals and

conput at i onal ﬁﬁ%%e&r @eﬁﬁéwan@%o%&% IR gggﬁ 3 e%q. edirectly

addr essabl e 1% ccess nmenory sal stor coefficients
and di gi tsal sipgiaties eaal dlamplingohide.d control |ogic neans. 7.

felrrgf: Q?r?ru g:‘cg{ |O\c/)|n d:slﬂgqutfé@ﬂrc tﬁ@t&ﬂﬂ&ﬁﬁi@éq%ranz@rglatsaldmltmml apent ed

I rcul [ eps oJ, conputing an output
represent at i L& the Wharein %Pé‘rq @L&g(#"q{'ﬁ d%@%é"’s‘ﬁ%s or signal
mLth reSpeCFcfﬁbéE%ﬁHnﬁﬁbéﬂz recur5|ve 30 filter coefficients, adaptively
changi ng said coe ts in res e e
accordance with the \/a%er eSuRSRY erﬁ’% on{)actt % [I%Lé L#l% npu 5| gnal
and sai dio ef erlomire k) grlerdin caisk conplitsiorg aeasfs umms _

arithmetic logic unit means and control logic means for

causing the output of said arithmetic logic unit to
transfer to said memory means.
5. A recursive automatic equalizer as claimed in

15 claim 4, wherein said memory means comprises a
semiconductor memory. | g

6. A recursive automatic equalizer as claimed in
claim 5, wherein said memory includes a plurality of
directly addressable push-down memory stacks for storing

20 digital signals and computational results from said
arithmetic logic unit means and directly addressable
random access memory means for said stored updated
coefficients and digital signals controlled from said
control logic means. ' -

25 7. A method of providing automatic equalization
for a digitally implemented telecommunication line
circuit, comprising the steps of computing an output
representative of the partial derivatives of said means
sguare error signal with respect to a series of recursive

30 filter coefficients, adaptively changing said coefficients
in response to said computed output in acccrdance with
the value of the error between said digital input signal
and said reference signal to cause said series of updated
recursive filter coefficients to rapidily ccnverge to a

35 set of optimized filter coefficients, transferring said



-to a nmenory neans, accessing said nenory neans to
. filter coefficients to be selectively transferred

recufsive'fiIter‘coefficients to rapidly converge—te—a-35-set of optimz
filtes coefficients, transferring said 36- upda w !lter coeffi CI ent

FURERLT

~directhy to the coefficient inputs of one 5 or nore recur5|ve dlgltal
filtefs, sharing said equalizer over a plurality N of lines, selectively
cénputlng N series of opt|n1zed filter-cy@fdicients, one of N being

associated with e stributing said N serres of s
ootim zeq 11t cpBagred EREHFF SRRFEICLERtA Y SRSy, BeA o s
transferring sasdidl memory méanpttoienable |said cumidftiend efitltero N recursive

digital i1ter scogaehefsate’ gd ole hAleOREEly SBlahdtd NG eibn. étaqag'ta'

recursive autonma IC equal 1 zer fo e error

received input egyadizenddirectlybte skel ¢%¢%§Jé?k@"t dnputs @f singal

- optinizatign/ eqypl héaki péciEsivé &f&ftafdfﬂﬂé?é AP i d | rst menory

-means for storing a_pluralit wor resentat|ve of said
*received i nput qua EE?ﬁn%Ye‘¥s%cB£BgﬁL€BY rﬂgnii‘f A urality of
‘digital words rempaenhgtﬂvﬂeﬁieélbf%pﬁﬁﬁiié@lﬁub‘er adcséfmuhds),gi c unit

s

o’

:step parak

:Coupl cd t hor et coPer SF ofBE RS atCEERtad AR 49k 9f Ginif d¥e s he

digital words idistrﬂbttisg satd sHcseviesnof  #aid optiniged ifiltdr singl e
el mubbEpi¥ienes OPS MehORY ﬁ@aﬂ'@ | ¥fa Ssdldbddd iy Of updat ed

“filter coePf|C|ents In response_to a cont rof | nput, contré%yloglc means for
der|V|ng sai d cBﬁFPSFeFﬁﬁﬁg said N peries of optimized filter

coefficients to N recursive digital filters, each
associated with.one of said N lines.
8. A digital recursive automatic equalizer for
15 minimizing the error between a received input signal
and an established reference to provide signal
optimization/equalization of the received signal,
comprising first memory means for storing a plurality
of digital words representative of said received input
20 signal, second memory means for storing a plurality of
digital words representative of filter coefficients,
arithmetic logic unit means having the digital words
stored in said first and second memory means coupled
thereto for computing and accumulating the products of
25  the digital words in said first and second memories in
a plurality of single step parallel multiply/add
operations to derive a plurality of updated filter
coefficients in response to a control input, control
logic means for deriving said control input to control
30 the accessing of said first and second memory means of
said arithmetic logic unit and for controlling the
operation of said arithmetic logic unit, and MULDIS
means for selectively coupling said automatic equalizer
to one or more communication lines such that said
35 automatic equalizer is shared by said one or more

Ly



the accessing of said first and second nennrﬁ means of said

thmetic logic unit and for controlling the ope” qumnﬂmlgum:zhrm;ﬁ ol
35 *

ic unit, and MILDI S neans for selectively coupli

qual i zer to one or nore comunication |ines such that said autonmatic
egugrizer I's shared by said one or nore - 37 - comunication lines. 9..A
digrtal recursive automatic equalizer as claimed in claim8, wherein sai dw
first nenory means is conprised of a ptualtty of directly addressable FI-.LO
5I _puzh;dpm?c ¥ﬁ§£fsksli&Q§'A digital recursive autoratic equalizer as
clainmed in clarma, erern sald second nenory neans is conprised of a
plurality of direct®y a@dﬁiégﬁﬁﬂ-erﬁﬁl@jp‘f%rﬂ%éﬂ'ﬁtﬁgﬁtﬁ?“if 380
12; g I\A/UﬁlDlngt aéléfﬁ_easmgcaamnar,iﬁheﬁetedxisﬁldmﬁaimabm meangn B Wwherein
sai means i'ncludes_mneans multiplexi | ' ecei ved
signal s from SOPPEISP t?go?' EzPﬁaigﬁ%u‘ﬁ# cétf’f%%tf‘?n %&)ﬁéln%%%gnspﬁédr
di stribusi ng den%adwﬁihenoryost&kaents to said 15 plurality of
comuni cation linesyqa12. LeLLal ' ' &Ll asS cl ai med
T Cl Al m 8, wher of ni8a dhOtPRLRY, FEFRLEEVY aROREPL S feGRARLIGE ad
mul ti pl yi ng fetahmedwindsladfeBncvhereint srid :S¢FORA| ReHOBY BeARFHS, said

fetching datacgﬂ?risggrgg hrprusah deli 68t d2REcEEF 0AdIFESPAN1EERIGO and
means for addingrfaccumul ating said urality of products in an accunul ator
associ at ed wi PRSBadawhr ReMREY; 8tRGKPe unit, such that a plurality of

regi stegot o-regi st epilr apstgitaddrecursieei aubpraticoegqualbzernpasnent ed.
25 1§1a§m2h9££a215§39%§i%Se%&iﬂ”@éi& ﬁﬂﬂﬁigzﬁéa§§ includes
means for multiplexing a plurality of received signals
from a plurality of said communication lines and means
for distributing updated filter coefficients to said

15 plurality of communication lines. .

12. A digital recursive automatic equalizer as
claimed in claim 8, wherein said arithmetic logic unit
includes,meahs for multiplying fetched words together
to obtain a plurality of products, said fetching data

20 worés from said first and second memory means, and means

' for adding/accumulating said plurality of products in
an accumulator associated with said arithmetic logic unit,
such that a plurality of register-to-register transfers
and arithmetic operations are implemented. _

25 13. A digital recursive automatic equalizer as
claimed in claim 8, wherein said control logic means
includes means for generating microcoded control words
for simultaneously_controlling.the access of data from

. said first and second memories and said arithmetic logic

30 unit, said -control words being directly related to the
specific arithmetic opetation_required.

14. A digital recursive automatic equalizer as
claimed in claim 13, wherein said arithmetic logic unit
includés means for addressing said first and second

35 memory means simultaneously.



chainmed in claim8, wherein said control logic incl udes neans for
gexewnt i ng m crocoded control words for S|nultaﬁeiﬁir;nzaﬁ??ﬁTT*Tmr
access of data firomsaid first and second nenori ;E m‘ﬁﬂ,ﬂ rretl c
“logic 30 unit, said control words being direct ”ﬂ,”ﬂﬂ specific
arlthneilc operatlon required. 14. A digital recursive fautfondti € equal i zer
: ﬁrclatﬁnd in claim13,- wherein said arithnetic logic unit includes neans
for addressing said first and second 35 38 aenory .neans si mul taneously. .
-38- 15. A digital regursiv omatic eq alizer substantiajily as descri bed
herein with reference?to 9h§iﬂg n§Scu B V?xﬁ%??mﬂ ¢ ?ﬁ%ﬁ%ﬂ%ﬁﬁ aut omatic
equal i zati on 5substantaadlglhalEﬁstﬂﬂbedﬁnéﬁdiﬁe&fﬁﬁnﬁuﬂefé&¢éﬂtdlne

circuit substaghlalkgwgﬁggescrlbed her ei n.
16. A method of providing automatic equalization
5 for a digitally implemented telecommunication line
circuit substantially as described herein.




